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Abstract | We entertain various schemes for the pro-

cessing of continuous-time audio signals. Because of the

wide frequency tuning range required, from 20 Hz to

20 kHz, the transconductance-C integrator is the best

choice for VLSI implementations. The dynamic range

of the self-biased transconductance-C integrator is de-

rived for MOS transistors operating in the subthreshold

region. We consider the e�ects of capacitance scaling on

the achievable dynamic range, as well as changes in the

gate e�ciency �.

I. Introduction

Continuous-time neuromorphic processing in ana-
log VLSI systems was arguably introduced by Lyon
and Mead in the 1980's [1] with a CMOS implemen-
tation of a silicon cochlea. Their model consisted
of a cascade of 480 second-order sections, i.e., almost
1000 poles. Since that time, other VLSI implementa-
tions of cochlear models have been fabricated, includ-
ing those in [2, 3, 4]. While these authors have made
bold attempts at improving various characteristics
of the original design, such as improved linear range,
low bit-rate communication protocols, and more re-
alistic phase characteristics, they have not given the
topics of noise, distortion, and dynamic range a thor-
ough treatment. Our hope is that by examining all
of the variables that are used to derive the dynamic
range of continuous-time �lters in analog VLSI we
will be able to predict and construct those which have
the highest.
Dynamic range is the ratio of the maximal and

minimal signal levels the circuit can reliably main-
tain. For the minimal signal level we use the voltage
noise level, V 2

n . For applications in which linearity in
the signal is of utmost importance, the maximal sig-
nal level is the level at which distortion products are
just equal to the noise level. We refer to this type of
dynamic range as the distortion-free dynamic range
(DFDR). For applications in which a certain level

of distortion is tolerable, the maximal signal level is
the level at which distortion products are just equal
to the maximal allowable distortion level. We call
this type of dynamic range the distortion-limited dy-
namic range (DLDR). In this paper, we deal with
both types of dynamic range.

In its simplest form, the subthreshold current in
an NMOS device is given by [5, 6, 7].

IDS = I0Se
� ~VGS (1)

where I0 is the zero-bias current, S is the width-to-
length ratio, � is the gate e�ciency, typically 0.7,
and ~VGS is the gate-to-source voltage in units of the
thermal voltage, Ut � kT=q, typically 26 mV at room
temperature. We assume that the process constants
I0 and � are the same for both NMOS and PMOS
devices. Equation (1) is valid whenever the drain-to-
source voltage is much larger than Ut and the source
is tied to the local substrate.

II. Integrators in Subthreshold CMOS

Groenewold [8] describes four possible integrator
structures. The passive conductance/passive admit-
tance integrator, consisting of a linear resistor and
a linear capacitor, is dismissed because its pole lo-
cation is not at the origin of the s-plane. As for
the active conductance/active admittance structure,
consisting of a transconductor and an active capaci-
tance, its noise factor is increased, whereas its signal
handling capacity is reduced, compared to either of
the two remaining circuit structures. Thus, it cannot
be used to achieve the highest dynamic range.

The two types of integrators Groenewold [8]
analyzes in depth are the MOSFET-C and
transconductance-C integrators. The main advan-
tage of the the MOSFET-C implementation is that
this type of integrator can approach a dynamic-range
maximum, as de�ned by Groenewold. Its chief dis-
advantage is the relatively narrow frequency tuning
range of approximately half an octave. Such a tuning



range is generally adequate to compensate for para-
metric variations in the fabrication process; however,
�lters for processing audio signals, and in particular
speech, require a frequency tuning range of 2 decades
or more, encompassing much of the normal hearing
range of 20Hz to 20kHz. Thus, one possible road
toward the development of high dynamic-range inte-
grators for speech processing is a MOSFET-C imple-
mentation with a much broader tuning range.
On the other hand, by exploiting the expo-

nential current-to-voltage relationship in subthresh-
old MOS transistors, transconductance-C integra-
tors that span several decades in frequency can be
easily made [6]. We have the added bonus of ex-
tremely low power consumption, so that hundreds of
these integrators can be placed on a single die. The
main disadvantage of subthreshold transconductors
is the relatively poor linear range. However, for low
voltage, low power systems these types of transcon-
ductors appear to be the best, if not the only, op-
tion [9]. In addition, there exist several techniques
to linearize these inherently nonlinear transconduc-
tors [2, 9, 7, 10].
In this research we study the dynamic range of

sub-threshold transconductance-C ampli�ers by con-
sidering the simple two-transistor circuit of Fig. 1.
This transconductor is tunable over a wide frequency
range via the supply voltages. It has no bias element,
and therefore has the most favorable noise proper-
ties [8, 7] among all CMOS transconductor con�gu-
rations at a given bias current.
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Figure 1: Self-biased transconductance-C integrator
and symbol.

An expression for the output current Iout in Fig. 1
is

Iout = Ip � In = �2Ib sinh(�~Vin) (2)

The sum of the two transistor currents, Isum, has the
form

Isum = Ip + In = 2Ib cosh(�~Vin) (3)

III. Audio Signals

In this paper, we consider three di�erent types
of audio input signals: uniformly distributed, sinu-
soidal, and normally distributed signals. The uni-
form distribution is attractive because it is mathe-
matically tractable. The second type of input sig-
nal is classical in �lter theory and analysis, pure
tones and sums of pure tones. Sinusoidal signals
can be used to study harmonic and intermodulation
frequency distortions. The normally distributed in-
put signal is the most similar of the three to natural
sounds, such as speech and music. By constructing
histograms of speech signal values Paez and Glisson
show that the best approximation is obtained us-
ing the two-sided Gamma distribution [11]. In this
paper, we assume naturally occurring audio signals
follow a normal distribution. Probability densities
are written as functions of �, the root-mean-square
value, in Table I.

