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Abstract

We present an integrated analog processor for real-time wavelet decom-
position and reconstruction of continuous temporal signals covering the
audio frequency range. The processor performs complex harmonic modu-
lation and Gaussian lowpass filtering in 16 parallel channels, each clocked
at a different rate, producing a multiresolution mapping on a logarithmic
frequency scale. Our implementation uses mixed-mode analog and dig-
ital circuits, oversampling techniques, and switched-capacitor filters to
achieve a wide linear dynamic range while maintaining compact circuit
size and low power consumption. We include experimental results on the
processor and characterize its components separately from measurements
on a single-channel test chip.

1 Introduction

An effective mathematical tool for multiresolution analysis [Kais94], the wavelet transform
has found widespread use in various signal processing applications involving characteristic
patterns that cover multiple scales of resolution, such as representations of speech and vision.
Wavelets offer suitable representations for temporal data that contain pertinent features both
in the time and frequency domains; consequently, wavelet decompositions appear to be
effective in representing wide-bandwidth signals interfacing with neural systems [Szu92].

The present system performs a continuous wavelet transform on temporal one-dimensional
analog signals such as speech, and is in that regard somewhat related to silicon models
of the cochlea implementing cochlear transforms [Lyon88], [Liu92], [Watt92], [Lin94].
The multiresolution processor we implemented expands on the architecture developed
in [Edwa93], which differs from the other analog auditory processors in the way signal
components in each frequency band are encoded. The signal is modulated with the center
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Figure 1: Demodulation systems, (a) using multiplication, and (b) multiplexing.

frequency of each channel and subsequently lowpass filtered, translating signal components
taken around the center frequency towards zero frequency. In particular, we consider wavelet
decomposition and reconstruction of analog continuous-time temporal data with a complex
Gaussian kernel according to the following formulae:

t
/ 2(0) exp (jwil — a(wi(t — 8))?) do
(decomposition) 9]
C Zy'k(t) exp (—jwkt)
k

Yk (t)

z'(t)

I

(reconstruction)

where the center frequencies wy, are spaced on a logarithmic scale. The constant « sets the
relative width of the frequency bins in the decomposition, and can be adjusted (together
with C) alter the shape of the wavelet kernel. Successive decomposition and reconstruction
transforms yield an approximate identity operation; it cannot be exact as no continuous
orthonormal basis function exists for the CWT [Kais94].

2 Architecture

The above operations are implemented in [Edwa93] using two demodulator systems per
channel, one for the real component of (1), and another for the imaginary component, 90°
out of phase with the first. Each takes the form of a sinusoidal modulator oscillating at
the channel center frequency, followed by a Gaussian-shaped lowpass filter, as shown in
Figure 1 (a). This arrangement requires a precise analog sine wave generator and an accurate
linear analog multiplier. In the present implementation, we circumvent both requirements
by using an oversampled binary representation of the modulation reference signal.

2.1 Multiplexing vs. Multiplying

Multiplication of an analog signal #(¢) with a binary (+1) sequence is naturally implemented
with high precision using a multiplexer, which alternates between presenting either the
input or its inverse —z(t) to the output. This principle is applied to simplify harmonic
modulation, and is illustrated in Figure 1 (b). The multiplier has been replaced by an analog
inverter followed by a multiplexer, where the multiplexer is controlled by an oversampled
binary periodic sequence representing the sine wave reference. The oversampled binary
sequence is chosen to approximate the analog sine wave as closely as possible, disregarding
components at high frequency which are removed by the subsequent lowpass filter. The
assumption made is that no high frequency components are present in the input signal



output. To that purpose, an additional lowpass filter is added in front of the multiplexer.
Residual low-frequency distortion at the output is minimized by maximizing roll-off of the
filters, placing proper constraints on their cutoff frequencies, and optimally choosing the bit
sequence in the oversampled reference [Edwa95]. Clearly, the signal accuracy that can be
achieved improves as the length NV of the sequence is extended. Constraints on the length
N are given by the implied overhead in required signal bandwidth, power dissipation, and
complexity of implementation.

2.2 Wavelet Gaussian Function

The reason for choosing a Gaussian kernel in (1) is to ensure optimal support in both
time and frequency [Gros89]. A key requirement in implementing the Gaussian filter
is linear phase, to avoid spectral distortion due to non-uniform group delays. A worry-
free architecture would be an analog FIR filter; however the number of taps required to
accommodate the narrow bandwidth required would be prohibitively large for our purpose.
Instead, we approximate a Gaussian filter by cascading several first-order lowpass filters.
From probabilistic arguments, the obtained lowpass filter approximates a Gaussian filter
increasingly well as the number of stages increases [Edwa93].

3 Implementation

Two sections of a wavelet processor, each containing 8 parallel channels, were integrated
onto a single 4 mm x 6 mm die in 2 pm CMOS technology. Both sections can be configured
to perform wavelet decomposition as well as reconstruction. The block diagram for one
of the channels is shown in Figure 2. In addition, a separate test chip was designed which
performs one channel of the wavelet function. Test points were made available at various
points for either input or output, as indicated in boldface capitals, A through E, in Figure 2.

Each channel performs complex harmonic modulation and Gaussian lowpass filtering, as
defined above. At the front end of the chip is a sample-and-hold section to sample time-
multiplexed wavelet signals for reconstruction. In cases of both signal decomposition
and reconstruction, each channel removes the input DC component removed, filters the
result through the premultiplication lowpass (PML) filter, inverts the result, and passes
both non-inverted and inverted signals onto the multiplexer. The multiplexer output is
passed through a postmultiplication lowpass filter (PML, same architecture) to remove high
frequency components of the oversampled sequence, and then passed through the Gaussian-
shaped lowpass filter. The cutoff frequencies of all filters are controlled by the clock rates















