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Cochlear Implant Simulations: A Tutorial on Generating Acoustic
Simulations for Research

Abstract. Acoustic simulations of cochlear implants have dmee a common tool
available to researchers interested in many aspéapeech perception and cognition.
Although many ways exist to create such simulati@lsare derived from a common
philosophical and physiological base. The primawglgf this tutorial is to instruct the
reader how to make cochlear implant (Cl) simulaidor use in research. In order to
realize this goal, the various methodologies amphadi processing techniques will be
reviewed, since the varied techniques used wilbmeine the behavioral outcomes.
Finally, the reader will be led through a systema&monstration using a stand-alone
simulator (TigerCIS).

Introduction

Although explicit cochlear implant simulations lealseen around for only about a decade, the
technology and signal processing techniques that gae to them have existed for the better pad of
century. Most modern simulations are based on timeiple of the vocoder, pioneered by Homer Dudley
at Bell Labs (Dudley, 1939). The vocoder was a spegynthesizer that passed the acoustic signal
through a series of band pass filters, which derives energy profiles for each band. The spectrim o
each band was replaced with a synthetic sourceegt@md noisy hisses) which were then modulated
using the energy profile appropriate for the orddiband. The result was a stimulus that soundellyhig
artificial, but was surprisingly intelligible as epch. Most modern Cl simulations are based, in part
the philosophy of Dudley’s vocoder.

Although multi-channel synthesis techniques hawenb around since the 1930’s, the
development of multi-channel cochlear implants mtadl occur until far later. Research into the eleatr
stimulation of the cochlear nerves has had a lasigty in both animal and human models. Experiments
with single electrodes inserted into the cochleatifton had been ongoing since the early 1960, b
the development of single channel cochlear implémtshumans did not occur until the early 1970's,
finally gaining FDA approval in the United States 1984. While much of the research into single
channel implants occurred in the U.S., the develgnof multi-channel implants first occurred in
Australia. In fact, in 1985, the Cochlear multi-ohal implant received U.S. FDA approval, barelyeary
after the approval of the House/3M single chanmgllant. This effectively put an end to single chelinn
implants, though there are still advocates of timgls channel short electrode implants (c.f. House,
1994).

Today, only 3 companies have FDA approval to pcedand market cochlear implants in the
United States: Med-EL, Cochlear (makers of the Buslseries of implants) and Advanced Bionics
(makers of the Clarion series of implants). Othedeals may be available for experimental purposes an
clinical trials, and other brands do exist in Eweap and other foreign markets. The basic desigracih
implant is similar, although different brands us#fedent numbers of electrodes and different signal
processing techniques to provide electrical stitmuha Most currently available implants contain s
twenty-four channels. Theoretically, increasing thanber channels that are available in the eleetrod
array will increase the amount of acoustic inforimatthat will be available to the user. Practically
however, more channels do not necessarily transtabetter performance due to surgical, anatomical,
and physiological constraints.
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How a Cochlear Implant Works

Cochlear implants rely on the anatomy and phygilof the cochlea for their functionality. In
the normal hearing ear, vibrations in the air aa@glated into pressure waves in the fluid of thehtea.
The basilar membrane is differentially displacedtiiyse pressure waves depending on their frequency.
The width, thickness and stiffness of the basilsmirane (BM) vary depending on longitudinal
position. At the base of the cochlea (closest ¢ostiapes) the BM is thin, narrow and tight reqgjifmgh
frequency oscillations to displace it. At the afétthest from the stapes), the BM is wide, thicida
loose, requiring low frequency oscillations to désgg@ it. The mode of basilar membrane displacement
bears some similarity to the strings of a guitaninTtight strings like the high E vibrate very fdst
produce high-pitched sounds, whereas thick loasegstlike the low E vibrate very slowly to produce
low pitch sounds. The displacement patterns of BhMe essentially work in reverse: high frequency
sounds best displace the BM at the base, whereasdquency sounds best displace the BM at the.apex

On top of the basilar membrane sits the organastiOwnhich contains the hair cells necessary
for transduction. The cell bodies of the hair calls embedded in the surrounding tissue so thgttbal
stereocilia are exposed to the fluid inside theaorgf Corti. These stereocilia move back and faiith
the motion of the fluid (like seaweed moving backd dorth with ocean waves) opening mechanically
gated ion channels. The influx of potassium ionst)(KKhanges the resting potential of the cell,
stimulating the release of neurotransmitter ontortburons of the spiral ganglion at the base ohthe
cell, effectively transducing the sound into neunapulses. The neurons of the spiral ganglion (kmow
by many different names: auditory nerve, cochleanve, vestibulocochlear nerve, VIII (8th) cranial
nerve) then carry the electrical impulses to thertstem for processing.