Table I: Probability density functions of three sym-
metric variance-normalized input signal distributions
as a function of �, the root-mean-square value.
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IV. Noise

The noise level in a perfect integrator is theoreti-
cally in�nite. Therefore, we apply negative feedback
between the input and output nodes of the self-biased
transconductor, as in Fig. 2(a) in order to investigate
the noise level in a single integrator.
The noise in the MOS transistor is modeled as

a bias-dependent shot noise [12] with (one-sided)
power spectrum

Si;n(!) = 2qIDS (4)

This equation has been experimentally con�rmed for
subthreshold currents up to 100pA [12] in square de-
vices. For sub-threshold currents between 100pA and
10nA, this equation has not been veri�ed. We use it
as an approximation in this research.
Fig. 2(b) models the noise properties of the in-

tegrator with negative feedback. Assuming the
noise produced by each of the two transistors is
independent, the output current noise power spec-
trum SIout;n is equal to 2qIsum. Also, the e�ective
transconductance seen at the output node Gout is
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Figure 2: Noise measurement (a) circuit and (b)
model for the self-biased transconductor with neg-
ative feedback.

equal to �Ut=Isum. We relate the output current
noise power spectrum to the output voltage noise
power spectrum by

SV out;n(!) =
SIout;n(!)=G2

out

1 + (!C=Gout)2
(5)

The mean-square output noise voltage is found by
integrating the power spectrum over all frequencies,
as in

V 2
out;n =

kT

2�C
(6)

Equation (6) is both familiar and striking. The
equipartition theorem tells us that, for a network of
resistors with a single node capacitance, the noise
level is equal to kT=C [12]. In a network of diode-
connected MOS transistors, however, the noise level
appears to be inversely proportional to 2�. Thus, for
� > 0:5 the noise level will be reduced compared to
that of linear resistive networks.

V. Distortion

Although subjectively meaningful distortion mea-
sures are desirable when evaluating the performance
of audio processing systems, we do not have the
mathematical tools needed to evaluate and design
continuous-time �lters based on subjectively mean-
ingful distortion measures, such as the di�erence of
log spectra [13]. Thus, in this research, the mean-
square error measure is applied to integrator circuits.
Let the input Vin follow a known distribution

with probability density function f(Vin) and Vin;o
be the bias point. It passes through a non-linear
transconductance function, g(Vin), resulting in an
output current, Iout. One can view the nonlinear
transconductance g(Vin) as resulting from a nonlin-
ear voltage transformation h(Vin) multiplied by a lin-
ear transconductance g0o as in

g(Vin) = g0oh(Vin) (7)

where g0o = g0(Vin;o) is the slope of g(Vin) at the
bias point.
Referred to the input, the distortion is the mean-

square value of the actual input voltage minus the
transformed input voltage. It can be written in the
form

V 2

in;d �
Z 1

�1
f(Vin)

�
Vin � g(Vin)

g0o

�2

dVin (8)

For complex sinusoidal input signals, this distortion
measure can be viewed as a combination of gain, har-
monic, and intermodulation distortions.
Let the bias point Vin;o be 0 and the nonlinear

function g(Vin) be the output current of the self-
biased transconductor. From (8), the distortion mea-
sure can be written as

V 2

in;d =

Z 1

�1
f(Vin)

U2

t

�2

�
�~Vin � sinh(�~Vin)

�2
dVin

(9)

VI. Dynamic Range and Performance

Ratios

Various performance ratios exist for quantifying a
circuit's behavior, most notably the signal-to-noise
ratio (SNR). In order to compute the distortion-free
and distortion-limited dynamic range, we need to in-
troduce the distortion-to-noise ratio (DNR) and the
signal-to-distortion ratio (SDR). They are de�ned as
follows:

SNR � V 2

in=V
2

in;n (10)

DNR � V 2

in;d=V
2
in;n (11)

SDR � V 2

in=V
2

in;d (12)

We could have expressed the performance ra-
tios DNR, SDR, and SNR as functions of �. If
the distortion-to-noise ratio has an inverse function
(which it typically has), the distortion-free dynamic
range can be written in the form

DFDR = SNR
�
� = DNR

�1(1)
�
) (13)

From �rst-order approximations one can show that
the distortion-free dynamic range has a 6:67 dB/dec
slope as a function of the integrating capacitance C
and a�6:67 dB/dec slope as a function of the param-
eter �. For nominal parameter values of C = 1 pF
and � = 0:7, DFDR is in the range 39.0-41.6 dB. In
Fig. 3(a) we plot the distortion-free dynamic range
as a function of capacitance for three input distri-
butions. Fig. 3(b) shows the distortion-free dynamic
range as a function of �.
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Figure 3: The distortion-free dynamic range (a) as
a function of C, where � = 0:7, and (b) as a function
of �, where C = 1:0 pF. Ut = 25:7 mV. Curves are
drawn for each of three input distributions: uniform
(middle), cosine value (highest), and normal (low-
est).

In general, the distortion-limited dynamic range
can be written as

DLDR = SNR
�
� = SDR�1(SDRmin)

�
(14)

From �rst-order approximations one can show that
the distortion-limited dynamic range is a stronger
function of C and � than the distortion-free dynamic
range. Speci�cally, we anticipate a 10 dB/dec slope
as a function of C and a �10 dB/dec slope as a func-
tion of �. The distortion-limited dynamic range is
in the range of 41.5{45.5 dB for the nominal param-
eter values of C = 1 pF and � = 0:7 and a max-
imum of 2% amplitude distortion. In Fig. 4(a) we
plot the distortion-limited dynamic range as a func-
tion of capacitance for three input distributions using
series approximations derived in previous sections.
Fig. 4(b) shows the distortion-limited dynamic range
as a function of �.
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