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Notes for US readers

!

The Filter Handbook has been written with a general audience in mind and
not yust for UK readers. However, in parts the book refers to standards and
products which are more understandable and available to UK readers. This
addendum explains these points and offers alternative sources for some of
the components referred to in the text.

Toko is referred to extensively as a supplier of inductors. This company is
now one of the very few sources of audio and RF coils at reasonable prices in
the UK. The 1S address of Toko is: Toko America Inc., 1250 Fechanville
Drive, Mt Prospect, [llinois 60056 {312-297-0070). Other possible sources of
inductors in the US are Dale and Miller.

The sources given for low cost circuit simutators are all in the UK,
Numbher Onc Systems will be pleased to accept enquiries from the TS, In the
US a catalogue of electrenics software, including circuil analysis programs,
1s available from BV Enginesring, 2200 Business Way, Suite 207, Riverside,
Califoria 92501 {714-781-0252). An alternative supplier is Etren RF Enter-
prises, PO Box 4042, Diamond Bar, California 91765,

The BASIC prorams given in Chapter 7 are written using only low-level
staterments avoiding the graphical presentation of results which tends to
make programs more machine dependent. This should make their transla-
tion for use on other BASIC machines, such as Apple, IBM PC, Commodore
and s0 on, straightforward.

Where reference to the E12 range of resistors, capacitors and inductors is
made, this refers to components having values which are power-of-ten mul-
uplesol 1.0, 1.2, 1.5, 1.8,2.2,2.7,3.3, 3.9, 4.7, 5.6, 6.8 and &2, In the US§, this
range {5 generally referred to as *the 10% tolerance range’, which can be
misleading since components with these values can be obtained with tighter
tolerances than 10%

An alternative to the Siemens range ol meiallized polyester capacitors are
Panasonic capacitors, available from Digi-Key Corporation, PO Box 677,
Thief River Falls, Minnesota 56701 {1-800-344-4539).
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1 Introduction

A filter, or more exactly an electric wave filter, is an electrical network which
has some of its transfer characteristics frequency-dependent. The best known
frequency-dependent characteristic of a filter is the input-to-output ampli-
tude response, but other characteristics, such as the input-to-output phase
relationship or the input impedance, can also vary with frequency.

The subject of filters, invelving both the production of new designs and the
examination of existing circuits suspected of being filters, has struck fear into
the hearts of amateurs and professionals alike ever since their concepiion.
For many years specialist knowledge and advanced mathematical skills were
needed to obtain sufficient understanding of filter operation to be able to
undertake design. The advent of modern filter design techniquesin the 1950s,
involving the use of pre-calculated lists of normalized component values for
standard designs, did¢ much to simplify filier design, helping to make the
process possible for non-specialists. A more recent development has been the
cheap availablity of calculators and home computers, which have put at the
disposal of designers calculating power which fifteen vears ago was solely
available to professionals. Mot only can this calculating power now be used
to aid the design of fiiters, it can also be used to analyse any circuil, whetherit
is a filter or not, to determine its performance before buying the components
and building it.

The impaortance of filters in electronics can be illustrated by locking at any
plece of modern radio equipment. As an example, Fig. 1.1 is a simplified
block diagram of the Lowe HF 125 h.f, receiver which shows the considerable
number of filters incorporated®. These inctude the passive low-pass, high-
pass and bund-pass [ilters i the front-end of the receiver; the band-pass
crystal and ceramic filters in the 1.F. stages (4 passive low-pass filter is also
selectable in the LF. sages); the active low-pass P.L.L. filter; a 400Hz-wide
active band-pass audio filter; and the tonecontrol network. A detailed
cxamination of the circuit diagram reveals even more filters, mainly passive
low-pass networks decoupling individual stages to reduce the possibility of
interference between stages. No piece of modern radio gear could function
without filters.

Aims of this book

The prime aim of this book is to describe the design process as applied to
filters. The main emphasis will be on modern filter design, nhot only using
tables of standard designs but also describing some more novel methods

1
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which calculators and home computers have made available to the amateur.
Designers can therefore choose the method which suits them best.
Computer-aided analysis which has much wider applications outside
- filters is also described, and some of the practical effects of approximation
which, as a formal subject, is called sensitivity, are tackled. By using this
book designers will be able to produce filters for many different applications,
and also be able to predict the performance of existing designs.

