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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%).



ACKNOWLEDGEMENTS

I would like to express my gratitude to my supervisor
Dr. D. Haigh for +the opportunity to undertake this
research, and for advice and for many discussions during
the course of this work. I am especially grateful for
valuable contributions to the preparation of the papers
produced during this research, which rendered the writing
of this thesis, to which he also made hélpful suggestions,
an easier task. Also, I would like to thank Dr. J. Rollett
of British Telecom Research Laboratories for his interest
and support throughout the development of this work. Many
thanks are due to Professor R. Spence for the facilities

provided.

I would also like to express my gratitude to Professor
M. de Medeiros Silva of Instituto Superior Técnico,
Universidade Técnica de Lisboa, for encouragement and for
many patient discussions and helpful comments and

suggestions.

The sponsorship of this work by British Telecom is
gratefully acknowledged. I also acknowledge 1Instituto
Superior Técnico for allowing me three years leave for the
purpose of working for this degree, and Instituto Nacional
de Investigacdo Cientifica for meeting the <cost of

producing this thesis.



TABLE OF CONTENTS

TITLE PAGE

ABSTRACT

ACKNOWLEDGEMENTS

TABLE OF CONTENTS

LIST OF FIGURES AND TABLES

1.

1.

CHAPTER 1: INTRODUCTION

Introduction and General Aim

Switched-capacitor Filtering

1.2.1 SC resistor

1.2.2 MOS operational amplifiers
1.2.3 SC integrator and time constant

Imperfections of SC Circuits
1.3.1 Grounded parasitic capacitances
1.3.2 Accuracy of capacitance ratios

Time-Domain Analysis of SC Circuits

Design Methods of SC Filters

1.5.1 Filter structures

1.5.2 Discrete-time transfer functions
1.5.3 Basic building blocks

e-of-the-art SC Narrow Bandpass Filtering

1 Conventional SC bandpass filters

2 SC N-path filters .

3 A summary of some practical
realisations of SC bandpass filters

tat

— aaln

a
.6.
.6.
.6.
Purpose of Research

Statement of Originality

References

CHAPTER 2:

2.1 Introduction

2.2 Spectral Characteristics of SC Filters

SC filter model

Sampling operation: aliasing and imaging
Discrete-time charge processor

Hold effect

Interpretation of the discrete-time
output spectrum of an SC filter

NN N
NNMNNNDN
b WN =

PRINCIPLES OF OPERATION OF SC FILTER SYSTEMS

N Wa

17

20
20
21
22

25
25
29
32
37
37
40
42
48
49
52
57
59
63

66

717

78
78
78
85
87

88



2.3 Fundamental Aspects of SC Filter Systems 93
2.3.1 Modes of operation 93
2.3.2 Anti-Aliasing Filter 96
2.3.3 Anti-Imaging Filter 97
2.3.4 Technological constraints of

continuous-time AAF and AIF 98

2.4 AAF and AIF With Increased Selectivity 100
2.4.1 AAF with SC decimator 100
2.4.2 AIF with SC interpolator 102
2.4.3 Filtering characteristics of

SC decimators and interpolators 104

2.5 Optimum FIR Transfer Functions for

Decimation and Interpolation 107
2.6 Summary 111
References 114

CHAPTER 3: SIGNAL FLOW GRAPH GENERATION OF SC BIQUADS
AND DESIGN OPTIMISATION
FOR MINIMUM CAPACITANCE SPREAD

3.1 Introduction 119
3.2 Derivation of General SFG's for SC Integrators 121
3.2.1 Ssingle-phase SC integrators 121
3.2.2 Double-phase SC integrators 123
3.3 Development of SC Biguad Building Blocks 128
3.3.1 Quadratic denominator function 128
3.3.2 Quadratic numerator function 132
3.3.3 Biquadratic transfer functions 137
3.4 sC Biquads with Bilinear Transformed
Transfer Functions 142
3.4.1 Design equations 142
3.4.2 Estimation of sensitivities 146
3.5 Principles for the Analysis of Capacitance Spread 150
3.5.1 Definitions and Operations 150
3.5.2 Loop voltage magnification and loop gain 154
3.5.3 Capacitance loop spread 155
3.6 Design of SC Bandpass Bigquads for
Minimum Capacitance Spread 159
3.6.1 Capacitance set spreads 159
3.6.2 Optimum switching frequency 162
3.6.3 Optimum switching frequency versus gain 164

3.7 Design Examples 166



3.8 Summary 170

References 172

CHAPTER 4: SC DECIMATOR AND INTERPOLATOR CIRCUITS
FOR APPROXIMATIONS BASED ON OPTIMUM
FIR TRANSFER FUNCTIONS

4.1 Introduction 177
4.2 SC Recursive Quadratic Structures 179
4.2.1 Design examples 179
4.2.2 Speed limitation 182
4.3 Non-Recursive Polyphase Structures
for Decimation and Interpolation 183
4.3.1 Polyphase structure for decimation 183
4.3.2 Polyphase structure for interpolation 187
4.4 SC Building Blocks for Polyphase Structures 190
4.4.1 General structures 190
4.4.2 SC accumulator 194
4.4.3 Direct-form SC elements 197
4.4.4 Multiplexed SC elements 201
4.4.5 Memoried SC elements 204
4.5 Design Examples of Non-Recursive Polyphase
SC Decimators and Interpolators 205
4.5.1 Single-stage SC decimator M=4 206
4.5.2 Cascade SC interpolator L=4 208
4.5.3 Single-stage SC interpolator L=4 213
4.5.4 Practical considerations 217
4.6 Design of Decimators and Interpolators With
Combined SC Bigquad-SC Polyphase Structures 219
4.6.1 SC decimator M=3 220
4.6.2 SC interpolator L=3 224
4.7 Summary 227
References 229

Appendix: Non -Ideal Effects in Non-recursive
SC Polyphase Structures 231

CHAPTER 5: DESIGN AND EVALUATION OF SC BANDPASS
FILTER SYSTEMS WITH BASEBAND AND
FREQUENCY-TRANSLATED OPERATING MODES

5.1 Introduction 247

5.2 Design and Evaluation of an SC Bandpass Filter 249
5.2.1 Coupled SC biquad structure 249



10

5.2.2 Design with optimum switching frequency
yielding minimum capacitance spread 254
5.2.3 Evaluation by computer simulation 257

5.3 SC Bandpass Filter System

With Baseband Operating mode 261
5.3.1 System architecture and circuits 261
5.3.2 Experimental evaluation 270

5.4 Single-Path Frequency-Translated (SPFT)

SC Bandpass Filter Systems 275
5.4.1 Architecture, operating mode,

and properties 275
5.4.2 Anti-aliasing filter 278
5.4.3 Anti-imaging filter 279
5.4.4 Sampling rate alteration 281
5.4.5 Characteristics of an SPFT system

for design and implementation 281

5.5 SPFT SC Bandpass Filter System 1: A case study
using fully FIR decimator and interpolator 282

5.6 SPFT SC Bandpass Filter System 2: Experimental
demonstration using a simplified architecture 290

5.7 SPFT SC Bandpass Filter System 3: Efficient

design for high quality filtering applications 297
5.7.1 FIR versus IIR SC circuits for

decimation and interpolation 297

5.7.2 System architecture 298

5.7.3 Experimental evaluation 303

5.8 Further Applications of SPFT Systems 310

5.8.1 Programmable Q-enhancement factor 310

5.8.2 SSB generator and detector 312

5.9 Summary 316

References 319

CHAPTER 6: PRELIMINARY INVESTIGATION OF SC N-PATH
FILTER SYSTEM ARCHITECTURES FOR ULTRA
NARROW BANDPASS RESPONSES

6.1 Introduction 323
6.2 Spectral Characteristics of NP SC Filters 324
6.3 Principles of Operation of SC NP Filter
Systems Using Bandpass Path Filters 330
6.3.1 General principle 330

6.3.2 Single-path operation: rejection of alias
and image frequency components provided by
outphasing and attenuation 331



1

6.4 Examination of Possible System Requirements
6.4.1 Baseband operating mode
6.4.2 Frequency-translated operating mode
6.5 Summary
References
CEHAPTER 7: CONCLUSIONS AND SUGGESTIONS FOR
POSSIBLE FURTHER WORK

7.1 Discussion of Results

7.2 Suggestions for Possible Further work

335
335
337
342

344

345

352



12

LIST OF FIGURES AND TABLES

CHAPTER 1
Figures Page Figures Page
1.1 17 1.12 44
1.2 20 1.13 46
1.3 23 1.14 47
1.4 25 1.15 50
1.5 26 1.16 51
1.6 27 1.17 53
1.7 28 1.18 54
1.8 30 1.19 55
1.9 31 1.20 56
1.10 32 1.21 57
1.11 34
Tables Page
1.1 41
1.2 58
CHAPTER 2
Figures Page Figures Page
2.1 78 2.12 92
2.2 79 2.13 93
2.3 82 2.14 94,95
2.4 83 2.15 97
2.5 84 2.16 100
2.6 84 2.17 101
2.7 86 2.18 102
2.8 87 2.19 103
2.9 89 2.20 105
2.10 90 2.21 108
2.11 91 2.22 110
Tables Page
2.1 109
2.2 111
CHAPTER 3
Figqures Page Figures Page
3.1 122 3.7 133
3.2 124 3.8 136
3.3 126 3.9 137
3.4 127 3.10 138
3.5 130 3.11 150
3.6 131 3.12 151



13

LIST OF FIGURES AND TABLES (Continued)

CHAPTER 3

Fiqures Page Figures Page
3.13 151 3.19 163
3.14 153 3.20 164
3.15 153 3.21 165
3.16 158 3.22 167
3.17 159 3.23 169
3.18 162

Tables Page Tables Page
3.1 140 3.6 147
3.2 140 3.7 148
3.3 141 3.8 166
3.4 144 3.9 168
3.5 145

CHAPTER 4

Fiqures Page Fiqures Page
4.1 179 4.25 209
4.2 180 4.26 210
4.3 182 4.27 211
4.4 184 4.28 212
4.5 185 4.29 213
4.6 186 4.30 214
4.7 187 4.31 215
4.8 188 4.32 216
4.9 189,190 4.33 217
4.10 190 4. .34 220
4.11 191 4,35 222
4.12 192 4. 36 223
4.13 193 4.37 225
4.14 195 4.38 226
4.15 196 A4 .1 232
4.16 199 A4.2 234
4.17 200 aA4.3 235
4.18 201 Ad.4 236
4.19 202 A4.5 237
4.20 203 Ad.6 239
4.21 204 A4.7 240
4.22 205 A4.8 241
4.23 206 A4.9 243
4.24 207

Tables Page Tables Page
4.1 181 4.4 225
4.2 221 4.5 226
4.3 223



Figures

OOJAUMDWN -

oo oo
-
N

Tables

Figures

AN DN

NSO WN -

oo,

Vb WN A

14

Hawls M oo A e

CHAPTER 5
Page Fiqures
249 5.25
251 5.26
253 5.27
256 5.28
258 5.29
259,260 5.30
262 5.31
263 5.32
264 5.33
265 5.34
266 5.35
268 5.36
269 5.37
271 5.38
272,273 5.39
273 5.40
276 5.41
279 5.42
280 5.43
282 5.44
283 5.45
284 5.46
285 5.47
286
Page Tables
255 5.6
272 5.7
274 5.8
292 5.9
296 5.10
CHAPTER 6
Page Fiqures
325 6.8
325 6.9
327 6.10
327 6.11
328 6.12
329 6.13
329 6.14

Page

287
288
290
291
292
293
293
295
296
299
299
301
304
306,307
308
308,309
309
311
312
313
314
315
316

Page

331
. 332
333
334
337
339
341



15

CHAPTER 1

INTRODUCTION

INTRODUCTION AND GENERAL AIM

SWITCHED-CAPACITOR FILTERING

1.2.1 SC resistor

1.2.2 MOS operational amplifiers
1.2.3 SC integrator and time constant

IMPERFECTIONS OF SC CIRCUITS
1.3.1 Grounded parasitic capacitances
1.3.2 Accuracy of capacitance ratios

TIME-DOMAIN ANALYSIS OF SC CIRCUITS

DESIGN METHODS FOR SC FILTERS

1.5.1 Filter structures

1.5.2 Discrete-time transfer functions
1.5.3 Basic building blocks

STATE-OF-THE-ART SC NARROW BANDPASS FILTERING

1.6.1 Conventional SC bandpass filters

1.6.2 SC N-path filters

1.6.3 A summary of some practical
realisations of SC bandpass filters

PURPOSE OF RESEARCH

STATEMENT OF ORIGINALITY



17

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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parasitic capacitances can not be predicted exactly, they
may impair the accuracy of +this SC integrator and, in
general, of SC circuits using this type of SC branch, which
is known as the Toggle-Switched Capacitor (TSC) [1.35].
Nevertheless, TSC branches may still be employed whenever
their effect on the operation of SC circuits can be

neglected.

A solution +to eliminate +the effect of the above
parasitic capacitances 1is to consider +the Parasitic-
Compensated Toggle-Switched Capacitor (PCTSC) branch shown

in the SC integrator of Fig.1.6 [1.36]. As we saw before,

Fig.1.6: SC integrator with PCTSC branch

the parasitic capacitances Cp1 and C do not affect the

p5
operation of the circuit. The parasitic capacitance sz is
also unimportant because in phase 1 it is charged to the
input voltage, and, in phase 2, it is discharged to zero
it

voltage. For the parasitic capacitances Cp and C

3 p4d’
can be shown that their effect is eliminated by a mechanism

of compensation requiring [1.36]

(1.5) ... — = —



28

In this case it suffices to ensure that the parasitic
capacitances are matched, rather than having to know their
absolute values as before. In practice, however, this
renders the layout of such SC circuits rather critical and
thus PCTSC branches are employed only when the accuracy of

TSC branches is inadequate (e.g. [1.37]).

The SC integrators shown in Fig.1.7-a and in Fig.1.7-b
[1.38] contain SC branches, respectively known as Toggle-
Switched Inverter (TSI) and Open Floating Resistor (OFR)
[1.35], whose effective capacitance values are not affected

by grounded parasitic capacitances.

{b)

Fig.1.7: SC integrators insensitive to grounded
parasitic capacitances. (a) TSI branch
(positive integrator); (b) OFR branch

(negative integrator)

In general, in order to design SC filtexr circuits which are

insensitive to grounded parasitic capacitances it is
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required to satisfy the following constraints [1.39]:

1.In each switch phase of an SC circuit, the nodes of the

circuit must be connected to ground, to the virﬁual ground
and outout terminal of the OA's, or to the input terminals.
2. A plate of a capacitor must never be switched between
virtual ground and either an input terminal or the output

terminal of an OA.

The SC integrators in Fig.1.7 are commonly designated
parasitic-insensitive SC integrators. 1In strict sense such
designation is accurate only when referring to the grounded
parasitic capacitances considered in the above discussion.
Other parasitic capacitances, such as those associated with
the control terminals of the analogue switches, also affect
the operation of the SC integrators, mainly with respect to
the DC offset voltage and harmonic distortion [1.40]. It
has been found that such effects are critically dependent
on the characteristics of the switching waveforms of the SC
integrators, and can be substantially reduced by adopting

appropriate switching schemes [1.40].

1.3.2 Accuracy of capacitance ratios

In the so called parasitic-insensitive SC integrators,
in Fig.1.7, the accuracy of the +time constants is
essentially determined by the ratio between two capacitance
values. The capacitance values in an MOS IC depend on the
areas of the corresponding capacitors and also on the oxide
capacitance per unit area, Cox' as illustrated in Fig.1.8
[1.71,01.11],[1.41]. For small capacitor areas (e.g. A1,A2

<2500um2) we can assume that COx is uniform and hence the
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Fig.1.8: Geometric aspects of MOS capacitors
and capacitance ratio

capacitance ratio a=C,/Cc, is determined by the ratio
between the areas of +two capacitors, i.e. u=A1/A2. The
accuracy of small capacitor areas, and therefore their
ratio, is affected by edge errors due mainly to uniform
undercut (over-etching) and, to a less extent, to random
edge variation (mask defects, photolithographic
innaccuracies), as illustrated in Fig. 1.9-a [1.41],[1.42].
In practice, such errors imply a minimum capacitor area in

an IC SC filter of typically about 4OOpm2

[1.7], because
below this 1limit the accuracy degrades considerably. One
remedy for minimising the effect of edge errors in MOS
capacitors is to increase their areas, in which case the
errors due to capacitance oxide variations, Fig.1.9-b,
become larger [1.41],[1.43]. Large capacitor areas also

increase the total silicon area required for implementation

which, in turn, reduces the yield and increases the cost of
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(a) Random
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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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1.4 TIME-DOMAIN ANALYSIS OF SC CIRCUITS

The SC circuits that we shall consider in this thesis
consist, in general, of the interconnection of simpler SC
subcircuits with the single amplifier structure shown in
Fig.1.10, comprising a number of feedforward and feedback

branches with switched and unswitched capacitors.

! CLOCK
GENERATOR
Feedback
Branches

/P —— —— -~ o/P
°-——| o e [N X ) Q

400 400

T T
Feedforward -
Branches

Fig.1.10: General single amplifier SC structure

The switched-capacitor branches may operate with wuniform
two-phase switching schemes, i.e. two switching waveforms
with the same duty-cycle1 and with the same switching

period, as 1in the previous SC integrators, or they may
require arbitrary multiphase switching schemes with
different duty-cycles and even different switching periods.
In either case, it is desirable to obtain +the transfer

function of such single amplifier SC circuits in a

1
The duty-cycle of the switching waveform is the time

when it is high relative to the switching period.
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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



36

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



MAPPING WARPPING EFFECT
Continuous-time|  Discrete-time

TRANSFORMATION F(z)

34

"/// w T,
Backward 1.(1-27")
Difference(BD) Ts 1
Y Y
Forward 1_,(1-2") ‘”
-
Difterence(FD) Ts \ 2 1
iﬁ"m
Lossless » 4%
Discrete —1-(1;2—)
T z-l/? ——
Integrator (LDI) s
- w
-1
BiLinear (BL) 2, (_1;2_)
T \1+Z

Table 1.1: Definitions, and illustration of mapping characteristics of
§-to-Z transformations
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of the continuous-time left-half plane maps outside the
unit circle. The LDI +transformation [1.62] maps only a
portion of the j® axis onto the unit circle, hence it does
not preserve the overall continuous-time fregquency
response. The LDI transformation may be utilised when
WTS<<1 (e.g. [1.9]), otherwise it leads to errors of the
frequency response which are not tolerable for high-quality
sc filters. The BL transformation, on the contrary, maps
the entire jo axis onto the unit circle and therefore it
does preserve the shape of the continuous-time frequency
response, both in the passband, and in the stopband. This
property 1is indispensable when the ratio of the switching
frequency to the band-edge frequency of the SC filter 1is
low, which is usually the <case 1in highly selective SC
filters such as those considered in this thesis. In
Chapter 3, and in Chapter 5, we shall consider in detail
the use of the BL transformation to derive the desired
discrete-time transfer function of SC filters, paying
special attention to the frequency warping effect that is

also indicated in Table 1.1.

1.5.3 Basic building blocks

The basic building blocks considered here are employed
to implement SC filters with the following characteristics:
(i) they utilise a ladder structure with 1low sensitivity
with respect to variations of the component values and (ii)
they employ the BL transformation for derivation of the
discrete-time transfer function, yielding accurate mapping

of the desired continuous-time frequency response. scC
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filters with such characteristics are usually called

bilinear SC ladder filters [1.63]-[1.69].

One method for realisisng bilinear SC 1ladder filters
is by component simulation of an LCR ladder prototype
filter [1.64]. This consists of replacing each component
L, C and R of the continuous-time prototype by their
corresponding bilinear discrete-time one-port SC circuits.
In this method, the OA's are needed only to implement the
bilinear SC inductor and thus the resulting SC filters
employ a reduced number of OA's (equal to the number of L's
in the original LCR prototype). However, such SC filters
are affected by parasitic capacitances and therefore this
method is not practically useful for realising high-quality

SsC filters suitable for MOS IC fabrication [1.64].

There are several methods available in the 1literature
for +the design of parasitic-insensitive bilinear SC ladderx
filters [1.63],[1.65]-[1.69]. These methods are called
operational simulation methods because the SC building
blocks simulate equations of the corresponding LCR
prototype filter. Such simulation, and the corresponding
SC building blocks, may have different forms depending on a
particular choice of variables.

(a) Lee/Temes/Chang/Ghaderi (LTCG) method [1.65]-[1.68]:

The LTCG method is based on the simulation of the bilinear
discrete-time equations relating +the voltage and the
incremental charge of inductors, capacitors and resistors
of an LCR prototype filter, as illustrated in Fig.1.12-a.

The incremental charge AQ(Z) represents the charge Q(2Z)
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Fig.1.12: (a) Discrete-time equations and, (b) building
blocks in the LTCG operational simulation method
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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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SC building block for implementation
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corresponding to (a) generalised impedances
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an LCR prototytpe filter: (c) General SC

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



52

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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(N=2), Fig.1.19-a, in order to obtain a bandpass response

centred at f°=Fs/2. In this case, the bandpass response is
formed by the joining of the baseband and the adjacent
frequency-translated band of the path filters, as shown in

Fig.1.19-b. Due to path mismatch, the mirror frequency

SC HP PATH FILTERS
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Fig.1.19: (a) SC NP filter model (N=2) wusing highpass path
filters; (b) Illustration of the formation of the
bandpass response, by the joining of the baseband

and the adjacent frequency-translated band

components which occur at FS/ZtAf, also 1lead to the
generation of unwanted frequency-translated components in
the passband (when Af is small), as illustrated in the
examples of Fig.1.20-a and Fig.1.20-b. This type of SC NP
filter is, however, immune to the effect of clock

feedthrough, which occurs outside the passband.

In order to eliminate the undesirable effect of mirror
frequency components in NP filters, Fettweis and Wupper

introduced the concept of pseudo NP filters [1.86], which
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was subsequently applied to the realisation of SC pseudo NP

filters [1.87

J,[1.88],[1.68].
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Fig.1.21: Schematic representation of a pseudo NP filter
with multiplexing of a single path filter

cancellation of unwanted mirror frequency components, their
level may still be +too high for applications with high
dynamic range [1.88],[1.68]. In addition to this problemn,
the dynamic range of SC pseudo NP filters is further
aggravated because the SC circuits have been found to have
poor noise performance, compared with true SC NP filters

and conventional SC filters [1.89].

1.6.3 A summary of some practical

realisations of SC bandpass filters

Table 1.2 summarises some aspects of the most relevant
practical realisations of SC bandpass filters we are aware
of. According to the degrees of difficulty defined earlier,
all these SC bandpass filters have NB bandpass responses.
Conventional SC bandpass filters have been preferably
employed for the realisation of NB bandpass responses down
to about 3%. For NB bandpass responses around 1%, SC NP
filters have been employed instead. The SC bandpass filters
indicated in 2, 6, 7, 8 and 10, are considered in the
context of a complete SC bandpass filter system, which can

be implemented in integrated <circuit form using simple
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REFERENCE

: LAﬁgzzngagzﬁilon 950 Wz 10.54% @ ~0.25 db Geneizg g;ig;eter CZ;EZEEEi MARTIN et al [1.63)
’ LAgggXE:I;SﬁQ;ION 10 KHz lo* @ -0.5 db gﬁgbiiﬁiﬁ cziigﬁiﬁi HatGi et al [1.90)
3 N=§SESSOPAZZ Eﬂigis 2 KHz 10+ @ -0.178dB g:'l‘:gifzr Cg ;;gf‘zﬁ‘t’ GHADERI et al [1.88)
T I [ e T TR
’ N=§Sﬁgggp:gsF;TzigRs 1 Knz 4% @ -0.178dB S;Tinggr cgiiiﬁiﬁi GHADERI [1.68]
sommmem T T s s w | e | et | s o0
T T e v 0w | e e | e 1.0m
8 LAggggE:T;322¥ION 260 KHz* 2.77% @ -3 dB z;Tigiiir Ig:igiited CHOL et al [1.78]
9 NP FILTER Integrated

N=2 HIGHPASS FILTERS 1 KHz 1.27¢ @ -3 dB 2nd order O DESSOULAVYet al [1.85]
N Y Y R T R
" 4-4 LoWPASS PILTERS 10 Kitz 0.95% @ -0.1 ap Chebpeho Component | AMLSTOT et al (1.80)

*

Application for intermediate frequency filter in radio receivers

Table 1.2

: Aspects of some practical realisations of SC bandpass filters
with narrow relative bandwidths
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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
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(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



63

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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- In Chapter 3, the systematic procedure for the generation
of SC bigquads using signal flow graph techniques and the
concept of optimum switching frequency 1leading to the
design of SC biguads with absolute minimum capacitance
spread. The design of an SC bandpass filter with optimum
value of the switching fregquency, and the resulting system
implications of this, have been discussed in

[J.E.FRANCA, "Decimators and Interpolators for Narrowband

Switched-Capacitor Bandpass Filter Systems”, in Proc. IEEE
ISCAS'84, pp.789-793, Montreal, Canada, May 1984])

- In Chapter 4, the work concerned with the design of SC
decimator and interpolator circuits with optimum multinotch
approximations for application of NB and VNB SC bandpass
filter systems. In particular, we emphasise the
comprehensive procedures intro@uced for the design of non-
recursive polyphase SC structures for decimation and
interpolation, which is the subject of the paper
[J.E.FRANCA, "Non-recursive Polyphase Switched-Capacitor

Decimators and Interpolators”, to be published in the IEEE
Trans. on Circuits and Systems]

- In Chapter 5, the design of NB and VNB SC bandpass filter

systems, respectively with baseband and frequency-
translated operating modes, employing efficient
architectures of sC circuits for decimation and

interpolation. The proposal of SPFT SC bandpass filter
systems constitute, in our opinion, the best solution
available for the realisation of bandpass responses with
very narrow relative bandwidths. The practical

demonstration of an SPFT SC filter system for VNB bandpass
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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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samples samples

in time

Illustration of impulse sampling operation

the discrete-time signal x(t). Mathematically, this signal
can be expressed as [2.1]

[ o]
(2.1) x(t) = I x (n'rs).d(t-n'rs)

n=0
where 8(t) is +the impulse (Dirac) function and x(nTs)
represents the sequence of samples of the discrete-time

(impulse sampled) signal.