Although the hair cells themselves do not haveeguency preference, they are situated along
the length of the basilar membrane and will beldrsgd in a frequency dependent fashion. This means
that the specific hair cells, and consequentlyrt@erons of the spiral ganglion, will respond tocse
frequencies. If the apical region of the BM is diged, indicating a low frequency sound, the hallsc
overlying this region of the BM will be stimulatettansmitting information to the brain that a low
frequency sound occurred. If, on the other hanel pisal region of the BM is displaced indicatinggh
frequency sound, the hair cells overlying this oagof the BM will be stimulated, sending informatito
the brain that a high frequency sound occurredsThoe could examine the responses of the neunons i
the spiral ganglion, and based on the frequenciprés they respond best to, trace them back to the
region of the cochlea and indeed the hair cells shmulated them. This is a very important propeit
the spiral ganglion: it has a tonotopic organizatibat arises from the location of the hair cetighe
organ of Corti. Due to the law of specific nerveergies, one could stimulate a single neuron irsghel
ganglion and produce the sensation of a tone araacplar pitch in the brain. This is the fundanant
mechanism that cochlear implants exploit.

In sensorineural hearing loss, the normal prosesB&ansduction are disrupted. While a myriad
of etiologies can lead to specific deficits in tmechanisms of transduction, one of the most common
causes of deafness occurs when the hair cells amagbed or destroyed. Since hair cells cannot
regenerate, they can no longer stimulate the nsunbthe spiral ganglion, so information about sbun
cannot get into the brain. Despite the destructibtheir primary sources of input, the neurons s t
spiral ganglion are far more robust, and typicditynot atrophy following cochlear insult. This ikey
mechanism that cochlear implants utilize: althoulga mechanisms of transduction have failed, the
neurons of the spiral ganglion are intact, and learelectrically stimulated. The electrode arrayhef
cochlear implant stimulates the surviving spirah@#&n neurons in order to produce the sensation of
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sound in the brain. More importantly, cochlear iamté do not rely on extensive pre-processing; rathe
they simply provide an alternate form of inputpaling the ascending auditory pathway to functioiit as
normally would.

An electrode array inserted into the round windivthe cochlea brings electrical contacts close
to spiral ganglion neurons. Pulses of electricatent stimulate the neurons to produce a sensaftion
sound in the brain. An external microphone takethénsound, and sends it to a speech processarhwhi
divides the acoustic information into a number bamrnels, changing the energy in each channel into a
digital code. The coded signal is then transmittedugh the skin to a receiver implanted behindeitie
which in turn sends the information to the appraijarielectrodes in the cochlea as a series of durren
pulses. Electrodes are organized tonotopicallythat high frequency channels are located basatig, a
low frequency channels are located apically. Thus electrical impulses are delivered to the appatg
tonotopic region of the cochlea to evoke the semsaif the appropriate pitch. In the normal hearag,

a single hair cell will stimulate a limited humbarspiral ganglion neurons (typically 3-7), resudfiin a
very discrete encoding of frequency. Such discegteulation is impossible with modern implants,
however, since there is some distance betweertithalation site and the target neurons. Due toagpre

of electrical current in the fluid and tissue o€ tbochlea, many more neurons are stimulated by each
electrode than would be stimulated in the intaatht®a. This causes a widening of the frequency
representation, which removes much of the spefitralstructure and frequency resolution of the radrm
auditory signal. Despite such spectral reductioanynmodern cochlear implant users demonstrate very
high levels of speech recognition under quiet com$, suggesting that the limited frequency
information provided by electrical stimulation isfcient to transmit information about speech.

Acoustic Simulations of Cochlear Implants

Although no one with normal hearing can truly kneskat the world sounds like through a
cochlear implant, simulations can approximate tkpegence by processing the acoustic signal in a
manner similar to that of an implant's speech pseoe There are three main components to such
simulations: the frequency channel, the amplitucetpe and the carrier signal. Each of these ean b
altered to produce differential effects in percepti

