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ABSTRACT

Integrated circuit Switched-Capacitor (SC) filters,
and, in particular, SC bandpass filters, are important in
modern analogue signal processing systems, especially for

telecommunication applications.

Conventional design techniques for SC bandpass filters
lead to vunacceptably large capacitance ratios when the
relative bandwidth, B, is less than 10%. For B<1%, they
have an additional problem of very high sensitivity of the
response to capacitance ratio errors. Thig' has been
overcome by using SC N-path filters, but N-path filters

suffer from poor dynamic range.

This thesis presents alternative SC design techniques
for B<10% and B<1% bandpass filters which overcome the
problems of large capacitance ratios and high sensitivity
of the response +to capacitance ratio errors, thus making
the circuits attractive for integrated circuit fabrication,
yet providing good dynamic range. Key elements of the
approaches are (i) an analysis of capacitance ratios in SC
biquads 1leading to the concept of an optimum low value of
switching frequency which minimises such ratios, (ii) the
development of novel attractive decimator and interpolator
circuits, based on polyphase networks and specifically
designed to reject the resulting unwanted alias and image
signals in the bandpass filter systems, (iii) the proposal
of Single-Path Frequency-Translated (SPFT) systems which

allow a B>»1% SC filter to realise an effective B<1%



response, thus obtaining acceptable capacitance ratios and
sensitivity without sacrificing dynamic range.
Demonstration systems with relative bandwidths of 2.4% andg
0.48%, and rejection of all alias and image signal
components up to 300KHz and 364KHz, respectively, are used
as examples. Measurements made on discrete component
models confirmed the approaches, integration facilities not

being available.

Finally, this thesis presents some speculative work on
another type of system combining the basic ideas of N-path
and SPFT systems, which 1is aimed, primarily, at the

realisation of ultra narrow bandpass responses (B<0.1%).
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1.1 INTRODUCTION AND GENERAL AIM

Modern signal processing systems for analogue

filtering applications in the audio-frequency range (DC to

20KHz) can be realised using one of the three major

architectures shown in Fig.1.1. A fully analogue filter
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circuit, as shown in Fig.1.1-a [1.1]. This is required due
to poor accuracy of time constants obtained using
integrated MOS capacitors and MOS transistor-simulated
resistors. Fig.1.1-b shows a typical digital filter system
which employs a discrete-amplitude/discrete-time filter,
frequently implemented using a digital signal processor
together with analogue/digital and digital/analogue
converters [1.2], and which also comprises two simpler
continuous-time filters at the input and at the output of
the system. The typical architecture of an analogue
sampled-data filter system, illustrated in Fig.1.1-c,
comprises a continuous-amplitude/discrete-time filter,
implemented using either Charge-Transfer Devices (CTD's)
[1.3] or Switched-Capacitor (SC) circuits [1.4], and also
two additional input and output continuous-time filters.
Whereas CTD transversal structures have the advantage of
much higher operating speed, SC circuits realise recursive
structures more efficiently and with better performance
than CTD's, and are usually preferred for audio-frequency

filtering applications [1.5].

Over the past five vyears, analogue sampled-data SC
filterx systems (or simply, 6C filter systems) have
generally yielded the best solution among such system
architectures for realising high-quality low-cost
Integrated Circuit (IC) audio-frequency filters, for the
following main reasons [1.6]-[1.11],[1.3]: In comparison
with fully analogue filter systems, they have greater

precision of the frequency response, with better linearity
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and also better temperature stability. SC filter systems

also have higher operating speed, lower power consumption,
smaller size, simpler hardware and usually much lower cost
than digital filter systems and, in addition, are free from
amplitude quantisation errors. The fact that SC filter
systems can be implemented in MOS technology, allows full
integration on a single silicon chip in conjunction with
digital circuitry to form complex VLSI systems (Very Large

Scale Integration).

)

Early research on SC filter design techniques has been
primarily concerned with SC lowpass filter systems,
particularly for application in PCM (Pulse Code Modulation)
telephony systems (e.g. [1.12]-[1.18]). Some of the SC PCM
filters which have since then been comercially produced
have excellent performance [1.19], which demonstrates that
the techniques available for the design of audio-freguency
SC 1lowpass filter systems have already achieved a high
degree of maturity. SC bandpass filter systems, on the
other hand, have a potential for applications in many other
Telecommunication systems [1.20]-[1.26] as well as in
Speech Processing systems [1.27],[1.28] but, for reasons we
shall come to in this Chapter, the design technigques
currently available show a varying degree of success
depending on the difficulty of the filter. The aim of this
thesis, which we shall discuss more fully later on, is to
study new design techniques for audio-frequency SC bandpass
filterx systems with narrow and very narrow relative

bandwidths, which are suitable for integrated circuit
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fabrication in view of the state-of-the-art of MOS

technology.

The background material to support the treatment of SC
bandpass filter systems in this thesis will bé given in the
remainder of this Chapter, and in Chapter 2. Here, we shall
introduce the basic circuit aspects and principles of
analysis and design of SC filters whereas in Chapter 2 we
shall be concerned with the principles of operation of SC
filter systems, mainly from the standpoint of the system

design techniques to be proposed in this thesis.

1.2 SWITCHED-CAPACITOR FILTERING

1.2.1 SC resistor

The approach of SC filtering implemented in 0s
technology is attributed to Fried [1.29] who, in 1972,
showed that an analogue sampled-data resistor could be

realised wusing the circuit of Fig.1.2-a. This simple

circuit consists of one capacitor C and two switches S1 and

(a) {b) (c)
a0 S1 S2 Req
to-—= 2 1 ~CV. -C 2 10—AM—o2
I |/ ! o :"‘I 0/CFg)
V11 c 1"2 V\l c c 1"2 V‘l lvz
T , T A0=C(%-Vy) T , ) .
e 22 T 22 2 2t
b— 1/Fg—t
I | I Phase 1 Phase 1 Phase 2
high high

l I | Phase 2

Fig.1.2: (a) Switched-capacitor resistor and (b) operation;
{c) Equivalent analogue resistor
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S2 controlled by two periodic non-overlapping switching
wavefo;ms, respectively with phases 1 and 2. As shown in
Fig.1.2-b, in each period Ts=1/1:'s the capacitor C is
alternately charged to V1, when 1 is high, and to V2' when
2 is high, yielding a packet of charge AQ=C(V1—V2) which
flows with the polarity indicated in Fig.1.2-a. Since this
operation is repeated every 1/Fs seconds, the average

current flowing from terminal 1 to terminal 2 will be

_ c(vy-v,)

(1.1) ... Ly = g

Therefore, under +the assumption that the switching
frequency is much higher than the frequency of the input
and output signals, the above sampled-data circuit
simulates an analogue resistor connected between terminals

1 and 2, Fig.1.2-c, whose equivalent resistance value is
(1.2) [N R = ——

1.2.2 MOS operational amplifiers

SC circuits did not receive much recognition until
late 1976, when the first monolithic MOS Operational
Amplifier (OA) with internal compensation became available.
In this manner, amplifiers could be integrated on the same
silicon chip with the switches and capacitors [1.30]. The
DC gain of such OA, about 50dB, was rather modest in
comparison with traditional bipolar OA's, but the low power

consumption (Z150mW) on the one hand, and the small die
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area (:O.7B7mm2) on the other hand, showed great potential
for integrating on a single silicon chip high order filters
requiring many OA's [1.30]. Thereafter, MOS OA design
techniques using both n-channel-MOS (NMOS) and
complementary-MOS (CMOS) technologies improved very
rapidly, which contributed to a great extent to the success
of SC technology. For example, the first IC SC filters
demonstrated in practice (in the late-1977) employed one
[1.31] or two [1.32] NMOS OA's with 75dB DC gain, power
consumption of the order of 13mW and occupying about
0.398mm2 die area [1.32]. In the late-1979, CMOS OA's for
the first generation of SC lowpass PCM filters achieved
without too much difficulty a DC gain of 85dB, with about

2

5mW power consumption and O.106mm die area (5um line

width) [1.12]. Modern CMOS OA's consume as little as O.5mW

and occupy a meagre O.O47mm2

die area (4pum line width),
which makes it possible to integrate as many as 40-50 OA's
on a single silicon <chip [1.24],[1.25]. The dynamic
performance of such CMOS OA's is typically 70-80dB DC gain,
about 4MHz unity gain bandwidth and 500ns settling time,

which is adequate for most applications of SC filters in

the audio-frequency range [1.33],[1.11].

1.2.3 SC integrator and time constant

The original approaches for the design of SC filters
consisted of replacing the resistors in active-RC filters
by their SC equivalents, while keeping the capacitors and
the OA's of the original circuits [1.31], [1.32]. The basic

building block of the active-RC filters was the Miller
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integrator (e.g. [1.34]) shown in Fig.1.3-a whose time

constant Tpe is defined as
(1.3) ... T_. = RC

This circuit is unsuitable for direct integration in MOS
technology because the accuracy of the time constant is
rather low and, besides, its implementation consumes a
large area of silicon [1.71,[1.11]. 1Instead, an equivalent
SC integrator may be obtained by replacing in Fig.1.3-a
the input resistor by its SC equivalent in Fig.1.2, leading
to the «circuit of Fig.1.3-b. The SC integrator time

constant Tee obtained from (1.2) and (1.3) is

c
= (L) (£
(1.4) ... Tgc © (Fs)'(c )

The accuracy of the SC integrator time constant, +typically
between 0.1% and 1% [1.7], depends on the accuracy of the
capacitance ratio Cf/C which, as we shall discuss in the
next Section, 1is determined essentially by geometric
aspects of the capacitor areas. As a result, the values of

the SC integrator time constants are also very stable with

R Ct

v ivo

b

(a) (b)

Fig.1.3: (a) Active-RC Miller integrator
(b) SC integrator
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respect to temperature variations and ageing [1.7],[1.11].

The switching frequency F_ can be derived from a quartz-
stabilised oscillator, and it has such a high precision

that it is usually considered invariant.

The switching frequency plays an important role in the
operation of SC filters in general, since it provides a
simple means of changing the values of the time constants,
with constant capacitance ratios, thus moving the frequency
response along the frequency axis, i.e. band-edge frequency
programmability. Conversely, the value of switching
frequency is important because it affects the values of
capacitance ratios for given +time constants of the SC
filters. Usually, it is desirable to adopt 1low values of
switching frequency for reducing the values of capacitance
ratios, in order to improve their accuracies and to
minimise the total silicon area required for
implementation. This is particularly relevant in critical
applications of SC filters with high selectivity, such as
those considered in this thesis, where there is an inherent
problem of large capacitance ratios and high sensitivity of
the frequency response to capacitance ratio errors. Other
important implications of the choice of switching frequency
are related to the design of the complete SC filter system,
including the continuous-time filters. These implications

will be discussed in Chapter 2.



1.3 IMPERFECTIONS OF SC CIRCUITS

1.3.1 Grounded parasitic capacitances

The operation of SC circuits is affected to a greater
or to a lesser extent by parasitic capacitances which are
aséociated with +the MOS switches, capacitors and OA's

[1.71,01.9],[1.11], as shown in Fig.1.4. The effect of the

Control
o]

(“’\, Bottom Top
plate plate

BN ? *}
aosc 0.0001C % p
'1' 1‘ a2c 0.02C T
Amp!

