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Recent advances in electrode and stimulus design have
increased the level of control that implants can exert
over spatial and temporal patterns of responses in the
auditory nerve. The advances include perimodiolar place-
ments of electrodes, use of high-rate carriers or high-rate
conditioner pulses, and current steering to produce
“virtual channels” or intermediate sites of stimulation
between adjacent electrodes. All but the last of these are
reviewed in Wilson et al (2003a). Virtual channels and
their construction are described in Wilson et al (1994b),
and later in this chapter.

The higher levels of neural control might be exploited to
provide a closer mimicking with implants of the signal pro-
cessing that occurs in the normal cochlea. In particular, the
subtleties of the normal processing might be represented
at the auditory nerve using high-rate carriers, spatially selec-
tive electrodes, virtual channels, or combinations of these.

Present processing strategies for implants, such as the
continuous interleaved sampling (CIS) strategy shown in the
top panel of Fig. 5-1, provide only a very crude approxi-
mation to the normal processing. For example, a bank of
linear band-pass filters is used instead of the highly non-
linear and coupled filters that would model the behavior of
the basilar membrane (BM) and associated structures (e.g.,
the outer hair cells) in the intact cochlea. In addition, a
single nonlinear mapping function is used in the CIS and
other strategies to produce the overall compression (from
the dynamic range of sound pressure variations to the
dynamic range of stimuli for single neurons) that the
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normal system achieves in multiple steps. The compression
in CIS and other processors is instantaneous, whereas com-
pression at the synapses between inner hair cells (IHCs)
and single fibers of the auditory nerve in the normal
cochlea is noninstantaneous, with large adaptation effects.

Such differences between normal processing and what
current implants provide may limit the perceptual abilities
of implant patients. For example, Deng and Geisler (1987),
among others, have shown that nonlinearities in filtering
at the BM and associated structures greatly enhance the
neural representation of speech sounds presented in compe-
tition with noise. Similarly, findings of Tchorz and Kollmeier
(1999) have indicated the importance of adaptation at the
IHC/neuron synapse in representing temporal events or
markers in speech, especially for speech presented in noise.
Reception of sounds more complex than speech, for
example, symphonic music, may require the full interplay
and function of the many processing steps in the normal
auditory periphery.

A thorough discussion of the intricacies of signal processing
in the normal cochlea is presented in Wilson et al (2003a).
This discussion also includes a detailed description of how
current processing strategies for implants fail to reproduce
or replicate many aspects of the normal processing.

This chapter suggests a general approach for moving
implants toward normal processing and describes the first
steps in developing this approach. In addition, preliminary
data are presented that show promise for the approach and
some of the tested variations.
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¢ A General Approach for Closer
Mimicking

A block diagram of the overall approach just mentioned is
presented in the bottom panel of Fig. 5-1. The idea is to
use better models of the normal processing, whose outputs
may be fully or largely conveyed through the higher levels
of neural control now available with implants.

Comparison of the top and bottom panels in Fig. 5-1
shows that in the new structure a model of nonlinear fil-
tering is used instead of the bank of linear filters, and a
model of the IHC membrane and synapse is used instead
of an envelope detector and nonlinear mapping table.
Note that the mapping table is not needed in the new
structure, because the multiple stages of compression
implemented in the models should provide the overall
compression required for mapping the wide dynamic
range of processor inputs onto stimulus levels appropriate
for neural activation. (Some scaling may be needed,
but the compression functions should be at least
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approximately correct.) The compression achieved in this
way would be much more analogous to the way it is
achieved in normal hearing.

Conditioner pulses or high carrier rates may be used if
desired, to impart spontaneous-like activity in auditory
neurons and stochastic independence among neurons
(Rubinstein et al, 1999; Wilson et al, 1997). This can
increase the dynamic range of auditory neuron responses
to electrical stimuli, bringing it closer to that observed
for normal hearing using acoustic stimuli. Stochastic inde-
pendence among neurons also may be helpful in represent-
ing rapid temporal variations in the stimuli at each
electrode, in the collected (ensemble) responses of all
neurons in the excitation field (e.g., Parnas, 1996; Wilson
et al, 1997).

