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Abstract—A compact integrated subsystem for accurate real- implementation by using a fast clock and trmsersampledn
time measurement of level-crossing time-intervals, suitable for time. By using event based computation, unnecessary power
multiresolution feature extraction from an analog cochlear filter dissipation can be eliminated by avoiding high-speed global

bank is presented. The subsystem is inspired by the function of lock d iated itchi t
the inner hair cells in the mammalian cochlea and is based on C¢'0CKS @nd associated unnecessary switching events.

continuous-time discrete-signal processing circuits. Experimental ~ The signal representation, and the system organization that
results from a fabricated array of nine elements demonstrate follows from it, is similar to self-timed asynchronous digital
instantaneous frequency-to-voltage conversion over a range cov-design methodologies [7] and also with the address event
ering the audio band. The power consumption is less than 20W o hasentation (AER) [8] for interchip communication [9],
per cell from a 5-V supply, when the system is biased to operate . . .
over the speech frequency range. [19]. A small CTDS system fo.r centroid computation of visual
stimuli was also presented in [11]. An analog VLSI event
based system for speech processing and feature extraction has
also been reported in [12]. However, in the latter system,
a digital clock is used to provide time-stamp to each zero
|. INTRODUCTION crossing and the spectral shape is extracted by relying on

ERY LARGE SCALE INTEGRATION Signal prOCESSing tuning Ch.a.rac.teristics of the CO.Chlear filters.
V systems are often classified into analog, digital or mixed- 1here is evidence that biological systems employ an analo-

mode. With an emphasis on low power real-time VLSI, thei@Us representation [13] that is natural when computation must

has been an intense discussion as to how much procesdfly On individual components (neurons) that have limited
should be done in analog and how much in digital to achie\'/ét”ns'c bandwidth, have a I|m|t_ed dynamic range and operate
optimum performance [1]. Missing in most of these discu&¥ithout global clocks. In particular, the location of zero-

sions is the fact that it is the design of the algorithm th&©Ssings of a signal in the time domain reveals much of its
gives an advantage to either analog or digital implementatidfjlaracteristics in the spectral domain [14]. An appropriately
Certain algorithms map well to analog, while others map weifmoothed version of the time interval betwgen consecutive
to digital hardware. zero crossings yields the inverse of a dominant frequency

There is another class of signal processing algorithrR€esent in the signal [2]. Inner-hair cells attached to the
[2]-[6] that requires an entirely new hardware desighas'lar membrane [15], [16] are believed to encode the formant

paradigm. These algorithms necessitate ewent based and tone information from audio signals through such zero-

asynchronous signal processing approach where the sigH8Sing intervals. Neural models of auditory processing in
can take only discrete values, but is continuous in time. F§I€ inner-hair cells using level-crossing signal representations
example, signal could be quantized to two discrete levels, aA@Ve been presented in the literature [5], [6]. In Ghitza's model
change value at the event of a zero crossing. This paradigph OUtPUt from time interval measurements between level

is called continuous-time discrete-signa[CTDS) signal Crossings are gggregate_\d across cochlear channels to produce
processing. It is a mixed-mode approach whereby algorith/d@ €nsemble interval histogram (EIH) spectral measure that
exploit the robustness of discrete signal representations H@8 robust properties in the presence of noise.

preserve the continuity of events in the time domain. CTDS ThiS paper presents a compact subsystem for accurate and

signal processing can only be approximated in a digité‘Fal time m_easur_ement of Ieve_l-crossi_ng time-intervals. The
subsystem is suitable for multiresolution feature extraction
from an analog cochlear filter bank. The CTDS approach
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Fig. 1. Neuromorphic architecture for sensory preprocessing. Unlike the Time Interval —TL =

more traditional approach, the quantization of signal occurs at a much higher  computation Block
level and thus a single chip preprocessor replaces functions traditionally per-

formed by the A/D converters and specialized digital signal microprocessors Thresh
(DSP chips). Signal < J

ANl a e oM /
feature aggregation and dimensionality reduction functional Vre\f / U \j \/\j U U
blocks [20] followed by a vector quantizer. \ «— T.._)