Analogue_switch MOS capacitor

Fig.1.4: Parasitic capacitances of SC circuit elements

parasitic capacitances which are connected to ground is, in
general, to modify the capacitance ratios in SC circuits
and thus to affect their accuracy. Some grounded parasitic
capacitances are nonlinear, and therefore may also produce
signal distortion. This is +the case for the parasitic
capacitances of the MOS capacitor, which are particularly
important because their values may be rather high and also
very dependent on the fabrication process. Typically, the
value of the bottom-plate parasitic capacitance is in the
range 5% to 20% of the nominal capacitance value, while the
range for the top-plate parasitic capacitance value is of

the order of 0.1%-2% [1.7],[1.11].
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In order to minimise the effect of +the grounded
parasitic capacitances in SC circuits the top and bottom
plates of the capacitors may be arranged as shown 1in

Fig.1.5, for the case of the SC integrator considered

Cs

. Bottom
P N pecBolon

Fig.1.5: SC integrator with TSC branch

before. In this way, the operation of this SC circuit will

be affected only by the switch parasitic capacitances sz

and Cp3 and by the top-plate parasitic capacitance Cp4

which, essentially, modify the effective capacitance value
C of the SC branch. The effect of the 1large bottom-plate
parasitic capacitances has been eliminated by connecting
these plates to ground (capacitor C) and to the 1low
impedance output terminal of the OA (capacitor Cf). The

parasitic capacitance C is charged permanently by the

p1
input voltage source, and, therefore, it does not affect

the performance of the circuit. The parasitic capacitance

Cps is also harmless because it is connected between ground

and the virtual ground of the OA (infinite gain) and thus
is never charged. 1In order to take into account the effect

of the parasitic capacitances sz, o and Cpq, we can use

p3
a new capacitance value C' of the SC branch such that

Cc =C—Cp2-cp3—cp4. However, since the values of the
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(a) Random

edge variation

AN AN

YLl il e

11——-drawn edge
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I}
?':_;W////////////////////A;z Oxide thickness _variation

Fig.1.9: (a) Edge errors in MOS capacitors
(b) Oxide thickness variation

manufacturing. Hence, the maximum acceptable capacitor
area 1in an IC SC filter is limited typically to about
40000um2 [1.7]. For the range of capacitor areas between

2 and 4OOOOum2, the accuracy of capacitance ratios

400um
varies between 0.5%-1%, for large ratios (e.g. 50<x<100),

and can be as low as 0.1%, for ratios close to unity

[1.411,0[1.7].
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straightforward manner, e.g. simply by inspection of the
feedforward and feedback branches, and of the switching

scheme. This will be illustrated by means of an example.

The SC circuit given in +the example of Fig.1.11-a
contains one unswitched capacitor branch in the feedback
loop of the 0A, and three feedforward SC branches, which we
considered in previous circuits, operating with arbitrary
switching waveforms. It 1is convenient to interpret the
operation of each SC branch in two phases: in the sampling
phase, the switched-capacitor 1is connected to the input

voltage source; in the charge iransfer phase, the

switched-capacitor 1is connected +to the virtual ground of
the OA. Such mechanisms of operation of the SC circuit, as
well as the other mechanisms of charge storage and voltage
holding, are illustrated by means of the waveforms of the
input voltage, the capacitor voltages and the output
voltage shown in Fig.1.11-b. Starting with the TSI branch
with capacitor C1, we have the following sequence of
sampling and charge transfer:

At the beginning of the sampling phase (slot 1),2 i.e.

at t=t:, capacitor C1 charges instantaneously to the input
voltage; during the sampling phase, the voltage across C

1
follows the input voltage; at the end of the sampling

phase, i.e. at t=t), the capacitor samples the value of
the input voltage at that instant, +thus the sampling

instant occurs at the end f the sampling phase. The

Time slots, or simply slots, designate the time in-
tervals when the switching waveforms are high.
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interval of charge storage occurs from t=t§ to t=t3; at
t=t; (slot 2) C1 discharges to zero voltage yielding a

packet of charge AQ1=C1.vi(t5) transferred into the
feedback capacitor Cf with the polarity indicated, thus the
instant of charge transfer occurs at the beginning of the
phase of charge transfer. The incremental voltage produced
at the output of the amplifier by this SC branch is given

by

C1 _
(1.6-a) ... Av1 = (C—).vi(t2 )

H

Similar operations occur for the TSC branch with capacitor
C2 during slots 3 and 4; at t=t;, the incremental output

voltage produced at the output of the amplifier is given by
CZ) -
(1.6-b) ... Av, = -(— 'Vi(te )

With respect to the OFR branch with capacitor C the

3
switching phase 1is such that +the operation of charge
transfer in slot 5 occurs at the same instant t=t; as the
charge of C3, thus yielding an initial increment
Av3=—(C3/Cf).vi(t;) of the amplifier output voltage; the
final increment of the amplifier output voltage is obtained
at the end of slot 5 yielding

€3

(1.6-c) AV3 = -(C—f).vi(tlo )

At the beginning of slot 6 the capacitor C3 discharges to

zero Voltage. In slot 7, the output capacitor stores the
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voltage at the output of the amplifier and holds that value
until a new slot 7 begins. Hence, during two consecutive
instants t=0% ang t=T; the operation of the SC circuit is

described by the input-output equation

Cy Cy ) C3
(1.7) ... vo(Ts)-vo(O) =(E;)’vi(t2) —(E; ‘vi(te) -(E—

}v-(t )
£ 1'710
which can be expressed directly in terms of fractional

powers of the discrete-time complex variable Z as

[1.44],[1.45]

(1.8) ... (z-1)vo(z) = [El-ztz/Ts - gi-ztG/TS - ;%-ztlo/Ts].vi(z)
The term in the 1left-hand side of the above equation
represents the periodic incremental variation of the output
voltage of the SC circuit; the terms in the right-hand side
represent periodic impulse sampled signals corresponding to
the sampling operation of the SC circuit, and which can be
determined simply by inspection of the SC branches and of
the corresponding time slots. Finally, the discrete-time
transfer function H(Z) of the SC circuit in Fig.1.11-a is

expressed as

to/T t /T t10/T
v_(2) C gz 2 8 c 26 7S g 10/%s
(1.9) ... H(Z) = — I 2 3

vi(z) G z-1

It would have been equally correct to express the
equation (1.7) and the subsequent discrete-time equation

(1.8) in terms of sequences of samples at the input and at
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the output of the SC circuit [1.46],[1.47]. This suggests
that we can consider the operation of SC circuits, with the
ideal assumptions considered before, partly as the
operation of an input sample circuit followed by an ideal
discrete-time processor with discrete-time transfer
function H(Z) [1.46],[1.47]. The sample and hold effect of
the output signal which, we should note, does not appear in
(1.7) or in (1.8) and therefore it does not appear in (1.9)
either, corresponds to a continuous-time filtering
operation at the output of the SC circuit. The
interpretation of such an effect, as well as of the
implications for the discrete-time operation of SC circuits
have both to be examined in the frequency-domain, which we

shall do in the next Chapter.

1.5 DESIGN METHODS FOR SC FILTERS

Because of the abundance of design methods for SC
filters that are available in the literature, many of them
having similar features, it is sometimes difficult to
decide which method should be chosen for a particular
application. One possible way of looking at this problem
is to adopt a "top-down" strategy in which we consider
fundamental options with respect to (i) structure of the
filter (ii) derivation of transfer function and (iii) basic

SC building block for implementation.

1.5.1 Filter structures

Starting with the structure of the SC filter, we can

consider three major categories, namely recursive digital
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direct-form, cascade, and ladder structures. Digital
direct-form SC structures comprise SC multiply, delay and
adder circuits which are interconnected in a recursive
structure typical of digital filters [1.48]. Such
structures are very sensitive to capacitance ratio errors
and also to switch +timing errors, both of which affect
mainly the performance of the SC multiply and delay
circuits. Furthermore, recursive digital direct-form SC
structures require a large number of OA's for
implementation, and therefore are not appropriate for
realising high-order SC filters with high-precision

fregquency responses.

Cascade structures using SC bigquadratic sections
(biquads) vyield a simple method of designing SC filters
(e.qg. [1.35],[1.49]1-[1.52]), and are particularly
attractive because of their suitability for custom and
semi-custom SC filter design (e.g. [1.53]). Although the
sensitivity of cascade SC biguad structures is too high for
realising high-quality SC filters [1.35], it is still
acceptable for many practical filtering applications which
do not require high accuracy of the frequency response.
This is the case for some of the SC bandpass filter systems
described in Chapter 5, which employ such non-critical
cascade SC biquad filters in conjunction with high;quality

high-selectivity SC filters.

By adding feedforward and feedback branches to an SC
cascade structure, it is possible to reduce the sensitivity

of the SC filter response [1.35],[1.54] at the expense of
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much more elaborate design techniques. Even so, for
critical filtering applications, +the sensitivity of this
type of SC multifeedback structures is not as low as it is
possible to achieve with the type of structures considered

next.

The most widely used low-sensitivity filter design
techniques are based on Orchard's observation that doubly
terminated LC filters, usually with a ladder structure,
designed to have maximum power transfer at the passband
loss minima frequencies, have very low sensitivity of the
frequency response with respect to variations of their
nominal component values [1.55]. This led Orchard to
suggest that a close simulation of the transfer functions
of such an LCR prototype filter, at that time by means of
active-RC «circuits, would also preserve this desirable
property. The same principle has been generally applied to
the design of 1low-sensitivity SC filters which, from a
conceptual point of view, have largely benefited from the
vast amount of knowledge available in +the context of
active-RC filters (e.g. [1.34],[1.56],[1.57]). sCc filter
structures based on the simulation of LCR ladder prototype
filters, which became kxnown as SC ladder filters, are
indispensable for +the realisation of high-quality SC
filters (e.g. [1.4]1,[1.7]-[1.10],[1.58]). There are also
some types of SC ladder filters which are derived by means

of direct synthesis techniques [1.59]-[1.61].
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1.5.2 Discrete-time transfer functions

For a given SC filter structure, it 1is required to
obtain the discrete-time transfer function H(Z) in order to
represent as closely as possible a desired continuous-time
transfer function H_(8). Such a process involves a
transformation &=F(Z) between the continuous-time complex

variable §=j® and the discrete-time complex variable

Z=e s' such that

(1.10) ... H(Z) = H_(5)
s = F(2)

F(Z) must be rational in Z in order to ensure realisability
of H(Z) (assuming Ha(§) is realisable) and, ideally, it
should possess the following two additional properties
[1.35],[1.46]:
1. Mapping of the continuous-time Jj® axis onto the

: . . . JuTg
discrete-time unit circle e , 1n order to preserve the
continuous-time amplitude/frequency response.

2. Mapping of the continuous-time 1left-half plane inside

the unit circle, in order to preserve stability.

The best known §-to-Z transformations are Backward
Difference (BD) (or Dbackward Euler), Forward Difference
(FD) (or forward Euler), Lossless Discrete Integrator (LDI)
and Bilinear (BL) whose definitions, and mapping
characteristics, are summarised in Table?.1. The BD and
the FD require that wTs<<1, because they do not map the jo
axis onto the unit circle. Additionally, the FD

transformation may not even preserve stability since part
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flowing during one switching period, i.e. AQ(Z)=Q(Z).(1-
Z_1). Such equations can be implemented using the building
blocks shown in Fig.1.12-b, where the SC voltage-to-dynamic
charge converter building block constitutes a
generalisation of the SC building blocks given in [1.65]-
[1.68]. By considering this general SC voltage-to-dynamic
charge converter building block, it is possible to derive
bilinear SC ladder filters based on the LTCG method using a
more systematic procedure than that described in [1.65]-
[1.68]. This, however, will not be explored in this thesis,
since we have come to adopt an alternative design method
for the design of SC filters, as we shall explain later on.
(b) Bilinear-Transformed Admittance-Scaled (BITAS) method
[1.69]: The bilinear discrete-time equations are obtained
as illustrated in Fig.1.13-a: (i) the bilinear 8&-to-2Z
transformation is first applied to the immittances of the
LCR prototype filter and (ii) the resulting discrete-time
admittances are then scaled using a discrete-time scaling
factor [1.70]. The general SC building block for
implementation of +the «resulting bilinear discrete-time
ladder is shown in Fig.1.13-b.