The

Laplace transform of the



80

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



83

(a) Xalja)
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E

(c)

[ ] 1] 1]

O w;w 2wrw, W, 30w, Wew, swgw,

Fig.2.4: Formation of the image spectrum of the
impulse sampled continuous-time component
at frequency ﬁ2=w5+61

Fig.2.3-c, are called alias components. Aliasing
distortion arises when the continuous-time spectrum
contains at the same time both of the alias components at
frequencies 61 and &2, Fig.2.5-a, in which case the
resulting image spectrum Fig.2.5-b does not distinguish the
frequency component 51 from the frequency component 62, and
vice-versa. Therefore, 1in order +to prevent aliasing
distortion it is essential that the frequency components of
the continuous-time spectrum are contained in only one of
the frequency bands illustrated in Fig.2.6. If the
continuous-time spectrum includes a DC component, then it

must be bandlimited within the Nygquist band from DC to
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(a) Xqljw)
w, W, W, 20,
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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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in Fig.2.4 and in Fig.2.5 constitute the fundamental
aspects of the sampling operation of SC filters, viewed in
the frequency-domain; and which can be summarised as
follows:

1. Each component of the continuous-time spectrum with
frequency @ 1s characterised by one image spectrum with
frequency components at w=&¢nws

2. The alias frequency components ® and nwstﬁ of the
continuous-time spectrum produce the same image spectrum.
3. In order to prevent aliasing distortion, the
continuous-time spectrum must not contain alias fregquency
components, i.e. two or more signals yielding the same

image spectrum.

2.2.3 Discrete-time charge processor

The SC filter interpreted as a discrete-time charge
processor with +transfer function H(Z), is a linear time-
invariant network which relates the sequence of samples
x(nTs) at the input to the sequence of samples y(nTs) at
the output, as indicated in Fig.2.7-a [2.1],[2.2]. We saw
before that the sequence of samples at the input is
characterised by the discrete-time spectrum X(jw); then,

the discrete-time output spectrum Y(Jjw) is obtained using
(2.6) ... Y(jw) = X(jw).H(jw)
H(Jw) is the discrete-time frequency response of the

discrete-time processor, which is determined by evaluating

the discrete-time transfer function H(Z) on the unit circle
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JuwT .
i=e S  The modulus of the frequency response yields the

amplitude response H(w), i.e.

(2.7) ... H(w) = lnkﬁmﬂ,

which is a periodic function of w, as 1illustrated 1in the

example of Fig.2.7-b. Hence, knowledge of the amplitude

x(t) . (t)
Yl Y
H(}U):x(.)
t jw t
Discrete-Time
Charge
Processor
x(nTg) y(nTs)
' n  Hiz)-XZL n
oe* X(Z)
(a)
Hiw)
N ah ah .,
w,r2 W, 2w,
Nyquist
~ Band =
(b)
Fig.2.7: (a) SC filter viewed as a discrete-time charge
processor; (b) Periodic amplitude response

response of +the discrete-time charge processor in the
Nygquist band O<w<ws/2 is sufficient to obtain the amplitude
response for all w. Note that H{(w) defined in (2.6) and
calculated in (2.7) represents a linear time-invariant
amplitude response, and thus frequency components above
wS/Z are as valid as the frequency components below ws/2.

As we saw before, this requires a set of constraints on the
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continuous-time spectrum xa(J{D) producing X(Jw) -which 1is
different from that required for the frequency components

below ms/z,

2.2.4 Hold effect

The hold circuit is a linear time-invariant network
whose operation is illustrated in Fig.2.8-a. The impulse

sampled signal at the output of the discrete-time charge

Hold
Circuit
J »iEhe-
o | § e t
(a)
SHiw) E =Ts

w

0 W, 2w, 3Wg 4w, 50,
{b)
Fig.2.8: (a) Operation of the hold circuit and

(b) corresponding amplitude response
with full period held signal

processor is held constant during an interval of time
£ <Ts, after which there is a return +to zero in the
remaining of the switching period Ts' This leads to the

frequency response [2.1]

(2.8) ... SH(jw) = =%
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yielding the amplitude response

sin (we/2)

(2.9) ... SH(w) = ISH(J"*"l =€ we/2)

Usually, the output signal of SC filters is held during the

full switching period, i.e. €=T which implies the

familiar sample and hold function plotted in Fig.2.8-b.

2.2.5 Interpretation of the discrete-time
output spectrum of an SC filter

From equations (2.5), (2.6) and (2.9), the discrete-

time output spectrum Y(jw) of an SC filter is given by

[ o}
Z [x (jw).H(jw) .SH(jw)) , W= L% nw
§ n=0

(2.10) ... Y(jw) =

|-

Assuming that the input continuous-time spectrum consists
of only one frequency component at each time, i.e. we
eliminate the vectorial summation of terms in (2.10), we
can write the amplitude spectral characteristic of an SC

filter, with full period sample and hold, as

(2.11) ‘ sin(w/2F ) -
: ce Y(w = |Y(3w) | = X(w).H(w) . 72) AR I

(n=0,1,2,...)
In the laboratory, such an amplitude spectral

characteristic is measured using the experimental set-up
illustrated in Fig.2.9. This consists of a synthesised
signal generator which provides the continuous-time signals
with frequency ®, and of a synthesised spectrum analyser

which 1is able to tune to each one of the components of the
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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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(c) Baseband measurement

time spectra correspond to baseband components (in equation

(2.5) we have always n=0).

For the sake of uniformity, we shall designate the
frequency bands of the input and of the output spectra of
an SC filter as follows: the frequency band below the
Nyguist frequency Fs/2, either continuous-time or
discrete-time, corresponds +to +the baseband of the §SC

filter, whereas the frequency bands above the Nyguist
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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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frequency-translated bands above Fs/z produced by the
continuous-time baseband of the filter. The image response
is multiplied by the sample and hold function
Sin(ﬂf/Fs)/(nf/Fs). By combining the alias and the image
responses in Fig.2.11 we obtain Fig.2.12, which represents
symbolically the multiple input and output frequency bands
that relate to the response of an SC bandpass filter in the

baseband from DC to Fs/2.

N

2F T
baseband response of
SC filter

T - - inTf/Fe)
—h T~ (SI{;H/FSS
N - -~ ——0 0 @
I DA N »

2F f

Fig.2.12: Symbolical representation of the multiple input
and output frequency bands relating to the
baseband response 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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may take two forms: in direct frequency-translation
(Fig.2.14-b) we have f=f+nFs, whereas in frequency-
translation with spectral inversion (Fig.2.14-c) we have
f=nFs—f.

Downwards freguency translation corresponds to £<f and, as

above, we may have either a direct frequency-translation
(Fig.2.14-d) or a frequency-translation with spectral
inversion (Fig.2.14-e).

Frequency-translated filtering corresponds to f=f>Fs/2,

which can imply either a direct frequency-translation
(Fig.2.14-f) or a frequency-translation with double

spectral inversion (Fig.2.14-g).
N
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Fig.2.14: Illustration of the operating modes of an
SC filter system with an SC bandpass filter
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sC filter systems based on frequency-translated modes,
which we designate Single-Path Frequency-Translated (SPFT)
systems, are particularly attractive for the realisation of
bandpass responses with very narrow relative bandwidths.
The design, implementation and evaluation of such SPFT SC
filter systems, as well as of SC filter systems with
baseband operating mode, will be considered in detail in
Chaptexr 5. Here, we shall continue to look at some
introductory aspects of SC filter systems, 1in particular
the design of the AAF and of the AIF taking into account
the technological constraints to bear in mind for the

implemention of such filters.

2.3.2 Anti-Aliasing Filter

The characteristic of the AAF depends, first of all,
on the operation mode of the system. A lowpass AAF is
employed for applications which require the selection of
the continuous-time baseband f<Fs/2, as in the baseband
filtering mode. A bandpass AAF, on the other hand, 1is
utilised for frequency-translated filtering applications
requiring the selection of one continuous-time frequency-
translated band above Fs/2. The second major factor which
determines the characteristic of the AAF is the sampling
ratio of the sC filter, m=Fs/fC, where fc is the upper
band-edge frequency of the passband. In SC bandpass
filters with narrow relative bandwidths, we usually define
the sampling ratio in relation to the midband frequency fo’
i.e. m=Fs/f°. The example given in Fig.2.15 shows how the

selectivity of the AAF, in this case with lowpass response,
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depends on the sampling ratio m of an SC bandpass filter.

Desired »—AAF A Alias band
band (’:‘,/
\s |
o f Fol2 [
(a)
Desired ~AAF 4‘>lics band
band 0
~ “*lu“.f !
1 T L L] -
0 fo Fsl2 R T

(b)

Fig.2.15: Selectivity of lowpass AAF as a function
of the sampling ratio Fs/f . (a) High
sampling ratio; (b) Low sampling ratio

When the sampling ratio is high, the AAF may have a wide
transition band, as shown in Fig.2.15-a. Lower sampling
ratios imply narrower transition bands, as illustrated in

Fig.2.15-b.

2.3.3 Anti-Imaging Filter

The amplitude characteristic of the AIF depends on the
selection of the desired image of the discrete-time output
spectrum as well as on the sampling ratio of the SC filter,
in a similar way as for the AAF. In addition, the design of
the AIF is affected by the shaping of the image response by
the function sinx/x. A lowpass AIF, for example, may be
less selective than its AAF counterpart, because the
function sinx/x increases the attenuation of the unwanted
frequency-translated images above FS/Z while introducing

little attenuation on the desired baseband image below Fs/z
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which, if necessary, can be easily compensated [2.6],[2.7].
On the other hand, +the design of a bandpass AIF for
selecting one frequency-translated image above Fs/z is
usually more complicated than the design of an equivalent
AAF, because the required compensation for the function

sinx/x increases for higher frequency selected images.

2.3.4 Technological constraints of

continuous-time AAF and AIF
The AAF and the AIF realised as continuous-time
filters in the conventional active-RC form utilise
polysilicon resistors, and MOS capacitors [2.8],[2.9].
Typically, the nominal resistance value of a polysilicon
resistor has a tolerance between :225% and :50%, depending
on the process of fabrication. The accuracy of the absolute
capacitance value of an MOS capacitor is between :10% and
+20% [2.9]. Assuming that such variations are uncorrelated,
the nominal value of an RC time constant can vary as much
+70%, and, consegquently, the accuracy of the amplitude
response of an active-RC will be 1rather poor. Moreover,
time constants 1in the audio frequency range (e.q. RCI1O—5
seconds) require very large resistance values of the order

of 1059 and also large capacitance values of the order of

10—1OF. The implementation of such time constants requires
a large area of silicon, which can be as much as 10-20
times the area which is required to implement the largest
capacitance ratio typically allowed in an SC filter [2.10],
[2.9]. Besides, monolithic resistors and capacitors are

voltage and temperature dependent thereby introducing



99

sources of signal distortion in SC filter systems [2.9].

In view of the above +technological constraints, on-
chip continuous-time active-RC filters of the AAF and of
the AIF are required to have (i) 1lowpass response with
maximum 3rd. order +to reduce circuit complexity and (ii)
high nominal passband cut-off frequency, not only to reduce
the +time constants, but also to allow high variability of
the nominal amplitude response. Therefore, such
continuous-time filters can be employed for attenuating
only those frequency-translated components whose
frequencies are much higher than the maximum frequency of
interest of the SC filter system, typically a ratio of 15
or even more. In the case of an SC bandpass filter system,
for example, this implies an SC bandpass filter with high
sampling ratio Fs/fo;16. An SC bandpass filter operating
with a lower sampling ratio Fs/fo<16, which may be required
for capacitance' ratio reduction, for example, generates
unwanted frequency-translated components at lower
frequencies which the AAF and AIF with continuous-time
filters can not attenuate adequately. This gives 1rise to
undesirable effects of aliasing and imaging in the system.
In order to overcome such problem, we have to increase the
selectivity of +the AAF and AIF by means of specialised SC
circuits, respectively called SC decimators and scC
interpolators, whose fundamental filtering aspects will be

examined in the next Section.
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2.4 AAF AND AIF WITH INCREASED SELECTIVITY

2.4.1 AAF with SC decimatorx

The general architecture of an AAF is shown 1in
Fig.2.16. After the input continuous-time filter, we have
an SC decimator with input sampling rate MFs (M is an
integer »1) and whose output signal is sampled at lower

rate F_ by the following SC filter. Reduction of the

AAF
Fomoomomoomsomomomooo—oooo—eee- -
]
] .
/7P 1 Continuous !
. | SC ! SC
O Jime 8 vecrenior -3 Tl Fitter  [°°°
| Filter MFg Fs !
|
J

Fig.2.16: AAF with SC decimator

sampling rate from a high value MFs to a lower value Fs is
called decimation by a factor M [2.11]. In the frequency
domain, the characteristic of the SC decimator is important
because it should attenuate those unwanted alias
frequency-translated components associated with the signal
at lower sampling rate Fs which have not been sufficiently
attenuated by the input continuous-time filter. This 1is
illustrated by means of the simple example in Fig.2.17, for
an SC decimator with M=2. Fig.2.17-a shows the alias
response of an SC 1lowpass filter with upper band-edge
frequency fc' and switching frequency Fs' in which we want
to select the baseband below the Nyquist frequency Fs/2. A

low selectivity continuous-time filter attenuates the
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Fig.2.17: Illustration of the anti-aliasing characteristic
of an AAF with combined low-selectivity
continuous-time filter and SC decimator

unwanted alias frequency-translated components above

2F -f as shown in Fig.2.17-b. In order to attenuate the

s ¢!
unwanted alias frequency-translated components around Fs'
which would give rise to aliasing distortion, we introduce

an SC decimator M=2 with the periodic characteristic shown

in Fig.2.17-c. The combination of the continuous-time
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filter, on the one hand, together with the SC decimator, on
the other hand, provides the required anti-aliasing

characteristic of the AAF illustrated in Fig.2.17-d.

2.4.2 AIF with SC interpolator

The general architecture of an AIF is represented 1in
Fig.2.18. After +the SC filter operating at low sampling
rate Fs, we have an SC interpolator with output sampling
rate LF_ (L is an integer >1), which is followed by the

output continuous-time filter. Increase of the sampling

AIF
| sttt ettt an ettt -
i Conti {
SC ! sC ontinuous | | osp
***T]  Filter ,' ; | Interpolator ‘ ] FTi‘Irtneer I C
I Fs LFs |
Lo T T T T C -

Fig.2.18: AIF with SC interpolator

rate from a low value Fs to a higher value LFS is called
interpolation by a factor L [2.11]. The characteristic of
the SC interpolator in the frequency-domain is also
important because it should attenuate +those unwanted
frequency-translated components produced by the SC filter
at low sampling rate FS which will not be sufficiently
attenuated by the output continuous-time filter. This 1is
illustrated in the simple example given in Fig.2.19 for an
SC interpolator with L=2. In Fig.2.19-a we have the image

response of the SC filter which is partly tailored by the

sample and hold function corresponding to the low sampling
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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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2.4.3 Filtering characteristics of
SC decimators and interpolators

Decimation and interpolation are regarded as linear
filtering processes in which appropriate fregquency
responses of the decimators and interpolators, either with
FIR or IIR transfer functions, reject unwanted alias and
image frequency-translated components [2.4],[2.12],[2.13].
In SC bandpass filter systems, the derivation of such
frequency responses for SC decimators and interpolators
must take into account the following system aspects
[2.5],[2.14]:
1. System operating mode (e.g. baseband, frequency-
translated).
2. Sampling ratio of the SC bandpass filter.
3. Required factors M and L of sampling rate alteration to
allow low selectivity continuous-time filters in the
system.
4. Required level of attenuation of wunwanted frequency-
translated components in the system.
Some of these aspects are 1illustrated in Fig.2.20,
referring to the process of decimation. The examples given
in Fig.2.20-a, Fig.2.20-b and Fig.2.20-c correspond to SC
bandpass filter systems operating in a baseband filtering
mode, 1in which +the SC bandpass filter has different
sampling ratios. A high sampling ratio, say m>10, permits
an SC decimator with low factor of sampling rate reduction,
e.g. M=2, and it suffices to have an FIR single notch
approximation with notch frequency at Fs' as shown in

Fig.2.20-a [2.15]-[2.18]. A lower sampling ratio of the SC
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bandpass filter requires a higher factor, M>2, of sampling
rate reduction of the SC decimator in order to allow a
continuous-time filter in the system with similar

characteristics. However, even an SC decimator with M=4,

but with single notches at Fs and ZFS, does not provide the
regquired rejection of the unwanted alias frequency-
translated components, as indicated in Fig.2.20-b. Instead,
we employ the optimised FIR multinotch stopband
approximation shown in Fig.2.20-c whereby the notch
frequencies are shifted exactly to the centre of the alias
frequency-translated bands to be attenuated. By reducing
even further the sampling ratio of the SC bandpass filter,
such that m<1, we have a frequency-translated operating
mode illustrated in the examples of Fig.2.20-d and
Fig.2.20-e, in which the SC decimator is required to have
even higher factors M of sampling rate reduction. Although
an optimised FIR multinotch stopband approximation may
still be employed, as shown in fig.2.20-d, it may be more
efficient to employ the IIR wideband stopband approximation
illustrated in Fig.2.20-e. The adoption of either one of
such amplitude/frequency approximations, e.g. FIR
multinotch stopband or IIR wideband stopbkand, implies
further considerations concerning the SC decimator (and
interpolator) «circuits available for implementation. We

shall describe these aspects in Chapter 3 and in Chapter 4.
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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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bandpass filter in the frequency band from DC to ZFS for

!

example, is shown in Fig.2.21-b. A sampling rate alteration

{fo

)
IF, (Rg-fo) (fo)
ep\n : i 8o, . \w'ZFS ' \\wolzr-'s
(f_zi) -1 ] 1‘(‘3:‘) (Fs) -1 1 :g’g) 11
(F*fo RF- )
(Fs~fo)
{a) (b) (c)

Fig.2.21: Representation of a complex conjugate pole-
pair (a) on the unit circle from DC to Fs,
and, (b) on the unit circle from DC to 2FS;
(c) Complex conjugate zero-pair giving an
optimum placement of notch frequencies
around FS, for factors M=2 and L=2 of

sampling rate alteration

factor M=2 or L=2 implies elimination of the unwanted
frequency-translated components, respectively alias and
image, which correspond to the pole arguments

*

Bp1=2n(Fs—fo)/2Fs and Bp1 2n(Fs+fo)/2Fs. This can be
achieved by means of an FIR +transfer function which
corresponds to the complex conjugate zero-pair illustrated

in Fig.2.21-c and which is expressed as
2
(2.12) ... H(z2) = L h.2

where the unit delay period is 1/2Fs. In order +to obtain
the design equations for optimisation of the coefficients
hO' h1 and h2' we consider first the product

(2.13-a) ... (z-zl),(z_z;) =K[lz_ejﬂ(Fs—fo)/Fs)_(z_e—jﬂ(Fs—fo)/Fs)}
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yielding

(2.13-b) ... (z-z,).(2-27) =z2.x.{1-2cos[n(ps-fo)/Fs].z‘1+z“2}

1 1

where K is an arbitrary gain constant. By simple geometric
considerations illustrated in Fig.2.21-c, the modulus of

(2.13-b) at midband frequency f, is given by

_ z-2.|.|z-2F , = K.4.cos(mf./F.)
(2.13-c) ... [l 1| ] 1 qz:ejz.ﬂfo/zps cos|{mE,/Fg

Hence, from (2.13-a) and (2.13-b), and for X=1 at midband
frequency fo' we obtain the design equations given in Table

2.1 for the optimum coefficients ho, h1, and h2'

h =h_= [4cos (nfo/Fg)]

_ cos|[m(Fs-£o) /Fg]
2 2cos(Tfo/Fg)

Unity gain @ fo

Table 2.1: Design equations for optimum FIR
transfer functions for factors M=2
and L=2 of sampling rate alteration
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Another often used factor of sampling rate alteration
is M=L=3, which implies elimination of the unwanted
frequency-translated components up to 3Fs-fo' as

illustrated in Fig.2.22-a. The zero-pattern shown in

£) z
° W/ N
(f.) 24
° Zs \Wo/3Fs
(DC) _ :
' 3R ! b
: (3R-1J) Z,
(2
s {2Fse fo) 7"
(a) (b)

Fig.2.22: (a) Representation of the complex conjugate
pole-pair in Fig.2.21-a on the unit circle
from DC to 3F ; (b) Complex conjugate zero-
pairs giving an optimum placement of notch
frequencies around F_ and 2F _ , for factors
M=3 and L=3 of sampling rate alteration

Fig.2.22-b leads to an FIR transfer function of the form
4
(2.14) ... H(Z) = Z h.Z

where the unit delay period is 1/3Fs. The design egquations
for the optimised FIR coefficients are summarised in Table

2.2.

Optimum FIR transfer functions for higher factors of
sampling rate alteration _ can also be derived using the
above procedure, for subsequent implementation wusing a
single stage sC decimator or interpolator circuit.

Alternatively, we <can employ the elementary transfer

functions for M=L=2 or M=L=3 in order to implement SC
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ho=h4=Y/16
h =h,= (1-07-B*)-v/4
h2=(3-4a2-482-8a282)y/8

a=cos [T (Fg-£5) /3F ]

B=cos [T (2Fg-£,) /3Fg]

e e o o]

Unity gain @ f,

Table 2.2: Design equations for optimum FIR transfer
functions for factors M=3 and L=3 of
sampling rate alteration

decimators and interpolators with cascade structures.
Examples of both of these approaches will be given in

Chapter 4 and in Chapter 5.

2.6 SUMMARY

We started this Chapter by examining the aspects of
aliasing and imaging 1in SC filters, <consisting of a
multiplicity of input and output frequency-translated bands
above the Nyquist frequency of the SC filter, which relate

to the baseband response below the Nygquist frequency.
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Based on the manipulation of those spectral
characteristics, we discussed various operating modes for
sC filter systems which depend on the selection of
appropriate input and output frequency bands, either
baseband or frequency-translated. Hitherto, SC filter
systems have operated in the conventional baseband
filtering mode, <corresponding +to the selection of the
frequency band below +the Nyquist frequency. 1In this
Chapter, we introduced novel SC system operating modes,
corresponding to the selection of specified input and
output frequency-translated bands above the Nyguist
frequency, which are particularly important for bandpass
filtering applications with very narrow relative
bandwidths. We then described the general architecture for
implementation of SC filter systems, with baseband and
frequency-translated operating modes, which are required to
have appropriate AAF and AIF with 1lowpass and bandpass
responses, respectively. In general, the AAF and AIF
consist of a combination of 1low-selectivity low-precision
continuous-time filters for attenuating unwanted signal
components at high frequency, together with efficient SC
decimator and interpolator circuits for attenuating
unwanted signal components with frequency <close to the
passband of the system. SC decimators and interpolators can
have IIR or FIR transfer functions, or even a combination
of both, which have to be derived bearing in mind the
operating mode of the system, the sampling ratio of the SC
filter and the anti-aliasing and anti-imaging

specifications. For FIR transfer functions we introduced a
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simple optimisation technique, which allows us to place the
notch frequencies in such a way that the attenuation of the

unwanted alias or image components is maximised.
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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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generalise in Section 3.2. Such SFG's are then employed, in
Section 3.3, to develop parasitic-insensitive SC biquad
building blocks based on a Two Integrator Loop (TIL)
structure. 1In Section 3.4, we present a full set of design
equations for SC biquads whose discrete-time transfer
functions are derived from continuous-time transfer
functions using the bilinear transformation. It is shown
that the 1resulting SC biquads have low sensitivity of the
frequency and gquality-factor (Q-factor) of the complex
conjugate pole-pair with respect to changes of the nominal

capacitance values.

As we saw 1in Chapter 1, the capacitance ratio
requirements for the design of highly selective SC filters
become unacceptably large, both from the point of view of
their accuracies, and from the point of view of the silicon
area required for implementation. The technigques currently
available for reduction of capacitance ratios are not fully
satisfactory, either because they 1render the fregquency
response of the SC filters rather sensitive to capacitance
ratio errors [3.6], or because they destroy the parasitic
insensitive property of the circuits thus increasing the
effective capacitance ratio errors [3.7],[3.8]. In the
second part of this Chapter, which comprises Sections 3.5,
3.6, and 3.7, we present a novel analysis of capacitance
ratios in SC bigquads, which leads to the proposal of an
optimum value of the switching frequency yielding absolute
minimum capacitance spread. Section 3.5 introduces the

basic definitions and scaling operations that can be
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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



(b)

(d)

Fig.3.1: Illustration of single-phase SC integrators.
(a) E-integrator, and (b) corresponding SFG
(c) 0O-integrator, and (d) corresponding SFG

(443
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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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(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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Fig.3.3: Illustrating the SFG derivation of a double-phase
integrator. {a) Original SFG; (b) Referring the
input branches to the output voltage reference V :

(c) Obtainipg the complementary output
voltage VO; (d) SFG in simple form
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sampled in only one phase, which can be either the E
phase or the O phase.

Rule 2 does not restrict the generality of subsequent
developments in this Chapter. It simply means that in each
switching period the sampled voltage of a double-phase
integrator assumes only one possible magnitude value. This,
of course, is implicit in single-phase integrators, which

justifies Rule 1.

3.3 DEVELOPMENT OF SC BIQUAD BUILDING BLOCKS

The discrete-time biquadratic +transfer function 1is

expressed by

1-2r°coseoz-1+r 22—2
(3.1) ... H(Z) = K °

1-2r _cosb Z—1+r 22-2
p p

where rp, ep and ry, 8

poles and zeroes on the unit circle, respectively, and K is

o are the polar coordinates of +the
a gain factor. In the first part of the development of the
SC biquad building blocks, we consider a basic loop of two
SC integrators (TIL) in order +to realise the quadratic
denominator function. Then, in the second part, we augment
the structure using feedforward switched-capacitor branches
from +the input terminal in order to realise also the

quadratic numerator function.

3.3.1 Quadratic denominator function

By analogy with +the active-RC case, one positive

integrator and one negative integrator connected together
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form the basic loop of a TIL biquadratic section (e.g.
[3.9]). For the negative SC integrator we arbitrarily
choose the E-integrator in Fig.3.1-a, with V%:o, This is
connected to a positive integrator, i.e. we make V2=O in
the circuit of Fig.3.1-c, to form the basic loop shown 1in
Fig.3.5-a. The corresponding SFG is given in Fig.3.5-

b.' The discrete-time loop gain Lg(Z) is

(3.2"8) PR Iﬁ(z) = -

>0

-
+
!
oin
|
N
N
+
N

(3.2-b) ... A(z) = B

The natural modes of +the 1loop, 1.e. the 1roots of the
determinant, are on the unit circle (rp=1), which means
that the loop forms a resonator with infinite «quality-

factor Q.

For finite Q, damping for the loop can be provided in
three ways, all of which are shown in Fig.3.5-c: (i) with
capacitor E (capacitive or E-damping), (ii) with switched-
capacitor F1 (resistive-1 or F1—damping) and (iii) with

switched-capacitor F2 (resistive-2 or Fz—damping).

