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Abstmct-Acoustic simulations of cochlear implant signal 
processing have been widely used to determine the upper 
bounds on speech perception using these devices. These 
simulations assume that the only temporal information 
delivered to the inner ear is the envelope of the signal and that 
spectral cues, determined by the number of channels present, 
are the primary determinant of speech perception ability. 
While highly informative, such simulations fail to explain 
open-set speech perception obtained by some patients who 
received single channel implants as young children. In 
addition, some implant recipients enjoy and appreciate music 
to an extent not possible if envelope is the sole source of 
temporal information. In this paper, a novel acoustic 
simulation algorithm is described which allows varying the 
degree to which temporal fine structure is delivered to the 
cochlea. Use of this algorithm demonstrates that while high 
levels of speech perception in quiet can be provided with only 
six channels of envelope, inclusion of even small amounts of 
temporal fine structure dramatically improves perception of 
speech in noise, timbre and melody. 
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I. INTRODUCTION 

Acoustic simulations of cochlear implants were devised to 
present to the normal hearing ear, a similarly degraded 
signal as that presented to the central nervous system by a 
cochlear implant. They were initially introduced by 
Shannon et al. [ l ]  and by Dorman et al. [2] using two 
related approaches. The latter approach involved bandpass 
filtering the input signal into N bands and modulating N 
sinusoids, the center frequencies of the filters, by the 
envelope of each band. The sum of the modulated sinusoids 
was then presented to a loudspeaker. The former approach 
is identical, but instead of modulating sinusoids, bands of 
noise, spectrally corresponding to the filters, are modulated. 
Speech perception scores of normal hearing listeners using 
both approaches are similar and the former approach has 
become more widely adopted. Indeed cochlear implant 
acoustic simulations are now commonly referred to as 
“noise-band simulations.” 

As originally proposed, noise-band simulations were 
intended to simulate speech perception using the continuous 
interleaved sampling (CIS) strategy [3] because the 
processing is so similar. It was noted that speech perception 
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scores of normal hearing listeners using the simulations 
were comparable to the “best” speech perception scores of 
cochlear implant patients and therefore represent an upper 
bound on possible performance using CIS or other strategies 
involving envelope extraction such as the spectral peak or 
advanced combination encoder strategies (SPEAK, ACE). 
The simulations may also well represent strategies which do 
not extract envelope, such as analog, since in some subjects 
it provides comparable levels of speech perception in quiet. 
This is likely due to ensembles of auditory neurons being 
relatively incapable of following the rapid fluctuations of 
temporal fine structure in analog electrical stimulation due 
to their refractory characteristics [4,5]. These neurons are 
more likely to faithfully represent the more slowly varying 
envelope and as such the electro-neural interface may be 
performing its own envelope extraction through lowpass 
filtering by the membrane and rectification by the nonlinear 
excitation process. Thus not only does the noise-band 
simulation algorithm resemble the signal processing 
strategies of the implant hardware, it may well represent the 
biophysical interface. This may help explain the success 
obtained predicting performance of “short electrode” 
cochlear implants in patients with residual low frequency 
hearing using an appropriate modification of the noise-band 
algorithm [6] .  

While noise-band simulations have been very effective 
at predicting the upper bound of cochlear implant speech 
perception scores in quiet, and in some cases in noise [7], 
they fail to account for at least three perceptual phenomena 
observed in implant patients. 

While in general, speech 
perception with single-channel implants is much poorer than 
multi-channel devices and significant levels of monosyllabic 
word recognition are rare [8], there are some notable 
exceptions. The first author has personal experience with 
three profoundly deaf adolescents who received single- 
channel implants as young children and now have 
monosyllabic word scores higher than 20%. Single-channel 
noise-band simulations accurately predict poor speech 
perception in most adult-implanted single-channel patients 
but not these or other reported subjects implanted in early 
childhood in whom the central nervous system must have 
learned to extract some temporal fine structure from the 
signal. 

2 )  Speech perception in noise: Noise-band simulations 
predict that while high levels of speech perception in quiet 
can be achieved with only six channels, more channels are 
needed for speech recognition in noise [7]. Experiments 

1) Single-channel devices: 
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with implant patients bear this out [SI but the simulations 
fail to account for the occasional subject who performs 
exceptionally well in noise [ 101. Again, such subjects must 
be able to extract some fine structure from the electrically 
encoded signal in order to achieve this. 