(c) Martin/Sedra (MS) method [1.63]: One form of <the MS

method 1is based on the simulation of bilinear-transformed
discrete-time biquadratic equations relating the voltage
and the current of generalised impedances in an LCR
prototype filter [1.71]1,0[1.72], as illustrated in
Fig.1.14-a. An alternative form of the MS method consists
of simulating the bilinear discrete-time biquadratic

equations representing the interaction of the nodal
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operational simulation method; (b) General
SC building block for implementation
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biguad building block for implementation
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voltages of an LCR prototype filter [1.73], as shown in
Fig.1.14-b. In either form, +the bilinear discrete-time
biquadratic equations are simulated using SC biquads which
can be obtained, for example, from the general SC biquad
building block shown in Fig.1.14-c, which will be derived
in Chapter 3. The resulting SC filter structures are

usually known as coupled-biquad structures.

Despite their conceptual differences, the various
operational simulation methods 1lead to SC circuits with
similar sensitivity of the frequency response to
capacitance ratio errors [1.74]. There are even situations
where different operational simulation methods may lead to
equivalent SC filter structures, as it has been shown for
the case o0of the LTCG and MS methods [1.75]. It is
therefore 3Jjustified to employ one specific operational
simulation method for realising high-quality SC filters as
part of a general strategy for SC filter design, which we
adopted in our research work. Such strategy is based on the
use of SC biquadratic sections, not only for high-quality
SC filters -employing coupled-biquad structures -the MS
method- but also for less critical SC filters using cascade
structures. The MS method adopted in this thesis will

described in detail in Chapter 5.

1.6 STATE-OF-THE-ART SC NARROW BANDPASS FILTERING

The degree of difficulty of realising an SC bandpass
filter, as any bandpass filter, is usually measured in

terms of its relative bandwidth
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(1.10) ... B(V) = 1oo.(3")

£

where BW and f0 are the -3dB passband bandwidth and the
midband frequency of the filter, respectively. Often, the
equivalent Q-factor of the bandpass filter, i.e. Q=100/B,
is also used to indicate the difficulty of the filter.
According to the value of the relative bandwidth, we can
consider +the following three levels of difficulty of SC
bandpass filters:

Wide-Band (WB) bandpass filters, when B»10%

Narrow-Band (NB) bandpass filters, when 1%<¢B<10%

Very Narrow-Band (VNB) bandpass filters, when B<1%

1.6.1 Conventional SC bandpass filters

The design of WB SC bandpass filters is well
established in the literature. Such filters are obtained,
for example, utilising any one of the operational
simulation methods described above yielding SC circuits
with acceptably low capacitance ratios, with low
sensitivity of the frequency response to capacitance ratio

errors, and with good dynamic range [1.63]1,[1.67]-[1.69].

The design of NB SC bandpass filters based on
equivalent LCR ladder prototype filters becomes
substantially more complicated because of the problem of
large capacitance ratios which arise in the circuit.
Capacitance ratio requirements greater than 100 are
typical, which renders the frequency response rather
affected by capacitance ratio errors. Besides, such large

capacitance ratios are not practical for integrated circuit
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fabrication on account of increased area, reduced yield,
and thus increased cost of manufacturing. One possible
solution to this problem consists of employing SC
transformations, an example of which is shown in Fig.1.15
[1.35]), in order to obtain an effective 1low capacitance

value by subtraction of two higher capacitance values. For

Ci-C2

virtual
ground

Fig.1.15: Example of a switched-capacitor transformation
for capacitance ratio reduction

example, this +technique has been used by Fischer and
Moschytz [1.76] for +the design of an SC biquad with low
capacitance ratios. However, as Fischer and Moschytz
observed, the sensitivity of the circuit with respect to
capacitance ratio errors increases considerably due to the
cancellation, which is not acceptable for high-selectivity
filtering applications. An alternative solution available
for the reduction of capacitance 1ratios consists of
replacing the switched-capacitors by the capacitive-T
network illustrated in Fig.1.16 [1.77]. The disadvantage of
this approach is that it destroys the parasitic insensitive
property of +the «circuit, which may lead to capacitance
ratio errors of the order of 2% [1.77]. Appropriate IC

layouts may reduce the effect of parasitic capacitances in
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Fig.1.16: Example of a capacitive-T network
transformation for capacitance ratio
reduction

capacitive-T networks which may then be employed for
implementing those capacitors whose capacitance value
variations do not affect significantly the overall
frequency response of the filter [1.78]. However, from a
practical point of view, such an approach may not be very
attractive, because the critical circuit layout renders the
implementation of the SC filter more dependent on the

fabrication process.

For VNB SC bandpass filters, it is no longer feasible
to simulate an equivalent LCR ladder prototype filter, on
account of the insurmountable problems of extremely 1large
capacitance ratios arising in +the §SC filter, and high
sensitivity of the frequency response to capacitance ratio
errors which, together, lead to a large variability of the
filter response. Typically, we find variations of the
passband ripple of ideal VNB LCR prototype filters of the
order of 10dB for 1% variation of their nominal component
values, and the equivalent SC filter has capacitance ratios
greatexr than 1000. For this 1range of VNB bandpass

responses, and, in many cases, also for NB bandpass
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responses, the solution has been to employ the N-Path (NP)

sC filters that we review next.

1.6.2 SC N-path filters

The principle of NP filtering was introduced
originally in the context of continuous-time active-RC
filters [1.79]. It 1is based on a double frequency-
translation operation in order to allow low selectivity
filters at low frequency -the path filters- to realise the
desired bandpass response with much higher selectivity,
and, at higher frequency. In active-RC NP filters, such
frequency translations are produced by means of
conventional modulator circuits which precede and follow
the path filters. In SC NP filters, on the other hand, the
required frequency-translations simply result from the
discrete-time nature of the SC path filters to be examined

in the next Chapter.

One type of SC NP filter proposed 1in the 1literature
employs a minimum of N=3 SC path filters with lowpass
frequency response [1.80]-[1.83], as shown in Fig.1.17-a.
It can be shown from the NP filtering theoxry ([1.79],[1.84]
that this type of 3-path filter produces a bandpass
response at midband frequency fo=Fs, Fig.1.17-b, which is
formed by the joining of two frequency-translated bands of
the lowpass path filters. It 1is also known that the
unwanted frequency-translated components, generated along
with the bandpass response, cancel out under the ideal
conditions of perfect matching of the filter paths. 1In

practice, however, since matching of the filter paths is
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Fig.1.17: (a) SC NP filter model (N=3) using lowpass
path filters; (b) Illustration of the formation
of the bandpass response, with two adjacent

frequency-translated bands

not perfect, such cancellation is incomplete giving rise to
residual unwanted frequency-translated components in the
passband, usually known as mirror frequency components,
which degrade +the dynamic range of +the filter. The
generation of mirror frequency components in this +type of
SC NP filter with lowpass path filters is illustrated in
Fig.1.18. In Fig.1.18-a, an input frequency component at
Fs-Af produces the wanted output frequency component at
Fs—Af together with the unwanted mirror frequency component
at F5+Af. Conversely, an input frequency component at
F5+Af produces the wanted frequency component at Fs+Af
together with the wunwanted mirror frequency component at
Fs—Af, as shown in Fig.1.18-b. Besides +the problem of

incomplete cancellation of such unwanted frequency-
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Fig.1.18: Mirror <frequency components in SC NP filters
with lowpass path filters. (a) Passband signal
at F _-Af generates an unwanted frequency-
transiated component at mirror frequency F _+Af;
(b) Passband signal at F +Af generates an
unwanted frequency—transla%ed component at

mirror frequency Fs—Af

translated components, this type of SC NP filter also
suffers from the problem of clock feedthrough occuring at

midband frequency fo=Fs. This degrades even further the

overall noise performance of the filter.

The alternative type of SC NP filter proposed in the
literature employs SC path filters with highpass, rather
than 1lowpass, frequency response [1.85],[1.68]. SC NP

filters with highpass path filters need only two paths
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input and output continuous-time filters, as indicated in
Fig.1.1c. For the remaining SC bandpass filters, it would
have been necessary to design more complex continuous-time
filters which, as we shall see in Chapter 2, are unsuitable

for integrated circuit fabrication.

1.7 PURPOSE OF RESEARCH

The purpose of the work presented in this thesis is to
study design techniques for audio-frequency SC bandpass
filter systems, whith NB and with VNB bandpass responses,
in order to overcome the problems of the methods currently
available. These problems are large capacitance ratios and
high sensitivity in conventional SC bandpass filters, and,
in SC NP filters, poor dynamic range performance. Moreover,
it 1s required <that the systems should be suitable for
integrated circuit fabrication. The key aspects of this

work are described below.

The organisation of this thesis reflects aspects of SC
circuit design, on the one hand, and development of SC
system architectures, on the other hand. In this present
Chapter (Chapter 1), we are primarily concerned with
introductory aspects for analysis and design of SC
circuits, besides the identification of the basic
limitations of the state-of-the-art of SC narrowband
bandpass filtering. Chapter 2 will deal with the
principles of operation of an SC filter system, which,
basically, are determined by the characteristics of an

Anti-Aliasing Filter (AAF) and of an Anti-Imaging Filter



60

(AIF), respectively before and after the SC filter in the
system. Hitherto, SC filter systems have operated in a
baseband filtering mode, in which 1lowpass AAF and AIF

select the baseband below F /2, and reject the unwanted

frequency-translated bands above Fs/z. An important idea
introduced in Chapter 2 concerns novel operating modes for
SC filter systems, which consist of employing bandpass AAF
and AIF to select input and output frequency-translated
bands above FS/Z, and to reject the unwanted frequency-
translated bands above FS/Z, as well as the baseband below
Fs/z. Such systems, which we designate as Single-Path
Frequency-Translated (SPFT) SC filter systems, are vital
for the realisation of high-quality SC bandpass filter
systems with VNB bandpass responses. In addition to the
traditional input and output continuous-time filters, the
AAF and AIF to be considered in this thesis also comprise
sophisticated sc decimators and interpolators,
respectively. SC decimators and interpolators are utilised
to allow alteration of the sampling rate in SC systems,
which requires appropriate frequency responses in order to
eliminate the unwanted frequency-translated signal
components arising in the ©processes of sampling rate
alteration. In this context, we pay special attention ¢to
the derivation of optimum Finite Impulse Response (FIR)
transfer functions which are suitable for decimation and
interpolation applications for NB and VNB SC bandpass

systems.
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In the second part of this thesis, comprising Chapters
3 and 4, we shall describe design techniques for SC
circuits required in SC filter systems. Chapter 3 concerns
the development of general SC biquadratic sections
(biquads) to be employed for high-quality coupled-SC biquad
structures, as well as for cascade SC biquad structures
with moderate sensitivity. A detailed capacitance ratio
analysis allows us to design high quality-factor SC bigquads
with an optimum low value of +the switching frequency
yielding absolute minimum capacitance spread, which is
crucial for the design of the NB SC bandpass filters in
this thesis. This low value of the switching frequency
implies a system requirement for attenuation of unwanted
frequency-translated signals at low frequency, which can be
efficiently done using the SC decimator and interpolator
circuits to be developed in Chapter 4. In particular, the
FIR SC decimator and interpolator circuits employing non-
recursive polyphase structures are shown to be very
attractive from the points of view of 1low capacitance

ratios and high operating speed.