Switched-capacitors F1 and F2 implement negative feedback

Later, we shall discuss an alternative arrangement
of the switch phasing leading to a negative E-integrator
and a positive E-integrator.



Fig.3.5:

a / (dé)
violates Rule 2>

Illustrating the formation of the quadratic denominator function.
(a) E-integrator - O-integrator loop, and (b ) corresponding SFG;

(c) General E-damping, Fl1-damping, and F2-damping for the loop;
(d) Alternative switch phasing for F1-damping, and F2-damping

o€l



131

paths using one of the four arrangements of the
switch phasing indicated in Fig.3.5-d. The arrangement of
Fig.3.5-d3 leads to a double-phase integrator that 1is
sampled in both of the phases, and thus violates Rule 2.
The output voltage of the amplifier in Fig.3.5-d4 1is also
sampled in both of the phases, and, therefore, because of
Rules 1 and 2, it can only be an O-integrator. The
remaining switch phasing arrangements in Fig.3.5-d1 and in
Fig.3.5-d2, neither of which violate +the interconnecting
Rules, nor impose restrictions for further connections to
the input of the amplifiers, lead to +the SC biquadratic

loop in Fig.3.6-a. The corresponding SFG of this loop is

(a)
R
T
E
D s
| F2 1 £ F1zV? z-\?
D (A B
— _é ¢ ? > A 373 ? Z-’wz VE
) 1-z" 1-2° !
(b)

Fig.3.6: (a) Basic damped loop, and (b) SFG

given in Fig.3.6-b, yielding

) _ c . 1 _El[a | 2”1
(3.3-a) ... Lg(2) = [‘3 FZ)_ 51 D]'LB Fl )-z‘l]
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for the discrete-time loop gain, and

(3.3-b) ... A2 = D(2)

[+ 5 )= 27 (e « 5 ) - 27

for the corresponding determinant, where the quadratic

denominator function D(Z) is given by

F1 F2

A p=fi« §) [0+ B
CA, (ER_\[ ,E2) [, ELf,-1 E A),-2
Bee Be- il Tl -F - (- 53)

3.3.2 Quadratic numerator function

In order to realise the quadratic numerator function
we utilise the technique of multiple feedforward paths from
the input terminal [3.10], leading to the SFG of Fig.3.7-a
which possesses four such feedforward branches. The
transmission factors of these branches may have either a
positive or a negative coefficient, and their delays are
such that the feedforward transmission factors to the
output terminals of OA1 and of OA2 have integer powers of

0 -1 2

Z, i.e. 27, 2 and 2~ By considering the voltage at the

E E
1 and V2,

we obtain from the SFG in Fig.3.7-a the feedforward

output of the OA's sampled in the E phase, i.e. V

transmission factor for OA1

(3.5)
FE.(2) = T3(1 * %2)*['1"1 BTyt T4(1 + 1;—2)]2-1+ ('1‘2 = - T4)Z—2
1 CREIErEN (R IRrey
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-

(c)

Realisation of the quadratic numerator function.

(a) Multiple feedforward paths from the input

terminal;: (b) Switched-capacitor implementation;
(c) Discussion of switch phasing
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The feedforward transmission factor for OA2 is given by

[T1(1 +ﬂ)-'r E(1+E)—T C]

B 3D D 3D
(3.6) ... FF,(2) = _
A P AP (P Iy
(7,1 + %1) -1 g (1 e EDE) T Ty p - T, %}z-l"('z * T %)2—2

[ 2) -2+ 22) - 2]

These expressions define +two alternative forms for the
quadratic numerator function. The multiple input
feedforward paths are implemented using +the parasitic-
insensitive SC branches shown in Fig.3.7-b. The modulus of
the coefficients T1, T2, T3 and T4 correspond to the
capacitance ratios G/D, H/D, I/B and J/B, respectively,
while the sign (positive or negative) of +the coefficients
as well as the delays of the transmission factors are
determined by the switch phasing. 1In order to obtain the
switch phasing of +the input SC branches, we have to
consider the general SFG's derived in the previous Section.
For simplicity, we consider that the output voltage
references for the SFG's of the double-phase SC integrators
in the loop coincide with the sampled output voltages. This
means that we utilise the SFG of Fig.3.4-a in connection
with OA2, and the SFG of Fig.3.4-d in connection with OA1.
Then, from both of these SFG's we obtain the switch phasing
arrangements indicated in Fig.3.7-c, which provide the
required transmission factors. In the situations where the
input switches operate in different phases we utilise a
sample and hold circuit to guarantee that the input signal
is constant during the full switching period, 1i.e.
O=Z-1/2. E

vV V.
1 1
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There are nine different circuits that we can‘ obtain
using the switch phasing arrangements shown in Fig.3.7-c.
The most useful of these «circuits are presented in
Fig.3.8-a and in Fig.3.8-b, which produce two alternative
types of switching with practical interest for
interconnecting SC biquads in order to realise high order
filters. The circuit in Fig.3.8-a samples the input signal
only in the E phase, and hence does not need a sample and
hold circuit at the input. However, since it comprises two
double~-phase SC integrators, it is always necessary to have
a sampling switch at the output of the amplifiers. This
type of switch phasing arrangement will be referred to as
Type-A switching. In the circuit of Fig.3.8~b, the output
voltage of OA2 does not change from the E phase to the O
phase, and therefore we can alter <the switch phasing of
switched-capacitor A in order to 6btain the circuit in
Fig.3.8-c. In this circuit formed by two E-integrators, one
negative and one positive, we may omit +the sampling
switches at the output of either OA1 or OA2 but, on the
other hand, +the input signal must be sampled and held.
This type of switch phasing arrangement will be referred to
as Type-B switching. For both SC biquads in Fig.3.8-a,
with Type-A switching, and in Fig.3.8-c, with Type-B
switching, the resulting coefficients for the feedforward

SC branches are given by

G H - I J
(3.7) .« e T _-—l—)- ; T = B. : T __E ; T4= g



136

NCRTRI o
LN EESRO
T [EE

T e

A J (b)

(c)

Fig.3.8: General SC biquads with alternative
switch phasing
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3.3.3 Biquadratic transfer functions

By allowing similarly switched-capacitors to share
common switches, the SC biquad building blocks in Fig.3.8-a
and in Fig.3.8-c, can have the more efficient
implementations given in Fig.3.9-a and in Fig.3.10-a,
respectively. The corresponding respective SFG's given in
Fig.3.9-b, and in Fig.3.10-b, also show (in broken 1line)
the complementary output voltage (sampled in the O phase),
which we did not consider in the above derivation. The
transfer functions corresponding to such complementary

outputs, especially for the SC biquad with Type-A switching

(a)

Fig.3.9: (a) General SC biquad with Type-A switching;
{b) Signal Flow Graph
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(Fig.3.9-a and Fig.3.10-a), have little practical interest
[3.11]. The transfer functions corresponding to the output
voltage reference (sampled in the E ©phase), which are

derived below, are the same for the SC biquads with both

types of switching.

(b)

Fig.3.10: (a) General SC biquad with Type-B switching;
(b) Signal Flow Grapph

By applying Mason's formula [3.12], +the +transfer

functions of the SC biquads sampled in the E phase are

given by

- FF (z)
(3.8) - B2 = Ty
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with respect to the output terminal of OA1 (terminal 1),

and by
Fsz)
(3.9) Hz(z)" 3(2)
referring to the output terminal of 0A2 (terminal 2). By

substituting (3.7) into (3.5) and (3.6) in order to express
the numerator quadratic functions in terms of the
capacitance ratios, and by wusing (3.3-b) and (3.4), we

arrive at the expressions of the biquadratic +transfer

functions
E
v, (z) 2 2
(3.10) ... H?A(Z) = Vl — = - I(} + F2)
1(2) (1 + F1)-(1 + F2)
I+J(1+F2) - AG -1 J - BA -2
- . = . + —
1 T + £2) z T(1 v F2) 2
y - L*FL - A - (1 + §2'(EA -1 -t } - EA _ . 72
(1 + F1):(1 + F2) (1 + F1)-(1 + F2)
for output terminal 1, and
VE(z) Y S S
(3.11) ... yE (2) = =2 _ IE(1+F2)+IC-G(1+F1)
V. (2 - -
2 l( ) (1+4F1) (1+4F2)
_ IE+FE(14F2) +5C-G-H(14F1) -1 | JE-H . g2
IE(14F2) +1C~G (1+F1) IE(1+F2) +1C-G (1+F1)
y - LEICA-(14F2) (BA-1) -t 1-BA -2
(1+F1) (1+F2) (1+F1) (1+4F2)
for output terminal 2. The capacitance ratios i correspond

to the simplified representation given in Table 3.1.

For each type of damping, i.e. E-damping (F1=F2=O),
F1—damping (E=F2=O), and F2—damping (E=F1=O), Table 3.2 and
Table 3.3 summarise the expressions for the coefficients of

the biquadratic discrete-time transfer function (3.1) in
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”~
- 4 = S A
~
F1/B ...c.... R 05
I/B ..... e .1
~
T/ B teeteteennncsesenennenan J
~
C/D iiteerencnesencnanns eeee C
~
E/D tierernnncannnnns cecsnas E
F2/D tetetenennnnnnnannnanns F2
~
€4 o G
B/D tieeeennn e rteceeaeeanean H
Table 3.1: Simplified representation
of capacitance ratios
terms of the capacitance ratios. Since the denominatox

coefficients are a function only of the basic loop, their

expressions do not depend on which of the output terminals,

from OA1 or from OA2, is considered. On the contrary, we

find different expressions for the numerator coefficients

because the feedforward paths to the output terminal 1 and

to the output terminal 2 are different. The quadratic

numerator function corresponding to output terminal 1 is
TYPE OF 2r cos O 2
DAMPING rP
E —‘A-ﬁﬁ-+2 1 - EA
F1 - + Ff + 2 1
1 + F1 1 + F1
25 L 8o
F2 -CA Ff 2 lA
1 + F2 1 + F2
Table 3.2: Coefficients of the quadratic

denominator function
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TYPE OF OUTPUT K oy . 8 . 2
DAMPING | TERMINAL o 9% Y )
. : -AG+E+3 5-Af
1 i
E
-~ A -~ -~ ‘—-+~-+‘ “4-6 .\‘-A
2 1(E+6) -G e
I(E+C) -G I(E+C) -G
I -AG+I+T J-aH
1 - —_— =
14F1 I
F1
5 IC-G(1+F1) -G-B(1+F1) 438 | . f
(14F1) IC-G(1+F1) IC-G(1+F1)
1 -1 -AG+I+J (1+F2) J-AH
1 (1+F2) I (1+F2)
F2
) I1C-G -G-H+3C __H
1+F2 ic-G I1c-G

Table 3.3: Coefficients of the quadratic
numerator function
usually preferred for the design of cascade SC biquads
because it vyields simpler solutions for the capacitance
ratios than the alternative numerator function
corresponding to output terminal 2. But, on the other hand,
for the design of SC coupled-biquad structures it is
necessary to have SC bigquads both with negative and with
positive gain constants [3.13], which the numerator
function associated with output terminal 1 does not
realise. Therefore, for such situations, we shall utilise
SC biquads with output terminal 1 for the realisation of
transfer functions with a negative gain constant, whereas
SC biquads with output terminal 2 are employed for the
realisation of transfer functions with a positive gain

constant.
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3.4 SC BIQUADS WITH BILINEAR TRANSFORMED
TRANSFER FUNCTIONS

3.4.1 Design equations

In order to derive the discrete-time biquadratic
transfer function from the continuous-time domain, we

employ the bilinear S-to-Z transformation

-1

(3.12) ... §=2r 12
-1
1 + 2
which, as we stated in Chapter 1, maps the entire

continuous-time plan into the discrete-time plan, and, by
this means, preserves the magnitude characteristic of the
frequency response. Such mapping, however, does not
preserve a linear relationship between the frequencies & of

the continuous-time domain, and the frequencies w of the

discrete-time domain. Instead, there is a tangent
relationship

3.13 % = 2Fg-tan ——

(3.13) ... = 2Fs-tan o

the effect of which has to be taken into account by
prewarping of the original continuous-time transfer

function [3.14]. This will be explained below.

In the continuous-time biquadratic transfer function

(3.14) ... H (s) = 2 1
a 2



143

the coefficients &, &, and &, of the quadratic numerator
function, and the coefficients mp and ép of the quadratic
denominator function correspond to the prewarped values of
the desired coefficients ay, ajg, agy: w, and Qp of the
frequency response of the SC bigquad. For the complex

conjugate pcle-pair for example, the prewarped pole

frequency &p is readily calculated from (3.13) yielding

w.
(3.15) ... 5 = . £
wp 2Fs tan 2F <

For prewarping of the Q-factor we determine, in the first

place, the frequencies

' 1
(3.16-a) ... wl-wp(l- 20 )
P
and
(3.16-b) ... w. = w (1,,;
2 he) 20
p
which represent +the -3dB frequencies of the peaking

response (for, say Qp>5). After applying the prewarping
formula (3.13) to both of the frequencies in (3.16), and by

using (3.15), we obtain the prewarped pole Q-factor

w
- tan?Fg_
(3.17) % = w_(1+1/2Q ) w (1-1/2Q )
tan—Lsz—&-tan——E-—L

The subsequent steps to obtain the design equations for the
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capacitance ratios of the SC bigquad are the following: (i)
to apply (3.12) to (3.14) in order to express the
discrete-time transfer function (3.1) in terms of the
prewarped continuous-time coefficients, and (ii) to equate
the resulting discrete-time coefficients to the
corresponding expressions in terms of the capacitance
ratios given in Table 3.2 and in Table 3.3. The resulting
design equations are summarised in Table 3.4, for the

guadratic denominator function, and in Table 3.5 for the

TYPE OF DESIGN EQUATIONS
.DAMPING
- - \2
! 'i_(ﬁ‘ +(2F)
l—ﬁl‘i: QOp s / S
m
E -
- (&= F
2‘&5‘%“2 2Fs
m
Lz RV
oA (). (=)
1 - Qp \2Fs 2Fs
1+ F1 -
§ oY
L _(2+F1-Ch)=2 ZFs
1 + F1
-2
1_,3_(29_)J_a)
1 _ Op \2rs/ ~ \2Fs
1 + F2 o
F2 N
! ‘(2 Y
(2+F2-ca)=2 Fs
~ m
1 + F2

1

m=1 5(%)(?“:‘;)2

Table 3.4: Design equations for the quadratic
denominator function
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o 9
’ . (BR) 7
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| - (o2 )z z§
1 2 2Fs 2Fs §
wo 2 _g& 2 -4 [é
L+ (ZFS) * ”Fs (ZFS)
Wp 12
1 + -—( ) 1 - (5'”[12') E
2Fs 2Fs @p 2 1 3
u\ 1+ -— 7]
! +"_ (%) + (&) Op\7Fs (’Fs) b
Table 3.5: Design equations for the quadratic numerator function

Svi
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various solutions of the quadratic numerator function (e.g.

lowpass, bandpass) [3.11].

3.4.2 Estimation of sensitivities

In SC biquads it is usual to estimate the
sensitivities of the quadratic numerator function with
respect to changes of the nominal capacitance values on a
case-by-case basis, in view of the many possible forms the

numerator may assume (see Table 3.5) [3.15]-[3.17].

In order to estimate the sensitivities of the
gquadratic denominator function it is convenient to express
the complex conjugate pole-pair of the SC biquad in terms

of the polar coordinates [3.18], which leads to

1 -2r cos® +r 2 1/2
P P P

1+ 2rpcosep+r 2

(3.18-a) ... w_ = 2F [
P s o

for the frequency, and

[(1 - 2x:pcos€)p + rp2 )(1 + 2rpc058p + rp2 )]1/2
s 1 - rp2

(3.18-b) ... Q, = 2F

for the Q-factor of the complex conjugate pole-pair. By
entering the expressions of Table 3.2 into (3.18), we
obtain the expressions in terms of the capacitance values
given 1in Table 3.6. Then, by applying the classical

definition of differential sensitivity [3.19]

(3.19) “p O x Qp‘s_g x
' Sx =_5x_'a;: széx.Q_p
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we obtain, after some simple algebraic manipulations, the

general sensitivity expressions for W, and for Q
P

summarised in Table 3.7, and which we discuss below.

TYPE OF 2
2
DAMPING (wp/2Fs) op
1/2
AC [ac(4BD - 2EA - AC)]
E 4BD - 2EA - AC EA
AC (ac(4BD + 2F1D - ac)) 1/2
Fl 4BD + 2FiD - AC F{D
1/2
AC [Ac (4D + 2F2B - AC))
F2 4BD + 2F,B - AC F,B

Table 3.6: Expressions for the analysis of
the sensitivities of the quadratic
denominator function

The values of the capacitance ratios of the quadratic
denominator function depend on the Q-factor Qp, on the one
hand, and on the sampling ratio Fs/fp, on the other hand.
For SC biquads with moderate to high Q-factors (e.g. Qp>5)
the damping terms are small, i.e. ﬁ§<<1, §1<<1 or %2<<1,
and, when the sampling ratio is high, i.e. Fs/fp>>1, we
have also CA<<1. In both these situations, the

sensitivities of the pole frequency with respect to the

capacitance values A, B, C and D are approximately
w w w w
P|_ P|_ Pl-~ P|~1
|52 =|sa”|=| 50" | [ sc”] 3

The sensitivities of wp with respect to the damping
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TYPE OF wp Qp
AMpING | CAPACITOR X s, S
2 1
A EX) E(X)
2 2
B E(X) E(X)
2-ER 2-EA
E ¢ E(X) E(X)
2 2
D TEX) E(X)
e EA 4-EA-AC
E(X) E(X)
A 2 £+f‘1—ﬁe
Fy (X) Fy(X)
5 2 2
Fi(X) Fq(X)
F1 c 2+F1 2+F]—AC
Fj (X) F1(X)
D _ 24F1 2+F]-AC
Fy (X) F1 (X)
1 3 4+F-AC
Fp (X) Fi1(X)
A 2 2-@2-3&
F2(X) F2(X)
B 24F2 24F2-AC
Fy (X) F2(X)
2+4F2 2+§2+£E
F2 ALIPALL
¢ F2(X) F2(X)
o 2 2
Fo(X) F2(X)
£ F2 4+F,-AC
F,(X) F2(X)
E(X) = 4-2EA-AC
F1(X) = 4+2F,-AC
F2(X) = 4+2§2-£€

Table 3.7:

Sensitivity expressions of the pole
and pole Q-factor

frequency,
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capacitors E, F, ang F, are much smaller, especially when
the ratio Fs/fp becomes very large. On the other hand, the
larger sensitivities of the Q-factor occur with respect to
the damping capacitors giving approximately

SRR
E [~ F1 F2 T2

Another situation of practical interest in some SC
bigquads is when we adopt a low sampling ratio Fs/fp for the
purpose of capacitance spread minimisation, as we shall
discuss in Section 3.6. For FS/fp=4, for example, we have

CA=2 yielding

w w w w
Pl_|c P|_ P|~ P|~
|522| | suP| | 5P| <] seP| =

which indicates some increase of the sensitivities of the
pole frequency compared to the previous situations with
higher sampling ratio Fs/fp. This situation trades-off with
improved accuracy of the capacitance ratios, which we
obtain by means of reducing Fs/fp. When the SC biquads
have very high Q-factors, say above 50, it is crucial to
adopt a low sampling ratio. Otherwise, as we mentioned in
Section 3.1, the capacitance ratios become unacceptably
large, both from the point of view of their accuracies and
from the point of view of the silicon area required for

implementation.

Overall, the sensitivities of the quadratic
denominator function of SC biquads are comparable to the

case of active-RC biquads, and, therefore, have similar
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properties with respect +to the sensitivity of the

amplitude response [3.9],[3.19],[3.20].

3.5 PRINCIPLES FOR THE ANALYSIS OF CAPACITANCE SPREAD

3.5.1 Definitions and operations

In the SC biquads derived in Section 3.3 we shall
consider the following three groups, or sets, of
capacitors:

The Loop Capacitor Set (LCS) comprises the capacitors A, B,

€ and D that form the resonator loop of the SC biquad and
the capacitors E, F;, and F, that define the type of
damping. This capacitor set determines the gquadratic
denominator function and is symbolically represented by the

SFG shown in Fig.3.11.

Fig.3.11: Loop Capacitor Set

The Integrator Capacitor Set~1 (ICS-1) comprises the
capacitors of the SC integrator associated with 0OA1l, i.e.
the input capacitors I and J, the loop capacitors A and B
and the damping capacitor F,. This capacitor set 1is

1
represented by the SFG of Fig.3.12, where all the
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capacitors have one terminal connected to the virtual

ground of the amplifier.

Fig.3.12: C)
Integrator Capacitor Set-1 I

The Integrator Capacitor Set-2 (ICS-2) comprises the input

capacitors G and H, the loop capacitors C and D and the
damping capacitors E and F,, all of which have one terminal
connected to the wvirtual ground of OA2, which forms the
other SC integrator in the 1loop. This capacitor set is

represented by the SFG of Fig.3.13.

Fig.3.13:
Integrator Capacitor Set-2

In each capacitor set there will be a maximum and a minimum
capacitance value, the ratio of which defines the
capacitance spread of +the capacitor set. Usually, the
maximum capacitance values are associated with the
capacitors A, B, C and D of the resonator loop, whereas the
minimum capacitance values are associated either with the
damping capacitors E, F and F2 or with the input

1
capacitors G, H, I and J that define the type of response
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of the SC bigquad. Hence, we have:

Max{A,B,C,D}
Capacitance Loop Spread: (CLS)=
Min{g'p1,F2}

Max{A,B}

Min{F1,I,J>

P

Capacitance Set Spread-1: (CSS-1)=

Max{C,D»
Capacitance Set Spread-2: (CSS-2)= -

Min{E,Fz,G,H}

There are two scaling operations, namely capacitance

scaling and voltage scaling, that affect the capacitance
values in the SC biquad, which are viewed as operations of
contour scaling [3.10] in the SFG's shown above.

Capacitance scaling is applied to a contour around either

node 1 or node II (virtual grounds of the OA's),
respectively in the graphs of 1ICS-1 and ICS-2, as
illustrated in the example of Fig.3.14. In Fig.3.14-a, let
I be the minimum capacitance value ICS-1. For capacitance
normalisation, with I=1, we apply a scaling factor 1/I to
the closed contour around node I such that the incoming

branches (A, F I and J) are multiplied by 1/I, while +the

1 I
outgoing branch (1/B) 1is divided by the scaling factor,
i.e. multiplied by I. This produces the normalised
capacitance values in Fig.3.14-b. Such capacitance scaling

operations can be carried-out independently to either CCS-1

or CCS-2 (the capacitor sets define two separate contours)
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A D 1/8
. I
(a) Original capacitance values
(I=minimum) J
A/l @ 1/8
> —
(b) Normalised capacitance values 1 FVI
(minimum=1 unit) oI

Fig.3.14: Capacitance scaling

such that, for example, they have equal minimum capacitance
values. Then, the capacitor set with larger capacitance
spread will determine the overall capacitance spread of the

SC biquad.

The operation of voltage scaling is employed in order
to modify the signal amplitude at the output of the OA's
such that, for example, they have equal maximum value 1in
order to obtain maximum signal handling capability [3.21].
Voltage scaling consists of applying an operation of
contour scaling around the output terminals of the OA's,
which are represented by node 1, and by node 2, in the SFG

of Fig.3.11. In the example shown in Fig.3.15, the scaling

,, VatM UMD V,/M  AM
/I \(/

Fig.3.15: Voltage scaling

operation multiplies the output voltage of OA2 by a factor
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1/M, i.e. the incoming branches (1/D) are multiplied by
1/M, while the outgoing branches (F2, A) are multiplied by
M. Since such scaling operation affects only capacitor A of
ICS-1, and capacitors F, and D of ICS-2, the corresponding
capacitor set spreads will be affected. A similar

situation occurs when we scale the output voltage of OA1.

3.5.2 Loop voltage magnification and loop gain

The loop voltage magnification and the loop gain are
defined with 1respect to the SFG of Fig.3.11 where, for
simplicity, we neglect the damping capacitors E, F1 and F2.

This approximation is valid for moderate to high Q-factors.

The loop voltage magnification Lm corresponds to the ratio

between the output voltages of the amplifiers, i.e.

v 1/2
(3.20) ... L =v_2=[9/_D]

m A/B
1
For maximum signal handling capabilitiy, i.e. Lm=1, we have
C/D=A/B. Otherwise, +the ratio (C/D)/(A/B) determines the
magnification of one output voltage with respect to the

other.

The product (C/D).(A/B)=Lg defines the loop gain Lg of
the SC biquad, which 1is essentially a function of the
sampling ratio Fs/fp. This is obtained from the expressions

in Table 3.4 yielding

C A
(3.21) ... L, =35 B
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where the term (1/Q ). (8,/2F)<<1 has been approximated to

p
zero. Unity loop gain is obtained when the sampling ratio
is
(3.22) F__=m/3f
su P
in terms of the prewarped pole frequency f . In +terms of

P
the pole frequency fp this gives

(3.23) ... Fgy = 6.2 £,

For lower sampling ratios with FS<Fs the loop gain of the

u
SC biquad is Lg>1, whereas for higher sampling ratios with

F5>Fsu the loop gain is Lg<1.

3.5.3 Capacitance loop spread

In this analysis of the capacitance 1loop spread we
shall consider the <condition for maximum signal handling
capability, i.e. C/D=A/B yielding Lm=1. Later on, we shall
also examine situations of non-maximum signal handling
capability, i.e. C/D#2A/B, which is required for capacitance

spread optimisation. For Lm=1, we have

(3.24) ... %=%= '/L_gz 2[1 . (2Fs/‘zb)2]_1/2

which will determine the maximum capacitance value among A,

B, C and D. When Fs=Fsu the loop gain is unity, and we
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make all capacitance values equal, i.e.

(3.25‘&) PN A =B =C=D

Fs<Fg, vields L,>1, thus C=A will Dbe the largest

capacitance values, i.e.

