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Abstract: Cochlear implants are electronic devices that
have enabled individuals with severe to profound hearing
losses to regain some hearing. There is, however,
substantial variability in speech perception performance
among users of cochlear implants. One factor that may
contribute to the individual differences is the way in
which the device converts acoustic sound waves into
electrical stimulation: the speech processing strategy.
With the goal of improving these speech processing
strategies, researchers have traditionally implemented
them on specialized digital signal processors (DSPs). This
approach requires specialized programming knowledge
and is often expensive and time consuming. We have
taken a new approach to simplify the implementation of
real-time speech processing strategies by using a PC.
Thispaper describesthe functionality and construction of
a cochlear implant (Cl) speech processor based on a
personal computer: a PC processor. This represents a
new paradigm in the development of the next generation
cochlear implants. Both the continuous interleaved
sampling (CIS) and the n-of-m speech processing
strategies, two clinically available strategies, were
implemented. The n-of-m processing scheme was tested
by several adult ClI users. Results confirmed that the PC
processor we designed and built functions within its
specifications. New speech processing strategies
developed using the PC processor may help specify and
develop the next generation of neural auditory prostheses.
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|. INTRODUCTION

Cochlear implants are ledronic auditory prostheses
that have enabled individuads with severe to profound
hearing losses to regain the sensation of sound. They
perform this function through a series of steps beginning
with the reception of an acoustic sound wave and ending in
the dedrical stimulation of the amchlea. The spedficway in
which the device onverts acoustic information into eedrical
stimulation is called the speed processng strategy. Since
the first cochlear implant in 1957, researchers and implant
manufacturers have developed new speed processng
strategies that have resulted in increased speed perception
performance for users of cochlear implants (Eddington,
1980 Loeb & Kesder, 1995 Kieffer et al., 1997, Wilson et
al., 1991). To develop new and better speed processng

strategies it is often necessary to evaluate speed perception
using bath the old and new strategies. Developing hardware
and software to digiti ze sound, processit, tailor stimulation
for a spedfic subjed, and finally to encode the information
in a format compatible with a particular device is a time-
consuming task. In oneapproach, researchers have tosen to
evaluate new dstrategies using a non real-time system by
processng speed offline, generating digital fil es containing
information that will be used to stimulate subjeds at a later
date (for one example see Fu & Shannon, 1999. This
methodology enables complete algorithm flexibility and
relieves the eperimenter from implementing a real-time
system; however, it does not alow the subjed to practice
using a new processng strategy in conversation, nor does it
allow the subjed to adjust parameters (such as volume) in
real-time. In another approach, researchers have dosen to
implement a real-time system on a dedicated dgital signal
processr (DSP  (see Eddington et a., 1998 for a
summary). This method has the advantage of allowing
complete flexibilit y and real-time parameter adjustments, but
it has the disadvantage of requiring many resourcesincluding
time, expertise, and money. The approach represented by the
PC procesor combines the best of bath worlds: it alows
complete algorithmic flexibility and real-time parameter
adjustment with minimal cost and great ease of use. Since
the speed processng algorithms areimplemented in C++ on
a PC, they are more esily adapted for spedfic signal
processng research applications by less gedalized
programmers and engineas than required for DSP based
development. The new paradigm represented by the PC
processor may expedite the development of new speet
processng agorithms and lead to increased speet
perception performancefor users of cochlear implants.
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strategies for cochlear implants in real-time must perform
several functions to convert sound into eedrical stimulation.
First, a microphone is used to convert an acoustic sound
wave into an eledrical representation. Second, in modern
multi-channel speed processors, this analog representation
is converted into digital samples. Third, the speeth
procesor mathematically manipulates the digital samples
acoording to the spedfied speed processng strategy. In
general, these strategies use filter banks, envelope detedors,
and additi onal stepsto determine the sequenceof pulsesto be
sent to the dedrodes implanted in the achlea. Fourth, the
gtimulation parameters (eledrode, stimulus amplitude and
stimulus duration) are encoded and transmitted via aradio
frequency (RF) link to a device implanted beneath the
subjed’s «in. The implanted device referred to as a
recever/stimulator, decdes the RF information and finally
diredsthe delivery of the dedrical stimulusto theimplanted
eledrodes. The research platform described here performs
al the functions that are normally performed by the external
speed procesr, the four steps outlined abowe, giving the
researcher complete @ntrol.  We anticipate that the
procesor that we designed and built can be adapted for use
with any cochlear implant avail able in the market.