Spontaneous activity and stochastic independence among
neurons are among the attributes of normal hearing that are
not reproduced using standard strategies and parameter
choices for cochlear implants. Reinstating these attributes
to the extent possible may be helpful.
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The approach illustrated in the bottom panel of Fig. 5-1
is intended as a move in the direction of closer mimicking.
It does not include feedback control from the central
nervous system, and it does not include a way to stimulate
fibers close to an electrode differentially, the latter of
which would be required to mimic the distributions
of thresholds and dynamic ranges of the multiple neurons
innervating each IHC in the normal cochlea. However, it
does have the potential to reproduce or approximate other
important aspects of the normal processing, including:
(1) details of filtering at the BM and associated structures,
and (2) noninstantaneous compression and adaptation at
the IHCs and their synapses.

¢ Implementations of
“Closer-Mimicking” Processors

Studies are underway in our laboratories to evaluate various
implementations of processors based on the general
approach outlined above. We are proceeding in steps, includ-
ing: (1) substitution of a bank of dual-resonance, nonlinear
(DRNL) filters (Lopez-Poveda and Meddis, 2001; Meddis
et al, 2001) for the bank of linear filters used in a standard
CIS processor; (2) substitution of the Meddis IHC model
(Meddis, 1986, 1988) for the envelope detector and for
some of the compression ordinarily provided by the non-
linear mapping table in a standard CIS processor; and (3)
combinations of (1) and (2) and fine-tuning of the
interstage gains and amounts of compression at various
stages. Work thus far has focused on implementation and
evaluation of processors using DRNL filters (step 1). For
those processors, the envelope detectors and nonlinear
mapping tables are retained, but the amount of compression
provided by the tables is greatly reduced as substantial com-
pression is provided by the DRNL filters. The DRNL filters
have many parameters whose adjustment may affect per-
formance. We have started with a set of parameter values
designed to provide approximately uniform compressions
at the most responsive frequencies (nominal “center fre-
quencies”) of the different filters. This choice departs from
the highly nonuniform compression across frequencies
described in Lopez-Poveda and Meddis (2001), but
corresponds to more recent findings (Lopez-Poveda et al,
2003; Williams and Bacon, 2005).

We also have begun to explore effects produced by manip-
ulations in the parameters from the above starting point. For
example, we have adjusted parameters to produce a broader
tuning for each of the filters, so that their responses overlap
at least to some extent across channels.

In general, the frequency responses of the DRNL filters are
much sharper than those of the Butterworth filters used in
standard CIS processors, at least for six to 12 channels of pro-
cessing and stimulation and at least for low-to-moderate
input levels. Thus, if one simply substitutes DRNL filters for
the Butterworth filters without alteration, then substantial
gaps will be introduced in the represented spectra of lower-
level inputs to the filter bank. Such a “picket fence” effect
might degrade performance, even though other aspects of
DRNL processing may be beneficial.

¢ Initial Studies with Dual-Resonance,
Nonlinear Filters and “n-to-m”
Approaches

Studies to date have included evaluation of DRNL-based pro-
cessors with broadened filters, as noted above. In addition,
we have tested n-to-m constructs, in which more than one
channel of DRNL processing is assigned to each stimulus
site. In one variation, the average of outputs from the
multiple channels is calculated and then that average is
used to determine the amplitude of a stimulus pulse for a
particular electrode. Each DRNL channel includes a DRNL
filter, an envelope detector, and a lookup table for compres-
sive mapping of envelope levels onto pulse amplitudes.
Thus, the average is the average of mapped amplitudes for
the number of DRNL channels assigned to the electrode.
We call this the “average n-to-m approach,” in which m is
the maximum number of electrodes available in the
implant and in which n is the total number of DRNL channels,
an integer multiple of m. In another variation, the maximum
among outputs from the channels for each electrode is
identified and then that maximum is used to determine
the amplitude of the stimulus pulse. We call this the
“maximum n-to-m approach.” Both approaches are designed
to retain the sharp tuning of DRNL filters using the standard
(starting) parameters, while minimizing or eliminating the
“picket fence” effect.

These n-to-m approaches are illustrated in Fig. 5-2. As
shown, the spectral gaps or “picket fence” effect produced
by assigning only one DRNL filter (or channel) to each stimu-
lus site (top panel) is reduced or largely eliminated with the
average n-to-m or maximum n-to-m approaches (middle and
bottom panels).