Chapter 5 will cover the aspects of the design and
implementation of SC bandpass filter systems suitable for
NB and VNB filtering applications. For the example of an NB
bandpass response with -3dB relative bandwidth of 2.4%, we
shall consider the design of a baseband SC bandpass filter
system, with optimised capacitance spread, and efficient
FIR SC lowpass decimators and interpolators to provide the

required rejection of unwanted frequency-translated
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signals. A VNB bandpass response with -3dB relative
bandwidth of 0.48% will be realised using an SPFT SC filter
system. In order to obtain the desired bandpass response
for the decimator and interpolator,: we shall discuss
alternative architectures employing FIR and IIR (Infinite
Impulse Response) SC circuits, whose performances are
compared mainly from the points of view of capacitance
ratios, operating speed, and, also, circuit complexity.
One important requirement to be met by the SC interpolator
in the AIF concerns the compensation for the attenuation of
the selected frequency-translated band, which is due to the
effect of the sample and hold signal at the output of the
SC bandpass filter in the system. Both the NB and VNB SC
filter systems are implemented using discrete component
models. The experimental results confirm +the operating
principles, and demonstrate the good performance of the
proposed systems with respect to the accuracy of the
frequency response, dynamic range, and specified
attenuation of the unwanted fregquency-translated signals.
In Chapter 5, we shall also demonstrate the operation of
SPFT systems as single sideband generators and detectors,
i.e. corresponding to the selection of input and output

frequency bands at different frequencies.

The material +that we shall present in Chapter 6
constitutes an exploratory investigation of a type of SC NP
filter systems, using bandpass path filters, which are
intended to overcome the attenuation problem of SPFT

systems, and, also, the 1limitations concerning the poor
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dynamic range performance of conventional SC NP filter

systems using lowpass and highpass path filters.

The main results obtained in this thesis will be
summarised in Chapter 7. There,\we shall also present some
suggestions for possible further research in this area of
SC circuits and systems for narrow bandpass filtering, as
well as further potential applications for frequency-
translated SC filter systems, both with conventional SC
bandpass filters and with SC NP filters using bandpass path

filters.

1.8 STATEMENT OF ORIGINALITY

The following most significant results of the research
work presented in this thesis are, to the best of our
knowledge, original, and, as we 1indicate below, some of
these results have been published (or accepted for

publication):

- In Chapter 2, the introduction of operating modes for SC
systems corresponding to the selection of frequency-
translated bands above the Nyquist frequency, which
represents a radically different approach to the way in
which SC filter systems have been +traditionally regarded.
We quote from, for example, Reference [1.83j:

... Because of the Nyquist theorem, sampled-data filters
can only process input signals up to half of the clock

frequency
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filtering applications is presented in

[J.E.FRANCA, "A Single-Path Frequency-Translated
Switched-Capacitor Bandpass Filter System”, to be published
in the IEEE Trans. on Circuits and Systems].

An SPFT SC system with a new architecture for operation at
higher frequency and improved rejection of unwanted alias
and image signals, and, also, for demonstration of the

operation as single sideband generator and detector, is

described in

[J.E.FRANCA, "A Single-Path Frequency-Translated
Switched-Capacitor System for Filtering and Single Sideband
Generation and Detection”, to be presented at the IEEE

ISCAS'85, Kyoto, Japan, June 1985]

These systems have been the subject of one patent

application which has been filed by the "Ministry
of Dafence, [J.E.FRANCA, "Switched-Capacitor
Circuits", British Patent Application No.8411547, 4th.May

1984], which describes the original idea of SPFT systems

and gives preliminary eXperimental results obtained on a
demonstration system. This patent application has been
augmented to include further developments and new improved
results on SPFT systems, which produced a new British
Patent Application No.8511218, filed 2nd. May 1985,
claiming priority from the British Patent Application

No.8411547.

- In Chapter 6, the idea of SC NP filter systems combining
the basic operating principles of NP filters employing
bandpass path filters, and of SPFT systems. This 1is

discussed in

[J.E.FRANCA, "0on Switched-Capacitor Bandpass Filter
Systems With Very Narrow Relative Bandwidths”, to be
presented at the ECCTD' 85, Prague, Czechoslovakia,

September 1985]
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2.1 INTRODUCTION

In the previous Chapter we examined the principles of
operation of SC circuits and reviewed the basic aspects of
the analysis and design of SC filters. This Chapter is
concerned with the analysis of the spectral characteristics
of sC filters and with their implications in the context of

a complete SC filter system.

The analysis of the spectral characteristics of SC
filters, 1in Section 2.2, shows two forms of ambiguity,
known as aliasing and imaging. Aliasing refers +to the
multiplicity of components of the input continuous-time
spectrum that relate +to one component of the output
discrete-time spectrum. Imaging, on the other hand,
corresponds to the multiplicity of components of the
discrete-time spectrum that are produced by one component
of the continuous-time spectrum. In Section 2.3, we
consider an SC filter system in which such ambiguities are
eliminated by means of an Anti-Aliasing Filter (AAF) and an
Anti-Imaging Filter (AIF), respectively before and after
the SC filter, and whose shapes determine the operation
mode of +the system. In general, such filters employ a
combination of low selectivity continuous-time active-RC
filters together with specialised SC filters, called
decimators and interpolators, which are introduced in
Section 2.4. In Section 2.5 we describe a simple procedure
for optimising the transfer functions of a class of SC
decimators and SC interpolators which are ideally suitable

for application in narrow and very narrow SC bandpass
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filter systems. Finally, Section 2.6 summarises the

Chapter.

2.2 SPECTRAL CHARACTERISTICS OF SC FILTERS

2.2.1 sC filter model

According to the time-domain operation described in
the previous Chapter, we can represent an SC filter by

means of the model shown in Fig.2.1. The sampling circuit

1/P Sample Discrete-Time Hold o/P
O—— - Charge o0
Circuit Processor Circuit

Fig.2.1: SC filter model

describes the operation of input voltage sampling, the
discrete-time charge processor implements the discrete-time
transfer function H(Z) of the SC filter and the hold
circuit represents the effect of output voltage holding.
After examining the spectral characteristics of each one of
these circuits, we shall then discuss the overall spectral

characteristics of SC filters.

2.2.2 Sampling operation: aliasing and imaging

The process of sampling illustrated in Fig.2.2 1is
viewed as an impulse train s(t), with sampling period

Ts=1/FS, modulating a continuous-time signal xa(t) yielding
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discrete-time signal (2.1) is given by [2.1]

@ -
(2.2) ... 2[x(t) = x(s) = I x (ar).e s
n=0

which yields the Fourier transform (s=jw)

< -jwnT
(2.3) ... Flx(t)] = x(jw) = I x (aTg) .e ¥"7Ts
n=0

If we express the Fourier transform of the impulse sampled
. ijS
signal (2.3) using the discrete-time variable Z=e , then

we obtain

(2.4) ... Zlxnr)) = x(z) = T x(or)).2"

which corresponds to the definition of the 2Z-transform of
the sequence of samples x(nTS) [2.2]. The link between the
Z-transform (2.4) of the sequence of samples of a signal on
the one hand, and both the Laplace (2.2) and the Fourier
(2.3) transforms of the impulse sampled version of the
signal on the other hand, is important for interpreting the
transfer function of the discrete-time processor, which we

shall examine later on.

In the frequency domain, the above operation of
modulation corresponds +to +the convolution of the Fourier
transforms of the impulse train and of the continuous-time

signal. Mathematically, this can be expressed by [2.1]

oo .
z Xa[J (w—nws)] , W
n=-co

(2.5) ... X (jw) =X [J (@-nwg) ] =% 2TF
S

"

-~

w-nw
S

€
"
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where Xa(jm) represents the spectrum (Fourier transform) of
a continuous-time signal before sampling, while X(jw)
represents the spectrum of the resulting discrete-time
signal after sampling. This equation provides the
fundamental link between the components of the continuous-
time spectrum with frequency @, and the components of the
discrete-time spectrum with frequency w=&¢nws. The
discrete-time frequency components such that w=w, i.e. for

n=0, will be <called baseband components, while the

-~

remaining components at w=E-nw (n#0) will be called

frequency-translated components. In the above equation

(2.5), both w and ® can be either negative or positive
since they represent +the argument of sine and cosine
functions. However, we shall regard the frequencies always
as positive measurable quantities with physical
significance, i.e. representing the number of cycles per
time-unit. Therefore, for >0, we would write the
difference frequency of the frequency-translated components

-~ . -~ ~ s ~ 1
as w=u-nw_ if w)nws, and as w=nw -0 if w(nws.

Let us now consider the discrete-time spectra produced
by impulse sampling of two continuous-time frequency

components w, and GZ such that 62=ws+ﬁ1, for example. For

1

the case of the continuous-time frequency component 61, in

Fig.2.3-a, egquation (2.5) leads to the ° discrete-time

spectrum shown 1in Fig.2.3-b. However, the frequency-

translated components with negative difference frequency,

1
The corresponding phase inversion is not important

in the present discussion.
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(a) Xqlj@!
¥ I T T (:3
o OJ, wl zwl
(b) X(jw)
A A I I\
] 1
] 1
' ]
[} [}
-:'_4"-‘_‘-‘_—:4 _____ T -I' ) T UJ
Wy-20, @y~ W, 0 W, W, Wg2w,
X(jw)
(c) )
' I I~ I I~ I~ T~ w
0 W, Wyw, Vw2 W, 2Wew, 3W;W,
Fig.2.3: (a) continuous-time spectrum with component
at frequency G1; (b) resulting image spectrum
with discrete-time components at positive and
negative frequencies; (c) image spectrum with

discrete-time components at positive frequencies
i.e. &1—nws (ny1), are represented as nws-(b1 (n3}1) thus
yielding the (measurable) discrete-time spectrum of
Fig.2.3-c. This is called the image spectrum of the impulse
sampled continuous-time signal with frequency 61, and which
consists of one baseband component at w=m1 plus an infinite
number of frequency-translated images at w=nwsta1 (ny1).
Fig.2.4 illustrates the formation of the image spectrum of
the impulse sampled continuous-time signal with frequency
62, which is obtained in a similar way as above. The

continuous-time frequency components 62 and w, yielding the

1

same image spectrum, respectively in Fig.2.4-c¢ and in
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(a) Xqljw)
w, W, W, 20,
(b) X(jw)
]] - vectorigl sum
frequencies of ”EJ w :(:‘J w, ;m 2w‘.(:, zwlal) w
image spectrum &, o1 s 1 s 1% M1 %s

o - -0) A -0 ~ _  frequencies of
Wyl 20, W, 35w, wtw, irm':gc-:‘q spectrum &,

Fig.2.5: Impulse sampling of (a) two continuous-time
alias components at frequencies @ and
0,=w +®1 produces (b) aliasing distortion
corresponding to the superimposition of the

resulting discrete-time image spectra

XG(J w) Nyauist,
Band 1

ﬁ

b

see

b o —

- — -

!
+ 4 4 — + @
0 Wy2 Wy 3w 2 2w 5Wwgf2 3w

Fig.2.6: Continuous-time spectrum split-up into frequency
bands that do not contain alias components

w./2, which is the result of the sampling theorem applied
to lowpass responses [2.1],[2.2]. If the continuous-time
spectrum does not include a DC component, then it can be
bandlimited either within +the Nyquist band below ws/2 or
within any other frequency band above ws/2, which 1is a
result of the sampling theorem applied to bandpass

responses [2.3],[2.4]. The results illustrated in Fig.2.3,
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Control Unit
Programmable
Sweeping
Mode
A
Signal Spectrum
Generator Analyser
A/ A w
sweeping SC tunning
Filter

Fig.2.9: Experimental set-up for spectral
measurements in SC filters

discrete-time spectrum, at frequency w=&¢nws. The
synthesised frequencies of both the signal generator and
spectrum analyser are synchronised by means of a control
unit in which we can program, for example, either one of
the sweeping modes illustrated in Fig.2.10. In the 1light
of the previous discussion of the sampling operation, such
sweeping modes are interpreted as follows:

Alias sweeping mode (Fig.2.10-a): the discrete-time

frequency components in the band O<w<ws/2 are baseband
components of O<&<ws/2, but they are frequency-translated
components of a>ws/2.

Image sweeping mode (Fig.2.10-b): the continuous-time

spectrum in +the band 0<G<ws/2 produces baseband discrete-
time frequency components in +the band 0(w<wS/2 and
freguency-translated components for w>ws/2.