Many people perceive filier design and analysis as being highly mathemat-
ical subjects. This does not have to be the case when using modern techniques
and advanced mathematics will be largely avoided in this book. The use of
graphs, tables, nomographs, calculators and home computers can hide the
underlying mathematical nature of the subject and these aids will be used
extensively here. Where more advanced mathematics is included to obtain a
deeper understanding of a particular aspect for those who wish to, it can be
completely ignored without detracting from the understanding of subse-
quent material.

People tend 10 have two basic ways of using a book. It can be read from
~ cover to cover, following the flow chosen by the author to build up under-
standing of the subject. Alternatively, it can be used as a reference work,
relevant sections being consulted as and when required. This beok can be
used in either way and whichever way is chosen it will help to dispel much of
Lthe mystique associated with filters.

Who is it aimed at?

The book isintended for three types of reader: firstly, those who have little or
no experience of filters but who want to learn about the subject from scratch.
This has been somewhat of a problem in the past: many books on electromes
and radio contain brief sections about filters hut they cannot go into much
detail inn the limited space available. Books which do consider the subject in
depth usually contain too much mathematics for the average designer. It is
also difficuit to obtain these books: they can be expensive and are not usually
found on the shelves of public libraries.

Itis atmed secondly at those who have some knowledge of filters, may have
already designed several and want to learn more or view the subject from a
different standpoint. These people will probably have used the tables assoc-
iated with the modern design technique, and the information given here will
allow a more versatile approach for future designs, unfettered by the resteic-
tions of the tabular method.

Thirdly, it is aimed at those who want to make use of their computers to
design filters or to analyse circuits in general. Considerabie scope for innova-
tion and experitnentation exists in the use of computers for filter design. The
programs given here are presented as methods of carrying our particnlar
steps in the design process. Keen programmers can work towards a com-
pletely integrated package, achieving the whole design process in a single
program, possibly including computer graphics to make the best use of the
capabilities of individual computers.
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Figure 1.2 The filter design
technique

Inductors

Something must be said a1 this early stage about inductors. For many, filters
are synonymous with inductors and inductors mean trouble, particularly
ones with relatively high inductance values for use in audio filters. This is
undoubtedly a major reason for the rapid introduction and development of
active filters, once integrated-circuit operational amplifiers made them easy
and cheap to implement. It is true that inductors have gained a bad reputa-
tion, especially amongst amateurs; after ali, designers are not now usually
expected to make their own resistors, capacitors, transistors and so on, and
should not have to make their own inductors. Many types of wound induc-
tors are now available, mainly originating in Japan and suitable for use at
frequencies from audio to VHF. Wherever possible in this book when an
inductor is required, as well as giving the exact inductance value an off-the-
shelf component will be specified to allow the constructor to choose between
either winding the inductor himself or buying the component. Constructors
should therefore have no fear that inductors which are almost impossible to
wind are gaing 1o he called for.

The design process

Before describing the contents of each chapter of the book it is interesting to
examine the process of design with particular reference to filters,
A flowchart representing the steps involved in filter design is shown in
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Fig. 1.2. This sequence of events is typical of what happens during much of
engineering design. The process can be divided into five basic stages: general-
ing a specification; synihesizing a design; approximating the design to iake
sccount of real components; analysing the approximated design; and
making a judgement as to whether the approximated design is acceptable.
Each of these steps will now be looked at in detail.

Generating the specification

The first stage involves the formulation of a specification for the filter to be
designed. Typically, this would involve the definition of the filter type ttow-
pass, high-pass, band-pass or band-stop), the allowable passband ripple,
cut-off frequencies, driving and terminating impedances and so on. Also
included might be some cstimation of the preferred way to implement the
design; experience might suggest that an active configuration will give the
best salution. Limitations on the size and cost of the design might be rele-
vant: a designer might want to include a detail such as the need to use 22nF
capacitors because they ate available cheaply. How detailed and formal the
specification is ai this stage depends firstly on how well the problem o be
solved is iised specified and secondly on the skill of the specifier. An experi-
enced designer will be able to assess the importance of cach parameter at this
early siage ard may be able to trade them off against each other witha feei for
the final design.

A professional designer is likely to specify a tolerance for cach parameter,
but it is usual for the amateur to work with nominal values. What should be
borae in mind is that. as the desipn process procceds inaccuracies will oocur
and judgement will be required as to whether the performance has drifted too
far from the original specification (o be acceptable.