Results from tests with seven subjects indicate that the
n-to-m approaches can be helpful (Schatzer et al, 2003). [
particular, use of these approaches produced significant
increases in speech reception scores in some cases, compared
with processors that simply assigned the output of each
DRNL channel to a single corresponding stimulus site.
[These subjects all used bilateral Med-El (Innsbruck,
Austria) implants, with a maximum of eight or 12 stimulus
sites on each side, depending on the particular implant
device, either the Combi 40 with eight sites or the Combi
40+ with 12 sites.] Improvements for speech reception in
noise were generally larger than improvements for speech
reception in quiet conditions. In a few cases where compari-
sons were made, the maximum n-to-m approach was better
than the average n-to-m approach. The best of the DRNL
processors using an n-to-m approach produced speech
reception scores that were as good as, but not better than,
control CIS processors using m channels (with standard
Butterworth filters) and m sites of stimulation.

We regarded this as an encouraging result, an immedi-
ate matching of performance with a new processing
strategy, with very little or no experience in using the new
strategy. In many prior studies, we and others (e.g., Tyler
et al, 1986) have found that such an initial equivalence can
be followed by much better performance with the new strat-
egy, once subjects gain some experience with the new
strategy.
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Figure 5-2 |lllustration of n-to-m
approaches for combining dual-
resonance, nonlinear (DRNL) channel
outputs. Only the DRNL filter
outputs are shown here for simplicity.
In actual processor implementations,
effects of envelope detection and
compressive mapping would be
included, as described in the text.
Top panel: A 1-to-1 assignment of
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At the same time, we recognized several possibilities for
improvement in the design of processors using DRNL filters
that might produce even higher levels of initial perform-
ance. Those possibilities included: (1) further adjustment
and testing of the many parameter values in DRNL filters;
(2) combination or selection of DRNL filter outputs,
rather than the DRNL channel outputs, in designs using
n-to-m approaches; and (3) using the same number of
filters as stimulus sites, but with a high number of stimu-
lus sites.

The first of these possibilities recognizes that the para-
metric space within and across DRNL filters is quite large.
We have just begun to explore this space.

The second possibility recognizes that considerable dis-
tortions and complexities may be produced in combining
or selecting signals that have been altered by a highly non-
linear mapping function, in addition to the nonlinearities
of the DRNL filters. Combination or selection of the filter
outputs, prior to envelope detection and (further) nonlinear
processing, might be better than combination or selection
following all of these operations.

The third possibility might retain the likely advantages
of DRNL filters (that may result from compression and
nonlinear tuning, as in normal hearing) while not discarding
or distorting information as is inherent in the n-to-m

nations of their outputs. BM, basilar
membrane; SPL, sound pressure
level. (Note that the y-axis scale also
is expanded in the bottom panel.)

approaches. The spectral gap problem would be handled
through the use of a high number of stimulus sites, rather
than with one of the n-to-m approaches.

¢ Combined Use of Dual-Resonance,
Nonlinear Filters and
Virtual Channels

In more recent studies (Wilson et al, 2003b), we compared
three basic processor designs in tests with a user of the
Ineraid device (previously manufactured by Symbion, Inc.,
of Salt Lake City, UT, and then by Smith & Nephew Richards,
Inc., of Bartlett, TN; this device is no longer manufactured),
which includes a percutaneous connector and six intraco-
chlear electrodes. The designs included a processor using
24 DRNL channels mapped to the six electrodes using a
maximum 24-to-6 approach, as described above and in
greater detail in Schatzer et al, 2003. The parameter
choices used for the DRNL filters included a set to provide
a flat frequency response across the spectrum spanned
by all the filters, as also described in Schatzer et al. The spec-
trum was from 350 to 7000 Hz. This processor is referenced
in the remainder of this chapter as the “cp CIS” processor
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(“cp” refers to a DRNL filter bank that is designed to provide a
close replication of responses to sound at the cochlear par-
tition). Other aspects of the processor, such as the interlacing
of stimuli across electrodes, are the same as in the standard
CIS strategy (this strategy is described in greater detail in
Wilson et al, 1991).

The two other processor designs employed virtual
channels as a way to increase the number of discriminable
stimulus sites beyond the number of actual electrodes.
This concept was introduced by our team in the early
1990s (Wilson et al, 1992, 1993, 1994a,b), and has since
been investigated by others (Donaldson et al, 2004; Litvak
et al, 2003; Poroy and Loizou, 2001). In the reports by
Donaldson et al and Litvak et al, the term current steering
is used instead of the term virtual channels to reference the
same concept.