Baseband sweeping mode (Fig.2.10-c): the frequency

components in both +the continuous-time and the discrete-
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frequency F_/2 correspond to frequency-translated bands of
the sC filter. Such designation leads to the representation
of the alias and image responses of an SC bandpass filter,
.for example, as shown in Fig.2.11-a and in Fig.2.11-b,
respectively. The alias sweeping mode of Fig.2.10-a yields
the alias response illustrated in Fig.2.11-a, showing the
continuous-time frequency-translated bands above Fs/2 that
relate to the discrete-time baseband of the filter. The
image sweeping mode of Fig.2.10-b yields the image response

illustrated in Fig.2.11-b, showing the discrete-time

continuous-time frequency bands relating to the
discrete-time baseband

N 1 N 1 N ...

O

D discrete-time baseband

(a)

h continuous-time baseband
1 -

o1
wn
-~
N
-

1]
------ —_ sinlmf/Fg)
h o~ ——_——— (TR
~ - -~ — s ee
— I\I \\\l/'r‘r l\l‘\[/’l’r

discrete-time frequency bands produced by the
continuous-time baseband

(b)

Fig.2.11: Illustration of the (a) alias and (b) image
responses of an SC bandpass filter
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2.3 FUNDAMENTAL ASPECTS OF SC FILTER SYSTEMS

2.3.1 Modes of operation

The purpose of embedding an SC filter in an SC filter
system, as shown in Fig.2.13, is to achieve a single-path
operation relating only one continuous-time frequency band
with components at frequency f to only one output
discrete-time frequency band with components at frequency
f. The Anti-Aliasing Filter (AAF) before the SC filter
selects the desired continuous-time frequency band, while

the Anti-Imaging Filter (AIF) after the sC filtexr selects

the desired discrete-time fregquency band. Depending on the

r AAF SCF AIF %

Fig.2.13: General architecture of an SC filter system

selected values of f and f, such a correspondence may have
any one of the forms illustrated in Fig.2.14, which define

the system operating modes [2.5]. The baseband filtering

mode illustrated in Fig.2.14-a, which corresponds to the
selection of frequency components in the Nyquist band, i.e.
f=f<Fs/2, has been the traditional mode of operation of SC
filter systems. In this thesis we propose SC.filter systems
which operate in the following frequency-translated modes,
corresponding +to the selection of frequency-translated
bands above the Nyquist frequency FS/Z:

Upwards frequency translation corresponds to f>f, and it
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(a)
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give rise to imaging effect

1F continuous-time filter

minimum
= imag:rg
rejection

Fig.2.19: Illustration of the anti-imaging characteristic
of an AIF with combined low-selectivity
continuous-time filter and SC interpolator

rate F_. The SC interpolator L=2 is designed to attenuate
the unwanted image frequency-translated components around
Fs, as shown in Fig.2.19-b. The remaining unwanted image
frequency-translated components around ZFS, and above, will
then be attenuated by the output continuous-time filterx
with 1low selectivity yielding the overall anti-imaging

characteristic of the AIF illustrated in fig.2.19-c.
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2.5 OPTIMUM FIR TRANSFER FUNCTIONS FOR
DECIMATION AND INTERPOLATION

IIR wideband stopband approximations can be obtained
without +too much difficulty, for example employing any one
of the many procedures available for the design of SC
filters in general [2.19],[2.20]. On the other hand, the
derivation of FIR multinotch stopband approximations using
known techniques 1is more time consuming, and usually
requires the use of numerical tools for optimisation (e.g.
[2.21],[2.22]). In this Section we consider a very simple
technique for optimisation of FIR transfer functions for
decimation and for interpolation, which produce notch
frequencies exactly at the centre of the alias and image

frequency-translated bands to be attenuated.

The problem of exact placement of the notch
frequencies of the frequency responses for decimation and
for interpolation is solved directly in the discrete-time
frequency domain in order to avoid warping effects inherent
to the transformations from the continuous-time domain. For
this purpose, let us consider a narrowband SC bandpass
filter with midband frequency fo and switching frequency FS
which 1is symbolically represented on the unit circle by a
complex conjugate pole-pair with rp=1 and argument
ep=2nfO/Fs and a;=2n(Fs—fo)/Fs, respectively on the upper
half-circle corresponding to the baseband from DC to FS/Z
and on the lower half-circle corresponding to the

frequency-translated band from Fs/2 to F as shown 1in

S r

Fig.2.21-a. The periodic characteristic of such an SC
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3.1 INTRODUCTION

SC biquadratic sections (biquads) are wutilised in
various parts of +the SC bandpass filter systems that we
shall describe in Chapter 5. Cascade SC biquad structures
with moderate sensitivity are employed for SC decimators
and interpolators, whereas for high-quality SC bandpass
filters we employ instead SC coupled-biguad structures
based on the simulation of 1low sensitivity LCR 1ladder
prototype filters. The purpose of this Chapter 1is to
develop SC biquad building blocks which are suitable for
such applications, and to study their properties,
particularly with respect +to the problem of large
capacitance ratios which arise in filters with high

selectivity.

In order to deal with the synthesis and analysis of SC
biquads we need versatile tools that are simple to use and
give a good interpretation of the operation of the
circuits. The SC equivalent circuits established by Laker
[3.1] are not entirely satisfactory, mainly because they
lead to complicated networks that are difficult to
manipulate and +to analyse. Signal Flow Graph (SFG)
techniques provide a much simpler means of representing SC
circuits, both for synthesis and for analysis [3.2]-[3.5].
The approach by Moschytz and Brugger [3.4],[3.5], although
being generally applicable to the analysis of any type of
SC circuit, does not provide the desirable physical
interpretation of SC circuits that is achieved using the

SFG's proposed by Haigh and Singh [3.2] and which we
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applied to the capacitors of the SC bigquad building blocks,
and compares, from the viewpoint of capacitance spread, SC
biquads using different types of damping. The strategy for
capacitance spread analysis 1is described in Section 3.6
with respect to an SC bandpass biquad. We introduce the
concept of optimum switching frequency yielding absolute
minimum capacitance spread which, as we show, +trades-off
with 1respect to the maximum signal handling capability of
the SC biquad. Further aspects of the design of SC
biquads, concerning not only capacitance spread but also
total capacitor area, and also the choice of the switching
frequency, are illustrated by means of the examples given
in Section 3.7. 1In Section 3.8 we present a summary of

this Chapter.

3.2 DERIVATION OF GENERAL SFG'S FOR SC INTEGRATORS

3.2.1 Single-phase SC integrators

The parasitic-insensitive SC integrator shown in
Fig.3.1-a, with switch timing, is represented by the SFG
given in Fig.3.1-b [3.2]. By recalling the aspects of
time-domain analysis of SC circuits given in Chapter 1, the
above SFG is interpreted as follows. The branch with

1

transmission factor 1/(1-2° ') represents the periodic

discrete-time integration of the SC integrator. The
branches with transmission factors —K1 and K1.Z—1/2 convey
information of two kinds. The powers of 2, O and -1/2,

describe instants of input voltage sampling at the end of

the sampling phases, i.e. 0O and Ts/2; the coefficients —K1






123

and +K, jndicate the increment of +the amplifier output

voltage, relative to the input voltage, produced by each

one of the input SC branches every switching period. The
branches with transmission factors 1 (=Zo) and Z_”2 give
information of the output sampling instants. The output

voltage of this SC integrator changes in the E phase
because the switch connected to the input of +the OA is
controlled by the E phase switching waveform. Therefore,
this integrator will be referred to as an E-integrator.
Interchange of switch phasing 1leads to the O-integrator
shown in Fig.3.1-c, where the output voltage changes in the
O phase. The switch timing for this SC integrator is also
shown in Fig.3.1-c, and the corresponding SFG is given in
Fig.3.1-d. The SC integrators of Fig.3.1-a and Fig.3.1-c

change the output voltage only once in each switching

period and therefore they will be referred to as single-

phase integrators. In these integrators, the output

voltages sampled in the E phase and in the O phase have the

same magnitude but are delayed by half a switching period.

3.2.2 Double-phase SC integrators

In the development of the SC bigquad building blocks we
require also the more general SC integrator shown in
Fig.3.2-a. The output voltage of +this integrator changes

twice in each switching period, i.e. in the E phase and in

the O phase, because of the two switches that are connected
to the virtual ground of the OA. This SC integrator will be

referred to as a double-phase integrator. The output

voltage of +the double-phase integrator sampled in each
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KiC (o4
Vi o—E E E-——ovf
voo— 0 o) 0 }—ov?
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voo— 0 l E

(a)

E
> —0
__________________ Vo
""""" e o
] °V,
———— T -
O integrator
(b)

Fig.3.2: (a) Double phase integrator, and (b) SFG

phase, 1i.e. Vg or Vg, is the sum of the output voltages of
an E-integrator and of an O-integrator sampled in the same
phase. This is represented by the SFG of Fig.3.2-b. The
two extra branches at the output represent the delay of
half a switching period that exists between the reference
switch +timings of the E-integrator and of the O-integrator
(see Fig.3.1-a and Fig.3.1-c). The voltages Vg and Vg in
the SFG of Fig.3.2-b have different magnitudes and
therefore they are not related simply by a delay factor, as
in the case of the SFG's of single-phase integrators. In
order to obtain an SFG in which we represent the

relationship between these two voltages, directly, we adopt

a procedure which 1s described using the example of
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Fig.3.3. Firstly, in the original SFG of Fig.3.3-a we
choose the output voltage of an E-integrator sampled in the
E phase, 1i.e. Vg, as the output voltage reference.
Secondly, we modify the transmission factors of the input
branches according +to the phase of the output voltage
reference. In Fig.3.3-b, this corresponds to the additional

2_1/2 for both the +transmission factors -K2 and
0 -1/2

delay

-1/2

K2.Z , where. both Z~¥ and 2 refer to the O phase.

Finally, we express the output voltage sampled in the

complementary phase, 1i.e. Vg in this example with Vg

reference, as a linear combination of the output voltage
reference and also of +the input voltages, as shown in
Fig.3.3-c. The extra branches with transmission factors
27372 ana Kz.z_1 cancel the terms K2.Z—3/2. 5

fed to the output Vg via the output reference

-K \Y/ and

2
-1 40
KZ'Z .V4

Vg. The SFG in Fig.3.3-c reduces to the simpler form given
in Fig.3.3-d. By adopting a similar procedure we can also
derive the SFG's corresponding to the remaining three

possible output voltage references, namely Vg of the E-

integrator, and both Vg and Vg of an O-integrator. The
simplest forms of such SFG's are shown in Fig.3.4, together

with the SFG derived in Fig.3.3-d.

The interconnection of SC integrators in order to
realise SC biquads will be carried-out according to the
following rules:

Rule 1: The output of a single-phase SC integrator can be
sampled in both the E phase and the O phase.

Rule 2: The output of a double-phase SC integrator 1is
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~omplexity. Practical discrete component models of SPFT

systems are also considered for experimental evaluation.

Finally, 1in Section 5.8, we demonstrate further
applications of SPFT systems, which include filtering with
programmable Q-factor, and also Single Sideband (SSB)
generation and detection. In Section 5.9 we present a

summary of the Chapter.

5.2 DESIGN AND EVALUATION OF AN SC BANDPASS FILTER

5.2.1 Coupled SC biguad structure

At the heart of the SC filter systems that we shall
describe 1in this Chapter there is a 6th. order elliptic SC
bandpass filter derived by operational simulation of the
LCR ladder prototype filter shown in ¥Fig.5.1, using the

bilinear §-to-Z +transformation [5.1]. The bandpass ladder

-EO

2
-
!

3.