3) Melody, pitch perception and sound quality: It is 
clear that cochlear implants produce very poor melody and 
pitch perception when compared with normal hearing [ 111. 
At first glance, noise-band simulations of music are 
consistent with these data and in fact produce sound quality 
and music perception that is so poor, it is difficult to 
imagine anyone voluntarily listening to it. Studies of 
implant patients demonstrate a range of musical enjoyment 
[ 111 including some who never listen to music, but it is clear 
that a significant percentage enjoy and have levels of 
musical ability well beyond those consistent with noise- 
band simulations. Studies of “auditory chimeras” show that 
greater levels of musical ability are possible with increasing 
numbers of channels, but it requires between 64 and 128 
channels to produce high levels of music perception and 
even then, sound quality is poor [ 121. Since current implant 
devices effectively present only six to eight channels of 
information even with as many as twenty two electrodes [9], 
some level of temporal fine structure must be coded in the 
auditory nerve of the implant patients with higher leveIs of 
complex pitch and melody perception. 

A signal processing strategy has recently been 
described which attempts to improve representation of 
temporal fine structure in the electrically stimulated ear [4]. 
Studies with implant subjects reveal substantial increases in 
dynamic range with this strategy as expected from the 
underlying theory and physiological data [ 13,141. 
Development of a signal processor implementing this 
strategy in such a way as to permit speech and music testing 
is underway, but it is informative to understand what the 
expected perceptual effects of improved temporal resolution 
would be in advance of such testing. A novel acoustic 
simulation strategy, a generalization of the noise-band 
approach, has been developed to assess the impact of 
improved temporal resolution on signal perception with a 
cochlear implant. In addition, it permits better 
understanding of the three perceptual phenomena described 
earlier, which demonstrate the shortcomings of the 
otherwise theoretically and empirically satisfying noise- 
band algorithm. 

11. METHODOLOGY 

On one extreme, noise-band simulations assume that no 
temporal fine structure is presented within each band. On 
the opposite extreme, complete representation of temporal 
fine structure with a large number of channels should 
reproduce the original signal. Both of these extremes can be 
approximated with a noise-band simulation where the 
“noise” signal variably incorporates the fine structure of the 
original signal. If we define the input signal as x(t), then 

this “fine structure noise” is generated by taking a 
bandlimited noise signal n(t) and extracting its Hilbert 
envelope abs(H(n(t))) where H represents the Hilbert 
transform [ll]. This envelope then modulates the fine 
structure of aft) which has been fractionally randomized: 

X,(t) = abs(H(n(t)))* cos(angle(H(f(t)))+ 2xZ9 (1) 

where 7 is a uniformly distributed random number between 
-0.5 and +OS and 1 is the fractional randomization which 
can be varied between 0 and 1. The signal generated by (1) 
includes high frequency components due to the 
randomization that are removed by bandpass filtering. The 
bandpass filtered signal has a random Hilbert envelope and 
a fine structure which when 1=0 is identical to the fine 
structure off(t). When 1=1, this signal is identical to 
bandlimited noise. 

Equation (1) can then be used in a noise band simulator 
instead of the bandlimited noise that has been previously 
described [1,2,3]. With a large number of channels when 
1=0, the original signal is reproduced. With any number of 
channels when 1=1,  the output is identical to a noise-band 
simulation with an equal number of channels. In practice, 
quadrature filters are used rather than Hilbert transforms to 
improve computational efficiency [ 121. The program is 
written in MATLAB and takes WAV audio files as input 
and generates WAV files as output. Fig. 1 demonstrates a 
gated 131 Hz sinusoid used as an input signal to a single- 
band simulation and below it are three outputs representing 
O%, 30% and 60% randomization of the fine structure. 

111. RESULTS 

No quantitative psychoacoustic evaluation of this 
algorithm in normal hearing listeners has yet been 
performed. A number of experiments are underway or 
planned for the near future. Pitch perception for pure and 
complex tones are being examined using single channel 

Fig.1: Exaniple of single-band simulation. Input of a 131 Hz gated 
sinusoid in the top row produces outputs for 0%, 30% and 60% 

randomization in the subsequent three rows. The “glitches” at the zero- 
crossings of the 0% simulation are a signal processing artifact. 
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simulations, speech perception studies are underway in 
noise using six channel simulations, and music perception 
studies using six to twelve channels are planned. In all 
cases, the fine structure may be randomized anywhere 
between zero and one hundred percent. Despite the lack of 
quantitative data a number of qualitative observations are 
clear. 

1) Speech presented through a six-band algorithm with 
100% fine structure randomization sounds identical to that 
presented through a standard six-band noise-band 
simulation. 