A series of diagrams illustrating the construction of
virtual channels is presented in Fig. 5-3. With virtual chan-
nels (or current steering), adjacent electrodes may be stimu-
lated simultaneously to shift the perceived pitch in any
direction with respect to the percepts elicited with stimu-
lation of one of the electrodes only. Results from studies
with implant subjects indicate that pitch can be mani-
pulated through various choices of simultaneous and
single-electrode conditions (e.g., Wilson et al, 1993). If, for
instance, the apical-most electrode of the Ineraid array
(electrode 1) is stimulated alone (Fig. 5-3A), subjects
have reported a low pitch. If the next electrode in the
array (electrode 2) is stimulated alone (Fig. 5-3B), a
higher pitch is reported. An intermediate pitch can be pro-
duced for all Ineraid subjects studied to date by stimulating
the two electrodes together with identical, in-phase pulses
(Fig. 5-3C). Finally, by reversing the phase of one of the
simultaneous pulses, pitch percepts higher or lower than
those produced by stimulation of either electrode alone
can be produced. For example, a pitch lower than that eli-
cited by stimulation of electrode 1 only can be produced
by simultaneous presentation of a (generally smaller)
pulse of opposite polarity at electrode 2 (Fig. 5-3D). The
availability of pitches other than those elicited with stimu-
lation of single electrodes only may provide additional
discriminable sites along (and beyond) the length of the
electrode array. Such additional sites may support
additional, perceptually separable, channels of stimulation
and reception. We call these additional channels “virtual
channels,” and processors that use them virtual channel
interleaved sampling (VCIS) processors.

The two additional processor designs included in the
comparisons of the present studies used a VCIS approach to
provide 21 discriminable sites of stimulation with Ineraid
(Cochlear Corporation, Englewood, CO) subject SR3’s array
of six intracochlear electrodes. The approach is illustrated
in Fig. 5-4, in which stimulus site 1 is produced by stimu-
lation of electrode 1 only, stimulus site 2 by simultaneous
stimulation of electrodes 1 and 2 with a pulse amplitude of
75% for electrode 1 and of 25% for electrode 2, and so on.
Results from pitch-ranking tests, using a two-alternative,
forced choice (2AFC) procedure, indicated that each of the
21 sites thus formed produced a distinct pitch for SR3, that
is, a pitch that is significantly different from those produced
by stimulation of the neighboring site(s).
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Figure 5-3 Schematic illustrations of neural responses for various
conditions of stimulation with single and multiple electrodes. The
top curve in each panel is a hypothetical sketch of the number of
neural responses, as a function of position along the cochlea, for a
given condition of stimulation. The condition is indicated by the
pulse waveform(s) beneath one or more of the dots, which represent
the positions of three adjacent electrodes. These different conditions
of stimulation elicit distinct pitches for implant patients, as described
in the text.

We note that even this fine resolution may not fully exploit
SR3’s perceptual abilities. In pilot studies, we also evaluated
pitch ranking with 10% steps in current ratios for electrodes 1
and 2, and for electrodes 5 and 6, as opposed to the 25% steps
used in the tests mentioned above. SR3 was able to rank
these closely spaced sites, with the 10% changes in current
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Figure 5-4 Diagram of stimulus sites used in speech processor
designs for tests with subject SR3. The filled circles represent sites of
stimulation at each of the six intracochlear electrodes in the Ineraid
implant. The inverted triangles represent additional sites produced
with simultaneous stimulation of adjacent electrodes, at the indicated
ratios of pulse amplitudes for the two electrodes. These additional
sites are called “virtual channels.” Pitch ranking of the 21 sites was
conducted using a 2AFC procedure (Wilson et al, 2003b), in which

ratios, four out of four times for all pairings. (The tests with
the 25% steps included seven comparisons for each pairing;
this is the minimum number for statistical significance.
Thus, the findings from the tests with 10% steps must be
regarded as preliminary.)