L2

C1=C3= 128799 C2=0.075375 [,=1.069284
Cr=c,/2T{B L1=(1/c,).(B/2T%,)
Ca=(171,0.B/2NTy)  L2=1,/2118
C2=c,/2MT,B L'2=(1/c,).(B/2TTy)

Cs= C3/2ﬂfoé L3=(1/C3 ). (é/ZT[fo)

Fig.5.1: 6th., order elliptic LCR ladder
bandpass prototype filter
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prototype filter is obtained by the 1lowpass-to-bandpass
transformation from the lowpass filter +type C03/25/19
{passband ripple of 0.28dB and minimum stopband attenuation

of 40dB) [5.2]. The bilinear prewarped midband frequency

f and passband relative bandwidth B are obtained from
o

F Tfp2 Tfpl 1/2 1/2
(5 . 1"a) IS £ = S p p =
fo — [tan F_ . tan T, ’ fo [fpl'fpz]
and
(5.1-b) - Fo tan (Tfp2/Fg) -tan(Tfpl/Fg) B = fp2-fpl
. C.. = - ’ £
m f o

(e}

where fp1 and fp2 are the edges of the passband of the SC
bandpass filter for maximum ripple O0.28dB. The desired
midband frequency and relative bandwidth are fo=20KHz and
B=2%, respectively, and the corresponding -3dB bandwidth is
BW=480Hz [5.2]. A modification of the original 1ladder in
Fig.5.1 1s required in order to remove the capacitive and
inductive loops formed by the capacitors C1—C'2-C3 and
inductors L1-L'2—L3, respectively, and which may give rise
to DC instability [5.3]-[{5.5]. By applying Thevenin's
theorem to the parallel resonant branches L1//C1, L'2//C'2
and L3//C3 having the same resonant frequency, i.e.
L1.C1=L'2.C'2=L3.C3, the modified circuit of Fig.5.2-a
results, with two Voltage Controlled Voltage Sources

(VCVvs). It was observed by computer simulation analysis

[5.6] that the characteristics of the modified circuit with



251

ky3=C2/(C1+C2) C1=C1+C2 L1=La.L2/(L1+L2)
ka=C2/(Ca+C2) C3=Ca+C2 L3=Lal'2/(L3+Ll2)
(a)
V;(s) =V,(s) _
S -9 —0 \p(8)
A y 8%&, y W
. N 1 ) N
§2¢511§+501 520502 §2+b11S +bgy
z‘.5“3.11)\ AS@n k '551,/\ )\52&* 301
Vi(slo————— — ™6
215+30, 2's
(b)
V,(2) =V,;(2Z)
0o Vol(Z)
A Y x20-23y A

-1

-1 2
1-2rp1cosep‘2 + rp12

52

1

1-2 t:osepzZq-Z-2

-1 2 -
1 2rp3cosep32°rp32

2

2K11-2%

ViZ)jo———
ki301-2 cosq°12'1°

kaq{1-2 cosq,:,Z-1 . 2’2)

A Aki1-22) \ Ksh-7"2)) A
2 1i2)
{c)
Fig.5.2: (a) Modified LCR prototype filter;

(b)

diagram;

(c) Bilinear

block diagram

Continuocous-time operational block
discrete-time
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respect to the variation of the passband response with

variations of the component values are similar to those of
the original LCR ladder prototype filter. On the one hand,
variations of the +transmission gain factors of the VCVS,
which determine the transmission zeroes of +the amplitude
response, do not affect the response of the filter in the
passband. On the other hand, the passband variability with
respect to the shunt capacitors and inductors is only
slightly higher than in the original LCR prototype filter,
whereas variations of the series capacitor and inductor
produce the same variations of the passband as 1in the
original LCR ladder prototype. 1In the modified circuit in
Fig.5.2-a, the nodal voltages V,(8) and v3(§) and the

branch current 12(§) can be expressed as

(5.2-a) ... Vl(é) =
-1 T ! b -} = =2 (X _ = L
— - { sLl[—vi(sﬂ+sL112(s)+k13(s L1C1+1)[ V3(s)]
s L'C'+sL!+1 4
1 1
€ _ - _ 1 - a ~
(5.2-b) ... 12(5) = ———~2L : +1{V1(s)+[ v3(s)]}
)
- _ ot — -1 =T 0 < Tr 1 =
(5.2-c) ... V3(s) = ) [sL312(s)+k31(sL3C3+1)V1(s)]
s L3C3+sL3+1

leading to the block diagram realisation shown in Fig.5.2-
b. The gain factor of two in the input branch is required
in order to obtain 0dB gain at midband frequency. After
applying the bilinear &§-to-Z transformation to the block
diagram in Fig.5.2-b, we obtain the corresponding

discrete-time realisation given in Fig.5.2-c. Each section
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of this block diagram is implemented using SC biquads with
multiple input branches corresponding to different
guadratic numerator functions. Such SC biquads, derived

from Chapter 3, are shown in Fig.5.3-a. The terminating SC

notch input terminais

(a)

—

o J) biquad 2 J) o biquad 3
bandpass input terminals

(b)

sample / hold

-------- i

orp

pe—— 1/80KHz —»

12 J1 1 ]

Fig.5.3: (a) SC biquads with multiple input terminals;
(b)) SC Coupled biquad bandpass filter with
Type-B switching
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biquads 1 and 3, with E-damping, and output terminal from
OA1, implement bandpass and notch transfer functions with
negative gain factors. The undamped resonator SC biquad 2,
with output terminal from OA2, implements bandpass transfer
functions with positive gain factors. The complete coupled
SC biquad structure is shown in Fig.5.3-b, where the output
voltages of the SC bigquads simulate +the discrete-time
variables V,(z), I,(2) and V4(z) of the block diagram in
Fig.5.2-c. As we shall see later on, the adoption of Type-B
switching may be advantageous for interfacing the SC filter
with other SC circuits in a complete filter system, 1in
which case +the input sample and held circuit may be

eliminated.

5.2.2 Design with optimum switching frequency
yielding minimum capacitance spread
By employing the strategy for capacitance spread
analysis described in Chapter 3, we find that the maximum
capacitance spread 1in the SC filter arises in the
terminating biquads in realising the bandpass inputs. This
spread is minimised by designing the SC filter with the

optimum switching frequency

(5.3) ... F =4f = 80KHz

giving the normalised capacitance values in Table 5.1.
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BIQUAD 1 BIQUAD 2 BIQUAD 3
Al 87.796 A2 68.075 A3 87.796
_ B1 87.796 B2 34.037 B3 87.796
[ I .
8 01 2 112 1 113 4.798
Iy ! I3, 1 o3 !
I31 4.798
C1 86.787 C2 68.075 C3 86.787
D1 43,898 D2 68.075 D3 43.898
o
é E1 1 G12 1 E3 1
O
O G01 2 G32 1 G13 4,798
G21 1 G23 1
G31 4.798
C-spread 87.796 68.075 87.796
Total C 322.873 242.262 318.873
C-spread = 87.796
Total C =884.008

Table 5.1: Normalised capacitance values for the
SC bandpass filter with optimum
switching frequency

The maximum capacitance spread is 87.8, and the total
normalised capacitance is 884. As discussed in Section
3.6, the adoption of the optimum switching frequency
produces an internal voltage magnification of 3dB in the
terminating SC biquads. In order to determine the voltage
magnifications which arise at the output of all the 0OA's,
we have to carry-out a computer simulation analysis [5.7]
of the complete coupled SC biquad structure. The results,

given in Fig.5.4, indicate a maximum voltage magnification
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Fig. 5.4: Computer simulated voltage magnifications
at the output of the amplifiers
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of about 8dB at the output of OA3. A fully voltage scaled
design of this filter would have yielded an increased
maximum capacitance spread of 151.1, and total normalised
capacitance of 1002.3. In view of +the stringent
requirements with respect to the accuracy of the
capacitance ratios in the SC filter, which we shall examine
next, we adopted the solution with minimum capacitance
spread. This 1implies a reduction of 8dB of the signal

handling capability of the SC filter.

5.2.3 Evaluation by computer simulation

The nominal overall amplitude response of +the SC
bandpass filter is plotted in Fig.5.5-a, together with the
nominal amplitude response of +the original LCR 1ladder
prototype with a gain shift of +6.02dB. Because of the
bilinear &-to-2 transformation, the transmission zeroes at
infinity in the continuous-time domain yield transmission
zeroes at half the switching frequency in the discrete-time
domain, and thus the selectivity of the upper stopband of
the SC filter is increased. On the other hand, the warping
effect of the bilinear +transformation leads to a slight
expansion of the lower stopband compared to the original
LCR ladder filter. The passband amplitude responses in
Fig.5.5-b show that the SC filter preserves the equiripple
characteristic of the LCR ladder prototype filter, and thus

will have similar sensitivity properties.

The variability of the passband amplitude response of
the SC bandpass filter was evaluated by means of a computer

simulation analysis using SCNAP program [5.7], where we
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(nominal cut-off frequency at 60KHz); (b) Imaging
spectrum, with sample and hold attenuation, and

2nd. order continuous-time filter
(cut-off frequency at 115KHz2)

order lowpass continuous-time filter at the output of the

system, the response of which is illustrated in Fig.5.8-b.

For the above requirements of the decimator and
interpolator we adopt an optimum multinotch stopband
approximation which produces notch frequencies at
80KHz+20KHzZ, 160KHz+20KHz and 240KHz:20KHz. The optimised
impulse responses of the FIR transfer functions are given
in Fig.5.9, for a cascade approach using circuits for

sampling rate alteration M=L=2. 1In order to implement the
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FIR transfer functions with such impulse responses we
consider the solutions of SC decimator and interpolator
circuits shown in Fig.5.10 and in Fig.5.11, respectively,
together with their computed baseband amplitude responses,
and the corresponding measured responses of discrete
component models. The FIR SC lowpass decimator employs
non-recursive polyphase SC structures with multiplexed SC
elements; +the FIR SC lowpass interpolator with SC bigquads
corresponds to an example illustrated in the previous
Chapter (Section 4.2, Fig.4.2 and Fig.4.3), which we

repeated here for convenience.
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Non-recursive polyphase sC decimators and
interpolators had not been fully developed at the time the
SC bandpass filter system considered in +this Section was
designed and tested. For completeness, we show in
Fig.5.12-a and in Fig.5.13-a the state-of-the-art of such
FIR SC decimator and interpolator circuits, for the same
requirement as above. Both the single-stage FIR SC
decimator «circuit with M=4 (as in Fig.4.24), and the
cascade FIR SC interpolator «circuits with L=2 (as in
Fig.4.28), employ direct-form SC elements, and, together,
they need only half of the number of OA's required in the
previous realisations. The computed baseband amplitude
responses, and the corresponding measured amplitude
responses of discrete component models are shown in
Fig.5.12-b, for the SC decimator in Fig.5.12-a, and 1in
Fig.5.13-b, for the SC interpolator in Fig.5.13-a. The
performance of the SC interpolator, which is comparable to
that of the SC decimator, is significantly better than the
performance of the biguad cascade realisation shown in

Fig.5.11.
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5.3.2 Experimental evaluation

The schematic of the complete SC bandpass filter
system (the continuous-time filters are not included) is
shown 1in Fig.5.14, comprising the SC bandpass filter
designed 1in the previous Section, and the SC decimator and
interpolator circuits of Fig.5.10 and Fig.5.11,
respectively. The synchronised switching scheme of the
system allows the interface between the two stages of the
SC decimator, as well as the interface between the SC
decimator and the SC bandpass filter to be provided by
series sampling switches. The interstage sample and hold
circuit in the SC interpolator is required because the FIR
SC biquads employ Type-A switching. The switching scheme
for the system is implemented using a distributed modular
clock generator, whereby the switching waveforms required
for each 5C circuit are locally generated from a reduced
clock bus with only four clock lines. Otherwise, it would
have been necessary to route as many as fifteen clock lines
throughout the system, which would have rendered the layout
more complex, and would have also increased the digital
noise coupled onto the analogue lines. A discrete component
model of this system was constructed wusing a printed
circuit. It employs CMOS 4016 analogue switches, CMOS 7611
OA's for the SC bandpass filter, JFET LF355 OA's for the SC
decimator and interpolator, and standard CMOS digital
components for the switching circuitry. The capacitance
spread and total normalised capacitance of each SC circuit

in the system are summarised in Table 5.2.