Syuthesis

The second stage of the design process is the synthesis of the ideal solution
which meets the specification produced earlier; three techniques are available
at this stage. Firstly, an existing design might be available which meets the
specificution exactly or pearly so. Contrary to what some might feel, thisisan
entirely valid approach and il a suitable existing design can be found, this
will lead to the quickest solution.

A second technique is the traditional method involving the design of L-
sections of capacitors and inductors which can be combined into T and pi
networks and then cascaded Lo form the compiere fifter, Design of these
image-parameter constant-k and m-derived filters*>* requires the manipu-
iation of many equations as Jow-pass and high-pass filters are built up section
by section — & process which becomes even more tedious when band-pass
responses are required. These filter families used to be found in the cuiput
stages of transmitters, but are seldom used today, and fittle more will be said
about them here.

The third technique available at the synthesis stage is modern filter design,
based upon Bessel, Butterworth and Chebyshev mathematical functions.
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Using this technique, filters can be designed which perform better and pos-
sibly use less components than with the traditional methods. Figure 1.2
shows two approaches to design within this category: the use of pre-
calculated tables or catalogues of standard designs, which is the usual
approach; and a more versatile methed using a computer, wherg the equa-
tions used 10 generate the tables are contained within a computer program or
are solved using a calculator. This method allows infinite variation in the
filter specification, since it is not restricted by the need to tabulate results in
whatever limited number of pages the publisher has made available to the
auther. With this method, the specification is entered via a keyboard and the
resulting design values are presented on a screen or printer.

Approximation

There now follows an essential part of the design process which may initally
seemn difficult but which, a5 a designer gains experience and confidence,
becomes much easter. This is where the component values produced by the
synthesis procedure, which have been calculated to an accuracy of perbaps
four or more decimal places in the modem design method using tables or
cven twelve decimal places using the home computer, must be approximated
to realistic values. These may simply be the E12 or E24 standard values, or
serial or parallel combinations if greater accuracy is needed.

Another approximation which might be necessary is to take into account
the properties of real components, rather than the idealized inductances,
capacitances, op-amp characteristics and so on assumed during the synthesis
PTOCEss.

During this stage dramatic impacts can be madc on the cost and ease of
implementation of a design. For example, if it is decided that 1% capacitors
must be used rather than 10%, their cost wili be many times the more loosely
toleranced components and they will be much more difficult 1o obtain. Simi-
larly, if say a 197.1 mH inductor is called for, and the designer insists on this
value being accurately adhered to, the cost of the wire and core assembly, the
inconvenience of winding several hundred turns and the problem of accur-
ately measuring the value could make the design unacceptable. However, if
the designer knows that u 180 mH ready-wound inductor is available fairly
cheaply, and that it will be acceptable in that application, then the design is
made much morc attractive.

- Analysis

The next step involved is an analysis of the approximated design to assess
how well it meers the original specification.

Three techniques are available at the analysis stage. Firstly, the design
nmight be simple enough for analysis using mathematical formulae. A design
docs not have to involve many components before it becomes mathemat-
ically unmanageable, especially if effects such as the finite Q of inductors are
taken into account.

The second technique is (o build the design and measure its performance
using test equipment such as a signal generator, oscilloscope and spectrum
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analyser. Of course, to test a filter accurately and thoroughly requires com-
plex and expensive equipment, which is not available to many filter
designers. By this point, the components for the design have been bought
and, if the design proves to be a disaster because of 2 minor error somewhere
in the synthesis stage, this can be an expensive way of discovering the error.

The third method available for analysis is the use of a computer running a
circuit-analysis program, which takes most of the hard work out of the
analysis stage; this is a powerful tool which has only recently become com-
monly available. One of the great advantages of this lechnique is that the
performance of the ideal synthesized design can be compared with that of the
approximated design, and so the effects of the approximation can be seen.
Consider, for example, the effects of approximating and inductance into a
real inductor: not only will the inductance value be aliered, but capacitance
and resistance will be udded. The effect that each of these alterations to the
ideal component has on the circuit operation can be investigated indepen-
dently and the dominant ones identified. If required, several different
approximations can be investigated until the best averall compromise
between performance, cost and ease of construction is found.

At this stage simulation of the teniative design can also include the rele-
vant parts of the driving and terminating circuits, so that the quality of the
match they present to the filter can be seen.