Although 21 sites were produced by processors using the
VCIS approach in the present studies, more sites may be
possible, for SR3 and perhaps for other subjects as well.
This expectation is consistent with the pilot data just men-
tioned and with the results reported by Litvak et al (2003).
In that latter study, the pitch elicited with simultaneous
stimulation of two adjacent electrodes in the Clarion CII
implant (this implant is manufactured by Advanced Bionics
Corp., Sylmar, CA; the electrodes in this implant are 1 mm
apart, as opposed to the 4mm spacing in the Ineraid
implant) was compared with the pitch elicited by stimu-
lation of the apical electrode in the pair only. For simul-
taneous stimulation, the proportion of pulse amplitudes
was varied in small steps between a relatively high current
for the apical electrode to a relatively high current for the
basal electrode. Eighteen subjects were tested. The fraction
of current needed for the basal electrode to produce a
significantly different pitch from stimulation of the apical
electrode alone ranged from 1 to 67%, depending on the
subject. The average across subjects was 19%, smaller than
the 25% steps in current ratios used in the present VCIS
implementations, with the Ineraid electrode array (with a
spacing between adjacent electrodes four times that of the
Clarion array).

The two other processors tested with SR3 included a “stan-
dard” VCIS processor as previously described (e.g., Wilson
et al, 1994b) and a processor that used DRNL filters instead
of the linear Butterworth filters used in the standard design.
These additional processors, called “std VCIS” and “cp VCIS,”
respectively, were identical in all other respects except for:
(1) the exponent used in the mapping table for each
channel, and (2) an interstage gain just prior to the mapping
table. In general, the exponent used with cp processors is far
higher than the exponent used with standard processors.
The higher exponent produces a less compressive mapping

13 17 21
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two sites were stimulated successively in random order and the
subject indicated whether the second sound heard was lower or
higher in pitch than the first. The results showed that the pitch
elicited by stimulation of each site was significantly different from
the pitch elicited by stimulation of its immediately adjacent site(s).
The rank ordering of pitches ranged from low to high without
exception for increases in site number as specified in the bottom
part of the figure.

function, which provides an overall compression with cp pro-
cessors that is similar to the overall compression with stan-
dard processors. The different interstage gains between the
processors are used to provide approximately equal inputs
to the mapping table, with quite different banks of “front-end”
filters for the two processors.

Results from the principal comparisons in the tests with
SR3 are presented in Figs. 5-5 and 5-6. The processors
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Figure 5-5 Processor comparisons in tests with Ineraid subject
SR3. The processors included a max 24-to-6 processor using DRNL
filters (cp CIS), a 21-site VCIS processor using Butterworth filters
(std VCIS), and a 21-site VCIS processor using DRNL filters (cp
VCIS). Means and standard errors of the means are shown. The
tests included identification of medial consonants in quiet and in
noise, and recognition of the City University of New York (CUNY) sen-
tences presented in competition with noise. The signal-to-noise
ratios (S/Ns) for the consonant tests included +5 and 0dB, and
S/N for the sentence tests was +5 dB. Analyses of the variance
indicated significant differences among the scores for the consonant
test using the S/N of +5 dB, and for the sentence test, also using the
S/N of +5 dB. The brackets indicate the results of post hoc multiple
comparisons for those tests, using the Holm-Sidak method. Bars
sharing a bracket are significantly different at (at least) the p < .05
level. DNT is an abbreviation for “did not test.”
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Figure 5-6 Comparison of a standard CIS processor (std CIS) with
the experimental processors included in Fig. 5-5. The standard CIS
processor used six channels of processing and six sites of stimulation.
Means and standard errors of the means are shown. An analysis of the
variance (ANOVA) indicated significant differences among the scores
for the only test administered for all four types of processor, conso-
nant identification at the S/N of +5 dB. The brackets indicate the
results of post hoc multiple comparisons following the ANOVA,
using the Holm-Sidak method. Bars sharing a bracket are significantly
different at (at least) the p < .05 level.

included a maximum 24-to-6 processor using DRNL
filters (cp CIS), a 21-site VCIS processor using Butterworth
filters (std VCIS), and a 21-site VCIS processor using
DRNL filters (cp VCIS). The tests included identification of
24 consonants in an /a/-consonant-/a/ context and recog-
nition of the City University of New York (CUNY) sentences.
The consonants were presented in quiet or in competition
with CCITT (speech spectrum) noise at the signal-to-noise
ratios (S/Ns) of +5 or 0 dB. The sentences were presented
in competition with CCITT noise at the S/N of +5 dB. All
tests were conducted with hearing alone and without feed-
back as to correct or incorrect responses. Further details
about the tests and processor implementations are pre-
sented in Wilson et al (2003b).