(3.25-b) ... A=C=B/Lg=Dv/L_g , Fg < Fgy
For Fs>Fsu, we have Lg<1, and then B=D become +the largest

capacitance values, i.e.

c
(3.25-c) ... 7%=7I:-;=B=D , Fg > Fgy
With respect to the damping capacitors E, F1, and F2, we

obtain from the expressions in Table 3.4 the capacitance

ratio

(3.26)

w0
S

"%

for the SC biquad with E-damping, and the capacitance

ratios

B D I (2F5>2
(3.27) . o » F=E=%4F 1+_u)_—p—

—

for the SC bigquad either with F1-damping or with Fz—

damping. The capacitance loop spread for the SC biquad

with E-damping is obtained by entering the conditions
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(3.25) into (3.26), which gives

)
3.28- S .5 2 F
( a) CLSE E QP Fe ¢ Fg < Fgu
and
; 2F_\2]1/2
3.28-b) ... _D_:s “ (.._5) >
( ) S TET % o, |:“ 5, r Fs > Fsu

Similarly, the capacitance loop spread for +the SC biguad
with F-damping, i.e. with respect either to F1 or to F2, is

obtained from (3.25), and from (3.27). This leads to

A c ® ZFS)Z 1/2
- — —  e— = O — F <F
(3.29-a) ... CLSF—FI—FZ QP—P_ng 1+(wp r fg su
and to

B _D a’g (ZFs ?
(3.29-b) ... CLSF = a = F—2~ = Qp. 4FS 1+ -(1?) ' Fs > Fsu

The above equations (3.28) and (3.29) can be expressed in
terms of +the pole frequency, fp, and Q-factor, Qp, of the
SC biguad by using the warping equations (3.15) and (3.17),

respectively.

A comparison between the capacitance loop spreads of
an SC bigquad with E-damping, and of an SC biquad with F-
damping, both with maximum signal handling capability, 1is
presented in Fig.3.16. Both types of damping produce

approximately the same CLS when Fs=Fsu‘ When F_O>F_ . the
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—E-Damping ---F-Damping

¢

100

© -~ . .

8 Jael F1g.3.16: Evaluation of CLS of
a SC biquads with E-
v -damping, and with
o

F,. F,-damping, for
Lm=1 (maximum signal
handling capability)

......

3 9 15
Normalised Frequency [Fg /f,]

CLS for an SC biguad with E-damping remains constantly
equal to Qp. This is much better than the CLS for an SC
biquad with F-damping, which increases with the sampliﬁg
ratio Fs/fp. On the other hand, for Fs<Fsu' the CLS for an
SC biquad with F-damping is better than with E-damping. It
is interesting to note that similar conclusions are
obtained in [3.22], for the evaluation of the capacitance
spread in the SC bigquads given in [3.6], [3.15] and [3.23].

All these SC bigquads can be derived from +the general SC

biquad building blocks presented in this Chapter [3.11].

In order to obtain the overall capacitance spread in
the SC bigquad we have to consider also the input capacitors
G, H, I, and J. These capacitors enter the quadratic
numerator function, and thus determine the type of response
of the SC biquad. This will be explained 1in the next

Section considering the example of an SC bandpass bigquad.
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3.6 DESIGN OF SC BANDPASS BIQUADS
FOR MINIMUM CAPACITANCE SPREAD

3.6.1 Capacitance set spreads

In the general SC biquad with Type-B switching
(Fig.3.10-a), we consider I=J, and G=H, such that the input
switched-capacitors are replaced by two unswitched
capacitors, respectively I and G, as illustrated in
Fig.3.17-a [3.15]. This leads to the SC biquad shown in

Fig.3.17-b, with E-damping (F,=F,=0), and output terminal

I_Egﬁh E ﬁaﬁﬂ—l

G
o+

Fig.3.17: (a) SC transformation of two SC branches
with equal capacitance values; (b) SC
bandpass biquad with Type-B switching,

and with E-damping

from OA1, which we shall consider in order to realise the
quadratic numerator function of a bilinear SC bandpass

biquad, i.e.



(3.30) ... N(2) =K(1_Z-

From Table 3.5, we obtain the following conditions for the

capacitance ratios
(3.31) ... —= == . = ; G=H, I=2J3

and the following design eguation

2F n
3.32-a) ... §=_1_[ (,_5) ‘/i)]
(3.32-a) TR 1+ Qp o + Qp\ZFs

which we approximate to

W 2F_ \2
(3.32-b) B.lp 2l (28]
I HO P 5 L b J

where HJ is the desired midband gain of the SC biquad. In

the following analysis we shall make H0=1; later on, the
desired midband gain Ho will be restored by a simple

operation of contour scaling around the input node.

In the SC biguad of Fig.3.17, ICS-1 contains the
capacitors A, B and I. The minimum capacitance value is I
whereas the maximum capacitance value is either A or B,
depending on the sampling ratio Fs/fp. From (3.32—b) and
from the conditions in (3.25), the capacitance spread of

ICS-1 is determined by
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w
- 2F. \271/2
(3.33-a) ... css-1 = 2 =« _2[ <_S”

1=71 % Fg Gp r Fs < Fsu
and by

.- 2F 2
3.33-b) ... 4 =28_5 % ( S) ,

( Css-1 = 7 QP TR [1 *\= F_ > Fay

For high sampling ratios with FS)Fsu' CSS-1=B/I depends

only on the Q-factor Qp of the SC biquad. But, for low
sampling ratios with Fs<Fsu’ CSS-1=A/1 depends additionally

on the loop gain Lg of the SC biquad.

Depending also on the sampling ratio Fs/fp, the
maximum capacitance value 1in ICS-2, for the SC biguad in
Fig.3.17, can be either C or D, and the minimum capacitance
value can be either E or G. By using a similar procedure as
above, we obtain the following expressions for the

capacitance spread of ICS-2

W

~£.C_.5
(3.34-a) ... CSS-Z-G—E—QP?E% , Fg < Fgy
and
M 2F 21/2
- ~.2_D_5 B ==
(3.34-b) ... CcSss- _G_E_QP2F5[1+(QP)} ,Fs>Fsu

Unlike CSS-1, we can see 1in the above expressions that
CSs-2 does not depend on the loop gain of the SC biquad.
For low sampling ratios with Fs<Fsu' C is the 1largest

capacitance value in ICS-2, and, hence, C/E and C/G depend
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only on the Q-factor Qp. In the same way, for high sampling
ratios with Fs>Fsu D becomes the largest capacitance value
in ICS-2, which also means that D/G and D/E depend only on

the Q-factor Qp of the SC bigquad.

3.6.2 Optimum switching frequency

For an example with Qp=30, Fig.3.18 shows the
variation of €SS-1, obtained from (3.33), and of CSS-2,
obtained from (3.34), as a function of the sampling ratio

Fs/fp. As we saw above, (CSS-2, as well as the portion of

100

Op=30
/ BIl
o
T AL G
2
& so Fig.3.18: Overall <capacitance
A CI/E=CIG spread 1in the SC
‘\/\ -------------- css-2._ | bandpassLbi?uad with
/ m-
D/G=D/E
o -
3 9 15

Normalised Frequency [Fg/fp)

css-1 for FS>FSu (B/I), are characteristic of the
biquadratic transfer function. But, for Fs<Fsu' the
capacitance ratio B/I has been multiplied by the loop gain
factor fo;, in order to satisfy the condition C/D=A/B for
maximum signal handling capability. This produced a larger
value, A/I, for the capacitance spread. 1In order to obtain
the original ratio B/I also when FS<FSU, we have to scale

the output voltage of OA2 by a factor 1/,/Lg, making A=B,
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the result of which is illustrated in Fig.3.19. Therefore,
the absolute minimum capacitance spread of the SC biquad is
obtained when CSS-1=CS5S5-2 which, from (3.33-b), and from

(3.34-a), leads to the optimum switching frequency

N}UE‘

(3.35) ... F =
Sopt

In terms of the pole frequency of the SC biquad this gives

(3.36) ... F = 4f
s P
opt
100
°
O
4 : ~
2 501 Fi1g.3.19: SC bandpass biquad
& with absolute minimum
capacitance spread,
/ for CSS-1=CSS-2
DIG=D/E
o 1]
3 9 15

Normalised Frequency [E/%]

The optimum switching frequency given in (3.35) implies,
from (3.21), the loop gain Lg=(C/D).(A/B)=2; since A=B, the
resulting voltage magnification in the SC biquad, equation
(3.20), Dbecomes Lmzwff. As a result, the signal handling
capability of the SC biquad will be reduced by 3dB, in
order to satisfy the condition for absolute minimum

capacitance spread.
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3.6.2 Optimum switching frequency versus gain

In order to restore the midband gain Ho we apply a
contour scaling around the input node of the SC biquad
vielding +the capacitance values G.Ho and I.HO, as
illustrated 1in Fig.3.20-a. This operation will affect the
capacitance spread in the SC bigquad as follows. For H0<1,
we can see in Fig.3.19 that both CSS$-2 and CSS-1 increase,

and thus Xkeeping the optimum switching frequency Fs =4f

opt p

approximately constant, as shown in Fig.3.20-b. Increasing
of the midband gain Ho' i.e. Ho>1, does not modify CS§S-2

because the capacitance ratios C/E and D/E are not affected

o — :
HyG | !
(a) vi { —0V,
1/Hg : :
Ho I | S .}
Before scaling : VO=1_v,
After scaling : V_=H .V%
o o i
(b) (c)
100
0p=30
-608
-3d8
E B
Q [+3]
& c
v 501 0dB »
&) o
o v 0 T
3 9 15 3 9 15
Normalised Frequency [Fs/fp] Normalised Frequency [R/fpl

Fig.3.20: Optimum switching frequency
versus gain. {a) Input scaling
for gain Ho; (b) H0<1; (c) H0>1
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by the scaling operation. On the contrary, CSS-1 decreases

when H_  jincreases. Overall, for H_>1, there will be a
reduction of the absolute minimum capacitance spread, as
well as an increase of the optimum switching frequency, as

shown in Fig.3.20-c.

In general, the operation of gain scaling can be
employed in order to reduce the capacitance spread in an SC
biguad, either with or without +the optimum switching
frequency, whenever +the capacitance values of the input
capacitors G, H, I, and J, are smaller than the capacitance
values of the damping capacitors E, F1, and FZ. Such
mechanism of capacitance spread reduction is explained with

reference to the example in Fig.3.21. In the design of an

(a) (b)

Fig.3.21: Gain scaling for capacitance
spread reduction

SC biquad for a given sampling ratio, we scale the
capacitance values of ICS-1, and ICS-2, in order to obtain
capacitance values G=1 and I=1, respectively, as shown in
Fig.3.21-a. The minimum capacitance spread which depends
only on the characteristics of the quadratic denominator
function will be obtained when the minimum capacitance

value of the SC biquad corresponds to the damping capacitor
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E. In order to achieve +this, we apply a gain scaling
factor E such that +the input capacitors and the damping
capacitor have the same capacitance value. This produces a
reduction by a factor E of the capacitance spreads of ICS-1
and ICS-2, as shown in Fig.3.21-b, and thus a reduction of

the overall capacitance spread of the SC biquad.

Designing for minimum capacitance spread, as we did
before, 1reduces the total capacitor area of the SC biquad
although it does not necessarily yield an absolute minimum
capacitor area. This aspect must be considered separately
when we compare various possible design solutions of an SC
bigquad, as we illustrate in the examples given in the next

Section.

3.7 DESIGN EXAMPLES

The design example illustrated in Fig.3.22 refers to
an SC bandpass biquad with the specifications given in
Table 3.8 [3.15)]. The SC biquad in Fig.3.22-a results from
the general SC bigquad building block in Fig.3.10-a, with
F2=0, J=0, and G=H. Following the procedure described above
for analysis of the overall capacitance spread, we arrive

at the curves plotted in Fig.3.22-b, both for the SC biquad

Q-factor .....ciiiiiciicianenns 16
Centre frequency .......... 1633Hz
Mid-band gain .....cccc0..... 10dB

Voltage magnification ........ odB

Table 3.8: Design specifications for a
bilinear SC bandpass biquad
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b= l"”’ : F1
o ’ 1 1 1
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normalised
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spread, and
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values for
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with E-damping (full line), and for the SC biquad with

F1—damping (broken line). Solution C, with F1-damping, and
sampling ratio Fs/fp23.5, yields the minimum capacitance
spread (214). The capacitance spread is also low in both of
the solutions with E-damping, i.e. 18 in solution A, and
~16 in solution B. By adopting solution B with a higher
sampling ratio Fs/fp:10, which only slightly increases the
capacitor area in the SC bigquad, we have the advantage of
reducing the requirements of the AAF and AIF in a complete
SC filter system. On the other hand, adoption of a higher
sampling ratio 1reduces the selectivity of the upper
stopband due +to a smaller effect of the bilinear
transformation. This can be seen in Fig.3.22-c, showing the

amplitude responses corresponding to solutions A and B.

The example illustrated in Fig.3.23 refers to an SC
lowpass notch biquad with the design specifications given

in Table 3.9.

Op~factor .....iiiiiiiiiiii ittt iaieeiaene 30
Pole-frequency ........ ereecscssacsss 1700HZ
Notch-frequency ..... cesssecssessssas 1BOOHZ
Gain @ DC ....citiiieeennnnn ceeseenne ... OdB
Voltage magnification ....cccceveceveee .. OdB

Table 3.9: Design specifications for a bilinear
SC lowpass notch biquad

The SC biquad in Fig.3.23-a results from the general SC
bigquad building block in Fig.3.10-a, with F2=0, H=0 and
I=J. Three design solutions are compared on the basis of

the curves shown in Fig.3.23-b, which represent the overall
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capacitance spread of the SC biquad. Solution A, with F1_

damping, and sampling ratio Fs/fp:75, is rejected because
of the enormous capacitance spread I350. Designing the SC
biquad also with F1—damping, but with the optimum sampling
ratio Fs/prG, solution B, gives the minimum capacitance
spread ZI28. For a smaller capacitor area, we could adopt
instead sclution C, with E-damping. This solution has the
additional advantage of much higher sampling ratio, and
thus simpler requirements for the AAF and AIF. As we cah
see in Fig.3.23-c, the adoption of a higher sampling ratio
also reduces the effect of the sample and hold attenuation,

compared with solution B with lower sampling ratio.

3.8 SUMMARY

In the first part of this Chapter, we developed
general SC bigquad building blocks based on the Two
Integrator Loop structure, which are fully insensitive to
grounded parasitic capacitances, and have low sensitivity
of the pole frequency and pole Q-factor with respect +to
capacitance ratio errors. Design formulae were presented
for discrete-time transfer functions derived from
continuous-time transfer functions wusing the bilinear

transformation.

The second part of this Chapter was concerned with the
analysis of capacitance ratios in SC biquads derived from
the general structures. Py considering the example of an
SC Dbandpass bigquad, we showed that the overall capacitance

spread is determined by two types of capacitance ratios,
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namely those which depend solely on the biguadratic
transfer function, and those which, in addition, relate to
the signal handling capability of the SC biquad. For
applications with low Q-factors, it 1is appropriate to
design the SC biguad with maximum signal handling
capability, at the expense of increasing the overall
capacitance spread. On the other hand, for highly selective
filtering applications, it is wvital to minimise the
capacitance spread of the SC biquad, even implying some
reduction of +the signal handling capability. This 1is
achieved by designing the SC biquad using an optimum value
of the switching frequency, which 1leads to an absolute
minimum capacitance spread, and, as a result, maximises the
accuracy of the capacitance ratios, and reduces the total

capacitor area.

Further aspects of the design of SC biquads, which we
illustrated by means of numerical examples, are concerned
with the total capacitor area required for implementation
as well as the range of optimum, or nearly optimum,
switching frequency which allows for +the best compromise
between the complexity of the AAF and AIF in an SC filter
system and, for example, the selectivity of the amplitude

response of the SC biquad.
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4.1 INTRODUCTION

As we mentioned in Chapter 2, SC decimators and
interpolators can have IIR or FIR transfer functions, ox
even consist of a combination of circuits having IIR and
FIR transfer functions, depending on the anti-aliasing and
anti-imaging system specifications. IIR SC decimators and
interpolators are more suitable for wideband stopband
approximations, and are implemented using the general SC
bigquad building blocks derived in the previous Chapter.
This Chapter deals with SC decimator and interpolator
circuits which are suitable for multinotch stopband
approximations based on the optimum FIR transfer functions

introduced in Section 2.5.

FIR transfer functions can be realised using recursive
and non-recursive structures. The use of SC biquads for
realising FIR transfer functions is considered in the first
part of +this Chapter, in Section 4.2. Based on our
experimental work, we show that the recursive nature of the
circuits produces exrrors of the impulse response
coefficients, which are rather dependent on +the non-ideal
characteristics of the OA's, and which affect the exact
placement of the notch frequencies. Such errors become more
important when the switching frequency is high which, as a
result, limits the operating speed of this type of SC

circuits.

The main purpose of this Chapter is to develop non-
recursive polyphase structures for SC decimators and

interpolators, which are typically used in multirate
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digital signal processing. The resulting SC decimator and
interpolator circuits, whose development is described in
the second part of +this Chapter, from Section 4.3 to
Section 4.5, are found to be very attractive from the
points of view of low capacitance spread, high operating
speed, and, also, low power consumption since they employ
few OA's. 1In Section 4.3, we briefly describe the general
principles of the polyphase structures and show how such
structures are derived from a given impulse response of the
decimator and interpolator. In Section 4.4, we consider
the basic SC building blocks for implementation and also
discuss various arrangements of the switch phasing which
allow multiplexing of the input SC branches. Examples of
the realisation of both single-stage and cascade polyphase
SC decimators and interpolators are presented 1in Section

4.5.

In the third part of this Chapter, corresponding to
Section 4.6, we describe an alternative type of SC
decimator and interpolator circuit in which we combine IIR
SC bigquads together with FIR SC polyphase structures, as a
means of obtaining an optimum multinotch amplitude response
with increased selectivity. A summary of the Chapter is

presented in Section 4.7.
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4.2 SC RECURSIVE QUADRATIC STRUCTURES

4.2.1 Design example

An SC biquad can be employed for realising a gquadratic
FIR transfer function, provided the quadratic denominator
of the +transfer function reduces to wunity. A simple
solution consists of making all the capacitors of the
capacitor loop set equal to unity, 1i.e. A=B=C=D=E=1, as
shown in the general SC biquad in Fig.4.1 with Type-2A

switching. From the general expressions given in the

Fig.4.1: FIR SC biquad with Type-A switching

previous Chapter (Table 3.2 and Table 3.3 in Section 3.3),
the discrete-time transfer function of the FIR SC biquad is

given by

1 2

(4.1) ... H(Z) =1+ (G-1I-3)2Z + (J -HZ

yielding the design equations
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(4.2) ... I=nh ; J-H=h ; G+H-= ho +}H + h

for the input capacitors G, H, I and J.

We consider the example of an SC bandpass filter at
midband frequency o=2OKHz and switching frequency
FS=BOKHz, where it is required +to increase the sampling
rate to 4Fs=32OKHz. Therefore, for this application, we
have to design an SC interpolator with a factor L=4 for
sampling rate increase, which produces notch frequencies at
stfor 2Fszfo, and 3Fs:fo. We consider the cascade of two
FIR SC biquads shown in Fig.4.2. The first SC biquad with
switching frequency 2FS=160KHZ produces the notch
frequencies at Fstfo, and their repetitions at 3Fs*fo’

while the second SC biquad with switching frequency

DE, G1-H1 1
o—{2}4—

Ji=-I1 J2-I2

fe—— 1/160KHz ————

A R B
[3L 4L _I31_T%1

le— 1/320 KHZz —

Fig.4.2: Cascade SC interpolator L=4
with FIR SC biquads
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The circuit in Fig.4.2 was constructed as a discrete

values
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coefficients,

in

which

Section

4F_=320KHz yields the notch frequencies

2.5,

and the

at 2Fstfo.

are derived using the

obtained from (4.2) are given in Table

resulting

1st STAGE: Fs—o ZFS 2nd STAGE: ZFS—O 4Fs
COEFFICIENTS | CAPACITANCES COEFFICIENTS | CAPACITANCES
h,=0.3536 | G -H,=1.2071 | h,=0.2706 | G,~H,=1.0412
H,=1 H,=1
h,=0.5 h,=0.5
1,=0.3536 I.=0.2706
h,=0.3536 | J;-I;=1 h,=0.2706 | J)~I,=1

Table 4.1: Optimised coefficients and capacitance

values for an SC biquad realisation of
an interpolator with L=4%

component model, using CMOS 4016 analogue switches and

BiMOS 3140 OA's. The measured amplitude response of this SC

interpolator is presented in Fig.4.3. At lower frequencies

(<50KHz), and in the vicinity of the notch frequencies at

Fstfo (60KHz and 100KHz), and at 3Fs¢fo (220KHz and

260KHz), the measured amplitude response is fairly close to

the computed (ideal) response. On the contrary, there is a

visible deterioration of the amplitude response at the

notch frequencies 2Fs*fo ({140KHz and 180KHz), which are

produced by the SC bigquad with higher switching frequency

(4FS=320KHz). This is due to different errors affecting the
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Fig.4.3: Measured baseband response of
the SC interpolator with L=¢

terms of the FIR transfer function, which, in +turn, we

shall explain below as resulting from the recursive nature

of the circuits.

4.2.2 Speed limitation

The above FIR SC biquads have very low capacitance
ratios, and thus high capacitance ratio accuracy. The
errors which affect the terms of the FIR transfer function
result primarily from the finite gain bandwidth product of
the OA's, the effect of which increases as +the switching

frequency increases [4.4]-[4.6]. Looking at the circuit in



183

Fig.4.1, and the corresponding discrete-time transfer
function (4.1), we can see that the term 1.20 is the least
affected by such amplifier imperfections because the SC
branch containing capacitor I 1links +the input terminal
directly to the virtual ground of the OA (OA1) whose output
terminal 1is the output terminal of the circuit; the term
(G—I-J).Z'1 is more affected because it has an additional

-1 2

path via OA2, i.e. (G.2 '); the term (J-H).Z “ is the most

affected because it has a further path via the entire 1loop

of the SC biquad, i.e. (J.Z_2

). This recursive nature of
the SC biquad yields different errors for the different
terms of the FIR transfer function which, as we shall see
in the Appendix, implies poorer accuracy of the multinotch
amplitude response. This becomes more critical at high
switching frequencies because the OA's are more affected.

In order to overcome this problem, we develop an

alternative non-recursive type of structures for FIR SC

decimators and interpolators, which employ parallel
processing and only one OA per transfer function. As we

shall show, these structures are much more tolerant to the

non-ideal characteristics of the OA's.

4.3. NON-RECURSIVE POLYPHASE STRUCTURES
FOR DECIMATION AND INTERPOLATION

4.3.1 Polyphase structure for decimation

As we saw in Chapter 2, the operation of decimation
consists of reducing the sampling rate from a high value

MFS (M is an integer >1) +to0 a lower value Fs, and is
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implemented by a decimator circuit symbolically represented
as in Fig.4.4-a. The conceptual operation of the decimator
in the time-domain is illustrated in Fig.4.4-b. The

prototype filter at the heart of the decimator receives

Decimator

o— Ml1 ——O0

(a)

Prototype
FiltgP

o—¥{ HZz pA—o0

input signal

I decimated

signal

e

— o —f
*
(b)

' Fig.4.4: Sampling rate reduction by a factor M.
(a) Symbolical representation of the
decimator; (b) Illustration of decimation

in time

input samples at the higher rate MFS, weights and combines
those samples, and then produces output samples at lower
rate Fs. The prototype filter is a linear time-invariant
filter with discrete-time transfer function H(Z) which, for

FIR decimators, has the general form

(4.3) ... H(Z) = L hnZ
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where the unit delay period is 1/MFs' The length N, and

the coefficients hn of +the prototype filter can be
optimised using the procedure described in Section 2.5,
whereby the notches of the frequency response are placed
exactly at the centre of +the unwanted alias components

associated with the output signal at lower rate Fs.

An analogue sampled-data decimator can be implemented
using the polyphase structure shown in Fig.4.5 [4.1]-[4.3],

in which the prototype filter is decomposed into a set of M

o_—_if//ﬂzﬁ_ HolZ)
MFs . 7.0

mz=M-1 HM_1 (Z)

Fig.4.5: Polyphase structure for decimation

sub-filters that operate at lower rate Fs. The discrete-

time transfer function Hm(Z) of each polyphase filter

(m=0,1,...,M-1) is given by
I
o -iM
(4.4) ... Hm(Z) = 'Z hm+iMZ
i=0
where the coefficients hm+iM of the polyphase filters are

equal to the coefficients hn in (4.3) with n=m+iM; the
length Im of each polyphase filter m is such that (Im—1) is
the integer part of (N-1-m)/M. This process of polyphase
decomposition of the prototype filter is illustrated with

the simple example given in Fig.4.6, for a factor M=2 of
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sampling rate reduction. The original impulse response of
Fig.4.6-a is decomposed into two simpler impulse responses
shown in Fig.4.6-b, yielding +the polyphase structure of
Fig.4.6-c. The delay between equivalent samples of each
sub-filter corresponds, in the frequency domain, to a phase

shift and hence +the sub-filters are designated polyphase

|

Samples in time

filters.

h

ho 2

0

(a)

ho ho
m__:O
0 1
hq
m=1
vorn 70 !
(b)

/—O-HO(Z)=h0‘h22'2

H(Z)=hq

(c)

Fig.4.6: Example of an FIR polyphase decimator M=2.
(a) Prototype filter; (b) Decomposed
polyphase filters; (c) Polyphase structure
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4.3.2 Polyphase structure for interpolation

The operation of increasing the sampling rate

from a

low value F_ to a higher value LF_ (L is an integer >1) is

known as interpolation and

decimation described above.

symbolically represented as in

of sampled and held signals, which occur in SC circuits,

illustrated in Fig.4.7-b. Ever
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rate. In SC bandpass filter systems, the decimators and
interpolators may have the same factor of sampling rate
alteration, i.e. M=L, and their original prototype filters
may also have the same discrete-time transfer function
H(Z). But because the operation of interpolation refers to
sampled and held signals, the original prototype filter for
interpolation can be modified according to
L-1

(4.5) ... H'(2Z) = H(Z)-L 2~
1=0

1

where the unit delay period is 1/LFS,

An analogue sampled-data interpolator with modified
prototype filter can be implemented using the polyphase
structure of Fig.4.8. Each one of the L. polyphase filters
at lower rate Fs produce one output sample determined by
their transfer functions Hl(Z). The output signal of the
interpolator 1is obtained by resampling the outputs of the
polyphase filters at higher rate LFS. The impulse responses
of the polyphase filters are derived from the impulse
response of the modified prototype filter using a
decomposition process similar to that for the decimator. A

simple example of this process for L=2 is given in Fig.4.9.