Decimator

Interpoliator

Fig.5.14:

Schematic of the SC bandpass filter system with baseband operating mode
showing the distributed modular clock generation scheme

e
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SC DECIMATOR M=4 sC SC INTERPOLATOR L=4 SC BANDPASS
1st stage 2nd stage FILTER Ist stage 2nd stage | FILTER SYSTEM
C-spread 4.359 6.828 87.8 2.828 3.695 87.8
Total C 13.078 20.484 884 24,210 30.716 972.5%
I
Table 5.2: Capacitance spread and total normalised

capacitance in the SC bandpass filter system

Overall and expanded measured baseband amplitude
responses of the filter system are shown in Fig.5.15-a and

in Fig.5.15-b, respectively.
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Fi1g.5.15: (a) Measured overall baseband

amplitude response of the
SC bandpass filter system
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represented as in Fig.5.17-b. The bandpass AAF and AIF
select one specified frequency band around a multiple n of
the switching frequency and reject the remaining unwanted
frequency bands according to the anti-aliasing and anti-
imaging specifications. The selection of the upper

+

sideband (n™) in Fig.5.17-c yields an SPFT system with

midband frequency f =nF_+f, and Q-factor Q_=K.Q,, where
K=m.n+1 1is the Q-enhancement factor of the system (m=Fs/f1
is the sampling ratio of the SC bandpass filter). The
selection of the lower sideband (n~ ) would have yielded the
system midband frequency f0=nFs—f1 and the corresponding

Q-enhancement factor K=m.n-1,.

There are two fundamental aspects which characterise
the above operation of an SPFT SC bandpass filter system,
compared to a conventional SC bandpass filter system with
baseband operating mode. Firstly, for a given midband
frequency fo of the SC filter system, the actual filtering
operation in the system which produces the desired response

is performed by an SC bandpass filter with much lower

midband frequency f1, and operating with correspondingly
lower switching frequency Fs. Therefore, the speed
reguirements for the OA's in +the SC filter can be

substantially relaxed, which simplifies their design, and
also leads to a reduction in power consumption. The second
important aspect of an SPFT SC bandpass filter system 1is
the lower selectivity of the SC bandpass filter in the
system, compared to the much higher selectivity that would

be required for an SC bandpass filter in a conventional SC
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filter system operating in a baseband filtering mode, with
the same overall selectivity. This implies much smaller
capacitance ratios, and thus smaller capacitor area, in the
SC bandpass filter, on the one hand, and, on the other
hand, much lower sensitivity of the bandpass 1response +to
capacitance ratio errors. Overall, these characteristics of
SPFT SC bandpass filter systems make them very attractive
for implementing very narrow bandpass responses. From a
system point of view there is, of course, the requirement
for more sophisticated AAF and AIF, whose fundamental

characteristics will be examined next.

5.4.2 Anti-aliasing filter

In an SPFT SC bandpass filter system, in order to
achieve a given Q-enhancement factor X=m.n:1 we have
available, besides the sideband selection, the key system
parameters m and n whose values determine the
characteristics of +the AAF and AIF, and hence the
complexity of the SPFT system. The selectivity of the AAF
depends on the sampling ratio m=FS/f1 of the SC bandpass
filter, as shown in Fig.5.18 for the example of selecting
an upper frequency-translated sideband. If the SC bandpass
filter 1is oversampled, i.e. m>>1, then, the frequency-
translated bands are close to nFs, which implies an AAF
with high selectivity of the lower transition band, as in
Fig.5.18-a. When the SC bandpass filter is «critically
sampled, i.e. mI2, the frequency-translated bands are close

to the odd multiples of Fs/2 and, as we can see 1in

Fig.5.18-b, +the AAF requires high selectivity of the upper
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Fig.5.18: Selectivity of the AAF versus the sampling

ratio m=F_/f of the SC bandpass filter.

(a) Oversampling; (b) Critical sampling;:

{c) Sampling with m=4 for uniformely spaced
frequency-translated bands

transition band. For m=4, the frequency-translated bands
are uniformly spaced, and, then, the AAF may have a
bandpass response with symmetrical +transition bands, as
illustrated in Fig.5.18-c. Adoption of the sampling ratio
m=4 offers the additional benefits of minimum capacitance
spread, and also minimum capacitor area taken up by the SC

bandpass filter, as we saw in Section 5.2.

5.4.3 Anti-imaging filter

The sampled and held nature of +the signal at the
output of the SC bandpass filter implies the multiplication
of the image response by the function sin(nf/Fs)/(nf/Fs).
This introduces a differential gain error over the
passband, which 1is negligible for narrow bandwidth
applications, and a larger midband gain error which is

expressed in terms of K and m as

(TK/m)

(5.5) ... a(dB) = -20log| —T—rroe
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For m=4, this gives a(dB)I-20l0g(K/0.9), for OdB reference
at DC. In order to compensate such sample and hold effect,
the AIF is required to have greater selectivity, and higher
midband gain, than its AAF counterpart. This is explained

in Fig.5.19 for the example of the selected image n=1+.
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F19.5.19: Illustration of the amplitude enhancement
of the image signals due to the
sample and hold effect

A flat gain of +14.89dB is required for compensation of the
midband gain error of a=-14.89dB at 0=Fs+f1. The
amplitude of the image signals whose frequencies are below
fO are enhanced by +14dB, at f1, and by +4.4dB, at Fs—f1,
due to a much smaller sample and hold attenuation.
Therefore, for the same anti-imaging and anti-aliasing
specifications, such image enhancement factors indicate the
extra attenuation that the AIF is required to provide, in
comparison with the AAF. On the other hand, for the
signals above the selected image, the selectivity of the
AIF may be lower than that of the AAF due to the extra

attenuation provided by the sample and hold function, as is

also illustrated in Fig.5.19.
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5.4.4 Sampling rate alteration

In order to employ continuous-time filters in the AAF
and AIF of a similar complexity as in the system describuod
in +the Section 5.3, it is required that Fs>16fo,
Therefore, the minimum factor of sampling rate reduction
required for the SC decimator in the AAF is M=16(n:1/m},
i.e. M=16n:4, for m=4. For the SC interpolator in the AIF,
the factor of sampling rate increase is L=M. A factor of
sampling rate alteration higher than the minimum M=L=16n:4
will relax the requirements of the continuous-time filters,
at the expense of some additional complexity of the SC

decimator and SC interpolator.

5.4.5% Characteristics of an SPFT system
for design and implementation
In order to describe aspects of the design of SPFT
systems, particularly with respect +to the decimator and
interpolator architectures, we shall consider the sC
bandpass filter in Section 5.2 with switching frequency
s=16KHz, thus midband frequency 1=4KHz (m=4) and -34dEB
bandwidth BW1=96Hz. For the 1realisation of a bandpass
response with -3dP relative bandwidth of 0.48% at midband
frequency fo=2OKHz, the SPFT system requires a Q-
enhancement factor of K=5, implying n=1+J and thus a
minimum factor of sampling rate alteration M=L=20. We
shall consider M=L=24, in which case the spectrum of the
frequency-translated signals (alias or image) for the
design of the decimator and interpolator is schematically

illustrated in Fig.5.20. The attenuation of the alias and
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Fig.5.21: Architecture of the SPFT system 1, employing
FIR SC bandpass decimator and interpolator

we consider three stages of sampling rate conversion,
namely decimation from the system input by factors of M=2,
M=4, and M=3, and complementary interpolation to the system
output by factors of L=3, L=4, and L=2. The optimisation of
the transfer functions of the SC decimator circuits, for
example, will be explained with reference to Fig.5.22. The
FIR SC highpass decimator with M=3, and with baseband from
DC to 3FS/2=24KHz, introduces notch frequencies at 4KHz
(alias frequency band A) and at 12KHz (alias frequency band
B), which are periodically repeated above 24KHz, as shown
in Fig.5.22-a. In Fig.5.22-b, the FIR SC lowpass decimator
with M=4, and with baseband from DC to 6FS=96KH2,
introduces notch frequencies at 28KHz (alias frequency band
C), at 68KHz (alias frequency band D) and at 76KHz (alias
frequency band E), which are periodically repeated abovc

96KHz. In Fig.5.22-c, the other FIR SC 1lowpass decimator,
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Fig.5.22: Illustration of the multinotch requirements
for the FIR SC decimator circuits. (a) Highpass
decimator for sampling rate reduction from
LB8KHz to 16KHz (M=3); (b) Lowpass decimator for
sampling rate reduction from 192KHz to 4BKHz
(M=4); {c) Lowpass decimator for sampling rate

reduction from 384KHz to 182KHz (M=2)
with M=2, and baseband from DC to 12FS=192KHZ, introduces a
notch frequency at 172KHz (alias frequency band F), which

is repeated at 212KHz. The

each SC decimator are given in Fig.5.23,

optimised impulse responses

of

which can then be
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implemented using the non-recursive polyphase dircct-form

SC decimator circuits shown in Fig.5.24.

Lowpass M=2 Lowpass M:=4 Highpass M:=3

1 fopJ2 3L _J2L 1L Jop e 2 J1t 1o} |3

—Vimar 22— —=41/152KHz b=— ~=HIBKHZ =
P 1/132KHz —=={ (o 14BKHZ po——————— 116KHZz —

1

Fig.5.24: FIR SC bandpass decimator M=2

The theoretical alias amplitude response of the
complete FIR SC bandpass decimator is shown in Fig. 5.25-a
(only the baseband from DC to 192KHz is shown). Fig.5.25-b
shows expanded amplitude responses in the vicinity of the
critical notch frequencies which are closest to the midband
frequency fo=20KHz of the system, i.e. at 4KHz, 12KHz,
28KHz, and 36KHz. The rejection achieved in the vicinity
of the notch frequencies decreases as the required notch
stopband bandwidth increases. In this system, the minimum
notch stopband bandwidth must be 96Hz, which encompasses
the -3dB bandwidth of the SC bandpass filter. In practice,
however, we have to consider a much wider notch stopband

bandwidth 1in order to take into account the unavoidable
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spread of 28.1 yielding a gain of 14.75dB in the SC
decimator, and in the system. The resulting normalised

capacitance values are also given in Table 5.4.

HPN =50 HPN-Q =20
s %
— |

B 24.5274 | A  15.0080
]
@lB  12.8618 | B 8.0227
(]

I 1 11

cC 71.1027 | € 28.0752
~|D 37.2853 | p 15.0080
1
wlE 1 E 1
-

G 1.5 G 1

Table 5.4: Normalised capacitance values for the
SC HPN biquads in the SPFT system 2

The measured frequency responses of both SC HPN biquads
realised with discrete component models are shown in
Fig.5.29. The FIR SC lowpass decimator M=4 and the FIR SC
lowpass interpolator L=4 employing non-recursive polyphase

direct-form structures were experimentally demonstrated in
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Fig.5.29: Measured baseband amplitude responses
of the SC HPN biquads
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the previous Chapter (respectively in Fig.4.25, and
Fig.4.30, in Section 4.5). The measured baseband amplitude
response of the FIR SC lowpass decimator, for example, 1is
repeated in Fig.5.30. The resulting measured overall
amplitude response of the complete SC bandpass decimator
M=12 1is given in Fig.5.31. A similar bandpass amplitude

response is obtained for the interpolator.
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Fig.5.30: Measured baseband amplitude response
of the FIR SC lowpass decimator M=4
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Fig.5.31: Measured overall baseband amplitude response
of the complete SC bandpass decimator M=12
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Decimator Bandpass | Interpolator SPFT

LP HPN Filter HPN Lp System
C-spread 4 28.1 87.8 71.1 3.2 87.8
Total-C 19 69.2 884 149.3 26.1 1147.6

Table 5.5: Capacitance spread, and total normalised
capacitance of the SPFT filter system 2

-=-=- SC BP Filter : fy= 4KHz 0d8B
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Fig.5.33: Measured amplitude responses, and noise
performances, of the SPFT system 2, and
of the SC bandpass filter alone at &4KHZz

filter alone with midband frequency of 4KHz. The increased
stopband attenuation of +the SPFT system is due to the
attenuation of the SC decimator and interpolator. The
noise measurements of the SC bandpass filter alone, and of
the SPFT filter system are also shown for comparison
(measuring bandwidth of 10Hz). The passband noise of the
SC bandpass filter is preserved in the passband of the SPFT
filter system, which corresponds to a dynamic range of

about 75dB. In the frequency bands corresponding to the
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interpolator architectures. Such a requirement for high
operating speed can be achieved without too much difficulty
because of the non-recursive nature of FIR SC circuits
available for implementation.