Speech reception scores for the three processor conditions
and all tests are presented in Fig. 5-5. Analyses of the
variance (ANOVAs) indicated significant differences among
the scores for the consonant test using the S/N of +5dB
(F[2,27] = 104, p < .001), and for the sentence test, also
using the S/N of +5dB (F[2,9] = 8.8, p =.008). The two
scores for the consonant test using the S/N of 0 dB are not
significantly different (t[18] = 1.2, p = .237). Post hoc com-
parisons using the Holm-Sidak method indicated the follow-
ing significant differences among the scores for the
consonant test at the S/N of +5 dB: cp VCIS is better than
cp CIS, and std VCIS also is better than cp CIS. Post hoc com-
parisons using the same method indicated the following
significant differences among the scores for the sentence
test, also at the S/N of +5 dB: cp VCIS is better than cp CIS,
and cp VCIS is better than std VCIS.

Scores for consonant identification in quiet are greater
than 90% correct for each of the processors. Ceiling effects
may have limited the power of this test to demonstrate
possible differences among processors.

Following completion of the above tests, we wondered
how these experimental processors might compare with a
standard CIS processor using only six channels of processing
and six sites of stimulation. At the end of SR3’s visit, a six-
channel CIS processor was evaluated using the consonant
test at the S/N of +5 dB. The standard CIS processor used
the same pulse rate, pulse duration, overall frequency
range, and characteristics of the envelope detectors as the
experimental processors. The exponent for the mapping
function used in the standard CIS processor was the same
as that used for the std VCIS processor.

The results from the test with the standard CIS processor
(std CIS), along with the prior results for the experimental
processors, are presented in Fig. 5-6. An ANOVA indicated
significant differences among the scores for the different
processors (F[3,36] = 6.7, p =.001). Post hoc comparisons
using the Holm-Sidak method indicated the following sig-
nificant differences: cp VCIS is better than cp CIS and std
V(IS is better than cp CIS (as before), and cp VCIS is better
than std CIS, and std CIS is better than cp CIS. The cp VCIS
processor is the best in these comparisons, and the score
obtained with it is significantly better than the scores
obtained with the cp CIS or std CIS processors.

¢ Discussion of Findings to Date

The findings reviewed above are consistent with the idea
that a relatively high number of (discriminable) stimulus
sites may be needed for effective use of DRNL filters in a
speech processor for cochlear implants. When a high
number of sites is available, possible advantages of DRNL
filters may be immediately apparent, as suggested by the
present results.

Other strategies, which map a high number of DRNL
channel outputs to a small number of stimulus sites (the
maximum n-to-m or average n-to-m approaches), may not
be as effective. Combinations or selection of outputs must
produce distortions with either approach. However, use of
outputs from the DRNL filters, as opposed to the DRNL chan-
nels (which include the envelope detectors and nonlinear
mapping function), may reduce distortions and thereby
improve the performance of n-to-m approaches. We plan to
evaluate this possibility in future studies.

Among the processors tested with subject SR3, the cp VCIS
processor produced the best performance overall and in
addition was the clear winner according to the subject’s
anecdotal comments. She asked us to “keep this one,” a
rare comment for this highly experienced subject.
(This subject also has quite-high levels of performance
with her standard CIS processor, which she has used in her
daily life for many years.)

As noted above, more than 21 sites may be available using
the VCIS approach with SR3 and perhaps other subjects.
Future studies should address this possibility. In addition,
alternative ways to provide a high number of sites should
be investigated. Two such possibilities are to use DRNL pro-
cessing in conjunction with the Nucleus electrode array
(Cochlear Ltd., Sydney, Australia), with 22 intracochlear
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electrodes and up to 22 discriminable pitches for some
subjects (e.g., Zwolan et al, 1997), or in conjunction with
bilateral cochlear implants, that may provide a higher
number of discriminable stimulus sites than either unilateral
implant alone (e.g., Lawson et al, 2001).

An even greater number of sites might be produced with
a combination of an array with a high number of electrodes
and the VCIS approach. Of course, this would require simul-
taneous stimulation of adjacent electrodes to form the
virtual channels. In addition, the number of discriminable
virtual channels (or sites) is likely to depend on the inter-
electrode spacing. The number may be higher with a wide
spacing (e.g., the 4 mm of the Ineraid implant) than with
a narrow spacing (e.g., the 0.75mm spacing of the
Nucleus implants). The number of discriminable steps for
a given type of electrode array also will without a doubt
depend on the subject, as has been shown by Poroy and
Loizou (2001) for the Ineraid array and by Donaldson et al
(2004) and Litvak et al (2003) for the Clarion “HiFocus”
array.