While the bulk of speed processng and subjed-
spedfic tail oring can be performed on a personal computer, a
separate “driver” is needed to handle communication with
spedfic Cl devices. We have implemented such a driver for
the Nucleus 22 CI, and plan to implement other drivers for
the Nucleus 24, Clarion, and MedEl CI's. One function
performed by the driver sets the stimulation rate: the rate at
which stimulation pulses will be direded to the dedrodesin
the implanted device These are square biphasic pulses, with
each phase having equal duration and opposite amplitude.
Anocther function determines the inter-pulse interval: the
delay between the positi ve going and negative going portions
of the biphasic stimulus pulse. A third function direds a
stimulation pulse at a given stimulation leve to a spedfic
eledrode. The fourth, and last function, facilit ates timing
between the PC and the DSP driver by allowing the DSPto
relay buffer status back to the PC. By using off-the-shelf
components to the greatest extent possble, we have
attempted to simplify the @nstruction of this driver. With
the eception of an RF pulse generator, the driver is
implemented completely in software running on off-the-shel f
components.

Il. MATERIALS

Figure 1 depicts a simplified block diagram of the
hardware used to implement the PC procesor. There are
two main components: the host PC, and the driver that all ows
the PC to communicate with the CI recever/stimulator. The
host PC was a DELL Inspiron 3500Iaptop equipped with an
Intel 350MHz Pl processor running Windows 98. 1t had 64
megabytes of RAM and a 4.5 dggabyte hard drive. In
preliminary work the Sound Blaster Live! Value (Modd
SB4670 was used for sound capture and playback. These
spedfications are typical of generic PCs avail able at thetime
of this writing. This particular PC had more than enough
power to implement the signal processng described here. An

updated version of the interface used a dedicated analog to
digital board instead of the Sound Blaster board (Computer
Boards PCM-DAS16D/16).

The sewmnd hardware @mponent, the driver,
consists of a Motorola DSP5630EVM evaluation module.
Thisdigital signal processor (DSP) was only used to drive an
RF puse generator acoording to the communication protocol
reguired by the Nucleus 22 receéver/stimulator. Thus, al the
speed processng was done by the Inte processor in the
laptop computer, and the DSP was only used to ddiver the
stimulation pulses to the wchlear implant. There are two
communication lines between the PC and the DSP. Thefirst
is a serial cable between a PC COM port and the
JTAG/OnCE port on the DSP. This connedion is only
needed duing DSPprogram upload and initiation. Real-time
communication, however, is maintained through the second
connedion, a Domain Technologies, Inc. Host Interface
Adapter (DSB63xXEVM Host Port Interface Type B). This
adapter all ows fast bi-diredional communication viathe host
PC’s printer port. Thisimplementation usesthe PC's LPT1
port configured in EPPmode at address0x378
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Figure 1. A microphoneis conneded to the PC viathe
sound card. The PC performs all A/D conversions and
signal procesgng routines, leaving the implant-spedfic
driver to generate the radio frequency (RF) pulses
transferred to the recever/stimulator. The implant-
spedfic driver is initialized via the PC’'s sria port.
After initialization, commands that set the stimulation
rate, inter pulseinterval, and stimulation parametersare
sent viathe PC's parall € port.

Several software packages were used to implement
the PC portion of the processor. The Microsoft Visual C++
V.6.0 compiler was used in conjunction with the runtime
version of the Microsoft DiredX 7.1 software development
kit to interfaceto the sound card and to implement all of the
speed processng algorithms. In addition, Matlab version
5.2.1 was used to calculate filter parameters for the digita
filters.

Other software packages were used to develop,
debug and load the driver software on the DSP. Domain
Tedhnologies, Inc. EVM563xx version 3.0 software was
used to load the program that implements the driver on the
DSP. The driver program code was written in asembly
language and was compiled using the Motorola DSP56300
Assmbler Version 6.2.0 that was provided with the DSP.
PC side ommunications to the host port adapter on the DSP
wereimplemented using theinterfacefunctions printed in the
DSS63xEVM Host Interface Adapter Reference Manual.
No additional driverswere used for this purpose.