The Channel.Since cochlear implant processors divide the agousformation into a limited
number of channels, simulations typically filteethcoustic signal into different frequency bandagis
band pass filters. The number of frequency bands ahe used depends on the type of implant being
modeled. For example, one-band simulations cansbd to model single channel implants (Van Tasell,
Soli, Kirby, & Widin, 1987), and multiple band sifations can be used to model multi-channel implants
(Shannon, Zeng, Kamath, Wygonski & Ekelid, 1995; &&hannon, 1999). The band pass filters are
typically broad in order to limit the spectral déta manner similar to that of a cochlear implaand the
filter bandwidth will ultimately depend on the tbtaumber of channels used (Figure 1). In singlencle&
simulations, the band pass filter will typicallyvas most of the frequency range of the stimulus. In
multiple channel simulations, the band pass filees as broad as necessary to cover the ranges of th
spectrum. In some cases, the center frequenciesegeted based on known measurements such as the
articulation index (Al) (French & Steinberg, 194%r locations of critical bands in the cochlea
(Greenwood, 1961; Greenwood, 1990). Channel selecsi not limited by any known function, so the
cutoff frequencies may vary according to the task wishes to design. The overall selection of ¢utof
frequencies and width of the band pass filters Ehapproximate reasonable values for a cochlear
implant processor in order to be a maximally agglile model, however. Specific models can be made to
simulate particular implant processors (CIS prooesSPEAK processor) or even specific implantees
(based on their frequency sensitivity).
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FIGURE 1: Band pass filtering allows one to simulate thetkeh number of channels available in
a cochlear implant. The spectrogram for the naiumbduced version of the sentence “He rode
off in a cloud of dust” as produced by a male speak presented in (A). The band pass filters
required to generate noise vocoded stimuli wittlBp, @ (C) and 8 (D) spectral channels and the
spectrographic representation of the stimuli gaeeréby them appear below. Although the
majority of the spectral detail is absent from tloése vocoded stimuli, the overall spectral prafile
become increasingly similar to the naturally prastictimulus as the number of bands increases
from two to eight. Changes in the temporal infoiiorat however, remain unchanged across the
noise vocoded stimuli.

The Envelope.Although the output of a cochlear implant is spalbtrdegraded, it is temporally
precise. This means that the temporal modulatioasat limited by any known mechanism. Typically,
individuals with cochlear implants can discriminggmporal modulations upwards of 300 Hz (i.e.
modulations changing at a rate of 300 times peors#c(Fu & Shannon, 2000). The amplitude envelope
can be thought of as a trace around the time domaweform of a sound, and is extracted by usinga |
pass filter (Figure 2). How closely you trace tloeirsd will depend on the frequency cutoff of the low
pass filter. If you choose a filter with an upperduency limit of 160 Hz, only the changes in atople
that occur at a rate of less than 160 times pesrgkwill be preserved. Envelope derivation willaals
determine how well subjects perform; if you make tutoff too low, you will undermine performance
(see Rosen, 1992 for a review of the temporal oud®e envelope).

Whether modeling single or multi channel implaritee amplitude envelope must be derived
from each band. One must first divide the spectinto frequency bands using the band pass filterd, a
then use a low pass filter to derive the amplitet@elope from each. This means that if one were
designing a 22-channel simulation, one would filiee signal into 22 channels and then extract the
amplitude envelope from each. Since the energhenspectrum will change depending on the stimulus
(e.g. as is the case for consonants and vowelgevenkigh frequency fricative may be followed bipa
frequency vowel), deriving the envelope for eacmdoavill preserve the energy in the appropriate
spectral regions.
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FIGURE 2: Envelope detection is based on low pass filtetinggtime domain waveform of the
stimulus (A). The amount of temporal informatiorgerved depends on the upper limit of the low
pass filter. Higher frequency cutoffs (~300 Hz) g@eve smaller changes in the time intensity
information (B) than lower frequency cutoffs (~25)Hwhich only preserve course temporal
changes (C). Low pass filters with sufficiently higutoff frequencies can preserve rudimentary
pitch information, if the pitch falls within the paband.