At present, four implant systems would support the
construction of virtual channels in combination with an
electrode array with a high number of contacts. They are
the Clarion CIl and HiResolution 90K systems, the new
PULSAR device from Med-El, and an experimental
version of the Nucleus device that includes a percutaneous
connector and the “Contour” electrode array (Cochlear Ltd.,
Sydney, Australia). The HiResolution 90K has a smaller
implanted receiver/stimulator than the Clarion CII device
but is otherwise identical to the CIl. The HiFocus electrode
array used with these systems includes 16 intracochlear
contacts spaced at 1-mm intervals. The electrode array
used with the PULSAR includes 12 sites of stimulation
spaced at 2.4-mm intervals. The Contour array has 22 con-
tacts spaced at 0.75-mm intervals, and also has a curved
shape designed to bring the contacts into close proximity
to the inner wall of the scala tympani (Balkany et al, 2002).
Such apposition to the inner wall may increase the spatial
specificity of stimulation by single electrodes compared
with other placements of the electrode array. All four
devices support simultaneous stimulation of multiple
electrodes.

An important question for future research is how to
maximize the number of discriminable sites with cochlear
implants. This might be done with a particular type of
electrode array, for example, one with a high number of
contacts in close proximity to the inner wall of the scala
tympani, or it might be done using the VCIS approach in
conjunction with a particular type of electrode array or
with any of a variety of arrays. Alternatively, a dense
array of electrodes implanted directly within the auditory
nerve may support an especially high number of discrimin-
able sites. [Such intramodiolar implants are under
development; see progress reports for National Institutes
of Health (NIH) projects NO1-DC-1-2108 and N01-DC-5-
0005, available at http://www.nidcd.nih.gov/funding/
programs/npp, and also Badi et al, 2003, and Hillman
et al, 2003.]

The present results suggest that a high number of sites, in
combination with DRNL processing, may be an especially
effective way to represent speech information with cochlear

implants. Clearly, studies with additional subjects are
needed to evaluate the generality of these initial findings
with only one subject. In addition, use of different types of
electrode arrays, perhaps in combination with virtual
channels, may be better than the present use of the Ineraid
array in combination with three virtual channels between
each pair of adjacent electrodes.

¢ Future Directions

Our immediate plans include further studies with Ineraid
subjects to: (1) evaluate the generality of the findings with
SR3, using the same processor (and virtual channel)
conditions; (2) determine whether more than three dis-
criminable positions may be available between adjacent
electrodes of the Ineraid implant; (3) determine the range
of variation across subjects (and choices of adjacent
electrodes within subjects) in the maximum number of dis-
criminable positions that can be produced using virtual
channels; and (4) evaluate n-to-m approaches that
combine or select DRNL filter outputs as opposed to DRNL
channel outputs. In these studies, we also plan to investigate
in greater detail the parameter space within and across
DRNL filters.

In addition to these studies with Ineraid subjects, studies
are now underway with four subjects who have been
implanted with the experimental version of the Nucleus
device. These latter studies will allow evaluation of
DRNL processing in conjunction with a high number of
stimulus sites, using the 22 electrodes of the Contour array,
or using those electrodes in combination with the VCIS
approach.

We regard the present findings as encouraging but
preliminary. We plan further studies.

¢ Conclusion

The first steps in implementing a general approach for pro-
viding a closer mimicking of normal auditory functions
with cochlear implants have been taken. Findings to date
have been encouraging. Processors using n-to-m approaches
have in general supported speech reception performance
that is immediately on a par with that of the standard
CIS processors used in everyday life by the subjects. For
the one tested subject, a processor using DRNL filters in
combination with virtual-channel stimulation supported
significantly better performance than the standard
CIS processor, especially for speech reception in noise.
Further studies are needed to evaluate the generality of
these preliminary findings and to optimize the incorpora-
tion of DRNL filters in speech processor designs. In
addition, substitution of the IHC membrane and synapse
model for the standard envelope detector needs to be
evaluated separately and in combination with a DRNL
filter bank.
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