Hol2) i\—o
Ff’ : LF,

S
T HL(2) ==

Fig.4.8: Polyphase structure for interpolation
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The prototype filter with the original impulse response of
Fig.4.9-a is modified according to (4.5) vyielding the
impulse response shown in Fig.4.9-b. Then, this is
decomposed into L=2 simpler impulse responses represented

in Fig.4.9-c which yields the polyphase structure of
Fig.4.9-4d.

hy
ho h2

1
Samples in time

(a)

hTO hTz
0 7 2 3
(b)
#hz
hTo 120
0 1
h ¢h1
ho
R {=1
o2 I =
(c)

Fig.4.8: Example of an FIR interpolator L=2.
(a) Original and (b) modified prototype
filters; (c) Decomposed polyphase filters;
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H0(2)= 120
hge(hyshoiZ 2
- 2F,
Fs Hyl2)= A s
T (h0°h1)’h22-
(d)
Fig.4.9 (continued): (d) Poclyphase structure for

FIR polyphase interpolator L=2

4.4. SC BUILDING BLOCKS FOR POLYPHASE STRUCTURES

4.4.1 General Structures

The conventional form of realising an FIR transfer
function is by means of the transversal tapped delay line
shown in Fig.4.10, in which the delays giving the required
powers of 2 are obtained by means of a form of serial
processing. This structure can be implemented in SC form
either wusing OA's [4.7] or using unity gain buffers [4.8],
but none of these types of circuits are suitable for high-
guality SC decimators and interpolators, on account of
their sensitivity to parasitic capacitances and to the

non-ideal characteristics of the active elements.

2-1 2-1 2-1

hy h3
O

Fig.4.10: Non-recursive transversal structure
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Additionally, there is the problem of serial processing
which renders such nonideal characteristics even more
severe because of the propagation of errors throughout the

delay line.

The practical limitations mentioned above for the
conventional SC tapped delay 1line, are overcome by the
adoption of the alternative direct-form structure of

Fig.4.11 [4.9], using parallel processing. An additional

| hZ"

L

Fig.4.11: Modified direct-form non-recursive
structure

advantage of this structure is that each term of +the FIR
transfer function can be implemented separately with
passive SC elements employing only analogue switches and
capacitors. Not only 'this improves their accuracy, thus
leading to higher precision of the multinotch amplitude
response, but also increases the speed of operation. For
the SC decimator, this direct-form structure for the
individual polyphase filters produces to +the general
polyphase structure shown in Fig.4.12-a, using M+1
accumulators. However, since the outputs of the polyphase

filters and the output of the decimator are at the same
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m=0

m=M-1

(b)

Fig.4.12: Polyphase decimator structures with
direct-form polyphase filters

lower rate F,, only one accumulator is needed, as shown in
Fig.4.12-b. For the SC interpolator, the resulting general
polyphase structure with direct-form polyphase filters 1is
shown in Fig.4.13-a. This structure needs L accumulators
at lower rate Fs, the outputs of which are resampled at
higher rate LFS. However, since the outputs of the

polyphase filters only matter during the periods of time

when they are connected to the output of the interpolator,
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=
T

(b)

Fig.4.13: Polyphase interpolator structures with direct-
form polyphase filters. (a) L accumulators at
lower rate Fs; (b) 1 time-shared accumulator

at higher rate LFs

it is possible to utilise only one time-shared accumulator,

as shown in Fig.4.13-b.

The implementation in SC form of the polyphase
structures in Fig.4.12-b and Fig.4.13-b can be divided into
two parts. The first part corresponds to the implementation

of the transmission factors wusing SC elements with only
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switches and capacitors. These SC elements realise the
operations of sampling, delay and weighting, and their

discrete-time input-output relation is of the form

(4.6) ... no_ = cnz'nvi(Z)

The capacitance values correspond to the coefficients of
the transmission factors, 1i.e. the impulse response
coefficients, while the delays are obtained by an
appropriate switch phasing for each SC element. The second
part of the polyphase structures consists of an SC
accumulator that 1realises the addition of the charge
packets AQn(Z) produced by the SC elements. Its ideal

discrete-time input-output relation is of the form
(4.7) ... v(z) = L Ihg (2)
o c n

Next, we shall consider the SC implementations of these

blocks, starting with the accumulator.

4.4.2 SC accumulator

For the SC decimator, implemented using the polyphase
structure in Fig.4.12-b, the accumulator may be realised as
shown in Fig.4.14. During the reference period of the

decimator, 1i.e. one period of the output signal, the

incoming charge packets AQn(Z) corresponding to all terms
of the FIR prototype filter are transferred into the
memoried feedback capacitor C. At the end of the reference

period, in slot 1, the new output voltage is sampled by the
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c
AQy(Z) — | ———{TF—oVo(2)

.
°
¢ = ¥ I5C
AQN4(Z) ——<—={2] {1} =
i C et
T
Cmmcemmememmeed
m— Reference period ——s
(1/7Fg)
] 21 |1|
T e e
-M 0

Fig.4.14: SC accumulator for decimation

following SC circuit and also by the feedback TSC branch;
then, in slot 2 of the next reference period, the TSC
branch transfers its charge to the feedback capacitor and
thus resets the previous output voltage. At the same time,
a new cycle of charge accumulation is executed. By taking
into account the parasitic capacitance Cp we obtain the

following discrete-time input-output relation

N-1

L AQ (2)
n=0 n
1

4.8) ... = —_—
( ) v_(2) . %? =

1
Cc

As we saw in Fig.4.13-b, the preferred structure for
interpolation employs only one time-shared SC accumulator.
This is shown in Fig.4.15 for the simple case of L=2.
During one reference period of the interpolator, i.e. one

period of the input signal, there are L=2 cycles of the

operation of the SC accumulator, each of which produces one
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oV,(Z)

cycle1l cycle?2
—
3LJold2L 4143

2 1 o
b= Reference period—e
{1/Fg)

Fig.4.1%5: A simple time-shared SC accumulator
for interpolation (L=2)

sample of the output interpolated signal. Firstly, in slot
0, the <charge packets of +the polyphase filter 1=0 are
transferred to the output of +the accumulator, while the
previous output voltage is reset by the charge transfer
from the feedback TSC branch. 1In slot 2, the new output
voltage 1is sampled by the feedback TSC branch. In the
second cycle, the charge packets of the polyphase filter
1=1 are +transferred +to the output of the accumulator in
slot 1, while the previous output voltage is reset by the
charge transfer from the feedback TSC branch. This second
cycle ends with slot 3, when the new output voltage is
sampled by the feedback TSC branch. With such an
arrangement of the switch phasing the output of the
interpolator is implicitly sampled and held, because the

output voltage changes only during slots O and 1. The
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discrete-time input-output relation of the SC accumulator

for the first interpolated sample, in slot O, is given by

Io-l
r 8o, (2)
(4.9-a) ... v - 1_23/2 i=0
01 C 1 + EB z—l
C

and for the second interpolated sample, in slot 1, by

11’1
z AQi(Z)
1 _1/2 i=0
(4.9-b) ... V.= —2 —
02 c 1+ SR 21
C

We can observe in (4.8), and in (4.9), that the
discrete-time expressions in the numerators are not
affected by the parasitic capacitance Cp of the MOS
capacitor (top—platé) and switches. Since these numerators
define the FIR transfer functions of the SC decimators and
interpolators, the location of the notches of the amplitude
response will not be affected either. The parasitic
capacitance Cp does introduce a parasitic pole at Z=-Cp/c,
and a DC gain variation of -2010g(1+Cp/C), but both of
these effects are usually negligible. In order to improve
the accuracy of the amplitude response, the effects of the

parasitic capacitance can be eliminated by employing the

PCTSC reset branch shown in Fig.4.14 [4.10].

4.4.3 Direct-form SC elements

Now, we shall 1look at the implementation of the
transmission factors of the polyphase structures in

Fig.4.12-b and Fig.4.13-b using SC elements. It is
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convenient to refer the operation and the switch phasing of
such SC elements to the reference periods defined for the
SC accumulators. Various situations have to be considered
depending on the number of terms, i.e. the length, of the

polyphase filters.

Simple SC elements implement the first term of the
polyphase filters, i.e. the terms with transmission
factors hm or hl, and correspond to a situation where the
input signal is sampled during the reference period. Such
SC elements can be realised using conventional SC branches
switched in the normal manner, which means that during the
reference period the time slot for sampling precedes the
time slot for charge transfer. The TSI branch in
Fig.4.16-a realises positive coefficients, whereas the OFR
branch in Fig.4.16-b realises negative coefficients. An
alternative realisation of the terms with negative
coefficients uses the PCTSC branch in Fig.4.16-c. For the
SC decimator, the delays of these SC branches refer to the
reference period in Fig.4.16-d, and are determined with

respect to the sampling slots, e.g. slot 1. Oon the

contrary, for the SC interpolator the delays should be

referred to the charge transfer slots, e.g. slot 2. The SC

elements in Fig.4.16 are canonic in the sense that they
‘utilise only one SC branch with one capacitor in order to

realise one term of the FIR impulse responses.1

1

We assume that the PCTSC branch with two capacitors
2C is equivalent to an SC branch with one capacitor C
[4.101.
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m—— Reference period ——e
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Fig.4.16: SC elements for the first term of the
polyphase filters, using a hnormal
sequence of sampling followed by

charge transfer

The SC elements that implement <the terms with
transmission factors hm+M'Z_M or hl+L'Z—L correspond to a
situation where the input signal is sampled in the period

preceeding the reference period. Such SC elements can be

realised by inverting the sequence of sampling and charge

transfer, during the reference period. This operation can
only be achieved using TSI and PCTSC branches because, in
these branches, sampling and charge transfer take place in

different slots. The TSI branch in Fig.4.17-a realises
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positive coefficients, while the PCTSC branch in Fig.17-b
realises negative coefficients. It is easy to see that

these SC elements are also canonic, as before.

AQ(Z) cz-M-n
(a) i -—> O—a/o-—’—)——o
Fs
«(M«N1)
(b) o—a’o—CZ—o
Fs
M 12] [ f2]
M ' -MenY) -M -n2 N0
wm—— Reference period—et
{1/Fs)

Fig.4.17: SC elements for the second term of the
polyphase filters, using an inverted
sequence of charge transfer followed

by sampling

In order to implement terms with transmission factors

h 27%M or n Z—2L, h 273 or h 273l and so

m+2M° 1+2L- m+3M° 1+43L°

forth, it 1is necessary to introduce SC branches with
reduced sampling rate that can sample the input signal at
two, three or more periods before the reference period.
But, because of the reduced sampling rate, it is also
necessary to have multiple SC branches to ensure that such
terms are realised every reference period. Such a scheme is
illustrated in Fig.4.18, for a transmission factor
-2M

h Z

m+2M" The SC element consists of two paralleled SC
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branches, with reduced sampling rate Fs/z, and with an

inverted sequence of charge transfer followed by sampling.

-(2M+N1)
AQ cz
(2) - a, *
v FS
—2/F >
21 [ 2L ML
-(2M+n1) -M -m o
—& Reference perlod i¢—
{1/ Fsg)
—2/Fg >
|L||3| |L||3|
-(2Men1) -M -n1 0

—»! Reference periodi—

Fig.4.18: Example of a non-canonical SC element
for the third term of the polyphase
filters, using SC branches with reduced

sampling rate

We should note that although this SC element is non-canonic
with respect +to the number of SC branches and capacitors,
it is still a direct-form implementation since it realises

only one term of the FIR impulse response.

4.4.4 Multiplexed SC elements

There are other forms of non-canonical implementations
of the SC elements which may lead, in some cases, to a
reduction of the total number of sC branches and

capacitors. These are the multiplexed implementations of SC
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elements which lead to non-direct-form SC structures. An
example of a polyphase structure with a multiplexed
implementation of SC elements is shown in Fig.4.19-a.

Here, the SC branch with capacitor C1 is switched at higher

rate 2Fs, and realises terms that correspond to different

Vi(Zio— AmZ) O;Pz

R
'T'

C3z72

C1

22 -1 0
le—Reference period—e
(1/Fg)
(a)

AQ(Z)

v, (Z)Prl—é——-l I—i——.-ﬁ

ey g -

oLJ20L1 0L1i2
=1/ 2F
-2 - 0

w-Reference period—el
(1/Fg)

{(b)

Fig.4.19: Alternative implementations of polyphase
filters. (a) Multiplexed SC elements, and
(b) direct-form SC elements
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polyphase filters. The alternative direct-form

implementation is shown in Fig.4.19-b.

Multiplexed schemes are especially attractive for
applications of SC decimators in which the prototype filter
has equal coefficients and the length is N=M [4.11]-[4.13].
It 1is easy to see that in such cases the polyphase filters
have only one term, and thus only one SC branch is needed
to implement the polyphase structure. This form of
multiplexing is illustrated in Fig.4.20-a (M=2), and we can

compare it with the equivalent direct-form realisation in

C AQ(Z)

Vil2)

je=1/ 2Fg
1 20 11 2

-1 0
—Reference period—el
(1/Fg)

(a)

m=0 C
2Fg
m=1 C
2 1 0] |2
-1 0
o— Reference period —el
(1/Fs)
(b)
Fig.4.20: Simple prototype filters with equal
coefficients. ({a) Multiplexed, and

(b)) direct-form SC implementation
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Fig.4.20-b. This multiplexing scheme 1is particularly

advantageous when M is large [4.12],[4.13].

4.4.5 Memoried SC elements

One characteristic common to all previous SC elements
is that they are memorieless, in the sense that before each
new sampling phase they have been discharged to zero
voltage. The Single-Phase Floating Capacitor (SPFC) [4.14]

branch shown in Fig.4.21, on the contrary, is a memory

C AQZ) -cz’™
vizlo— T
:;‘:cp bad
- Fs
CZ-ﬂ‘I-M
1]
-M -n 0
m—— Reference period —f
/Fsg)

Fig.4.21: Memoried SC element (SPFC)

possessing element, which holds information between two
consecutive sampling instants. Therefore, an SPFC branch

contributes to the realisation of terms with transmission

-iM -(i+1)M
factors hm+iM'z and hm+(i+1)M'z , in the polyphase
filters for decimation, or with +transmission factors

iL -(i+1)L

h z- and h z . , in the polyphase filters

1+iL- 1+(i+1)L~
for interpolation. This is 1llustrated in +the polyphase

structure for decimation M=2 shown in Fig.4.22 [4.15].
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Fig.4.22: Implementation of polyphase filters
using a memoried SC element

As we can see in Fig.4.21, the SPFC branch is not strictly
insensitive to grounded parasitic capacitances, since the
switched terminal of the capacitor remains floating after
the sampling phase. It was found in practice that this
characteristic affects considerably the performance of SC
circuits [4.15],[4.16], and, therefore, despite its
simplicity, this type of memoried SC element is not very
attractive for high-quality sc decimators and

interpolators.

4.5 DESIGN EXAMPLES OF NON-RECURSIVE POLYPHASE
SC DECIMATORS AND INTERPOLATORS

This Section illustrates the systematic procedure for
the design of polyphase SC decimators and interpolators,

considering examples which are suitable for the
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applications of SC bandpass filter systems that we shall

describe in the next Chapter.

4.5.1 Single-stage SC decimator M=4

For a narrow SC bandpass filter centered at f0=20KHz
it 1is required to reduce the sampling rate from 4Fs=192KHz

to FS=48KH2. The amplitude response of the prototype
filter must have the notches at fregquencies 3Fs*fo’ 2Fstfo
and Fstfo, and by using the simple technique described in
Section 2.5 we arrive at the optimum impulse response given
in Fig.4.23-a. The prototype filter is decomposed into M=4

polyphase filters leading to the polyphase structure given

(a)

-9(0.483)
—910.462)

—@10.462)
—91(0.483)

—e (0.304)
©(0.250)
©10.304)

0 1 2 3 4 5 6
Samples in time

(b)

182 KHz

Fig.4.23: FIR prototype filter for a decimator
M=4 . (a) Optimised impulse response;
(b) Corresponding polyphase structure
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in Fig.4.23-b. The SC implementation in direct-form 1leads
to the polyphase SC decimator shown in Fig.4.24-a, which
operates with the time frame of Fig.4.24-b. It is easy to
observe the correspondence between the SC decimator and the
polyphase structure. For example, +the input signal is
sampled in slot O by the polyphase filter m=0, in slot 1 by

the polyphase filter m=1, and so forth. The terms with

transmission  factors h ~—are realised by SC branches

switched in the normal manner, and thus the charge transfer

ho
(a) Hl—@-@ 4 o
a !
ENMEES
L0 U]
1] 0] 3] | 4]
1
hi
0] 1]
hsg
—11] H

..

hj
3] 2]
2] 3|

&—

Py

Py
" g

1.3us
[ ]

(b) [3] [2] [1 [ol Ja]
=1/192KHZ =

o 1/LBKHz —o]

Fig.4.24: (a) Single-stage polyphase SC decimator M=4;
{b) Time frame
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slots appear after the sampling slots. But the terms with
transmission factors hm+4.z'4 are realised by SC branches
with an inverted sequence of charge transfer followed by
sampling, and thus the charge transfer slots appear before

the sampling slots within the reference period.

This SC decimator circuit was built using discrete
components: CMOS 4016 analogue switches, BiMOS 3140 OA's
and capacitance values ranging from 18.17pF to 59.68pF. By
using a baseband sweeping mode, as defined in Section 2.2,
we obtain the measured amplitude response 1in Fig.4.25-a,
which includes additional notch frequencies at multiples of
Fs=48KHz due to the sample and hold effect. This effect was
also simulated in the computed response using the computer
program SWITCAP [4.17]. In the experimental curve, the
slight attenuation at DC 1is due to the parasitic
capacitance in the feedback TSC branch of the SC
accumulator, as we saw in (4.8). This effect is negligible
in the passband centred at fo=2OKHz. We can obtain the
effective anti-aliasing performance of this SC decimator by
using an alias sweeping mode, also defined in Section 2.2,

giving the measured amplitude response shown in Fig.4.25-b.

4.5.2 Cascade SC interpolator L=4

In this example we design an SC interpolator which 1is
complementary to the previous decimator. We adopt a cascade
approach where the first section increases the sampling
rate from Fs=48KHz to 2Fs=96KHz, and then the second
section further increases the sampling rate from 2Fs=96KHz

to 4Fs=192KHz. The notch frequencies in the first section
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Fig.4.25: Evaluation of the SC decimator M=4.

(a) Baseband response
(b) Aliasing response



are placed at Fs*fo, but they are also repeated at

the notch
second section.

for example, we

frequencies
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at 2Fstfo

For the requirements of the first

3Fsgfo;
are introduced in the

section,

obtain the FIR prototype filter with the

original impulse response given in Fig.4.26-a. This impulse

response is modified according to

sampled

impulse response in

LB KHZ

Fig.4.26:
(a)

and held signals at the

Fig.4.26-b

(4.5), on account of the

input. Then, the modified

is decomposed into L=2
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polyphase filters indicated in Fig.4.26-c. This polyphase
structure 1leads to the polyphase SC interpolator shown in

Fig.4.27-a, with the time frame given in Fig.4.27-b.

|

(a)

243

(b) 41 |10{ j2 1043

o—— 1/96KHZ ——ui
1/LBKHZ ———————

—

¥

J—Input signal

Fig.4.27: (a) Polyphase SC interpolator L=2;
(b) Time frame

In order to observe the correspondence between the SC
interpolator and the polyphase structure we should look at
the charge transfexr slots. The first output sample is
produced by the polyphase filter 1=0 in slot O, and the
second output sample is produced by the pélyphase filter
1=1 1in slot 1. The SC branches that realise the terms with
transmission factors h1 have the sampling slots before the
charge transfer slots; but since +the input signal is

sampled and held, only one sampling slot is needed, slot 4.
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For the terms with transmission factors h1+2_z'2 the sC

branches have an 1inverted segquence, of charge transfer

followed by sampling; as before, only one sampling slot 1is

needed, slot 3.

By using a similar procedure we obtain the structure
for the second SC interpolator section, and then the

cascade realisation of Fig.4.28 results. No sample and
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o———— 1/192KHZ —o4

4 0 2 1 3 Time Frome 2

(a)

Y

(b)

Fig.4.28: (a) Cascade polyphase SC interpolator L=4;
(b) Time frame

hold circuit is needed to interface the two sections
because the output of the first SC interpolator section is
implicitly sampled and held in the slots O and 1 of time
frame 1. We built a discrete component model of this SC
interpolator circuit using the same type of components

indicated before; the nominal capacitance values range from
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32.28pF to 102.44pF. The measured baseband baseband
response of the SC interpolator is given in Fig.4.29 and

compared to the computed response.

—— Measured

—-- Computed

N\

GAIN (d8]

0 20 48 96 ' 1L 192
FREQUENCY [KHz]

Fig.4.29: Baseband response of the cascade
SC interpolator L=4&

4.5.3 Single-stage SC interpolator L=4

Here, we design a polyphase SC interpolator L=4 wusing
only one OA. We consider the same requirement which was
used for the cascade biquad realisation of <the FIR SC
interpolator L=4 considered in Section 4.2, and shown in
Fig.4.2. For this single-stage SC interpolator, the
optimised impulse response of the prototype filter is given
in Fig.4.30-a, and the corresponding modified impulse

response 1is shown in Fig.4.30-b. In the polyphase
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Fig.4.30: FIR prototype filter for an interpolator L=4.
(a) Original, and (b) modified impulse responses;
{c) Polyphase structure
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Fig.4.31: (a) Single-stage polyphase SC interpolator L=4:
(b) Time frame
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structure of Fig.4.30-c, the implementation of the terms
with transmission factors h1+8,z'8, in the polyphase
filters 1=0 and 1=1, requires non-canonic SC elements with
multiple SC branches. The scheme given in Fig.4.18 is
appropriate for this purpose. The 1resulting polyphase SC
interpolator is shown in Fig.4.31-a which operates with the
time frame of Fig.4.31-b. This SC interpolator circuit was
also built with standard discrete components and we

obtained the measured amplitude response shown in Fig.4.32.

—— Measured

---- Computed

GAIN [dB]
w
(8]
—
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Eiar T N
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0 20 80 160 . 240 320
FREQUENCY [KHz]

Fig.4.32: Baseband response of the single-stage
SC interpolator L=¢

In the light of the analysis of the non-ideal effects that
we shall present in the Appendix, the increased complexity

of this single amplifier SC interpolator with respect to
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the number of input SC branches, and time slots, may
explain the poorer accuracy of +the amplitude response
compared to the cascade polyphase non-recursive structure.
A brief summary of the results derived in the Appendix,
particularly with respect to capacitance ratio and timing

errors, will be presented next.

4.5.4 Practical considerations

The errors produced in the impulse response
coefficients of +the FIR transfer functions of +the SC
polyphase structures are primarily due to capacitance ratio
errors associated with the input SC branches. Considering
the example of the SC decimator M=4 in Fig.4.24-a, we can
minimise +the effect of such errors by implementing the

capacitance ratios as illustrated in Fig.4.33. The most

| vyl
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Rt n s |1 ™ n
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becccccem - | Bpppepyreppmppm—— -
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Unit ation ——-- -——- -—-- -
nily ratieng Absoluteratio

«—e Relative ratioing of coefficients

Fig.4.33: Ratioing strategy for the polyphase
SC decimator M=4, which reduces
impulse coefficient errors

critical capacitance ratios are in relation to the
capacitors of the input SC branches, whereas the

capacitance ratios relative to the feedback capacitor of
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the OA, which are most critical in conventional SC filter
circuits, are here less important. Capacitors corresponding
to symmetric impulse response coefficients, for instance ho
and h., have equal areas, and thus the capacitance ratio
accuracy is maximum. The ratios between horizontally
adjacent capacitors, hO and h1, for example, are also
maximised, because such ratios correspond to a difference
between adjacent impulse response coefficients, which is
smaller than their absolute values. In the case of
implementation in integrated «circuit form, it is also
important that equal valued capacitors on-chip are
physically close to each other, in order to minimise
effects of oxide thickness variations, for example, thus

maximising tracking of capacitance values [4.18].

The timing of the non-recursive polyphase SC decimator
and interpolator circuits is affected by differential time
errors between each critical slot in the time frame, 1i.e.
the +time slots that determine the powers of Z in the
corresponding FIR transfer function. These errors are
essentially due to the digital time slot generators. 1In
order +to minimise such errors, which produce large
variations of the multinotch amplitude response, we
designed time slot generators with identical digital paths
for the time slots. This ensures that the timing errors
result only from differential propagation delays of similar

gates, and thus can be acceptably small.
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4.6 DESIGN OF DECIMATORS AND INTERPOLATORS WITH

COMBINED SC BIQUAD-SC POLYPHASE STRUCTURES
In frequency-translated SC systems we have to reject
unwanted alias and image frequency-translated components
below as well as above the desired passband, for which it
is necessary to utilise SC decimators and interpolators
with highpass or with bandpass amplitude responses. Such
SC decimators and interpolators are usually required to
have higher selectivity than the SC lowpass decimators and

interpolators of the previous examples.

Highpass and bandpass FIR polyphase SC decimators and
interpolators can be derived by employing the procedure
described above for lowpass FIR polyphase SC decimators and
interpolators. In order to increase the selectivity of the
multinotch amplitude response, for given L and M, we have
to increase the number of notch frequencies which, in turn,
implies increasing the length of the optimum FIR prototype
filter for decimation and the modified prototype filter for
interpolation. This may lead to SC circuits which may not
be practical for implementation, mainly due to the many
time slots, thus switching waveforms, required +to operate
the SC branches. We consider here an alternative type of SC
decimator and interpolator circuits, in which we combine an
FIR polyphase SC structure together with an IIR SC bigquad
as a means of achieving the required increased selectivity
of the multinotch amplitude response. We shall consider an
example of +the design of such sC decimators and

interpolators with factors of sampling rate alteration M=3
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and L=3, respectively, and with highpass multinotch

amplitude responses.

4.6.1 SC decimator M=3

For an SC bandpass filter with centre frequency

f1=4KHz and switching frequency Fs=16KHz, the alias
frequency components in the frequency range up to 3Fs=48KHz
are symbolically represented on the discrete-time unit

circle as shown in Fig.4.34-a. In the frequency band from

ﬂf1
wlaF.

1 el
2F-fy—" N—3F,-f,

2F fy

(a) (b)

Fig.4.34: (a) Symbolical representation of an SC bandpass
filter with switching frequency F , on the unit
circle from DC to 3F ; (b) Pole-zero pattern of
SC decimator for selection of the frequency-

translated band centred at f°=Fs+f1

DC to 3Fs/2=24KHz, an SC decimator M=3 1is required to
select the alias frequency-translated component at fo=20KHz
and to reject the unwanted baseband component at 4KHz as
well as the unwanted alias frequency-translated component
at 12KHz. For increased selectivity of such SC decimator we
consider the pole-zero pattern illustrated in Fig.4.34-b
(the pole-zero pattern in the upper half-circle is repeated

in the 1lower half-circle), which leads to the following
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discrete-time transfer function

-2
(4.10) ... m(z = |91 5 ),(h02+h122-1+h222-2)

1-2r cos® 2z t+r 2z~
b p P

-1
h +h112 +h212

where the unit delay period is 1/3F_, The numerator of the

biguadratic function corresponds to the complex conjugate

zero-pair Z1.Z:

the first repetition at 44KHz. The denominator of the

yielding the notch frequency at 4KHz and

biquadratic function, which is also designed directly on
the discrete-time domain corresponds +to the regquired
complex conjugate pole-pair (equivalent Q-factor is
approximately'Qp=2, and the pole frequency is approximately
fp=20KHz). The FIR quadratic function corresponds to the

*
complex conjugate zero-pair Z.,.7Z yielding the notch

2°72
frequency at 12KHz and the first repetition at 36KHz. The
optimised coefficients for the transfer function (4.10) are

given in Table 4.2.

