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Background

Experiments of Sachs and Young and coworkers [8, 5] demonstrate that auditory nerve �bers exhibit both
spatial and temporal coding in response to steady-state vowels. Spatial/temporal coding gives an accurate
representation of formant frequencies F1 and F2 of vowels over a wide intensity range [8], even in the
presence of background noise [4].

The response pattern of auditory nerve �bers is captured in the instantaneous �ring rate (IFR). Secker-
Walker and Searle [6] analyzed experimental data to show that groups of auditory �bers respond to di�erent
spectral components of the speech input { one group responding to F0, another to F1, etc... The period
of the formants are represented by the interpeak intervals of the IFR.

Modeling Studies

Payton [3] proposed a model of the auditory periphery based on the physiology of the auditory periphery.
The basilar membrane is implemented as a linear �lter bank. Payton chose the reservoir model [7] to
capture the behavior of the hair-cell synapse. In a comparative study of hair cell models [2], the reservoir
model is regarded favorably for its accuracy. On the other hand, it is also the most computationally
intensive.

The Hopkins Electronic EAR (HEEAR) Project

The aim of the HEEAR project is to maintain the positive features of the Payton model by direct imple-
mentation in analog VLSI, resulting in a small, very low power, real-time device [1]. The multi-channel
output of the electronic cochlea is the instantaneous �ring rate of nerve �bers arranged according to
characteristic frequency.

Immediate Goals for the HEEAR Project

1. Obtain performance data in terms of amplitude compression and robustness in the face of noise.

2. Work with a group having extensive clinical experience to interface the HEEAR to a cochlear implant
and compare performance with present systems.
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