I1l. METHODS

The PC processor consists of two main functional
components. the PC running the speed processng software,
and the driver that enables communication with the
recaver/stimulator. The PC processor was designed so that
it would not be a limiting factor in performance For
example, the maximum number of stimulation pulses
delivered to the cochlear implant per unit timeis determined
by the dedrical characteristics of the implanted recever and
the @de used for RF transmisson. The PC processor can
deliver more stimulation pulses per unit time than the
Nucleus-22 implanted recéver can handle, and thisis also
true for other CI models. The software used to implement
the speed processng strategies will be described first. Each
step in the signal processng pathway will be discussed in
order from input to cutput. Foll owing the description of the
PC side algorithms, the functionality of the implant spedfic
interface will be outlined. A configuration file was used to
alow the experimenter to spedfy subjed-spedfic parameters
to be loaded at runtime. These parameters dired the
modification of the speed information as it flows from input
to output.
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Figure 2. Signal Processng dagram. Dataare sampled
at 22050Hz and 16 bits of resolution, and converted to
single predsion floating point. Preamphasis and
automatic gain control/dynamic range @mpresson
(AGC/DRC), are then performed. Bandpass filtering
and strategy-spedfic channel seledion follow. The
resulting channel envelopes are then logarithmically
scaled and mapped to the subjeds's threshold and
maximum comfortable stimulation levels.

A. PC BASED SPEECH PROCESING ALGORITHM

It is imposshle to anticipate the functionality
required for all signal processng experiments, so anly a
basic system will be presented here. However, the steps
described here are used in many speech processng
algorithms.  The signal procesing performed with this
platform is summarized in Figure 2. Processng begins by
sampling incoming sound and converting it from integer to

single predsion floating point. The use of floating point
arithmetic simplifies the task of algorithm development by
reducing the likelihood that unacceptably large or
unacceptably small numbers will be generated duing the
process Preamphasis is performed uwsing a single tap
Butterworth filter with Fc = 1200Hz. This filter tends to
deaease the prominence of the low frequency components of
theincoming signal and has been implemented in most signa
procesing dtrategies for use in cochlear implants.
(Eddington, 1998 Shannon, 1999.

The next step is to perform automatic gain
control/dynamic range mpresson (AGC/DRC). The
algorithm used here is based heavily on earlier work by
Eddington et a. (1993. This dep normalizes the overall
volume of the incoming signal by using three parameters:
attack time, release time, and a dynamic range wmpresson
(DRC) table, and three variables: the airrent sample, the
current envelope, and the previous envelope. Firgt, aninitia
estimate of the envelope of the incoming signal is made
based on a full wave redified version of theincoming signal.
The gain applied to the signal is then adjusted based on the
previous estimate of the envelope and the aurrent redified
signal asfollows.

When the redified signal is greater than the
previous envelope estimate, the gain is changed using atime
constant equal to the attack time. When theredified signal is
smaller than the previous envelope estimate, the gain is
changed using atime mnstant equal to therdeasetime. The
seleded gain is such that the steady state transfer function of
the AGC/DRC block follows the piecevise linear function
described in the DRC table.

A filter bank with m channelsis next used to divide
the incoming signal into its corresponding frequency
components. These filters are four-tap infinite impulse
response (IIR) filters implemented in a single dired form |l
stage for simplicity. In practice different numbers of taps
and filter implementations can be used, including FIR filter
implementations. The daracteristics of the filters are
spedfied by the filter coefficients in the @nfiguration file
that isloaded at runtime.

Once filtered, the resulting signal is half-wave
redified and subsequently low-passfiltered using a two tap
IR filter implemented in asingledired form Il stage.

The processng steps employed upto this point are
identical for the two stimulation dtrategies we have
implemented: CIS (continuous interleaved sampling, see
Wilson et a., 1991) and n-of-m. These two stimulation
strategies are the most commonly used in cochlear implants
at present. At this point, the procesoor has created m
channels of streaming data (up to 20 in this particular
implementation) that can now be used to diread eedrode
gimulation.  The following step of channe seledion,
however, is dependent upon which signal processng strategy
isdesired.

CIS sequentially stimulates every avail able dhannel
in the cochlear implant during every stimulation cycle. The
amplitude at which each channedl is gimulated is determined
by the energy in the @rresponding bandpassfilter (Wil son,
1991). This means that each channd is gimulated once
during each stimulation cycle.



In contrast, when n-of-m is sleded only a subset of
channels, those with the most energy in the crresponding
bandpass filters, are stimulated duing each stimulation
cycle. Stimulation cyclestypically last from 0.5 msto 4 ms.