Biquadratic Function FIR Quadratic Function

hy,=h,,,=0.14434 hg,=h,,=0.5
h=70.25 hy,=0
r 2=O.25
p

-2r cosf =0.86603
P P

Table 4.2: Optimised coefficients for decimator M=3,
with IIR SC biquad-FIR SC polyphase structure
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The architecture of the SC decimator M=3 which
implements the above transfer function is illustrated in

Fig.4.35-a. First, we have the IIR SC biquad with switching

| IR FIR !
| SC Biquad SC Polyphase |
o~ ~ i
o—%—+ o o
3Fs! 3K iFs
e e J

SC Decimator M=3

(a)

(b) O
la—1/L8KHz —»
3] (2] [5]
1716 KHz >
Fig.4.35: (a) Architecture, and (b) circuit, of

decimator M=3 with combined SC biquad-
SC polyphase structure

frequency 3F_=48KHz, which realises the biquadratic
function; then we have the FIR polyphase SC structure,
which realises the FIR quadratic function, and reduces the
sampling rate to Fs=16KHz. The resulting SC decimator with
time frame is shown in Fig.4.35-b, and +the normalised
capacitance values are given in Table 4.3. The SC circuit

in Fig.4.35-b was constructed as a discrete component
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IIR SC Biquad | FIR SC Polyphase
— |

- - 10.0781 h =1
] (o}
8|8~ 6.9282 h. =1
1 2

I-1 Cc_=2

a

C - 54.7110 Cr=2
~ | D - 37.6109
t
7]
o | E - 19.3917
-

G~ 1

Table 4.3: Normalised capacitance values
for SC decimator M=3

model, using CMOS 4016 analogue switches and CMOS 7611
OA's. The measured and computed baseband amplitude
responses of the circuit are shown in Fig.4.36. The

notches at 16KHz, 32KHz, and 48KHz, result from the sample

—~— Measured
---Computed

/I

GAIN (dB]
5
VA
0

| I—

1 L] L] v A 1

0 12 24 36 48
FREQUENCY [KHz]

Fig.4.36: Measured baseband amplitude response
of SC decimator M=3
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and hold effect, which also produces the attenuation at

midband frequency fo=20KHz.

4.6.2 SC interpolator L=3

For an SC interpolator L=3 which is complementary to
the previous SC decimator, the original transfer function
of the prototype filter has the same form as in (4.10). For
the modified prototype filter we have to increase the
selectivity of +the biquadratic function (equivalent Q-
factor 1is approximately Qp=5) in order to compensate for
the sample and hold effect at the lower sampling rate
Fs=16KHz, which attenuates the desired output image at
fo=20KHz. The sample and hold effect also implies a
modification of the original FIR function, which will be
implemented by a polyphase SC structure for interpolation.
The resulting discrete-time transfer function is

(4.11)

-1 -2
VA
z—4) / hoothy 2 *hy,

\ 1-2r cosf Z-1+r 2z
p P p

H'(2) = (h01+h 2z h 27%m. 273

11 21 31 41 -2

where the unit delay period 1is 1/3FS. The optimised

coefficients are given in Table 4.4.

The general form of the SC interpolator L=3, which
implements the modified +transfer function (4.11) 1is
illustrated in Fig.4.37-a. Now, the polyphase SC structure
comes first, 1in order to increase the sampling rate from
Fs=16KHz to 3Fs=48KHz yielding the notch frequency at
12KHz, and the repetition at 36KHz. Then, we have the SC

bigquad with switching frequency 3Fs=48KHz, which realises
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Biquadratic Function

Modified FIR Function

h02=h22=0.32390

h12=—0.56lOl

h01=h11=h =h41 = 0.5

h21 =1

31

2_
IS =0.70215

~2r cosH =1.39346
p b

Table 4.4: Optimised coefficients for interpolator L=3,

with FIR SC polyphase-IIR SC biquad structure

FIR

SC Interpolator L=3

(a)

[31 [2]

e 1/16KHz ———————=]

le—1/LBKHz =
(b)

Fig.4.37:

(a)

Architecture,

of interpolator

and

(b)

circuit,
L=3 with combined
SC polyphase-SC biquad structure
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the bigquadratic function yielding the notch frequency at

4KHz and the repetition at 44KHz. The 1resulting SC
interpolator with time frame is shown in Fig.4.37-b, with
the normalised capacitance values given in Table 4.5. This
was constructed as a discrete component model, using CMOS
4016 analogue switches and CMOS 7611 OA's. The measured and
computed baseband amplitude responses of the SC circuit in

Fig.4.37-b are shown in Fig.4.38.

IIR SC Biquad | FIR SC Polyphase
— — |
rz A - 5.43205 ho=1
U{B - 3.08738 h,=1
L] 1
I- 1 h2=2
C - 35.6688 h3=1
D - 20.27287 h, =1
~ 4
8‘ E - 3.43187 ca=2
“le - 1 Cr=2

Table 4.5: Normalised capacitance values
for SC interpolator L=3

10

— Measured
--- Computed

GAIN [dB]

i I,

T Y — T T T

0 12 24
FREQUENCY [KHz]
Fig.4.38: Measured baseband amplitude response
of SC interpolator L=3
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4.7 SUMMARY

In +this Chapter we presented SC decimator and
interpolator circuits which are ideally suitable for

multinotch stopband approximations.

The solution of FIR SC biquads for sampling rate
alteration has the advantage of simple switching schemes at
the expense of a larger number of OA's. FIR SC bigquads have
good accuracy of the amplitude response at low frequencies,
whereas at high fregquencies their recursive nature renders
the circuits more affected by the imperfections of the

amplifiers thus reducing the speed of operation.

For increased speed of operation as well as improved
accuracy of the multinotch amplitude response we adopted
instead non-recursive polyphase SC structures employing
only one OA per transfer function. In these structures, the
desired FIR transfer function of the prototype filter for
decimation or modified prototype filter for interpolation
depends on the input SC branches with appropriate switch
phasings. Direct-form SC polyphase structures vyield a
one-to-one correspondance between the input SC branches and
each term of +the FIR +transfer function, which allows
maximisation of the accuracy of the multinotch amplitude
response against capacitance ratio errors and timing
errors. The good performance of such direct-form e
polyphase structures was demonstrated wusing practical
discrete component models of a single-stage SC decimator
M=4 and of a cascade SC interpolator L=4. A single-stage SC

interpolator L=4 showed some degradation of the accuracy of
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the multinotch amplitude response, which can be explained
in view of the increased complexity of the input SC
branches, and the inherent higher sensitivity to
capacitance ratio errors and timing errors. For
applications requiring increased selectivity of the
multinotch amplitude response, FIR SC polyphase structures
may not be very attractive, on account of a greater
sophistication of the switching schemes. Therefore, we
considered alternative SC decimator and interpolator
circuits which employ a combination of FIR SC polyphase
structures, with reduced complexity, together with an IIR
SC biquad with optimised discrete-time biquadratic transfer

function.
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APPENDIX: Non-ideal effects in non-recursive
SC polyphase structures

A4.1 Variability of the frequency response

The evaluation of the FIR transfer function (4.3) on

the unit circle, Z=e('j9), gives

(Ad.1) ... H(iQ) = I hne'j“Q

where Q=m/MFs, for an SC decimator, and Q=w/LFs for an SC

interpolator. For positive symmetry FIR transfer
functions, 1i.e. h =hy_4_,+ We can write (A4.1) as [4.19]
_5 N-1 g
(A4.2) ... B4 = e 3 5% 5
where H(Q) is the amplitude response. The corresponding

attenuation, in decibels, 1is

(A4.3) ... A(R) = =20 log H(R) daB

Let us consider complex variations of the nominal

terms hn.e(—JnQ) such that

(A4.4) ... hn (3 = (1 + An ).e‘jAan b e”Ing
a n n
where Ahn and Asn correspond to a capacitance ratio error

and to a timing error, respectively. In SC polyphase

structures in direct-form, Ahn is associated with the
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capacitor h =~ of the input SC branches while As  is

associated with the time slot that produces the delay AR
A timing error may occur either due to a delay or due to an
advance of the actual time slot relative to the nominal

time slot, as illustrated in Fig.A4.1. Usually, such timing

Fo---—-- !
i ; Advance
____________ J I
ﬂﬂ\H—
+at Nominal
LAWY,
] | Delay
-_———d b — — -
je—— Reference period Tg—
Fig.A4.1: Illustration of timing errors
error is small, i.e. Asn<<1, and thus we can write (A4.4)
as
. . -3inQ2
(a4.5) ... hy (3 = (1+an_ + 385 Q)n e
where we have neglected the term Ahn.Asn<<Ahn,Asn. By

entering (A4.5) into (A4.1), and by using (A4.2), we obtain

N-1L
. -J Q . -
(R4.6). .. H_(3) = e 3T O + (Ahn + gAan)hne

nf

The errors in the passband of <the SC decimator and
interpolator circuits, where H(Q)I1, are small, since
Ahn<<1, and, also Asn<<1. On the contrary, the errors
which arise in the multinotch stopband, even if they are

small, become much more important since H(Q)ZO.
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A4.2 Evaluation of single-stage SC decimator M=4

(a) Capacitance ratio errors

For conciseness, we shall consider now the evaluation
of the single-stage SC decimator M=4 represented in
Fig.4.24-a with respect to the capacitance ratio errors
(A5n=0). An error Ah which affects all capacitance ratios

at the same time, produces a frequency response in the form
_; N-1g
(R4.7) ... B30 = e "7 H@.(1 + an)

which indicates a mere variation of the gain of the
amplitude response, while nominal notch frequencies are
preserved. This is a feature of the implementation in

direct-form.

Another feature of the SC polyphase structure in
direct-form is that the capacitance ratios associated with
the input SC branches replicate the symmetry of +the FIR
impulse response, i.e. capacitance ratio errors
corresponding to symmetric FIR coefficients are equal. For
an error Ah of two such symmetric capacitance ratios, i.e.

h_=h

n=PN-1-n’ the actual frequency response (A4.6) can be

written as

(A4.8)

N-1 .
-4 === 0 -3jnf2
Ha(jQ) =e d 2 HEQ) + Ah.hn.e J + Ah'hN-l—n'

o~3 (N-1-1)Q
yielding

-3 N-1 g N-1
(24.9) ... Ha(jQ) = e 2 .{H(Q) + 2Ah.hncos[(n - —%—)é}}
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At +the nominal notch frequencies, H(Q)=0, the finite

attenuation provided by the SC decimator will be

-1
(A4.10) ... A () = =20 log {2Ah.hncos[<n - EE—-)Q}}

Notches

The periodic error hn.cos[(n—(N-1)/2)-Q] is plotted 1in

Fig.A4.2, for the pairs of capacitors in the SC decimator

05

F;“,“\\ — ho-he-[ —_,'_
N ! N . oo Ra=h /’_:
‘\ i - | . 1 5; ’,' A
\ : S0 mhghy ’
~
S
QN
)
c
50—
(o]
Q
[
L
|
! AN / I
: \\ ,’ l
| N 1 ’/
: \\\ ’,’ l
-0.5 T 'L

0 28 Fs 68 76 2F 116 124 3F 16L 172 4R
FREQUENCY [KHz]

Fig.A4.2: Periodic errors associated with the pairs
of capacitors h , and h in
the single- stage S& dec1mator M 2

of Fig4.24-a with equal capacitance values, 1i.e. ho—hs,
h1—h5, and h2—h4. Since these periodic errors are real
guantities, they produce deviations of the nominal notch
frequencies, as shown in Fig.A4.3. These curves were

obtained by simulation of +the SC decimator using the

SWITCAP program, considering variations of :0.5% for the
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capacitor-pairs with equal capacitance values.

ho-he “Thy-hs ha-he

GAINId8)
GAINIdB}

- N +

+

T
PAREY4RY
jananinaNElan

678 68 642 678 6 682 67 68 68.2
FREQUENCY [KHz) FREQUENCY [xHz) FREQUENCY IKHz)

1/

N

7
/

1

}z%?
/

N - nominal amplitude response

Fig.A4.3: Computer simulated amplitude responses of the
SC decimator M=4, around notch frequency at
68KHz, for +0.57 variations of equal capacitors
corresponding to symmetric impulse response

coefficients

The capacitance ratio associated with the capacitor h3
in the 8C decimator M=4 1is a special case of the above
situation, since it corresponds to the coefficient at the
centre of symmetry of the FIR impulse response. The actual
frequency response for an error Ah in h3 becomes

-330
(A4.11) ... HGD) = e Jr@ +Ah.h3]

Since the error term Ah.h3 is a real constant quantity, the
variation of +the notch frequencies will be symmetrical

around their nominal values, as we can see in Fig.A4.4.
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Capacitance ratio errxors Ah associated with

he
at
on

each

capacitor hn (n+3) imply complex error functions which lead

to amplitude responses with finite, rather than infi
attenuation in the vicinity of the nominal
frequencies. The attenuation at the nominal

frequencies is given by

(24.12) ... A = -20 log(/.\h.hn}

Notches

nite,
notch

notch

The variation of the amplitude response of the SC decimator

around some of the notch frequencies is shown in Fig.A4.5,

which were obtained considering variations of :0.5% of

nominal capacitance values of the input capacitors.

the
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(b) Timing errors
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direct-form
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interpolation. Therefore, one such slot affects the timing
of all the terms of the corresponding polyphase filter. 1In
the SC decimator M=4 in Fig.4.24-a, with the time frame in
Fig.4.24-b, the simplest situation for analysis of timing
errors is for slot 3, since it corresponds to a polyphase
filter with only one term. For a relative timing error ASB'

the actual frequency response in (A4.6) becomes
o —338 )
(4.13) ... H_ (3 = e 27 [H(@) + 58s;.0,.9)

At the nominal notch frequencies, H(Q)=0, the attenuation

is given by

(A4.14) ... A(Q) = -20 log (As;.h .Q)

Notches
which indicates an error variation which increases with
frequency. Therefore, the attenuation around the notches
at higher frequencies becomes much more critical. This
effect can be observed in the curves of Fig.A4.6, which
were obtained considering an advance of 65.1ns of slot 3,

i.e. 1/80 of the unit delay period 1/192KHz.
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(c) Amplifier DC gain

The nonideal characteristics of +the OA affect the
performance of the SC polyphase structures by preventing
complete transfer of charge from both +the input and the
feedback SC branches to the feedback capacitor of the OA.

The effect of finite DC gain, for example, can be viewed as

8.2
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yielding errors of the capacitance ratios associated with
the input SC branches. Ideally, the feature of parallel
processing of the polyphase structures would make the
performance of the circuit immune to such errors whose
effect would then correspond merely to a variation of the
gain of the amplitude response. The deviations that can be
observed also with respect to the variability of the
multinotch characteristic, result from the fact that the
voltage at the negative input terminal of +the amplifier
depends, at each time, on the output voltage of the
amplifier. Therefore, the conditions of charge transfer are
not the same for all the input SC branches. Nevertheless,
the overall effect is low, as we can see from the results
given 1in Fig.A4.7, corresponding to the simulation, using
the SWITCAP program, of the SC decimator M=4 with a DC gain

of 500 for the OA.

-30 -30 -30

N o
N/
\// 1/ ///

28 282 67.8 68 68.2 758 76 76.2
FREQUENCY [KHz| FREQUENCY IKHz] FREQUENCY [KHz]

V
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GAIN [dB)
GAIN (dB]

'
-3

r‘ﬂ
@

N - nominal amplitude response

Fig.A4.7: Computer simulated amplitude responses of the
SC decimator M=4, around notch frequencies at
28KHz, 68KHz, and 76KHz, considering a finite

DC gain of 500 for the amplifier



A4 .3 Clock Feedthrough

The problem of clock feedthrough in the polyphase SC
decimator M=4 results from the parasitic capacitances which
are connected between the control terminals of the switches
and the negative terminal of the OA, as shown in Fig.A4.8-
a. Such parasitic capacitances produce an injection of

charge 1into the feedback capacitor whose main effect is to

(a) 0—4

aul_cipi;
iy

ool ot

1.3us

[

< { ) I 2 I £ B [+
= INRKHz-

- 1/48KHz —|

o ool

(b)
!
h———20.83f: —
"!)h-
13ps
Fig.A4.8: (a) Parasitic capacitances associated with
the contrel terminals which contribute to
clockfeedthrough; (b) Waveforms in the

SC decimator M=4, with zero input voltage
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produce an offset voltage at the output of the amplifier,
as shown in the waveforms of Fig.A4.8-b, obtained with zero
input voltage. Waveform A shows the charge accumulation
during one reference period of the SC decimator, and
waveform B shows the sampled DC output voltage. The DC
output voltage reduces the signal handling capability of
the circuit and it may also prevent the realisation of
cascade structures with many sections. However, in such
cases, we can employ schemes that are available for
reduction of the <clock feedthrough in SC networks (e.g.

[4.200).

A4.4 Fast Reset Schemes for SC Decimators

In the waveform A shown in Fig.A4.8-b, we can see that
the amplifier output voltage is reset to zero voltage, in
slot 3. This reset operation produces a large output
voltage swing, which is affected, primarily, by the finite
slew rate of the amplifier. In the case of the SC
decimator circuits, where the SC accumulator operates at
lower rate Fs, it is possible to implement reset schemes
which make an efficient use of the many time slots of the
time frame, in order to reduce the voltage swing at the
output of the OA [4.21]. An example of such a reset
scheme is illustrated in Fig.A4.9-a. The chain of TSC
branches in the feedback network provide the reset of the
output voltage in various phases, each o0of which produces

much smaller output voltage swings, as shown in Fig.A4.9-b.
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showing reduced output voltage swing during
the three reset slots 3, 1, and 0



245

CHAPTER 5

DESIGN AND EVALUATION OF SC BANDPASS FILTER SYSTEMS
WITH BASEBAND AND FREQUENCY-TRANSLATED
OPERATING MODES

5.1 INTRODUCTION

5.2 DESIGN AND EVALUATION OF AN SC BANDPASS FILTER
5.2.1 Coupled SC biquad structure
5.2.2 Design with optimum switching fregquency
yielding minimum capacitance spread
5.2.3 Evaluation by computer simulation

5.3 SC BANDPASS FILTER SYSTEM
WITH BASEBAND OPERATING MODE
5.3.1 System architecture and circuits
5.3.2 Experimental evaluation

5.4 SINGLE-PATH FREQUENCY-TRANSLATED (SPFT)
SC BANDPASS FILTER SYSTEMS

5.4.1 Architecture, operating mode, and properties
5.4.2 Anti-aliasing filter

5.4.3 Anti-imaging filterxr

5.4.4 Sampling rate alteration

5.4.5 Characteristics of an SPFT system

for design and implementation

5.5 SPFT SC BANDPASS FILTER SYSTEM 1: A case study
using fully FIR decimator and interpolator

5.6 SPFT SC BANDPASS FILTER SYSTEM 2: Experimental
demonstration using a simplified architecture

5.7 SPFT SC BANDPASS FILTER SYSTEM 3: Efficient
design for high quality filtering applications
5.7.1 FIR versus IIR SC circuits for

decimation and interpolation
5.7.2 System architecture
5.7.3 Experimental evaluation

5.8 FURTHER APPLICATIONS OF SPFT SYSTEMS
5.8.1 Programmable Q-enhancement factor
5.8.2 SSB generator and detector

5.9 SUMMARY

REFERENCES



247

5.1 INTRODUCTION

This Chapter is concerned with the practical
realisation of SC bandpass filter systems with narrow
relative bandwidths between 10% and 1%, and with very
narrow relative bandwidths below 1%, and which embody the

ideas and circuits presented previously.

For bandpass responses with relative bandwidths
between 10% and 1%, we propose an SC bandpass filter system
operating in a baseband filtering mode, with optimised
capacitance spread, and suitable decimators and
interpolators for rejection of unwanted frequency-
translated components. The SC bandpass filter in the
system, considered in Section 5.2, is designed using the
concept of optimum switching frequency introduced in
Section 3.6, leading to absolute minimum capacitance
spread, thus minimising capacitance ratio errors and
maximising the accuracy of the amplitude response. The 1low
value of the optimum switching frequency gives rise to
unwanted alias and image frequency-translated components at
low frequencies, which have +to be attenuated using an
Anti-Aliasing Filter (AAF) and an Anti-Imaging Filter
(AIF), respectively, with increased selectivity. Hence, in
Section 5.3, we consider FIR SC 1lowpass decimators and
interpolators, respectively, which are optimally designed
in order to maximise the rejection of those unwanted alias
and image signals which can not be attenuated by low-
selectivity continuous-time filters. A practical discrete

component model of the complete SC bandpass filter system
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is experimentally evaluated.

For the realisation of bandpass responses with very
narrow relative bandwidths of 1less +than 1%, we propose
Single-Path Frequency-Translated (SPFT) SC bandpass filter
systems. These systems also employ an SC bandpass filter
with optimised capacitance spread, together with more
sophisticated AAF and AIF with bandpass responses. As it is
experimentally demonstrated, the dynamic range of SPFT
systems 1s similar to that of the conventional SC bandpass
filter employed in the system, which has a much wider
relative bandwidth, thus offering a solution for very high
selectivity filtering applications requiring high dynamic
range. The design, implementation, and experimental
evaluation of SPFT systems for very narrow bandpass
filtering applications, constitute +the core of this

Chapter, from Section 5.4 to Section 5.7.

Firstly, in Section 5.4, we examine the selectivity
requirements of +the bandpass AAF and AIF in SPFT systems,
as well as the implications concerning the factor of
sampling rate alteration of the SC decimator and
interpolator in such systems. Alternative architectures for
decimation and interpolation in SPFT systems are then
discussed in Sections 5.5, 5.6, and 5.7, _employing
different types of SC circuits with FIR and IIR transfer
functions. Such architectures are compared with respect to
capacitance spread and total capacitor area required for
implementation, operating speed, and degree of rejection of

the unwanted alias and image signals with acceptable system
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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
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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
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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
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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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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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changed by :0.25% the nominal capacitance values of each
capacitor in +the circuit. The critical capacitors in the
SC filter are the capacito:s A, B, C, and D, in the loop of
each SC bigquad, which determine the corresponding pole
frequency. As we can see 1in Fig.5.6, such capacitors
produce variations of the passband ripple of the SC filter
of the order of 2.4dB for 1% variation of the corresponding
capacitance values, which are similar to the variations
produced by the reactive components 1in the original LCR

ladder prototype filter, and modified prototype filter.

Al B1
0.0F 0.0F ]
£ g
Z¥f z ]
=z =
© 3
-0.4 E -0.4F
- -C. ] l | ! I
c-£ 15.8 15.5 26 .C Ul 23.2 6 19.8 15.§ 2C.0 25.1 206.2

FRE QUENCY {KHz) FREQUENCY [KHZ)

0.2 0.2

e D1
0.0} 0.0} 1
B 8
z | > ]
3 S
© o
-0.4F -0.4}F p
o — -C. 1 1 I I :
Cf 8.9 20.0 201 20.2 ¢-& 9.5 19.9 20.0 701 207

FREQUENCY [KHz) FREQUENCY [KHz]

Fig.5.6: Computer simulated analysis of the passband
variability of the SC bandpass filter
(20.257 variation of the capacitance values)
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Because of the adoption of the optimum switching frequency,
the capacitance ratios in the loop of the SC biquads are

very small, i.e.

(5.4) Al _C2 A3 _, . A2_,
Bl D2 B3 B2
D1 D2 °°

In an integrated circuit realisation, the precision of such
ratios can be better +than 0.1% and therefore we could
expect to achieve a good accuracy of the amplitude
response. On the other hand, in the discrete component
models that we build for experimental evaluation, we
estimate that the achievable accuracy of such ratios may be
of the order of 0.2% to 0.5%, and thus we antecipate larger

errors in the amplitude response for such models.

5.3 SC BANDPASS FILTER SYSTEM
WITH BASEBAND OPERATING MODE

5.3.1 System architecture and circuits

The general architecture of an SC bandpass filter
system operating in the baseband filtering mode is shown in
Fig.5.7, with lowpass AAF and AIF. The implementation of
such a system employing the SC bandpass filter considered
before implies designing lowpass AAF and AIF which have to
provide adequate rejection of the alias and image signals,
respectively, at a minimum frequency of Fs—fo=60KHz. The

appropriate technological solution to this problem is, as
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VP AU o o o/P
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]

Fig.5.7: General architecture of an SC bandpass
filter system with baseband operating mode

we saw in Chapter 2, to decompose the AAF and the AIF into
low selectivity continuous-time filters, together with an
SC decimator and an SC interpolator, respectively, for

sampling rate alteration.

For conciseness, we shall consider now a 3rd. order
lowpass continuous-time filter in the AAF, the response of
which, shown in Fig.5.8-a, ensures a minimum rejection of
40dB of the alias signals with minimum frequency

f =300KHz. Below fmin , the frequency bands of the input

min.
continuous-time spectrum that relate to the desired system
passband have to be attenuated, also by a minimum of 40dB,
by an SC lowpass decimator. The remaining portions of the
spectrum below fmin. are not of concern since they
correspond to +the stopband of the SC bandpass filter and
are thereby attenuated. Hence, the SC decimator is regquired

to have a minimum factor of sampling rate reduction of

M=(fm-

in +fo)/FS=4. For the SC lowpass interpolator in the

AIF, we adopt also a factor L=4 for sampling rate increase
yielding the same sampling rate of 320KHz, both at the
input, and at the output, of the system. However, because
of the extra attenuation provided by the sample and hold

function, it suffices, in this case, to have a simpler 2nd.
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Fig.5.8: (a) Aliasing spectrum, and 3rd. order continuous-
time filter with stopband frequency at 300KHz
(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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Fig.5.9: Optimised impulse responses for cascaded
FIR SC lowpass decimator, and interpolator.
(a) BOKHz 2 160KHz; (b) 160KHz @ 320KHz

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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Fig.5.11: (a) Cascade FIR SC lowpass interpolator M=4,
using FIR SC biquads with Type-A switching;:
(b) Measured, and computed, baseband
amplitude response
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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



273

4]
)
=20
— .
o
I
z -w
<
o -
-60
-80
19 20 2 22
FREQUENCY [KHz]
Fig.5.15: (b) Measured expanded baseband
amplitude response of the
SC bandpass filter system
The noise performance of the system,

detecto

GAIN [dB)

measured with

r bandwidth of 100Hz, is shown in Fig.5.16.
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Fig.5.16: Measured noise performance of the
SC bandpass filter system



274

Other relevant measured results of the SC bandpass filter
system are given in Table 5.3. As we can see, both the SC
decimator and SC interpolator provide the required
rejection of 40dB of the alias and image signals below
300KHz. However, we should mention that the sample and hold
effect contributes to a great extent to the attenuation of
the image signals at 140KHz (17.8dB) and at 180KHz (20dB)
because, as we discussed 1in Section 4.2, and can see in
Fig.5.11-b, the SC interpolator has poor performance at

such critical frequencies.