An array of nine basic cells, each of which can be tuned for T T T o ™. -

a given range of frequencies corresponding to one cochlear S T S -
output channel, has been fabricated and tested. The area VC1__—> Rva

for the basic cell is (12Q:m x 227 pm) and thus, allows
for ultimately dense integration of a complete auditory-based
signal processing subsystem. The output of the subsystEin2. Block diagram for a single cell: time intervals are computed by
produces a voltage proportional to the time interval betwe&lf9rating a constant current on a capacitor.
consecutive upward crossings of the input signal with respect
to a reference level, sampled at the end of every interval. signal analysis reveals a strong asymmetry in the transient
behavior. A much larger output current results fré#g (which

Il. CIRCUIT DESCRIPTION is driven above threshold when the signal is high) compared to
the fixed subthreshold current supplied k. Therefore, the
ise time of the comparator is several orders of magnitude

time ————»

The basic functional elements of the circuit cell are sho
in Fig. 2. Essentially, the cell integrates a constant suppli

. . . ‘§ aller than its fall time, which is slew-rate limited. This
current; onto capacitorC; over the time interval between

. ; . asymmetry is used to create a refractory period in the response
consecutive upward level crossings. The capacitor voltage 8f1¥he comparator, during which no second positive transition
C; is sampled and held ont6; at the end of the interval, '

hile al ¢ simult | ting th i it can be registered. It plays an equivalent role to refractory
while aimost simuftaneously Tesetiing the capacitor Voltage j,q jn g neuron, avoiding spurious transitions due to noise.
on C; for integration in the next cycle. Thus, at any tim

. he duration of the refractory period can approximately be
the output voltage W) is a measure of the most recen yp PP y

L L ritten as
level crossing interval. The comparator serves to indicate the

location in time and the polarity of the level crossings. The Thotenct = Cioaa(Vp = Vss) (1)
most complicated part of the circuitry is the self-timed control 21,

logic which ensures that the capacitor voltage is redtar where Cj,,q is the load capacitance (mostly parasitics) at
the output is sampled and held. The sampling and resettithg output of the comparatok/rp and Vss are the supply
should occur in a very short time interval at every upwardoltages, andly;, is the drain current in the transistdd-.
level crossing. The time needed to sample and reset thiee value for the refractory period cannot exceed the least
capacitor voltage will ultimately limit the maximum frequencytime separation between consecutive positive transitions. For
of time-to-voltage conversion. The different components aggidio applications, the least time interval of interest is of the

now described below. order of 25us. With an estimated parasitic load capacitance
of 40 fF on the Cmp output node, it would require the drain
A. The Comparator Circuit current of M7 to be 8 nA, which necessitates subthreshold

The comparator circuit is shown in Fig. 3. It consists of gP€ration for a square MOS device iy technology.

standard two-stage differential input CMOS amplifier, without )

frequency compensation. Although this circuit topology 8- Self-Timed Control Pulse Generator

typically used in above threshold MOS designs, transistorsThe circuit for generating the sample-and-hold (S/H) and
My and M are biased in the subthreshold region. Small-signedset pulses is shown in Fig. 4. A time delay element is
analysis of the comparator, using device sizing of Fig. 2 amdalized using the transistofdg to M. TransistorsMg and
typical values for the early voltage in a;dn process, yields M;; are biased in subthreshold, and can set the rise and fall
a dc voltage gain of the order of 8 10°. However, a large times of the output from a fraction of a microsecond to several
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- - fall time, which is controlled by Bias at the gate of\/g sets

the width of the S/H pulse.
7 | — |97 67 The circuit for generating the reset pulse is essentially
M5l _{malme id_entical to thaf[ just described for generating thg S/H pulse,
with the exception that the second delay element is configured
for no delay in the upward transition of the input. The
- L 1o L ocmp configuration ensures that a reset pulse is generatgd even for
Thresh o6 o6 very short duration sample-and-hold pulses. The bias voltage
1 Biasy, at the gate of the transistdt;» controls the width of
Signal o the reset pulse.
Biac 1o 18/6] |— /6|
1as
M| ':L M7 | C. Sample-and-Hold
— — The sample-and-hold (S/H) circuit in Fig. 2 is implemented

in standard form, using an input voltage buffer, a switch, a

Fig. 3. Comparator circuit: A two-stage amplifier operated in an open Ioc}[i)old capacitorC and an output voltage buffer. The dummy
2 . -