The last step in the PC portion of signal processng
maps the amplitude of the dannd sdeded duing the
channel sdledion stage to an appropriate simulation level.
Several subjed-spedfic parameters are loaded duing
program initiation. For each channe, these parameters
spedfy the dedrode, mode, T level (the stimulation level
that causes a barely perceptible sound in the @rresponding
channd), C levd (the maximum stimulation level that is
comfortable in the @rresponding channe), acoustic
minimum, and finally an acoustic maximum. The dedrode
smply refers to the actual eedrode on the implanted
recaver/stimulator. The mode refers to the way in which the
eledrodes are referenced. Each channel uses two eledrodes,
one positive and one negative. The mode determines which
eledrodes will be paired in a given channd. For example,
stimulation using eledrode 2 and a mode of 1 would spedfy
eledrode 2 as the positive dedrode and eledrode 3 and the
negative eledrode. Similarly, stimulation using eledrode 2
and a mode of 2 would spedfy eledrode 2 as the positive
eledrode and eledrode 4 and the negative dedrode. The
remaining modes follow in this pattern. For each channd,
the acoustic minimum spedfies in dB, 20*log(filt eroutput),
the level of the low passfiltered envelope that will result in
eledrical stimulation at the T level. In other words, thisis
the acoustic level that is mapped to the crresponding
perceptual threshold. The acoustic maximum spedfies the
acoustic level which will cause stimulation at the C leve.
An additional parameter modifies the shape of the acoustic-
to-dedrica mapping function. Stimulation above the C
level is prevented, but stimulation at subthreshold levels is
used to maintain power to the implant. Both the T and C
levels are spedfied in clinical units which are a quas-
logarithmic stimulus scale used in the Nucleus 22 device

Several real-time @ntrols are also available to the
experimenter. These mntrols are accessd through the
keyboard, and allow the modification of overall |oudness
sensitivity, and bath the dedrical and acoustic dynamic
ranges. The resulting changes to the stimulation parameters
are displayed on the omputer monitor. Parameter changes
made at runtime are not recorded in the onfiguration file.

In any real-time signal processng system, timing is
of great importance It should be noted that the first sound
card and drivers used in thisimplementation (Sound Blaster)
introduced a fixed dday of approximately 70 ms. This
meant that stimulation pulses resulting from speet take
approximately 70 ms to be observed in the dedrica
gtimulation pattern. Clearly, thisis not an appredable delay
for auditory-only testing. For testing in audiovisua
conditions, however, some listeners may notice a dight
asynchrony between visual and auditory speed cues when
conversing with others. This asynchrony was particularly
apparent to the Cl users when listening to their own speed.
Recently we have reduced this delay to approximately 15-20
ms using a dedicated A/D data aquisition board in the
PCMCIA port of the laptop computer.

B. IMPLANT SPECIFIC DRIVER

After the speed processng agorithms implemented
on the PC have determined the appropriate sequence of
eledrodes and stimulation levels to use, the signal is then
sent viathe paralle port, LPT1, to theimplant-spedfic driver
using four general purpose functions. The driver consists of
three components:. a communications driver (Domain
Tedhnologies, Inc. type B interface), a DSP (Motorola
DSPS630EVM), and a custom built radio RF pulse
generator.

The communications driver uses two communication
lines between PC and the DSP. The first, a serial port, is
used by the DSP development software to download the
driver program from the PC to the DSPand then to diread it
to run. Once these two steps are accompli shed, the second
type B interface provides a high speed connedion between
the PC and the DSP.

The DSP 5630FEVM is direded by the PC to
perform four basic driver functions. Several aspeds of this
implementation must be mnsidered. First, the implant-
spedfic driver implemented on the DSP serves as a first-in-
first-out (FIFO) buffer. This enables the maintenance of a
continuous gream of information to the recaver/stimulator
even when the PC is busy. This FIFO ensures that
commands are exeauted in the order in which they were sent.
It is also important to note that once the driver is running,
stimulation pulses will be mntinuously sent at the spedfied
rate of stimulation. If the PC falls behind the FIFO in
direding stimulation pulses, the driver will maintain power
to the implant by direding the recaver/stimulator to send a
minimum amplitude, minimum phase stimulation pulse on
eledrode 2 with mode 1. This pulse is inaudible to the CI
usr and is used only to kee the implant working.
Conversdy, if the PC continues to dired stimulation or
parameter changes when the FIFO isfull, theinstructions are
discarded. A function that returns the status of the FIFO
buffer was implemented to avoid these situations.