The advantage of JIIR SC circuits results from their
recursive nature, which allows high selectivity amplitude
responses to be achieved with low order circuits using much
simpler switching schemes. But, on the other hand, IIR SC
circuits need more OA's, and occupy much larger areas of
silicon than FIR SC circuits. Besides, they are also more
affected by amplifier imperfections. Therefore, IIR SC
circuits will be employed for operation below the operating
frequency range of FIR SC circuits, where their selectivity
advantage easily complements +the poorer selectivity of

simple FIR SC circuits.

5.7.2 System architecture

Bearing in mind the above characteristics of the FIR
and IIR SC circuits, we shall now consider an SPFT system
with +the architecture shown in Fig.5.34. As 1in the
architecture of SPFT system 1, we consider an FIR SC
lowpass decimator M=2 and an FIR SC 1lowpass interpolator
L=2, 1in order to obtain a high sampling rate of 384KHz at
the input and at the output of the system. With respect to
the previous architectures for decimation, for example, we
have now replaced the cascade of SC 1lowpass and highpass
decimators with sampling rate reduction factors of M=4 and
M=3, respectively, by one SC bandpass decimator with factor

M=12 of sampling rate reduction. In complement to this
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Fig.5.34: Architecture of SPFT system 3, for high
operating speed, and improved rejection
of the wunwanted alias and image signals

decimator, we have also an SC bandpass interpolator with a
factor L=12 of sampling rate increase. Such decimator and
interpolator are implemented using IIR SC circuits
consisting of the cascade of a highpass notch (HPN) biguad

and a lowpass notch (LPN) biquad, as shown in Fig.5.35.

65 G1
o—2 ¢4+

{———— 1/192KHz ————»f

T LTIz

Fig.5.35: Cascade of an SC HPN biquad and an
SC LPN biquad, with Type-A switching
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Fig.5.37. The two interstage sample and hold circuits are
needed in order to guarantee the required input and output
sampling conditions of the sC circuits. A fully
synchronised switching scheme would have eliminated such
sample and hold circuits but, on the other hand, it would
not have provided a capability for independent programming
of the switching frequency of the SC decimator and of the
SC interpolator, which we require for demonstrating further
applications of the SPFT system in +the next Section. A
discrete component model of the system was constructed
using CMOS 4016 analogue switches, CMOS 7611 OA's for the
SC bandpass filter and for +the IIR SC decimator and
interpolator circuits, BiMOS 3140 OA's for +the FIR SC
circuits and standard CMOS digital components for the
switching circuitry. The capacitance spread and total
normalised capacitance for each SC circuit, and for the

complete system, are given in Table 5.9.

SC Decimator SC Bandpass| SC Interpolator SPFT
FIR LPN HPN Filter HPN LPN FIR System

C-spread | 3.8 38.1 38.1 87.8 37.3 37.3 3.8 87.8
Total C 11.5 |112.3 76.0 884.0 71.2 }1117.4 | 15.4 1287.8

Table 5.9: Capacitance spread, and total normalised
capacitance in the SPFT filter system 3

The anti-aliasing performance of the complete SC
bandpass decimator M=24 in +the SPFT system, which is
measured using an appropriate alias sweeping mode, is shown

in Fig.5.38. Fig.5.38-a shows the measured alias response
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Fig.5.38: (c) Measured overall anti-aliasing characteristic
of the complete SC bandpass decimator M=24%

response shown in Fig.5.38-b, rejects the remaining alias
signals at 172KHZ, and at 212KHz. The overall anti-aliasing
characteristic of this SC decimator is shown in Fig.5.38-c.
In such measurements, the sample and hold function affects
only the detection of the signals in the baseband from DC
to 96KHz, and thus no notch frequencies appear at 192KHz or
at 384KHz. The overall anti-imaging characteristic of' the
IIR SC bandpass interpolator L=24, which is measured using
an appropriate image sweeping mode, is shown in Fig.5.39.
This is shaped by the sample and hold function
corresponding at the high rate 12Fs=192KHz, éhich produces
the notch frequencies at 192KHz and at 384KHz. The gain of
14.89dB at midband frequency fo=20KHz is required for
compensation of the sample and hold effect at lower

sampling rate FS=16KHz. Such effect also contributes to
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Fig.5.39: Measured overall anti-imaging characteristic
of the complete SC bandpass interpolatour L=2¢

attenuate all the 1image fregquency-translated components
above the midband frequency, yielding a minimum rejection
of 55dBE. Overall and expanded measured amplitude
responses, and noise performance, of the SPFT system at

20KHz are given in Fig.5.40 and in Fig.5.41, respectively.

[dB]

GAIN
)

18 ) 20 o 2
FREQUENCY [KHZ]

Fig.5.40: (a) Measured overall amplitude response
of the SPFT filter system 3
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Midband frequency 20.007KHz
Gain 1.7a88
-3dB bandwidth S7Hz
Stopband rejection >42dB
Power supply *5v
Maximum input signal 1Vrms
Dynamic range 7848
Aliasing rejection (<364KHz) >50dB
Imaging rejection (<364KHz) >50dB
Table 5.10: Experimental results of the

SPFT SC bandpass filter system 3

anti-aliasing and anti-imaging specifications, as was also

shown with their measured responses.

5.8 FURTHER APPLICATIONS OF SPFT SYSTEMS

5.8.1 Programmable Q-enhancement factor

We can program the SPFT filter system considered in
the previous Section for a Q-enhancement factor K=3, as
illustrated in Fig.5.42. The switching frequency of the SC
bandpass decimator and interpolator has been reduced by a
factor of 3/5, from 384KHz to 230.4KHz, in order to select
the system midband frequency £ _ =12KHz. The corresponding
-3dB relative bandwidth is ©0.8%. The two consecutive
frequency translations with spectral inversion 1lead to a
direct correspondence between the spectra at the input and
at the output of the system, but the shape of the bandpass
amplitude response corresponding to the inverted image at
12KHz will be inverted. Since we do not provide +the means

for adjusting the gain of the SC interpolator, the sample
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b e —————y

Fe 2F,

Fig.5.42: Illustration of the operation of the SPFT filter
system with K=3: frequency-translated filtering
with double spectral inversion

and hold effect will be overcompensated, which gives a
midband gain of +4.4dB for the filter system. An expanded
amplitude response, and the noise performance, of the SPFT
SC bandpass filter system at 12KHz are shown in Fig.5.43.
The 50dB rejection of +the alias and image signals is

obtained up to 230.4KHz-12KHz.
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Schematic illustration of the operation of
the SPFT SC system (a) as an SSB generator,

corresponding to an upwards frequency-
translation with spectral inversion, and
{(b) as an SSB detector, corresponding to a

downwards frequency-translation also with
spectral inversion



314

responses of the SPFT system in such operating modes are
illustrated in Fig.5.45. TFor the response of the SSB
generator, shown in Fig.5.45-a, the synthesised signal
generator sweeps upwards from 11.5KHz to 12.5KHz
corresponding to the input frequency band of the system,
while +the synthesised spectrum analyser sweeps downwards

from 20.5KHz to 19.5KHz corresponding to the output
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Fig.5.45: Measured amplitude Tresponses of the SPFT
SC system operating (a) as an SSB generator,
and (b) as an SSB detector
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In order to understand the operating principles of NP
SC filter systems using bandpass path filters, we shall
review first, in Section 6.2, the spectral characteristics
of SC NP filters, using the common background introduced in
Chapter 2 to describe the alias and image frequency-
translated responses of SC filters. 1In Section 6.3, we
explain the two basic methods of providing rejection of the
alias and 1image frequency components in such systems,
namely, by outphasing in +the SC NP filter and by
attenuation by means of the AAF and AIF. The combination of
these two methods for eliminating the alias and image
frequency components has important implications concerning
the system architecture, mainly with respect to the
characteristics of +the AAF and of the AIF, some of which
are explored in a preliminary way in Section 6.4. Section

6.5 summarises the Chapter.

6.2 SPECTRAL CHARACTERISTICS OF SC NP FILTERS

As we saw in Section 1.6, an SC NP filter is formed by
N identical SC path filters with switching frequency Fs’
which are sequentially connected between +the input and
output terminals during a fraction 1/NFS of the switching
period 1/Fs, as shown in the model for N=3 in Fig.6.1.
Each SC path filter possesses the alias and image
frequency-translated responses symbolically illustrated in
Fig.6.2, where the sample and hold function
(1/N)(sin(nf/NFs)/(nf/NFs)) reflects the reduced hold +time

interval 1/NFS of the output signal.
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Fig.6.1: SC N-path filter model (N=3)

-t

Baseband response of the SC path filters

1 sin{T/NFg)
N Iri/NFg)

Fig.6.2: Symbolical representation of the alias and

image frequency-translated responses of an

SC path filter with switching frequency FS

and hold time interval 1/NFs

In order to obtain, for example, the overall alias
response of the SC 3-path filter we consider N=3 aliasing
measurements. In the first one of these measurements, we
employ the alias sweeping mode given in Fig.6.3-a

corresponding to the detection of output discrete-time

frequency components f1 in the frequency band from DC to
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sweeping mode; (b) Relative pRasing of the
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frequency components f3 in the frequency band from Fg to
3Fs/2' By combining Fig.6.3, Fig.6.4 and Fig.6.5, we can
represent symbolically the overall alias response of the SC
3-path filter as illustrated in Fig.6.6, showing the
multiband baseband response below the Nyguist frequency

3PS/2 and the corresponding frequency-translated multiband

responses above 3Fs/2.
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Fig.6.5: Alias response of the SC 3-path SC filter
in the frequency band from FS to 3Fs/2
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6.3 PRINCIPLES OF OPERATION OF NP SC FILTER
SYSTEMS USING BANDPASS PATH FILTERS

6.3.1 General principle

In the conventional SC NP filters reviewed in Section
1.6, using lowpass and highpass path filters, the desired
bandpass response 1is formed by the Jjoining of two
frequency-translated bands around Fs (or multiples of FS)
and around Fs/2 (or odd multiples of FS/Z), respectively.
Because of the problem of path mismatch, and, consequently,
incomplete cancellation of unwanted frequency-translated
components, this manner of producing the desired bandpass
response is subject to the effect of mirror frequency
components arising in the passband. As we illustrated in
Fig.1.18, and Fig.1.20, this consists of signals in one
half of the passband generating unwanted frequency-
translated signals in the other half of the passband,
which, therefore, can not be attenuated by an AAF and an

AIF.

NP filters using bandpass path filters were proposed
in the context of time-varying active-RC networks in order
to overcome the undesirable effect of inband mirror
frequency components [6.3]-[6.5]. 1In the case of bandpass
path filters, the bandpass response is formed by only one
frequency-translated band, rather than the joining of 