Centre frequency 20.058KHz
Gain (includes sinc x) -1.55dB
-3dB Bandwidth 480Hz
Stopband Rejection >41dB
Power Supply +5v
Maximum Input Signal 800mVrms
Dynamic Range 75dB
Aliasing Rejection (<300KHz) >40dB
Imaging Rejection (<300KHz) >50d4B

Table 5.3: Experimental results of the
SC bandpass filter system

The 1results above indicate that narrow bandpass
responses can be realised using conventional SC bandpass
filters, provided +the switching frequency is chosen
according to the optimum criterion discussed in Chapter 3,
and the sophisticated SC decimators and interpolators

developed 1in Chapter 4 are introduced to reject the
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unwanted alias and image frequency-translated components

at low frequency. In order to realise very narrow bandpass
responses, this type of system is no longer applicable, not
only because of the large capacitance spread that would
arise in the SC bandpass filter, even if an optimum
switching frequency is employed, but mainly because of the
resulting extremely high sensitivity of +the amplitude
response to capacitance ratio errors. For such
applications, we have to employ instead an SC bandpass

filter system operating in a different mode.

5.4 SINGLE-PATH FREQUENCY-TRANSLATED (SPFT)
SC BANDPASS FILTER SYSTEMS

5.4.1 Architecture, operating mode, and properties

The idea of Single-Path Frequency-Translated (SPFT) SC
systems was introduced in Section 2.3. In such systems, the
alias and image frequency-translated responses of SC
filters can be efficiently utilised in order to implement
operations of dJdownwards frequency-translation, upwards
frequency-translation, and frequency-translated filtering.
SPFT SC systems implementing downwards and upwards
frequency-translated operations will be demonstrated in
Section 5.8. This, and the following Sections, will study
the application of SPFT SC filter systems for the
realisation of bandpass responses with very narrow relative

bandwidths of less than 1%.
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The general architecture of an SPFT SC bandpass filter
system 1s shown in Fig.5.17-a. The SC bandpass filter with
midband frequency f1, switching frequency F_=mf, and
bandwidth BW1 (g-factor Q1=f1/Bw1) possesses the

frequency-translated alias and image responses symbolically

AAF SC filter AIF
1/P ;ij ﬁij :ti o/P
~ 12 N
(a)

frequency bands relating to the
passband of the filter

Fs — nfy fo
aliasing
Fy/2
imaging
D AT e
14 nFs fo

frequency bands produced by the
passband of the filter

(b)
r'\ f"| r'! BP mM
/»qunaz»avawy‘ [] §§s\
f1 FS UFS fo
L2
"TT"
//;W////;L//'(/z/')r U///x/‘i E:( BN
fy — TFFS to
(c)

F1g.5.17: Architecture, and operating mode, of
an SPFT 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.5.20: Schematic representation of the frequency-
translated bands, 1in the SPFT system, that
relate to the passband of the
SC bandpass filter

image signals at 364KHz, and above, <can be achieved by
continuous-time filters with more relaxed specifications
than those considered before, e.g. higher nominal cut-off
frequency allowing greater tolerances. On the other hand,
the attenuation below 364KHz has to be provided by
decimators and interpolators with more complex
architectures than those considered previously. In the
following Sections we shall consider, in the first place,
decimator and interpolator architectures employing only FIR
SC circuits. Then, we shall also consider alternative
decimator and interpolator architectures with different

combinations of FIR and IIR SC circuits.

5.5 SPFT SC BANDPASS FILTER SYSTEM 1: A case study
using fully FIR decimator and interpolator

The architecture of the SPFT system to be considered
in this case study is shown in Fig.5.21, employing an FIR
SC bandpass decimator and a complementary FIR SC bandpass

interpolator. For both the SC decimator and interpolator,
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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,



284

Baseband |

- l 1 |
i . ! ;
A B gig B AiA B uj . B Al
: ! ; ! | : !
4 ’, . ;
B i ff!
/ i | l y l
i ! 1 |
A 1 N T 1 LI [] | h | 1
0L 12FK2C 28 3F 68 76 6F
FREQUENCY [KHZz]
(a)
<«§—— Baseband ———9~ |
e pe | EbD Co |
2 i : 2o
! : !
Bl |
| i |
. i i
0 6876 BR 172 12k
FREQUENCY [KHZ]
(b)
<«4—— Baseband ————m !
u F | F . |
n U - P fn -
! |
/ 1 ’ |
/- i
g ! B .
! ]
0 20 172 125, 212 364 2F,
FREQUENCY [KHz]
(c)

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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Fig.5.23: Optimised impulse responses for the FIR SC
decimator circuits. {a) Highpass decimator
M=3: (b) Lowpass decimator M=4; (c) Lowpass

decimator M=2
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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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Fig.5.25: (a) Theoretical amplitude response of the FIR SC
bandpass decimator M=24; (b) Expanded amplitude
responses around the critical notch frequencies

variability of the amplitude responses both of the SC
decimator and of the SC bandpass filter itself, such as
illustrated in the example of Fig.5.26. Fig.5.26-a
represents the ideal situation, with nominal notch

frequencies fn of the SC decimator, and nominal midband
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aliasing distortion
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XY

Fig.5.26: Effect of amplitude response variability on the
rejection of alias signals. (a) Ideal situation
corresponding to the SC bandpass filter and the
SC decimator with nominal amplitude responses;
(b) Worst case variations of midband frequency

f1, and notch frequencies fn

frequency f, of the SC bandpass filter. For variations of
—Afn and +Af1 of the notch frequency and midband fréquency,
respectively, the rejection of the alias signals will be
affected as shown in Fig.6.26-b. If we assume for this
simple example IAfn/fn|=|Af1/f1|=O.5% then, the required

notch stopband bandwidths at the more critical frequencies
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are 136Hz at 4KHz, 176Hz at 12KHz, 256Hz at 28KHz, and
296Hz at 36KHz. Hence, from the curves in Fig.5.25-b, the
maximum rejection that may be achieved using +this FIR SC
bandpass decimator is about 42dB at 4KHz, and about 37dB at
12KHz. For the complementary FIR SC bandpass interpolator,
which could be obtained in a similar manner as was the
decimator, we have to consider, in addition to the above
constraints, the effect of the sample and hold attenuation.
As a result, the practical anti-imaging performance is
reduced by 14dB at 4KHz, and by 4.4dB at 12KHz, which gives
a maximum rejection of the image signals of about 284dB at

4KHz, and about 32dB at 12KHz.

One possible solution for increasing the selectivity
of the above FIR SC decimator (and of the corresponding
interpolator) would be, for example, to introduce extra
notch frequencies in the FIR SC highpass decimator M=3,
e.g. at B8KHz. This implies increasing the 1length of the
corresponding impulse response which, in turn, leads to
more complex SC circuits because of the sophistication of
the switching schemes. An alternative possible solution
consists of utilising the SC highpass notch decimator M=3,
as well as the complementary SC interpolator L=3, with SC
biquad-polyphase structures, which we described in Section
4.6. An even simpler solution consists of employing solely
an IIR SC highpass notch biquad, which we shall describe in

the next Section.
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5.6. SPFT SC BANDPASS FILTER SYSTEM 2: Experimental
demonstration using a simplified architecture
For a preliminary experimental demonstration of the
SPFT system, we shall consider the architecture shown in

Fig.5.27. This system provides a specified rejection of

_5C _DECIMATOR _ SC SC__INTERPOLATOR
FT7TFIRLP . URAPNy FILTER  ToRWPN  FIRLP )
roo L =1 ! CT0
1P (a7 I \ | ! - % 1 . Eoy v Q/P
asiV mare 12}3 =31 aam P oy 14332 o
Lood | T ? ! ! T f | Lewd
| 182KHz LBKHZ ] 4 ! (8KHz  192KHz!
""""" t—“““ F=16KHz ““'“}““”““
2 3 nJ
~ Lo o— & |-
f320KHz fe*20KHZ
4
Fe=192KHz Fe=192 KHz

Fig.5.27: Simplified architecture for SPFT system 2,
wlith combined FIR and IIR SC circuits for
decimation and interpolation

unwanted alias and image frequency-translated components up
to only 192KHz. 1In practical terms, this means that the
selectivity of the continuous-time filters in the AAF and
AIF would have to be increased in order to provide the
extra attenuation that, otherwise, would have been achieved
by the FIR SC lowpass decimator and interpolator circuits
with M=L=2. The IIR SC circuits, which replace the FIR §SC
highpass circuits in the previous system, are based on the
SC highpass notch (HPN) biquad shown in Fig.5.28. Both the

SC biquads for the decimator and for the interpolator, with
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Fig.5.28: SC highpass notch biquad
with Type-B switching

switching frequency 3F_=48KHz, pole frequency fp=20KHz,
notch frequency fz=8KHz, and maximum signal handling
capability, have their discrete-time biquadratic transfer
functions obtained from +the continuous-time domain using
the bilinear &-to-Z transformation. The SC HPN biquad for
interpolation is designed with pole quality-factor Qp=50,
and a gain of 14.89dB, in order to compensate for the
midband gain error of the desired image at fo=20KHz, and to
provide a minimum rejection of 32dB of the image signals at
4KHz and 12KHz. The resulting normalised capacitance
values are given in Table 5.4. The SC HPN bigquad for
decimation has a lower selectivity correspopding to Qp=20,
because in the decimator it is not necessary to compensate
for the sample and hold attenuation. The design of this SC
biquad with a gain of OdB would give a very large
cépacitance spread of 153; instead, based on the discussion

in Section 3.6, we design it with the minimum capacitance
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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

15
--Qp=20
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©
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= \
g ‘\\ 7
‘. ’ ‘\‘
-60 l:/"\.\
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—90 )}
4 12 20 28 36 Ll

FREQUENCY [KHz]

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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The complete schematic of the demonstration SPFT SC
bandpass filter system is given in Fig.5.32-a; Fig.5.32-b
shows the periodic time frames, with time slots, that
represent the switching waveforms of each SC circuit in the
system. The synchronisation of +the +time frames, which
ensures the proper operation of the various SC circuits,
1llustrates the decimation and interpolation processes in
the time domain. For example, the FIR SC lowpass decimator
with time frame TF1 samples the input signal in time slots
1,2,3 and 4 (thus at a rate 192KHz) and produces only one
output sample in time slot 5, which is sampled by the
subsequent SC HPN biguad. Then, one in each three output
samples of the SC HPN biquad, at 48KHz, are sampled by the
SC bandpass filter at 16KHz. For interpolation, we can
easily observe the converse process of producing twelve
samples for each sample taken at the output of the SC
bandpass filter. A discrete component model of +the SPFT
system of Fig.5.32 was built using CMOS 4016 analogue
switches, CMOS 7611 OA's for +the bandpass filter, BiMOS
3140 OA's for the decimator and interpolator and standard
CMOS digital circuits for +the switching circuitry. A
summary of the capacitance spread and total normalised
capacitance of each SC circuit in the system are given 1in

Table 5.5.

For an input signal level of 100mV rms, we obtained
the measured amplitude response of the SPFT filter system
with midband frequency of 20KHz shown in Fig.5.33, which is

compared with the frequency response of the SC bandpass
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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
—— SPFT System : fg=20KHz 147548

-0
30 _
@
©
; ’-----"~u_-‘-‘-
z T ——
[ © \\\\\\\\\\—
g5
2
FREQUENCY[KHz]
3 4 5
[ -l -1 ] J

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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transition bands of the SC decimator and interpolator there
is an expected increase of the noise in the SPFT system,
but in the stopband of the system it reduces to a 1lower
floor than in the SC bandpass filter alone, as was also
expected. The measured worst-case 1levels of frequency
translated signals were -32dB for aliasing at 12KHz and
-34dB for imaging at 12KHz, as we expected from the design

of this SC decimator and of this SC interpolator.

5.7 SPFT SC BANDPASS FILTER SYSTEM 3: Efficient design
for high quality filtering applications

5.7.1 FIR versus IIR SC circuits for

decimation and interpolation

The relative merit of FIR and IIR SC «circuits for
decimation and interpolation can be summarised as follows:
FIR SC circuits offer the most economical implementation of
decimators and interpolators, both with respect to
capacitance spread, and total capacitor area, and with
respect to the number of OA's that are needed. However,
they have a practical drawback in the sophistication of
their switching schemes. For acceptable complexity of the
switching circuitry, the selectivity of FIR SC circuits is
adequate for applications where it is sufficient to place
single notch frequencies at +the centre of  the unwanted
alias and image signals, such as when the frequencies of
such signals are close to the stopband of +the continuous-
time filters. Hence, FIR SC circuits are especially

attractive as front end stages 1in complex decimator and
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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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The transfer functions of the SC biquads are optimised in
order to achieve a minimum rejection of 50dB of the
unwanted alias and image signals in the baseband from DC to
96KHz, and the corresponding repetitions above 96KHz. The
steps required to derive these +transfer functions are

summarised below.

We start with a complex conjugate pole-pair in the
continuous-time domain, Fig.5.36-a, corresponding to a 2nd.
order Chebyshev polynomial T/02/15/b, with normalised pole
frequency and maximum passband ripple of 0.1dB [5.2]. By
using a lowpass-to-bandpass frequency transformation [5.2],
we obtain two complex conjugate pole-pairs, shown in
Fig.5.36-b, as a function of the equivalent Q-factor Q of
the bandpass response. The midband frequency fo coincides
with the system midband frequency. Then, for the switching
frequency 12FS=192KHZ required for +the SC biguads, we
okbtain the corresponding complex conjugate pole-pairs in
the discrete-time domain via the S$-to-Z bilinear
transformation, in order to ensure accurate mapping of the
passband response. This is illustrated in Fig.5.36-c,
where each complex conjugate pole-pair corresponds to the
guadratic denominator function of each SC bigquad. Finally,
in Fig.5.36-d, we introduce the notch frequencies producing
the quadratic numerator functions. A notch frequency below
the pole frequency gives the transfer function for the HPN
SC bigquad, whereas a notch frequency above the pole
frequency gives the transfer function for the LPN SC

biquad. As in (3.1), Section 3.3, the general discrete-time
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biquadratic transfer function for the SC bigquads is

- 2 -
1-2r cosB 2 1+r z 2
e} o o

2_-2

(5.6) « o e H(Z) = K -1
1-2rp cosB 2 "+r_ "2
P P

The optimised discrete-time biquadratic parameters given in
Table 5.6 for the SC biquads in the decimator and
interpolator, are obtained by trial-and-error whereby we
adjust the selectivity of the corresponding bandpass
responses (Q-factor), as well as the placement of the notch
frequencies. Here, we have to take into account the higher
selectivity for the interpolator, which is 1zrequired to
compensate for the midband gain error of aoa=-14.89dB due to

the sample and hold attenuation of the selected image.

DECIMATION INTERPOLATION
LPN HPN LPN HPN
K 0.070862 | 0.057194 | 0.069894 | 0.098008
2roczsﬁo 1.111141 | 1.893860 | 1.931852 | 0.825414
rg 1 1 1 1
2r cos8 | 1.548121 | 1.584208 | 1.557692 | 1.584886
r,? 0.974497 | 0.974237 | 0.980786 | 0.980639

Table 5.6: Optimised discrete-time biquadratic parameters
for the IIR transfer functions for decimation
and interpolation, in the SPFT system 3

Overall, the IIR SC decimator and interpolator circuits
have 4th. order bandpass amplitude responses with the
characteristics indicated in Table 5.7. Both SC biguads in
decimator, on +the one hand, and both SC biquads in the

interpolator, on the other hand, are designed with equal
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=

LPN-HPN

SC Decimator

HPN-LPN

SC Interpolator

Gain

Midband frequency

-3dB bandwidth
Lower notch frequency

20KHz
0ods
1300Hz

10KHz

30KHz

Upper notch frequency

20KHZz
14.894B
1000HZz

BKHz
35KHz

Table 5.7:

capacitance spread, which we achieve by adjusting the

factors

Characteristics of the IIR SC circuits

for decimation and interpolation

of the respective cascade sections.

gain

The resulting

normalised capacitance values of the SC HPN biquads and of

the

given in Table 5.8.

SC LPN biquads for the decimator and interpolator are

DECIMATION INTERPOLATION
LPN HPN HPN LPN
- 24.88 4.0442 2.5438 '23.4824
é B ( 38.103 6.4756 3.9108 37.3276
- I 1 1 1 1
c | 18.2775| 23.796 24.2800 20.4414
~| D 27.991 38.103 37.3276 32.4937
é E 1.093 1.5718 1.1026 1
- G 1 1 1 1.6253
Table 5.8: Normalised capacitance values for the

SC HPN biquads and the SC LPN biquads

5.7.3 Experimental evaluation

The schematic of this SPFT SC bandpass

(apart from the

continuous-time

filters) is

filter

system

given in
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Fig.5.37: Schematic of the SPFT SC bandpass filter system 3,
using an efficient architecture for decimation and
interpolation giving a minimum of 50dB rejection
of all unwanted alias and image signals up to 364KHz
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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.
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Fig.5.40: (a) Measured overall amplitude response
of the SPFT filter system 3
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Fig.5.41: Measured noise performance of
the SPFT filter system 3

As was also observed in the demonstration system described
in the previous Section, the noise floor in the passband of
the system is very similar to that of +the SC bandpass
filter alone, despite +the reduction of +the relative
bandwidth. Table ©5.10 summarises the measured results
obtained for this SPFT SC bandpass filter system, showing
the good performance both with respect to the accuracy of
the bandpass response, and with respect to the dynamic
range. Those results also demonstrate that the SC

decimator and SC interpolator perform according to the
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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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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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Fig.5.43: Measured amplitude response, and noise
performance of the SPFT SC bandpass
filter system at 12KHz, with -3dB
relative bandwidth of 0.817

5.8.2 SSB generator and detector

An SPFT system can operate also as an SSB generator
and detector by selecting different frequency-translated
bands at the input and at the output of the system. For
example, in the SPFT system under consideration we can
select the 12KHz alias frequency band at the input and the
20KHz image frequency band at the output, as illustrated in
Fig.5.44-a. The single-path with upwards frequency-
translation from 12KBHz to 20KHz, with spectral inversion,
is equivalent +to an SSB generator, i.e. a modulator
followed by an upper sideband filter. An SSB detector with
complementary operation is 1illustrated in Fig.5.44-)b,
showing the generation of a single-path with downwards
frequency-translation from 20KHz +to 12KHz, also with
spectral inversion. In the latter case, there will be also
an increased 'gain of +4.4dB in the system, because of the

overcompensated sample and hold effect. Expanded measured
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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
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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

SOURCE FREQUENCY [KHZz]

ns 1? 12.5

-
=

GAIN [dB]
~
o

-80
1L
20.5 20 19.5
DETECTOR FREQUENCY KHZ)
(a)
SOURCE FREQUENCY [KHz]
20.5 20 19.5
|
84

\‘
]

GAIN [dB]
W
&

\

T~

-716
Ll L L I 1
15 12 125
DETECTOR FREQUENCY [KHz]
(b)

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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frequency band of the system. Interchange of +the sweeping
modes of the signal generator and spectrum analyser gives
the response of the SSB detector, shown in Fig.5.45-b. The
combined wideband alias and image responses shown in
Pig.5.46—a-and in Fig.5.46-b, respectively, for +the SSB
generator, and, in Fig.5.47-a and in Fig.5.47-b for the
SSB detector, show that the unwanted alias and image
signals are 1less than 50dB below the passband signals, as
expected from the design of the sc decimator and
interpolator in the system.

DETECTOR FREQUENCY [KHz]
% 24 16 24 16 24 1% 24 16 24 15 24 16 24 16

0 i — —l 1 1 A . .
—_ ]
©
=l
E-LC
<
w L
_Bcfl rl LR kb h ik
0 16 32 48 6L 80 96 12
SOURCE FREQUENCY [KHz]
(a)
SOURCE FREQUENCY [KH2]
16 8 16 8 % 8 16 8 16 8 16 8 EP 8 16
0 1 I —d - 1 L L
= l
et
Z .40
<
5]
-80 1 1 | l J l |
0 % ks A 6 80 g6 12
DETECTOR FREQUENCY [KHzl
{b)

Fig.5.46: Measured wideband (a) alias, and (b) image
responses of the SPFT SC system operating
as ahn SSB generator
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Fig.5.47: Measured wideband (a) alias, and (b) image

5.9 SUMMARY
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decimators and interpolators, which are optimally designed
for maximum rejection of those unwanted alias and image
signals which can not be attenuated by 1low selectivity
continuous-time filters in the AAF and AIF, respectively.
Experimental results demonstrated the feasibility of the
proposed SC bandpass filter system yielding, overall, good
performance with respect to amplitude response accuracy,
dynamic range, and anti-aliasing and anti-imaging

characteristics.

SPFT SC bandpass filter systems were proposed for the
realisation of very narrow bandpass responses. In SPFT
systems, we deliberately employ the alias and image
frequency-translated responses of an SC bandpass filter,
also with optimised capacitance spread, in order to produce
the required bandpass response at a much higher frequency,
and having a correspondingly smaller relative bandwidth. In
spite of such a reduction of the relative bandwidth, it was
demonstrated that the maximum noise floor of the SC
bandpass filter is preserved in the SPFT system, thus
offering a solution for very high selectivity filtering
applications which also require high dynamic range. The
specifications for rejection of the unwanted alias and
image signals in SPFT systems are entirely met by suitable
design of bandpass AAF and AIF. The AIF is required to have
higher selectivity than the AAF in order to compensate for
the sample and hold attenuation of +the desired image,
which, although preventing unlimited applicability of SPFT

systems, can be achieved in practice for a wide range of
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filtering specifications. For example, for a maximum
realistic Q-enhancement factor of about K=28 (a=-304dB), and
employing an SC bandpass filter with a minimum relative

bandwidth of 1

o\

for acceptable capacitance spread and
tolerable sensitivity to capacitance ratio errors, we can
obtain a very narrow bandpass response with a minimum
effective relative bandwidth of about 0.036%. This means a
bandpass response with a maximum passband bandwidth of 7Hz
at midband frequency of 20KHz. Therefore, SPFT systems
virtually cover all potential bandpass filtering

applications in the audio-frequency range.

The optimum architecture for the AAF and AIF in SPFT
systems comprises IIR SC circuits for high 1levels of
rejection of the signals whose frequencies are <closer to
the system midband frequency, in combination with FIR SC
lowpass circuits for extending such rejection to the
signals at higher frequencies. This allows the use of low
selectivity continuous-time filters at the input and at the
output of the system. 7The principle of operation of SPFT
systems, and their good performance, were experimentally

demonstrated by means of discrete component models.

Besides filtering applications with very narrow
relative bandwidths, in which we can program the required
Q-enhancement factor of the system, we also demonstrated in
practice the operation of SPFT systems as SSB generators
and detectors, which correspond to +the selection of

different input and output frequency bands.
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6.1 INTRODUCTION

The SPFT SC systems proposed in the previous Chapter
are suitable for a wide range of very narrow bandpass
filtering applications with relative bandwidths as 1low as
0.036%. For bandpass responses with relative bandwidths of
less than 0.036%, which, for convenience, we designate as
Ultra Narrow Band (UNB), the resulting midband gain error
(x<-30dB) due to the sample and hold effect at the output
of the conventional SC bandpass filter becomes difficult to
compensate for, with acceptable system complexity. This
problem is not so serious in N-Path (NP) systems using the
SC NP filters that we reviewed in Section 1.6, which
possess an inherently 1lower sample and hold effect than
conventional SC bandpass filters. However, as we saw there,
the conventional SC NP filters using lowpass and highpass
path filters suffer from +the problem of generation of
unwanted frequency-translated components which are in the
passband, and, therefore, in contrast to the situation in
SPFT systems, can not be attenuated by suitable design of
the AAF (Anti-Aliasing Filter) and AIF (Anti-Imaging
Filter). This Chapter is concerned with a preliminary
investigation of a new type of NP SC filter system using
bandpass, rather than lowpass and highpass, path filters,
which are regarded as an extension of SPFT systems, but
which have the advantage of the 1lower sample and hold
attenuation of conventional NP systems. We shall discuss
the application of these systems for the realisation of UNB

bandpass responses.
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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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Fs/2. From the NP filtering theory [6.1],[6.2], it can be
shown that the relative phasing of the discrete-time
frequency components f1 produced by the SC path filters are
as represented schematically in Fig.6.3-b. When the input
continuous-time freguency components f are such that
f=311’-‘s:f1 (1=0,1,2,...), the resulting output discrete-time
frequency components f1 of the SC path filters are in
phase, and, therefore, are summed together at the output of
the SC 3-path filter. Oon the contrary, the input
continuous~-time frequency components such that f$3lFs*f1
give rise to outphased discrete-time frequency components
f1 of +the SC path filters, which form a polygon with zero
resultant, and are therefore cancelled at the output of the
SC 3-path filter. In this way, we obtain the amplitude
response of the SC 3-path filter from DC to Fs/2 (1=0), and
the corresponding alias fregquency-translated responses
above 3Fs/2 (131), as shown 1in Fig.6.3-c. The second
aliasing measurement, illﬁstrated in Fig.6.4, corresponds
to the detection of output discrete-time frequency
components f2 in the frequency band from Fs/2 to Fs. The
input continuous-time frequency components such that
f=3lFs*f2 (1=0,1,2,...) produce the amplitude response of
the 3-path SC filter from Fs/2 to FS (1=0) and the
corresponding alias frequency-translated responses above
3Fs/2 (151), whereas the remaining input continuous-time
frequency components give rise to unwanted discrete-time
frequency components which are ideally eliminated by
outphasing. Similarly, we obtain the responses illustrated

in Fig.6.5 for the detection of the output discrete-time
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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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1

Fig.5.6: Overall alias response of the SC 3-path filter

The image response of the SC 3-path filter is obtained
by interchanging the sweeping modes of the detector and of
the signal generator. In this manner, we relate the input
continuous-time frequency components f1, fz and f3 in the
frequency bands from DC to Fs/z, from Fs/2 to Fs and from
Fs to 3Fs/2, respectively, to the output discrete-time
frequency components f in the baseband below 3Fs/2 and the

corresponding image frequency-translated components above

3Fs/2, as represented in Fig.6.7.