The four functions that were implemented allow a
variety of stimulation strategies to be implemented in red
time. The first function alows the PC to instruct the
recever/stimulator to send a stimulation pulse. It alowsthe
user to spedfy the dedrode, mode, amplitude and phase
duration of the desired stimulation pulse. The second
function sets the total stimulation rate in pulses per second.
This function determines the rate a which the
recever/stimulator will ultimately be direded to deliver
stimulation pulses. The third function all ows the user to set
the length of time between the positive and negative going
portions of the biphasic stimulation pulse. Thistimeiscalled
the inter phaseinterval. The fourth and last function returns
the number of locations avail ablein theinternal FIFO buffer.
When direded by the PC, the driver will immediately report
on the FIFO status. This command is not processed through
the FIFO like the other three functions. When streaming
from a data fil e, this function can be used to determine how
many pulses can be sent to the FIFO before it overflows.
Instructions sent to the FIFO when it isfull are discarded.



C. RaDIO FREQUENCY (RF) GENERATOR

The DSP portion of the driver encodes the
eledrode, mode, amplitude, and phaseinformation in a series
of 2.5 MHz pulses that are sent to the recever stimulator.
Before sending these pulses, however, an RF generator must
amplify the signal so that it can be recaved by the
recever/stimulator. An example of such a generator appears
in Figure 4. This circuit is based on a smple damped
oscillator and is driven diredly through a serid
communications port on the DSP. A TTL clock generator
contrals the frequency of the RF signal being sent through
the headpieceto the recaver/stimulator. The TTL clock is
also used as an external bit-rate dock for the serial port on
the DSP. The RF generator uses the TX signal from the
DSPs ESS0 port to modulate the amplitude of a2.5 MHz
carrier. The output is snt to the headpiece Alternative
clock rates, for implants other than the Nucleus 22 can be
obtained by simply changing the TTL clock in the RF
generator and ensuring that the desired output waveform is
achieved. The DSP clock and RF generator clock are
independent.

Figure 4. Circuit diagram of the radiofrequency (RF)
generator. Variable resistors are used to adjust the
output voltage and waveform characteristics.

D. SPEECH PERCEPTION TESTING

We have onducted a pilot study to test the
performance of the PC processor. The speed perception
scores from the threeCl listeners using the PC processor (n-
of-m strategy) was compared to their scores obtained with
their own commercial speed procesors.  Although the
strategy implemented in the PC processor, described abowe,
and that implemented in the cmmercial speed processor
were not identical (because not all the details of the
commercial speet processng are in the public domain),
they were quite similar. Each listener completed a battery of
speed perception tests with the goal of showing that Cl

users performance using their own speed processor was
similar to that obtained with the PC procesor programmed
with similar settings. Tests in this battery included CNC
word lists, a 50 item monosyllabic open-set word
identification task (Peterson & Lehiste, 1962, and 16
consonants from the lowa Consonant Identification Task
(female speaker) (Tyler et al., 1987). Both of these tests used
natural speet and were presented in an auditory only
condition. The @nsonant identification task uses 16
consonants in an /a/consonant/a/ format. For example, the
consonant m would be presented as ama. Each consonant
was presented six times under each processor condition.
Each subjed was also administered two CNC word li sts with
their own commercial processor, and with the PC based
processor. Prior to thetesting sesgon, li steners were all owed
to acdimate to the PC processor by conversing with the
experimenter and listening to their own speed production
for about five to ten minutes. For this testing, the PC
procesor was configured to approximate the signal
procesing characteristics of ther own commercial
processor.

IV. RESULTS

Performance for the PC processor was roughly
similar to performancewith the subjed’sown device Figure
5A and 5B show these results. A one- way ANOVA using
the procesor type as awithin subjeds variable did not show
any significant effeds of processor type for the group as a
whole. That is, for these three subjeds, the PC based
procesor and the mmmercial speed processor did not yield
any performancedifferences for the group.

V. DiscusION/CONCLUSION

In summary, the PC based speet processor described
here represents a new approach to the development of the
next generation cochlear implants. This gystem may allow
researchers to implement new speed processng algorithms
much more esily at a fraction of the @st and time that is
currently required for this type of research and development,
because the signal processng can be done using a language
such as C++ running on a PC, instead of using DSP tods.
Preliminary testing of this g/stem with three users of the
Nucleus 22 cochlear implant shows that the PC processor
functions within spedfications.

V1. FUTURE DIRECTIONS

Work is currently underway in our laboratory to
interface the PC based signal processng platform described
here to al the Cl and auditory brainstem implants (ABIS)
currentlyin useor in clinical FDA trialsin the US. But more
importantly, the next step in our development program will
be to test a variety of speet processng strategies that may
help Cl users (and ABI users) to percdve, rewmgnize, and
understand speed better. New speed processng strategies
developed using this platform, the PC processor, may help
spedfy and develop new neural prostheses that will provide



higher levels of performance over a wide range of listening
conditions and in awide range of li stening environments.
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