2 )  With only one spectral band, speech has normal 
intelligibility even if the fine structure is randomized by 70- 
80%. In addition, characteristics of the speaker’s voice, 
such as nasality, become prominent even at these levels of 
randomization. These features are entirely absent from 
standard noise-band simulations and perhaps provide an 
informative simulation of the successful single-channel 
implant users mentioned previously. 

3) With no randomization of the fine structure, speech 
sounds normal, though noisy, with only one band. Melody 
and pitch perception are also grossly normal with a single 
band. To reproduce high-fidelity music however requires 
more than thirty bands to eliminate the effects of the random 
envelope introduced with the “fine structure noise.” 

4) With a single channel, pitch perception of low 
frequency tones (-150 Hz) is present even with 98% 
randomization of the fine structure. For high frequency 
tones (-7 kHz), this percept vanishes above approximately 
70% randomization. 

5 )  With 6-12 bands, even small amounts of fine 
structure representation significantly improve intelligibility 
of speech in noise. The more bands that are included, the 
less fine structure is needed (and vice versa) to maintain 
intelligibility in noise. 

6) Even small amounts of fine structure coding, ie. 
large amounts of randomization, produce levels of music 
perception comparable to noise-band simulations with more 
than 60 bands. 

IV. DISCUSSION 

The limited qualitative results noted so far have 
significant implications for cochlear implant design but 
must be interpreted with caution. One of the bases for 
positing a similarity between noise-band simulations 
presented to a normal ear and cochlear implant hearing is 
the lack of temporal information, other than envelope, 
presented within each band by the simulation. Because of 
this absence, it is not possible for the normal ear to extract 
spectral cues from temporal ones using auditory filters not 
present in implant recipients. When fine structure cues are 
introduced using (l) ,  extraction of spectral cues from 
temporal information for simultaneous sounds becomes 
possible if the width of the bandpass filters exceeds the 
critical bandwidth. It should also be noted that cochlear 

implant patients may possess widely divergent pathologies 
both at the periphery and in the central auditory pathways 
that could produce differential abnormalities of either fine 
structure or envelope processing. Mindful of these caveats, 
it is apparent that even small amounts of fine structure 
coding can dramatically improve pitch and melody 
perception as well as speech perception in noise. The 
improvements in music perception and sound quality are 
substantially greater than those produced by using an 
increased number of spectral bands until this number is well 
over fifty. Since current implant devices, even those with 
twenty two electrodes, deliver only approximately six to 
eight channels of information [9], it seems unlikely that 
electrode modifications in the near future will deliver the 
number of channels necessary to produce high levels of 
music perception using current signal processing. Efforts to 
improve fine structure coding, however, are feasible 
[4,13,14] and more likely to soon result in such 
improvements. 

It is tempting to speculate that the differences seen 
between perception of low and high frequency tones are due 
to differences in cochlear mechanisms at these different 
frequencies. At low frequencies, very small amounts of fine 
structure information produce a clear pitch percept 
consistent with temporal coding via phase-locking at this 
frequency [15,16]. At frequencies above 5 kHz, much 
larger amounts of fine-structure information are necessary 
perhaps because the auditory nerve is incapable of phase- 
locking to the fine structure at these frequencies requiring 
instead that spectral analysis be performed. This intriguing 
speculation is currently undergoing more detailed study. 

A number of other experiments are planned to assess 
the similarity of acoustic simulations to hearing with a 
cochlear implant. As part of a separate study, a patient has 
received a cochlear implant in a deaf ear with a nearly 
normal hearing contralateral ear. This subject provides the 
rare opportunity to present acoustic simulations to the 
hearing ear and compare the resulting percepts to electrical 
stimulation of the deaf ear. By adjusting the number of 
spectral bands and the degree of fine structure 
representation so as to equalize speech and melody 
perception on the two sides, the subject’s subjective 
comparison may allow determination of how cochlear 
implants actually sound to a normal hearing listener. 

V. CONCLUSION 

A novel acoustic simulation of cochlear implant hearing 
has been developed. It allows quantitative assessment of the 
interaction between the number of spectral bands and the 
degree of temporal fine structure represented within each 
band in determining speech and music perception. The 
results suggest that signal processing strategies which 
improve coding of temporal fine structure in the auditory 
nerve should yield substantial improvements in music 
perception as well as speech perception in noise. Although 
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both improved fine structure coding and increased numbers 
of spectral bands enhance the fidelity and intelligibility of 
both speech and music, music perception is improved more 
by better fine structure coding than by increases in the 
number of spectral bands. 
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