The analysis stage can be used to examine existing designs which the
designer might come across, either out of curiosity or as a potendial solution
to a problem. For this application, the computer-atded technique is clearly
the most convenient, aliowing a large number of designs to be investigated
without having t¢ buy any components.

Judgement

It is very unlikely that the results from the analysis process will exactly meet
the original specification and so a judgement now has to be made to see
whether they are close enough. If they are, then the stage has been reached
where a tinal design has been obtained. If they are not acceptable, then some
or all of the previous steps will have to be repeated. The number of sieps to be
repeated depends on how greatly the design deviates from the speaification.

An important question must be asked: ‘is the design reasonable for the
intended application?” Although the performance might meet the specifi-
cation, the implementation might use toc many components, not fit into the
available space, consume too much power or be too expensive for that par-
ticular application. An experienced designer should have anticipated these
possibilities at the specification or approximation stages and made the cor-
rect decisions to avoid them.

Scveral iterations of one or more of the design stages may be necessary
before the results are judged to be acceptable. The design process is finished
only when the point is reached where the design meets the specification
closely enough and the implementation is reasonable.
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18 the design reasonable?

Summary

The design process consists of several discrete steps, some of which an
experienced designer does almost subconsciously, These steps muy have to
be repeated, perhaps several times, before an acceptable selution for that
particular application is found. Although the process has been described in
terms ol filter design, the steps involved are equally valid when designing
other electrical circuits. In more general terms it can be applied to design in
many fields, for example, in thc design of a relatively simple mechanical
component such as a small bracket, or a much more complex device such as
an aircraft.

Modern filter design: the low-pass filter

Chapter 2 describes the basics of low-pass filter design using modern design
techniques. The concept of normalization, which enables filter designs for
any frequency and impedance level to be tabulated concisely, is explained.
The ideal low-pass filter amplitude response is shown to be the solution to an
unreasonabie filtering specification and some tolerance must be added to a
specification to allow a solution to be achieved. Simple low-pass filters, using
only a few compenents, find widespread use in audio and radio frequency
decoupling applications. Four named approximations to the ideal low-pass
filter, namely Butterworth, Chebyshev, elliplic and Bessel, are described and
the design of passive implementations of these filters shown using tables of
pre-calculated component values. These approximations are the most usefui
to designers and will fulfil most filtering requirements. References are given
to more extensive catalogues than the ones presented in this chapter.
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High-pass, band-pass and band-stop filters

Chapter 3 is concerned with the important concept of transformation,
whereby most high-puss, band-pass and band-stop filtering requirements
can be traced back to a low-pass specificalion, a low-pass filter chosen
which most closely meets this specification and a transformation applied to
the low-pass prototype 1o make it meet the original requirement. The excep-
tion to this technique is when an asymmetrical filtering requirement must be
met and the general solution to this type of requirement is to use cascaded or
parallel-connected low-pass and high-pass filters.

Active low-pass filters

Chapter 4 deals with the design of active low-pass filters using op-amps. The
design technique is similar to the passive case and again invelves the use of
catalogues of designs and component scaling to achieve the linal circuit.
Active filter design is seen as an extension of the passive filter design tech-
niques desctibed earlier and many of the concepts, such as filter approxi-
mation, normalization and scaling, are still valid. One advantage active
filters have over passive filters is that they can easily be made tunable; that is,
controls can be added to vary the cut-off frequency — a very useful facility in
difficult communication situations where enly the minimum bandwidth for
inteiligible communication is required. A relatively recent development in
the control of the response of active filters involves the switching of capaci-
lors and resistors at high frequency, varying the effective values of these
components.

Active high-pass, band-pass and band-stop filters

Chapter 5 shows that active low-pass filters have high-pass equivalents,
obtainable by similar transformation to that described in the passive case.
Symmetrical band-pass and band-stop filters are best implemented using
specifically designed sections, rather than with transformed low-pass sec-
tions. Band-pass and band-stop sections, which can be made tunable, can
easily be designed and have numerous applicaticns for peaking and rejecting
narrow bands of frequencies. Ongce again, the best way to implement asym-
metrical responses is by cascading or paralleling low-pass and high-pass
filters. The advantage of using active filtars in such applications is that the
lower and upper cut-off frequencies can be made independently variable.
Active and passive circuits can be mixed in the same filter, the well-defined
low output impedance of the op-amp in an active section providing a conven-
ient driving point for a passive filter.

