Quantifying the Effects of Hearing Aid Dynamics on Temporal Coding in the Auditory Nerve
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Introduction

Hearing aids can restore some degree of hearing to many patients with auditory impairments.
Unfortunately, even with some of the most sophisticated digital hearing aids, patients have great
difficulty understanding speech in the presence of competing background chatter. It is believed
that listeners with normal hearing take advantage of the acoustic waveform’s temporal fine
structure (TFS) to listen in the short “dips” of the background noise, and perhaps use this
information to improve auditory stream segregation.!
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Competing talkers: Talker 1 (blue) & Talker 2 (red)
Note that fine-structure cues may be especially important for segregation
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Even when they have adequate amplification, recent findings suggest that hearing impaired

listeners

are often unable to take advantage of TFS. However, this may be due in part to the

amplification, which does not completely restore hearing to normal. For example, if hearing aid
gain is applied too slowly, sounds in the dips might not be efficiently encoded. Psychophysical
data in the literature suggests that there is a wide variability among individual patients, with
some hearing impaired subjects showing a near-normal response to fine structure information.?
Remaining fine structure information may allow these hearing impaired individuals to “listen in

the dips’

’‘and better understand speech in the presence of fluctuating background noise. We

hypothesize that, in order to preserve TFS encoding, the gain provided by a hearing aid must
quickly adjust to the incoming audio signal. We test this hypothesis by quantifying TFS coding in
simulated neural responses to sentences for normal, impaired, and aided-impaired auditory

systems.

Stimulus

A sentence from the TIMIT> database was used. The sentence “She had your dark suit in greasy

wash water all year” has a varied assortment of phonemes that vary in level.
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A hearing aid algorithm from Stone & Moore® was modified to provide compressive gain based on
the NAL prescription. An example of the sentence with this gain applied is shown below. (Note the

overall gain, but also the increased gain for low-level sounds)
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Computational Model Of Hearing Impairment

We used the most recent computational model of the auditory nerve3. This model expands upon
several previous models and was chosen because it allows selective control over the health of
both outer and inner hair cells. (Where outer hair cells provide gain and sharp tuning, and inner
hair cells transduce the acoustical energy to electrical signals.)
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(From Zilany & Bruce 2007)

Several (20) fibers were modeled to represent center frequencies ranging from 200Hz to 4kHz.

——J:E = . timing, but the metric suffers from poor temporal resolution due to the
SR s e refractory period of an individual neuron.
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Quantifying Envelope and Temporal Fine Structure Coding

Based on Neural Spike Patterns
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AAn All-Order Interspike Interval Histogram” can be used to analyze spike

AA shuffled Autocorrelation® (SAC) is similar but, instead of measuring time
between spikes in a single spike train, it measures the time from a single
reference point (in a different spike train). This allows us to see the

e temporal resolution that would be represented by a large population of

AA Cross-Polarity AutoCorrelation (XpAC) can be calculated by comparing
the spikes from the original stimulus to spikes from an inverted form of
the stimulus. This inversion will flip the polarity of the Temporal Fine

AThe difference between the original SAC and the inverted polarity XpAC
represents encoding of anything that is different between these two cases

Results

The mean firing rate, py, and p., were compared across the normal and aided+impaired cases
(where the hearing aid applied a simple linear gain). Gain was set to the NAL-RP prescription, but
also adjusted (-20 to +40dB) to determine if the optimal gain differed from the prescribed gain. Each
of these metrics was averaged across fibers.
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As can be seen here, the “optimal” gain depends on
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A second experiment specifically evaluated TFS coding in response to nonlinear hearing aid designs
as are used in many commercial digital hearing aids. Here, fast time constants (T=5ms) were
compared to slow time constants (T=500ms). Note that slow time constants appear to degrade TFS
coding somewhat.