configuration.
compensated complementary switch is driven by the S/H and
S/H control signals. Presently, the buffers are implemented
—T as differential transconductance amplifiers with unity-gain
BiasH O M11| Inv S/H S feedback, and are hence slew-rate limited. For a nonstationary
:I input the output voltage not only depends on the voltage on
M10 C; when the S/H pulse arrives, but also on the slew rate of the
C”‘po__“i . first buffer in the presence of the lodd. In case the interval
l}— Nand between level-crossings changes significantly from period to
ol period, slew rate may be a limiting factor in the performance
:| of the circuit. In particular, the maximum change in output
BiasL1oTB| H M14 voltage between consecutive periods is given by
— Vb F— max IBias
Reset Nand | Aout” = Ts/m Co @
IM13 . .
whereTg,y is the duration of the sample-and-hold pulse, and
BiasL2 O ‘ Ipias IS the bias current in the S/H transconductance buffer.
M12 For a quasi-periodic input, the steady state output voltage

Vout, relative to the reset voltagé., is given by the discharge

| \ | current/, integrated on capacitaf’; over the level crossing
Cmp

time interval AT. Ignoring the output conductance of the

Va —\_/_—\___ current sourcd, and the finite width of the reset pulsg,

=5 is approximately given by

| I L
‘/out = ‘/ref — AT — + ‘/off (3)
Vb |-\ [\ “
Reset whereV,y is the offset voltage of the sample-and-hold output

i circuit. In the current design],; is the drain current of a
fime > MOS transistor in subthreshold. The value of the current

Fig. 4. Control pulse generator: The bias voltage Biamontrols the rising {g IS controlled by the gate voltagEg;,s of that transistor.

slope and Biag, , Bias,, control the falling slope, thus, creating a timeTherefore,l; is an exponential function o¥g;,;.
delay element.

I~ Toer(Veias/VT) (4)
milliseconds as controlled by the bias voltages Biaand
Biasg,,. Because of this delay, theanD gate is active low Thus, for an array of level crossing circuits}ig;,s are linearly
during the upward transition of the input Cmp. At that instangpaced from channel to channel (e.g., through a resistive
a pulse is generated with a width approximately equal to tipelysilicon wire), then the operating center frequencies of such
fall-time delay in the delay element. an array will be linearly spaced on a log-scale. This is desirable

As noted above, the comparator implementation shown fior multiresolution signal analysis [3].

Fig. 3 has a very short rise-time but a fairly long fall time. The Another useful characterization of the circuit is the maxi-
rise time of the delay element is chosen to be longer than tmeim bandwidthF5 (in decades) for which the cell produces
comparator fall time, to avoid a spurious pulse at the outpat useful output. The constraints result from power supply
of the NAND at the falling edge of the comparator output. Thémitations and the resolution of the measurement equipment.
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Fig. 5. Photomicrograph of three zero crossing cells on the chip. The cElf. 6. Output waveform for a frequency modulated input—The lower

dimension is 12Qum x 227 um each, fabricated in N-well 2m CMOS waveform is the frequency modulated input, upper waveform (the straight line

technology. and thin vertical lines) show the resetting and discharging of the capacitor,
and the triangular wave is the final output.

Ignoring Vo in (3), one can write 14. Plots of the output voltagd’,,; versus the period\T
AT — (Viey — Vour)C1 (5) of a periodic input signal are shown in Fig. 7(a), for three
o I, ) different values ofVg;, (see Fig. 2). As shown, the bias

oltage setting allows to scale the linear frequency versus
utput voltage response over a wide range of frequencies. The
output sensitivityS is defined as the change in output voltage

Taking frequency as reciprocal of the period, and dividing (
for the maximum and minimum values &f,; gives

Fp = log fmax Vout In response to a unit change in periad”. From (3), the
min . quantity S is equal tol;/C;. The recorded output sensitivity
~ log Viep — Vioun ©) as a function of bias voltaggg;.s is shown in Fig. 7(a). The

max|(Vier — V22%) | Va] exponential relationship between theand V;,, derives from
here the mini . | . the fact that in subthreshold region of operation, the saturation
where the minimum and maximum output voltage:" and  yain currentr, of a MOS transistor is exponential in the gate
Vanex are determined by the power supply and the range \95Itage Vis
a8

operation for the S/H, and is the resolution limit due to

the noise in the circuit and the measurement equipment. C. An Array of Zero Crossing Cells