The Carrier. Although the spectrum has been filtered into ardigc number of bands, the
residual spectral information must be removed tkevan effective Cl simulation. This is typicallyrdo
by replacing the spectral content of each band wibime other signal. Two carriers have been
traditionally used: white noise and sinusoids (Fég8). White noise has proven to be a successftieca
signal for ClI simulations, and the earliest pioimegwork with Cl simulations typically used noisaded
carriers to model single channel implants (Van Tasgoli, Kirby & Widin, 1987; Van Tasell,
Greenfield, Logemann & Nelson, 1992) and multi ecielnmplants (Blamey, Dowell, Tong, Brown,
Luscombe & Clark, 1984a; Blamey, Dowell, Tong & &lal984b; Shannon, Zeng, Kamath, Wygonski
& Elekid, 1995). Noise is an effective way to reradte spectral detail from the frequency chanriels,
it may over-represent the information in the baRdcall that the electrodes in the cochlear imptint
not stimulate all neurons in a given region of garhlea evenly. If the stimulation patterns were
reflective of the noise-based carrier then eacttrlde would be very broad, and each channel woeld
contiguous, with neither gaps nor overlaps betwesarh. Physiologically, this may not be the caseesi
the electrodes are typically narrow, and stimutateomore likely to be focused at a given frequeragd
roll off to both sides due to current spread ardteical diffusion. As such, other simulations hayted
to use sinusoids as their carrier signals (Dormahofzou, 1997; Dorman & Loizou, 1998; Loizou
Dorman, & Tu, 1999). Each sinusoid is focused atahannel center frequency, and rolls off in initgns
with a given slope on either side. Indeed, somdenge for using sinewaves as carriers come from ClI
users themselves, who have described the sengatielectrical stimulation as being a series of beep
tones rather than noise pulses (Dorman, Loizou &a&a 1997).
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FIGURE 3: Spectrograms of the sentence “He rode off in actlof dust.” produced using noise
band carriers (A) and sinusoidal carriers (B). Aitgh the stimuli sound qualitatively distinct, and
appear to differ in overall spectral profile, seslihave demonstrated that speech recognition in
quiet does not appear to differ between stimuldpoed with noise band and sinewave carriers.

No matter which type of carrier signal is selectegeech recognition under each type of
stimulation is virtually identical (Dorman, Loizd& Rainey, 1997). Although sinusoids may offer a enor
realistic simulation, and indeed people with coahlienplant report that the world sounds more mietall
than noisy (c.f. Chorost, 2005), the behavioratitssare identical whether using noise or sinuscads
least for speech in quiet.

Software. There are many different methods of simulating éemhimplants. Applications exist
for MatLAB and stand-alone programs such as Tigér@ve also been developed for use. Any program
that is capable of band and low pass filtering eawl generate noise and pure tone sinusoids caseloe u
(indeed | have done this all by hand using a Cabt Pro, MS Excel, and MS Notepad, see Loebach,
2005). The basic concept is simple: divide the spatinto bands, derive the envelope from each band
replace the spectrum in each band with your casignal, modulate the carrier with the amplitude
envelope appropriate for that band and reassemélbands. Although similar in concept, the exaspst
that you will take will depend on the specific prag that you use.

One of the easiest simulators to use is Tiger@l8¢ch was developed by Dr. Qian-Jie Fu at the
House Ear Institute. It produces quality simulasiarsing either noise band or sinewave carrier 8gna
and is very user friendly. It is also very mallegldllowing one to change the settings for the dogsg
envelope derivation, band pass filtering, numbectwnnels, and output filters allowing one to “shif
the electrodes in any manner. Moreover, TigerCIS figely available on the internet at
http://www.tigerspeech.com/.

How To

TigerCIS can process any Windows PCM .wav fileastandard format. Typical formats include
22,050 Hz, 16-bit stereo or mono files. If you ackting your wav files in Adobe Audition or Praag
sure that no additional proprietary informatiorb&ng placed in the header, as this will causdithdo
be unreadable in TigerCIS. Occasionally, errord beél introduced if each track of the stereo .wée fi
contains slightly different information. This cagsult in a doubling of the frequency informationdan
apparent upward shift in pitch. Anecdotally, | hdeand that mono .wav files yield the best resudisd
avoid processing artifacts. In addition, it is ical to level the stimuli prior to processing thenth the
simulator. The simulator will process whatever mfiation is present, and if the stimuli have differe
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RMS amplitude values, you may under specify somgigpes of the signal, and over specify others.
Ensuring that the stimuli are at a comparable Ig@ver to simulation will provide you with the most
accurate and appropriate simulations. The systerdathonstration below was generated using TigerCIS
version 1.04.03. Although the software is frequenpdated with additional features, the basic $tmec

of the following steps will be preserved in somenmer in most versions.

Step 1: Select Processbhis step allows you to specify which type of @esor you want to use. For a
standard CI simulation, be sure the “Noise or sanawocoder” box is checked, and the “FFT-based”
box is un-checked.

Step 2: Select Carrier Type for Vocod#ris step allows you to specify the carrier that wish to use,
either sinusoids centered at the bands centerdrexyuor noise bursts.

Step 3: Select Number of Channdlkis step allows you to set your analysis and ssgis channel
filters. Although the number of channels is unleif the more that you use, the longer it will téke
synthesize the stimuli. If you want a straightforv&| simulation the number of channels simulated
should match the number of spectral channels. Byingthe degree and direction of mismatch, one can
make compressive simulations (the number syntheésszemaller than the number of spectral channels)
or expansive (the number synthesized is larger tthemumber of spectral channels) simulations.

