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ABSTRACT

Frequency modulations in acoustic communication signals
are thought to encode meaning in many animal species.
Recent physiological experiments have elucidated possible
neural mechanisms underlying their perception [1, 2]. The
system described here attempts to model such mechanisms
using subthreshold analog circuitry. It is built with a silicon
cochlea [3, 4] and a unidirectional velocity-tuned delay line.
Taps from the cochlea couple into the delay line. If the
input frequency is modulated in the appropriate direction
and right speed, the inputs to the delay line will coincide in
time and summate. A similar design was recently used to
detect motion in a vision chip [5].

1. INTRODUCTION

Research into the perception of speech has been going on
for many years, yet it is still not a well understood pro-
cess. Similarly, the design of speech recognition systems
has a long history, yet the most advanced systems don’t
even compare with human listeners. As more is understood
about the way speech is recognized by humans, however,
it becomes possible to use that knowledge to design better
speech recognition systems. The system described here is
an attempt to capitalize on this cross-fertilization of fields
by incorporating some of the knowledge we have about the
neural mechanisms of speech perception into silicon.
Traditionally, phoneticians have described speech as a
sequence of sounds whose order encodes meaning. These
sounds are called phonemes and are characterized by unique
spectral properties [6]. More indepth studies have shown,
however, that these unique spectral properties are only
characteristic of phonemes when they are pronounced in
isolation or when speech is spoken very slowly [7, 8, 9]. A
better understanding is perhaps achieved if phonemes are
thought of as corresponding to specific positions of the vo-
cal tract and related apparatus, such as the tongue, teeth,
lips, etc. Speech, then, is the product of a sequence of po-
sitions sent down by the nervous system [10]. Due to the
mass of the vocal apparatus and the finite force applied by
the muscles, the resulting acoustic output consists largely of
transitions between the characteristic steady-state spectral
properties of the phonemes [11]. These transitions, then,
become important when trying to understand the percep-
tion of speech and building a speech recognition system.
One kind of transition between phonemes that occurs fre-
quently is a frequency modulation. If two temporally ad-
jacent phonemes have peaks in spectral energy at slightly
different frequencies, then it is common for the vocal tract
to smoothly modulate the frequency between the two as

it makes the transition from the first phoneme to the sec-
ond [10, 11]. The perception of such frequency modulations
(FMs) has been extensively studied in many species, includ-
ing bats [12], cats [2], and songbirds [1]. Most researchers
generally agree that sensitivity to FM of a particular direc-
tion and speed is the result of a combination of two filters:
an excitatory one that passes FMs it’s tuned to, and an in-
hibitory one that stops FMs it’s not tuned to. Although the
specific neural mechanisms are still being debated over, they
both involve delay lines aggregating signals over different
frequency bands and are very similar to models proposed

" for directional sensitivity in rabbit vision [13].

2. SYSTEM DESCRIPTION

The system described here implements the excitatory model

.only. It consists primarily of a silicon model of the cochlea

and a uni-directional delay line. The cochlea is a cascade of
second-order sections with exponentially decreasing center
frequencies (3, 4]. The envelope of each tap of the cochlea is
computed with a current-limited source follower. The out-
put taps are then sent to the corresponding input tap of
a delay line, which consists of a cascade of low-pass filters
(see figure 1). Finally, a non-linearity is added by comput-
ing the power on the delay line with an anti-bump circuit
[14].. An almost identical system was used in a vision chip
by other researchers to detect motion [5].

Two thirty-six stage systems were designed and fab-
ricated in a standard 2.0 pm CMOS process (ORBIT)
through the MOSIS service. One had the delay line prop-
agating the same direction as the cochlea (towards lower
corner frequencies), and the second propagated to the op-
posite direction (higher frequencies). All initial inputs and
final outputs were taken out to pins so that multiple chips
(with the same delay line direction) could be cascaded to-
gether. The data that follows is from two chips cascaded in
such a way, resulting in seventy-two stages total. The val-
ues of intermediate taps were multiplexed out using a cus-
tom scanner [15]. Hence, the activity of the entire system
could be viewed on an oscilloscope as a single waveform.
Furthermore, different signals could be connected to the
multiplexed output line. So one could monitor the taps of
the cochlea, the envelope detect, the delay line, or the anti-
bump circuit (figures 2 and 3). Alternatively, the scanner
could be stopped and a single tap could be monitored con-
tinuously (figure 4). Because of noise due to charge injection
while switching the shift register in the scanner, some of the
waveforms in the figures have been filtered with a five-point
median filter.