By applying a uniform linear voltage gradient across the
) o ) polysilicon wire that provided/;,,, an exponential distribu-

An array of nine circuit cells has been fabricated througfy,, i pias currentip;.. of the cells is obtained. Using this
MOSIS. A micrograph of the chip, is shown in Fig. 5. Comyangement, each cell can be tuned to a particular range of
mon control S|gr_1als are provided to all cells, except for the b"'ﬁ%quencies in the corresponding input signal, whereby the
voltage V;as. Bias voltages are tapped from equally spacedyier frequencies of the cells are spaced uniformly in the
points on a polysilicon wire that is used as a resistive voltagg, frequency domain. The motivation is to interface the array
divider. Voltages at the two ends of the polysilicon wire mays'je\e| crossing cells directly with outputs from a cochlear
be controlled externally, thus locally controlling the discharggar pank with matched center frequencies. As a proof of

currently in the individual cells. concept, a linear gradient ifig;,s is constructed by tapping
the bias voltages on equally spaced points along a resistive
A. Temporal Response polysilicon line. The maximum and the minimum values of
Fig. 6 illustrates the response of a single cell when Wgi.s, defining the corner frequencies, are applied at the ends
frequency modulated signal is applied to the input. An inpwf the resistive line. A frequency sweep in the audio range
with minimum frequency of 1 kHz and a maximum frequencis input to the whole array. The resulting outputs are shown
of about 4 kHz is used, with a triangular modulation at 50 Hin Fig. 8. The useful frequency range of each cell is about
It can be seen that the output voltage is nearly triangular, wighdecade, suitable for use with cochlear filter banks which
a value proportional to the input frequency. typically have bandwidths less than an octave per channel.

Ill. EXPERIMENTAL RESULTS

B. Tuning Characteristics D. Power Consumption

From (3), the relationship betweexil” andV,; is expected  The total power consumption can be broadly divided into
to be linear, and slope proportional to the discharge curreémto separate components. The first component is fixed. It
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Fig. 7. (a) Output voltage versus input signal period, at three different
discharge current bias settings and (b) output sensitivity versus bias voltage

IV. CONCLUSION

‘An integrated circuit, small system design for an event
driven paradigm in signal processing has been proposed and
demonstrated experimentally. This is a compact and low-
power quasi-analog VLSI system for real time level-crossing
time interval measurement. Subthreshold exponential char-
acteristics of the MOS transistor that controls tuning and
real-time operation make arrays of these cells particularly
suitable to multiresolution signal processing based on models
of the mammalian cochlea. The time interval computation
block of Fig. 1 could be replaced by an “average computation”
to get the stabilized zero-crossing representation [3] or by the
1000 104 “spatial derivatives” [21] to model the lateral inhibition in
Frequency (HZ)
neural networks.

Fig. 8. Frequency-to-voltage characteristics of the transducer array over thePower consumption and robustness are key issues in the
audio frequency range. development of speech-processing devices for portable ap-

plications. A compact VLSI circuit has been presented that
is due to the constant bias currents in the comparator, txploits the robustness [2] of zero-crossing-based signal pro-
time-interval computation block, and the sample-and-hold. Tleessing at a very low power cost. The power consumption of
value for these bias currents is determined by applying thee circuit is small because of two reasons. First, since the
criterion that the circuit should function in the worst casapplication involves audio-frequencies, is has been possible to
scenario. The second component of power consumptionuise inherently low power subthreshold CMOS circuits. Sec-
due to the switching in the control-pulse generator. The maimd, due to the asynchronous self-timed design, unnecessary
component of this dynamic part is the power consumptigwitching has been eliminated.
due to short circuit current generated from the slow transition
of the time delay element. Since the amount of switching is
proportional to the input frequency, this component is directly
proportional to the average input frequency. Thus the total

power consumption can be written as
[1] E. Vittoz, “Analog VLSI signal processing: Why, where and how}?”

P=oa+jf. (7)
. . Analog Integrated Circuits and Signal Processipg, 27—44, June 1994.
For power measurement, the comparator Is biased such tr[@]t B. Kedem, “Spectral analysis and discrimination by zero-crossings,”

it continues to function properly for input frequencies up to  Proc. IEEE,vol. 74, pp. 1477-1493, Nov. 1986.
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