Step 4: Set Analysis Filter Typ€his step determines the method used to dividespgestrum. The
default setting is based on Greenwood'’s functioh (g&reenwood, 1990), which is essentially a piizh
distance map of the basilar membrane based owalriiendwidth. You can create your own mapping
function as well, if you want to model a specifypé of processor with specific band cutoffs. Youn ca
even program your own simulator based on patietd daing their frequency channel cutoffs and
electrode mappings.

Step 5: Set Analysis Filter Variabl8%is step runs hand and hand with the previougolf chose a
custom filter in step 4, you should load that filere. If not, you can set your lower frequency ffutbe
lowest frequency information that you want to irdg), upper frequency cutoff (the highest frequency
information that you want to include) and the il function (dB/octave) which tells the programho
sharp to make the filters. For example, if you haweenter frequency of 100 Hz and you roll off &t 2
dB/octave, it means that as you increase the frexyuby 1 octave (from 100 to 200 Hz in this case) t
signal strength would drop by 24 dB. This avoide fummation of information where the band pass
filters overlap (which would distort the signal,gstbly causing clicks). The larger this numberhs t
faster you roll off, and the steeper your filteomts will be. If your roll off is too slow, channelerlap
and summation can occur. If your roll off is tostfgou may get transients and other distortions.

Step 6: Envelope Detectiorhis step allows you to design the low pass fiteeiderive the amplitude
envelope from each band. The first number is theftd@requency for the upper limit. This number
should ideally be below 400 Hz, since this is thpper limit detectible by individuals with cochlear
implants. If your low pass cutoff is too low (6-32z) you may not adequately be representing the
temporal information available to the cochlear iamgluser. The roll off function is similar to thated

in the previous step and determines how quicklyitifigmation drops off as you increase in frequency
Select the roll off carefully, since it will affettie intelligibility (too shallow and you can incle more
information than is available in a CI).

Step 7: Set Carrier Filter TypEhis step is the same as in Step 4, except yon@xeselecting how you
want to process the carrier signal. If you are gisiaise, this will divide the noise spectrum insnts in
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a manner similar to the analysis filters in Sefydu can either use the Greenwood function, or madel
specific implant or patient by specifying a custiiter.

Step 8: Set Carrier Filter Variabl@is step is the same as in Step 5, except yonawespecifying the
frequency range for the carrier signal. You canvedaes similar to or different from the filtersaasin
Step 5, depending on what type of simulation yoshwid create. If you want to make a 1:1 simulation,
the frequency range should be identical to thaStep 5. If you want to simulate a basal shift of 2
millimeters based on electrode insertion depth,ifietance, you would simply change the upper and
lower frequency limits by a function that would etgia 2 mm shift along the basilar membrane. Since
the tonotopic organization of the basilar membrian@n-uniform across frequency, the lower freqyenc
cutoff would shift upward by about 180 Hz, and tipper frequency cutoff would shift upward by about
1800 Hz. See Zwicker for a more complete treatr(@nitcker, Flottorp & Stevens, 1957).

Step 9: Processinjow that all of the information has been specifids time to process the stimuli.
Stimuli can be processed individually by loadingirzgle wave file at the top, or in a batch by sfyety
input and output directories at the bottom. Forcpssing single stimuli simply press the “Start
Simulation” button to begin. You can then pressa$PSimulation” to listen to what you just created,
“Save Simulation” to save it as a .wav file. Eaichet you update any of the information in Stepsyb8
will have to reprocess the stimuli with the curreattings (TigerCIS will maintain the previous sej$
until you exit the program).

Although there are several other useful optiorealalle in TigerCIS, the ones presented here are
necessary for making standard cochlear implant Isitioms. The program is very malleable, allowing
you to make your own creations (or even to makktmea simulations of your own voice), and an oalin
forum is available at http://www.tigerspeech.coov/ support.

Conclusions

Modern cochlear implant simulations may allow tlesearch scientist some insight into the
perceptual experiences of a person with a cocliheplant. One must never assume, however, that they
are in fact reproducing those actual perceptuaéegpces. To that end, the closer the variabled tese
design the simulations are to the specificationseaf cochlear implants, the more readily the rtesul
normal hearing subjects will generalize to cochiegulant users themselves. One should be thoughtful
in the selection of synthesis variables, and be a&bldefend their choices in publication. Whenever
possible, results should be normalized by compdridings in normal hearing subjects with thoseriro
cochlear implant users, so that a maximum benefitdn achieved for researcher, clinician and piatien
alike.
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