Fig.6.7: Overall image response of the SC 3-path filter
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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 two
frequency-translated bands as before. Therefore, the
resulting inband unwanted frequency-translated components
which are generated due to imperfect cancellation in the

N-path network are produced by frequency components which
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lie outside the passband. In the context of an NP SC filter
system, to which this principle has not been applied
before, such unwanted frequency-translated components can
be attenuated by the AAF and by the AIF in a similar manner
as in the case of the SPFT systems described in the

previous Chapter. This is explained below.

6.3.2 Single-path operation: rejection of alias
and image frequency components provided by
outphasing and by attenuation
The system given in Fig.6.8 comprises an SC 3-path

filter using bandpass path filters, each with midband

frequency f,, Q-factor Q, and switching frequency F_=nmf,.

3P§%ﬁer
i AIF e
b 2 ' e I 72 = °
3%.\\h- Eg _//’3@

Fig.6.8: Architecture of an NP SC bandpass filter system
using an SC NP filter with bandpass path filters

The corresponding multiband response of the §SC 3-path
filter below +the Nyquist frequency 3Fs/2, illustrated in
Fig.6.9, consists of N=3 separated bandpass responses with
midband frequencies at f1, Fs-f1, and Fs+f1. In order to
explain the requirements for rejection of +the alias and
image frequency components for single-path operation of

this system, i.e. to obtain one single bandpass response,
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£ig.6.9: Multiband response of an SC NP filter
with N=3 bandpass path filters
we shall consider an example corresponding to the selection
of the bandpass response with midband frequency fo=Fs+f1'
Firstly, let us consider the elimination of the unwanted
alias frequency bands at the input of the SC 3-path filter,
using the example illustrated in Fig.6.10. The input
continuous-time frequency bands that relate to the desired
passband are symbolically represented as in Fig.6.10-a.
From the spectral characteristics explained before, the
unwanted frequency bands centred at f1 and Fs—f1, and,
also, at 31Fs*f1 and 31Fs:(Fs—f1) (1=1,2,...), are ideally
eliminated by the mechanism of cancellation in the SC 3-
path filter itself, leaving the remaining unwanted
frequency bands in Fig.6.10-b, i.e. centred at 31Fs*fo' to
be attenuated by +the AAF. 1In practice, however, the AAF
should be designed to give also some attenuation at the
other frequency bands, on account of incomplete
cancellation provided by the SC 3-path filter due +to path
mismatch. This is schematically represented as in

Fig.6.10-c.
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Fig.6.10:(a) Input frequency bands relating to the desired
passband; (b) AAF with ideal cancellation of alias
frequency-translated components corresponding to
frequency bands 1 and 2 (c) AAF with residual
alias frequency-translated components in frequency

bands 1 and 2 resulting from path mismatch

The selection of +the desired output frequency-
translated image at f0 is obtained, as illustrated in
Fig.6.11, by means of the AIF, which, from <the point of
view of the spectral characteristics of the SC 3-path
filter, has two functions. Firstly, it has to reject the

unwanted frequency-translated images above 3Fs/2 relating

to fo' Secondly, because of the requirement for single-
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sin (W H/3F,)
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Fig.6.11: Characteristic of the AIF to shape the frequency-
translated multiband image response of the SC NP
filter with N=3 bandpass path filters

path operation, it has to reject also the other N-1
bandpass responses below 3Fs/2, as well as the
corresponding repetitions above 3Fs/2. The shape of +this
AIF 1is, therefore, similar to that in an SP¥T system, but
it requires lower selectivity because of the reduced sample

and hold effect.

An alternative possible solution for the design of the
AAF and AIF consists of increasing the attenuation provided
by the AAF at the frequencies which are partly eliminated
by cancellation, as a means of reducing accordingly the
attenuation required for the AIF at those frequencies. For
the sake of simplicity, this solution will not be
considered here. Rather, in the following Section, we shall
explore possible architectures for the type of SC NP filter
system given in Fig.6.8, in which +the AAF and AIF are
designed as we explained in Fig.6.10 and Fig.6.11,

respectively.
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6.4 EXAMINATION OF POSSIBLE SYSTEM REQUIREMENTS

6.4.1 Baseband operating mode

In the system given in Fig.6.8, with N arbitrary, the
purpose of the bandpass AAF and AIF is to select a desired
bandpass response at some specified midband frequency
fo=nstf1, which, as in +the case of an SPFT system,
corresponds to a Q-enhancement factor K=n.mz1 (m=Fs/f1 is
the sampling ratio of the SC bandpass path filters). The
resulting midband gain error of the selected bandpass
response, relating to the sampling rate NFS of the SC NP
filter, is given by a(dB)=-20log| (vK/mN) /sin(wK/mN)|.
Therefore, the selectivity requirements for the AAF and for
the AIF in this type of system depend not only on the
parameters m and n, which determine the architecture and
complexity of SPFT systems, but also on the number of paths
N of +the SC NP filter. Next, we shall examine some of the
trade-offs involved in the design of this type of system.

Anti-imaging filtexr: The selectivity of the AIF is

determined by the characteristics of the multiband response
of the SC NP filter, which depend on the sampling ratio of
the SC bandpass path filters in a similar way as in SPFT
systems. As we saw in Section 5.4, a sampling ratio m=4
produces uniformly spaced bandpass responses, in which case
the AIF may have symmetrical transition bands. In this
application of an NP system, the additional benefits of
minimum capacitance spread and minimum capacitor area of
the SC bandpass path filters with m=4 are even more

important than in the case of SPFT systems, owing to the
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inherently larger capacitor area required for the SC NP
filter. For m=4, the midband gain error of the selected
bandpass response is a(dB)=-20log]|(wK/4N)/sin(nK/4N)|, from
which we can determine the required gain of the AIF, for

given K, and N.

Anti-aliasing filter: As we saw before, the anti-aliasing

specifications in this type of NP system are provided in
two ways, namely by cancellation in the SC NP filter
itself, and by attenuation in the AAF. The following
discussion will show how the combination of these methods
of providing rejection of the alias frequency components,
on the one hand, together with the system parameters n and
N, determines the overall selectivity of the AAF. For a
system midband frequency at fo=Kf1, the corresponding alias
frequency-translated bands above NFS/Z are centred at
NlFstfo (1=1,2,...), the first one of which at NFS—fO (1=1)
implies an upper transition band of the AAF given by
NFS—ZfO, i.e. (N.m—2K)f1. At the remaining unwanted
frequency bands, which are partly eliminated by
cancellation in the SC NP filter, the AAF is required to
have much less attenuation. Therefore, for the optimum
sampling ratio m=4, the selectivity of the AAF is primarily
determined by the multiple n of the switching frequency FS
giving the desired bandpass response as well as by the
number of paths N, as 1illustrated in the example of
Fig.6.12 with N=4. For the system midband frequency at
fo=Fs-f1 shown 1in Fig.6.12-a, with Q-enhancement factor
K=3, the AAF can have a wide upper transition band of

4Fs—2fo=10f1. On the other hand, for the system midband
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Fig.6.12: Selectivity of the AAF for baseband operation,
as a function of the multiple n of the switching
frequency and of the number of paths N

frequency at fo=2Fs-f with a larger Q-enhancement factor

11
K=7, the AAF is required to have a much narrower transition

band of only 2f1, as shown in Fig.6.12-b.

6.4.2 Frequency-translated filtering mode

As we mentioned previously, NP SC bandpass filter
systems with bandpass path filters are envisaged,
primarily, for UNB filtering applications requiring very
large Q-enhancement factors, typically K328, which can not
be achieved employing SPFT systems with realistic
complexity. For such Q-enhancement factors, assuming the
optimum sampling ratio m=4, the NP system 1is required to

operate above the multiple n=7 of the switching frequency.
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For the operation in the conventional baseband filtering
mode below NF_ /2, as in the previous examples, the SC NP
filter in the system is required to have a minimum number
of paths N=15. Such a combination of system parameters
guarantees a small sample and hold attenuation, at the
expense of greatly increased complexity of the SC NP filter
with large number of paths, and, above all, a very large
amount of silicon area required for implementation.
Alternatively, we can operate the NP system in a
frequency-translated mode whereby +the desired bandpass
response is above the Nygquist frequency NFS/Z, as 1in the
case of SPFT systems. For such operation of an NP system,
the key parameters n, m and N imply other constraints on

the AAF and AIF, as we show next.

One parameter that determines the selectivity of the
AIF 1is, as before, the sampling ratio m of the SC bandpass
path filters. The previous considerations also apply to the
operation of the NP system in a frequency-translated mode,
and hence we should choose the optimum sampling ratio m=4
in order +to have symmetrical transition bands of the AIF.
In this operating mode, the midband gain error due to the
sample and hold attenuation becomes an additional important
aspect to consider. This error is not only a function of
the multiple n giving the desired frequency-translated
band, as in SPFT systems, but it is also a function of the
number of paths N. This 1is shown in Fig.6.13, for an
example with the optimum sampling ratio m=4. As we can see,

there is an important trade-off between the midband gain
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Fig.6.13: Midband gain error of the desired frequency-
translated image as a function of the system
parameters n and N

error o, and thus the selectivity of the AIF, and the
number of paths N, which determines the complexity and
total capacitor area of the NP SC filter in the system. If
we consider, for example, the realisation of an NP system
with a Q-enhancement factor K=29, corresponding to the
selection of the upper frequency-translated band for n=7,
the adoption of N=3 produces a lower midband gain error
than in the case of having N=4, or N=7. Designing the SC NP
filter with N=5, or N=6 paths, gives an even lower midband

gain error, which, however, may not be significant enough
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(a reduction of only a few dB) 1in order to Jjustify the
increased complexity, and increased capacitor area. The
adoption of a specific value of N for the design of the SC
NP filter will depend also on the characteristics of the
AAF, as for the case o0of an NP system operating in a
baseband frequency mode explained before. An example is

illustrated below.

Let us consider the realisation of an NP system with a
Q-enhancement factor K=55 corresponding to the selection of
the lower fregquency-translated band for n=14. We can see in
Fig.6.13 +that the solutions with N=4, N=5 and N=6 paths,
all yield approximately the same midband gain error, i.e.
a=-20.8dB, «=-21.8dP and a=-19.1dB, respectively, and hence
a similar complexity of the AIF. However, the
characteristics of the AAF can be rather different bearing
in mind the fact that some of the unwanted frequency-
translated bands are partly attenuated by outphasing of the
SC NP filter. This is illustrated in Fig.6.14. If we choose
N=4, as in Fig.6.14-a, the AAF is required to have a narrow
upper transition band of only 2f1, and a much wider lower
transition band of 14f1. For N=5, we obtain an AAF with
symmetrical transition bands with bandwidth 1Of1, as shown
in Fig.6.14-b. Finally, for the solution with N=6,
illustrated in Fig.6.14-c, we obtain a lower transition
band with bandwidth 14f1, and also a wide upper transition

band with bandwidth 1Of1.
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6.5 SUMMARY

In this Chapter we presented a preliminary
investigation of new types of NP SC filter systems, whose
operating principles combine the ideas of (i) NP filters
with bandpass path filters, (ii) conventional SC NP
filters, and (iii) SPFT systems. The general architecture
of these systems 1is obtained by a simple modification to
the architecture of SPFT systems, which consists of
replacing the conventional SC bandpass filter by an SC NP
filter using bandpass path filters. In SC NP filters with
bandpass path filters, +the desired bandpass response is
formed by only one frequency-translated band of the path
filters, rather than the 3joining of two frequency-
translated bands, as in conventional SC NP filters using
lowpass and highpass path filters. This provides a means to
overcome the problem of inband generation of unwanted
frequency-translated components, which, in contrast to the
situation in conventional NP systems, can now be attenuated
by design of appropriate AAF and AIF, as in SPFT systems.
On the other hand, the problem of sample and hold
attenuation that exists in SPFT systems, is here much less
important, as is 1in conventional SC NP filters. This
reduces the selectivity requirements for +the AIF, and,
hence, renders this type of systems attractive for
implementation of wultra narrow bandpass responses, which
can not be achieved using SPFT systems with acceptable

complexity.
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The specified rejection of the alias and image
frequency components in NP SC systems using bandpass path
filters are obtained, partly by cancellation of outphased
frequency-translated components in the SC NP filter, and,
partly by attenuation in the AAF and AIF. The combination
of these +two methods of obtaining the anti-aliasing and
anti-imaging requirements in the system, together with the
selection of the number of paths N of the SC NP filter, the
sampling ratio m of the SC bandpass path filters, and of
the multiple n of +the switching frequency giving the
desired frequency-translated bandpass response, determines
the overall characteristics, and complexity, of such
systems. The selection of these system parameters depends,
in turn, on whether the system operates in a conventional
baseband frequency mode below the Nyquist frequency NFS/2,
or, alternatively, in a frequency-translated mode above the
Nygquist frequency NFS/Z. Overall, these aspects lead to a
variety of solutions for the design of such systems,
trading-off the complexity of the SC NP filter, on the one
hand, with the selectivity of the AAF, and of the AIF, on
the other hand. These solutions, some of which we explored
in a preliminary way, have to be examined in a case-by-case
basis, 1in order +to design with the optimum system
parameters N, m and n for reduced complexity of the SC NP
filter, as well as of the AAF and AIF. Further research is
needed in order to investigate alternative solutions for
designing such systems, and, also, to explore more fully
their potentialities, such as for the realisation of filter

systems with multiband responses, i.e. filter banks.
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CHAPTER 7

CONCLUSIONS AND SUGGESTIONS FOR POSSIBLE FURTHER WORK

7.1 Discussion of Results

The objective of this work was to study design
techniques for narrow and very narrow bandpass filtering
applications realisable using state-of-the-art MOS
technology. It was not possible to assess the SC circuits,
and systems, developed in this thesis by implementing them
in integrated circuit form, which would have been of
considerable interest. Instead, they were assessed using
practical discrete component models, which amply confirmed
the feasibility of +the approaches. The proposal of SC
systems with frequency-translated operating modes -a view
of the implications of the discrete-time nature of SC
filters, which 1is radically different from the view
considered hitherto- played a crucial role in the
development of high-quality SC bandpass filter systems with
very narrow relative bandwidths of less than 1%, which, so
far, had not been achieved in SC form. These systems are
the subject of a Patent Application which has been filed by
the | Ministry . of Defence- {J.E.FRANCA,
"Switched-Capacitor Circuits", British Patent Application
No.8411547, 4th.May 1984]. An augmented new British Patent
Application N0.8511218 was filed on the 2nd. May 1985,

claiming priority from the above mentioned patent
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application. The results of the work will now be summarised

below.

After a general introduction in Chapter 1, we
presented a discussion, in Chapter 2, of the fundamental
operating principles of SC systems, based on a careful
examination of the spectral characteristics of SC filters.
The operating mode of an SC filter system is determined by
the combination of an Anti-Aliasing Filter (AAF), before
the SC filter, and of an Anti-Imaging Filter (AIF), after
the SC filter, which have to be designed to satisfy the
bandlimiting constraints imposed on such spectral
characteristics in order to avoid the effects of aliasing
distortion and imaging, respectively. Typically,

conventional SC bandpass filter systems operating below the

Nyquist frequency F_;/2 -paseband filtering- employ lowpass
AAF and AIF +to reject the unwanted frequency-translated
signal components above Fs/2. On the contrary, the proposed
frequency-translated systems employ bandpass AAF and AIF
for selecting a specified frequency-translated band above
FS/2, and, consequently, rejecting the remaining unwanted
frequency-translated bands, including the baseband below
FS/Z. In order to be realised in a form suitable for
integrated circuit fabrication, the AAF and AIF comprise
low selectivity continuous-time filters, +together with
sophisticated sC decimators and sc interpolators,
respectively. SC decimators and interpolators are regarded
as specialised SC filters, 6perating at different sampling

rates, whose frequency responses are tailored in order to
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eliminate the unwanted alias and imade signals that are not
adequately attenuated by the continuous-time filters. For
SC decimators and interpolators with FIR transfer
functions, which are particularly suitable for narrow band
s¢c filter system applications, we employed a simple
optimisation technique in order to obtain an exact
placement of the notch frequencies for maximum rejection of

the unwanted alias and image signals in the system.

Chapter 3 and Chapter 4, were both concerned with the
development of SC circuits needed for implementation of the
new SC filter systems. In Chapter 3, we developed dgeneral
SC bigquad building blocks employed in various parts of the
systems. For decimation and interpolation applications, we
utilised cascade SC biquad structures with moderate
sensitivity of the frequency response to capacitance ratio
errors. For +the more «critical application of the high-
guality SC bandpass filter at the heart of the system, we
employed, instead, coupled-SC biquad structures with low
sensitivty of the frequency response to capacitance ratio
errors. The problem of 1large capacitance ratios in SC
biquads with high Q-factors, which arise in the high-
selectivity filtering applications considered in this
thesis, was analysed in detail. Based on this analysis, we
introduced the concept of optimum switching frequency which
leads to the design of SC biquads with absolute minimum
capacitance spread. This minimises capacitance ratio
errors and reduces the total capacitor area, thus

increasing the yield and hence reducing the cost of
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manufacture.

In Chapter 4, we developed SC decimator and
interpolator circuits suitable for applications with
optimum multinotch stopband approximations. The first
solution considered was based on SC biquad realisations of
FIR quadratic transfer functions. Experimentally, we showed
that this type of FIR SC circuit was rather sensitive to
the imperfections of the amplifiers, which impaired the
accuracy of the amplitude responses, particularly at high
frequency. This was attributed to the recursive nature of
the SC circuits. An alternative solution was then pursued,
consisting of the development of non-recursive polyphase
structures for SC decimators and interpolators, typically
used 1in digital signal processing. The resulting sc
circuits were shown to be very attractive from the points
of view of 1low capacitance ratios, reduced number of
amplifiers, and high operating speed, at the expense of a
requirement for more switching phases than the SC bigquad
implementations. The efficient design techniques developed
for these <circuits produced very accurate multinotch
amplitude responses, even at high frequency, in spite of
their inherent high sensitivity to capacitance ratio and
timing errors. In our mind, this new family of SC circuits
represents a successful result of the use of SC +techniques
in order +to implement basic concepts of digital signal
processing, where previous attempts have suffered from
serious practical limitations (see Section 1.5 and

Reference [1.48]). Another interesting type of sC
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decimator and interpolator «circuit developed in this
Chapter was based on a combination of SC biquad and SC
polyphase structures, as a means of obtaining the desired
selectivity of the optimum multinotch amplitude responses,

using switching schemes with acceptable complexity.

In Chapter 5, we described the design, implementation,
and testing, of SC bandpass filter systems with narrow and
with very narrow relative bandpass responses, embodying the
ideas and <circuits presented earlier. For narrow bandpass
responses, we designhed an SC bandpass filter system (2.4%
relative bandwidth, at midband frequency of 20KHz) with
baseband operating mode. For the conventional SC bandpass
filter in the system, we adopted the criterion of designing
with an optimum low value of +the switching frequency
leading to an absolute minimum capacitance spread. In order
to accomodate such a low value of the switching frequency,
we designed efficient FIR SC 1lowpass decimator and
interpolator circuits maximising the rejection of the
unwanted alias and image signals at 1low frequency. An
experimental system was built in discrete component form,
showing good performance with respect to the accuracy of
the amplitude response, dynamic range, and, also, anti-
aliasing and anti-imaging characteristics.

For the realisation of bandpass responses with relative
bandwidths of 1less than 1%, we considered the solution of
an SPFT SC filter system. Firstly, we discussed the general
architecture and requirements for such systems, paying

special attention to the selectivity of the bandpass AAF
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and AIF. The AIF is required to have higher selectivity
than the AAF in order to compensate for the sample and hold
effect at the output of the SC filter, which produces an
undesirable attenuation of the frequency-translated images,
especially at high frequency. For the architectures of the
SC decimator and SC interpolator in the AAF and AIF,
respectively, we proposed a solution employing a
combination of FIR SC 1lowpass polyphase decimators and
interpolators, for the rejection of frequency-translated
signals at high frequency, together with IIR SC bandpass
bigquad decimators and interpolators for the rejection of
frequency-translated signals whose frequencies are closest
to the desired bandpass response of +the system. The
practical realisation of a high-quality SPFT SC bandpass
filter system, was demonstrated for an example
corresponding to a very narrow relative bandwidth of 0.48%,
also at midband frequency of 20KHz, employing an SC
bandpass filter, with 2.4% relative bandwidth at midband
frequency of 4KHz, and switching frequency of 16KHz.
Experimental results confirmed the operating principle of
the system. They also showed good accuracy of the amplitude
response, as well as good anti-aliasing and anti-imaging
performance, as expected from the design of the decimator
and 1interpolator in the system. An important result of
this experimental work showed that the dynamic range of the
conventional SC bandpass filter was preserved in the
system, despite the significant reduction of the relative
bandwidth. Hence, SPFT SC bandpass filter systems also

offer a solution for very narrow bandpass filtering
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applications requiring high dynamic range.

In addition +to very narrow bandpass filtering, we
demonstrated further applications of SPFT SC systems,
including their operation as single sideband generators and
detectors, corresponding +to +the selection of different
frequency-translated bands at the input and at the output

of the system.

The idea presented in Chapter 6, consisted, basically,
of embedding an NP filter with bandpass path filters,
proposed in the context of active-RC filters, in the
typical architecture of an SPFT system, with bandpass AAF
and AIF. In this manner, SC NP filter systems with bandpass
path filters overcome the problem of mirror frequency
components of counventional SC NP systems, where two
adjacent frequency-translated bands, rather than only one
as in SPFT systems, are needed to form the desired bandpass
response. On the other hand, this type of systems also
offer a solution to the problem of sample and hold
attenuation of SPFT systems, because this is reduced in SC
NP filters compared with in conventional SC bandpass
filters. This makes these systems particularly attractive
for ultra narrow bandpass filtering applications, which are
beyond the reach of practical SPFT systems. The
architectures for SC NP filter systems with bandpass path
filters reflect the combined methods of eliminating
unwanted frequency components, namely by outphasing, in the
SC NP filter, and by attenuation, in the AAF and AIF. Some

possible solutions to meet those requirements were
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examined. Many other possible solutions have to be explored

in order to fully assess the potential of these systems.

7.2 Suggestions for Possible Further Work

With respect to the design of SC decimator and

interpolator circuits, we suggest the following possible
aspects for further research:

1. Study of the problems associated with clock feedthrough
in non-recursive polyphase SC structures. We envisage two
possible directions for research which may be either +the
development of techniques which eliminate clock feedthrough
(e.g. research at the device level, including aspects of
switching), or the development of suitable techniques which
compensate for the undesirable DC output voltage produced
by clock feedthrough. For example, this may be the idea of
using an extra input SC branch to sample a DC voltage in
order to produce the required amount of charge to cancel
out the charge injected by clock feedthrough. 1In order to
implement +this idea, which was verified in practice, it is
required +to provide additional circuitry in order to
produce the desired input DC voltage.

2. Increase of operating speed of the SC circuits. This
requires further development of fast reset schemes, such as
those presented in the Appendix to Chapter 4 [4.21].

3. Development of IIR decimators and interpolators
employing single amplifier SC structures with multiphase
switching schemes, based on the ideas utilised for the FIR
SC polyphase decimator and interpolator circuits. This

requires the development of suitable feedback SC branches



353

for implementing the denominator of the IIR transfer
functions, the numerator of such transfer functions being
implemented in a similar way as for non-recursive polyphase
structures. This new family of IIR SC decimator and
interpolator circuits will require morxe sophisticated
switching schemes than the SC biquad implementations
employed in this thesis, but, on the other hand, they would
be rather attractive from the points of view of reducing
the capacitance ratios, and the total number of amplifiers

required.

With respect to SC systems for narrow bandpass

filtering, we can suggest two possible directions for
further reseaxrch:

4, Firstly, it would be important to study solutions to
overcome the problem of sample and hold attenuation in SPFT
systems. One possible solution consists of employing a
sample-hold-and-return-to-zero format for the output signal
of the SC bandpass filter. This has the effect of
equalising the level of the image signals produced by the
SC filter, which would then reqdire an AIF with similar
complexity as the AAF. It 1is even possible to find an
optimum hold time interval in such a way that the resulting
notches will attenuate some of the unwanted frequency-
translated images. The side effect of such -a signal format
would be to reduce the overall level of the image response,
which, however, implies only an increase of the gain
factor, rather than increased selectivity.

5. A further possible SC system architecture for narrow
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bandpass filtering consists of employing solely e
decimator and interpolator circuits, i.e. to eliminate the
SC bandpass filter in the system, which 1is a well known
filtering technique in digital signal processing
[4.2],[4.3]. Besides the improvement of the SC circuits for
implementation, along the lines mentioned above, this would
require further research concerning the derivation of
appropriate transfer functions, both FIR and IIR. It is
anticipated that a close approach to the techniques already
established for digital signal processing would be

extremely advantageous.

Among the potential applications for SPFT systems, it

would be of interest to investigate the following:

6. High-frequency filtering applications, in order +to
explore the operation of the high-quality SC bandpass
filter at a much lower frequency. This would be related to
the design of high-frequency SC decimator and interpolator
circuits, on the one hand, and, on the other hand, to the
development of practical solutions to reduce the sample and
hold attenuation, such as the one mentioned above. 1In
addition, it 1is necessary to investigate detailed aspects
of SC circuits, particularly of analogue switches, which
may limit the accuracy of high-frequency alias frequency-
translated responses. Some experimental results 1in the
systems developed 1in this thesis showed accurate alias
responses up to about 2MHz, using commercially available
CMOS 4016 analogue switches.

7. In general, applications requiring +the translation of
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signals between different frequency bands, such as in the
area of FDM/TDM and TDM/FDM +transmultiplexing, are
potentially attractive for implementation using SPFT

systems.

SC NP systems using bandpass path filters are still in

their infancy. As was clearily illustrated in this thesis,
the design of such systems is not an easy task, bearing in
mind +the many system parameters, and related trade-offs.
Further research is required in this area. Additionally, we
think that this type of system may be extremely useful for
bank filtering applications, i.e. the realisation of a set
of bandpass <channel filters with identical response shape
but different relative bandwidths, such as required in many
data transmission systems and speech processing
applications. This also requires the development of new
system architectures in order to take full advantage of the

multiband response of the SC NP filter in the system.