TFS Encoding with Fast/Slow Compression
(Mixed Hair Cell Damage)

TFS Encoding with Fast/Slow Compression
(Inner Hair Cell Damage)

For impaired hearing simulations, the coefficients Cy,, and C,,c were chosen to result in a mild

hearing loss, as shown below. (where 2/3 of the impairment is due to outer hair cells)

The correlation between normal envelope and aided+impaired envelope (p.,), as well as the

correlation between

Envelope and Temporal Fine Structure coding of aided+impaired systems to the coding of normal

normal TFS and aided+impaired TFS (p,) can be calculated.® By comparing
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A hearing aid was fit to this audiogram, based on the NAL-RP prescription*. (NAL = National
Acoustic Laboratories) A speech stimulus was then run through 3 separate scenarios: a normal-
hearing case, an impaired case, and an impaired case with a hearing aid. The resulting neural
spike patterns were than analyzed for comparisons across these three cases to quantify the
ability of the hearing aid to restore normal temporal coding.
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systems, we can identify the gain settings which result in neural coding closest to normal.
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(Adapted from Biondi 1978 10)
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Discussion

Temporal Fine Structure (TFS) is thought to be important for segregating speech from background
noises, and the results here suggest that hearing aids do not restore TFS coding. Future work will
look into methods for improving TFS encoding by changing the hearing aid algorithms.

The results for optimal rate were somewhat unexpected - we expected to see lower optimal gains for
high input levels. However, only low-threshold fibers were modeled. Future work will extend this
analysis to include medium and high-threshold fibers.

Also, it appears to be the case that adjustment of the compression speed may in fact improve TFS in
some cases. Future work will focus on evaluating this further to determine the optimal time
constants for a given impairment. In particular, it may be the case that the underlying physiology
may determine the optimal time constants.

Acknowledgements

Thanks to Michael Stone and Brian Moore for supplying their hearing aid algorithm and to
Jayaganesh Swaminathan for the SAC/XpAC analysis code.

References

1 Lorenzi, C., G. Gilbert, H. Carn, S. Garnier, and B. C. J. Moore, Speech perception problems of the hearing impaired reflect inability to use temporal fine structure, Proc Natl Acad Sci U
SA, 103:18866--18869, 2006.

2 Moore, B. C., The choice of compression speed in hearing AIDS: theoretical and practical considerations and the role of individual differences, Trends Amplif, 12:103-12, 2008.

3 Zilany, M. S. A., and I. C. Bruce, Representation of the vowel /epsilon/ in normal and impaired auditory nerve fibers: model predictions of responses in cats, J Acoust Soc Am, 122:402-
-417, 2007.

4 Bondy, J., S. Becker, I. Bruce, L. Trainor, and S. Haykin, A novel signal-processing strategy for hearing-aid design: neurocompensation, Signal Processing, 84:1239--1253, 2004.

5 Garofolo, J., L. Lamel, W. Fisher, J. Fiscus, D. Pallett, N. Dahlgren, and V. Zue, TIMIT Acoustic-Phonetic Continuous Speech Corpus, Linguistic Data Consortium, Philadelphia, 1993.

6 Stone, M. A,, B. C. Moore, K. Meisenbacher, and R. P. Derleth, Tolerable hearing aid delays. V. Estimation of limits for open canal fittings, Ear Hear, 29:601-17, 2008.

7 Cariani, P. A., and B. Delgutte, Neural correlates of the pitch of complex tones. Il. Pitch shift, pitch ambiguity, phase invariance, pitch circularity, rate pitch, and the dominance region
for pitch, J Neurophysiol, 76:1717-34, 1996.

8 Joris, P.X., Louage, D.H., Cardoen, L. and van der Heijden, M. (2006). “Correlation index: a new metric to quantify temporal coding,” Hear. Res. 216-217, 19-30.

9 Heinz, M.G. and Swaminathan, J. Quantifying envelope and fine-structure coding in auditory-nerve responses to chimaeric speech. In prep

10 Biondi, E., Auditory processing of speech and its implications with respect to prosthetic rehabilitation. The bioengineering viewpoint, Audiology, 17:43--50, 1978.