Using real components
Chapter 6 tackles the problems facing the constructor. Filters are generally
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thought of as being more sensitive to component tolerances than other elec-
tronic circuits, but this is not necessarily true, particularly if the detrimental
effects of the other parts of the system into which the filter fits are taken into
account. A major cause of deterioration of passive filter responses, particu-
larly at audio frequencies, is seen 1o be due to the use of inductors. But even
s0, very useful and inexpensive passive audio filiers can be constructed using
ready-wound inductors, which can only be matched in performance by very
complex active filters. Practical filter designs for both audio and radio fre-
quencies are presented and methods of incorporating these designs into the
total system, while preserving good impedance matches to the filters, are
explained.

Filter design software

Chapter 7 presents several BASIC programs, written for the Sinclair Spectrum
computcr, 10 help with the steps in the filler design process. As well as con-
taining routines which perform relatively tedious, but important tasks (such
as component scaling). programs are shown which allow new filters, not
presented in the catalogues of Chapters 2 and 4, to be designed. Although the
programs are written in Spectrum BasIc, statements have been avoided
which would make implementation on another machine or in a different
language difficult. Throughout this book, emphasis is placed on the impor-
tance of circuit simulation as a way of verifying the performance of a circuit
before building it, aveiding the possibility of costly and time-consuming
errors. Rather than write a simulation package, whose listing would not be
publishable in this book because of its length, the author has concentrated on
Teviewing an inexpensive simulator which is available for several computers,
Some other sources of such programs are alse given and, no doubt, there are
many more.
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2 Modern filter design:
the low-pass filter

Although most designers are aware of the usefulness of the low-pass filter in
itsell, il is perhaps less well known that the modern approach to filter design
relies on the selection of tow-pass filters as prototypes in the design of all
response types, including high-pass, band-pass and band-stop. Because low-
pass filters form the basis of modern filter design, it is worthwhile spending
some time looking firstly at the ideal low-pass filter response, at what
approximations te the ideal are available and what they can achieve in com-
parison with the ideal.

In this chapter, passive implemeniations of the different filter types are
shown, although many filters arc now buik incorporating active compo-
nents, especially op-amps. The advantage of showing passive imple-
mentations at this early stage is that they generally use fewer components
than their active counterparts and so it is easier to grasp the fundamentul
issues than if active implementations are shown. Passive filters ure still used
extensively, especially at radio frequencies where op-amps are no longer
usable. Active filters will, of course, be dealt with in later chapters.

Those designers who are familiar with modern filter design will probably
have used tables, or catalogues, of component values of standardized
designs. The fact that this catalogue method has been so successful is evi-
dence of the value of these catatogues and so several are included here. Even
the cheapest of computers and scientific calculators now allow caleulation of
component values or the preduction of complete catalogues, and techniques
for doing this arc described.

Normalization

To offer tables of standard filter circuits, it is necessary to standardize some
of the important parameters of the filters, The concept of normalization
allows companent values to be presented for filters with a cut-off frequency
of 1rad/s (0.1592 Hz)* and 1Q source andjor termination impedance. This
frequency and impedance level leads to capacitor values in Farads and induc-
tor values in Henries. These values of frequency and impedance, and the
components themselves, may seem strange at first and it is the process of

* A radian is a circular measuse of angle and equals approximately 57.3°. To convert from Hz
to rad/s, multiply by 6,28,

Il
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Figure 2.1 The wleal low-pass
fHrer amplitwde response

scaling, which will be described later, which converts these normatized filters
to work at nseful frequencies and impedances.

Some catalogues may be encuntered which are normalized to cut-off fre-
quencies and impedances other than 1 rad/s, 1 Q: 1 Hz cut~off frequency and
1Q impedance is one set of valugs sometimes used*, and 1 MHz, 500 is
another®. In the author’s opinion, normalizalion to any level other than
I rad/s, 1 Qis unnecessary and potentially misleading, Normalization to 1 Hz
cut-off frequency simply saves (he factor of 2 # when scaling - hardly signifi-
cant when using a scientific calculator. An inexperienced designer coming
across filter component values normalized to 1 MHz, 50 Q could be excused
for believing that they ure intended for use only at radio frequencies, whereas
such filters are equally valid for use in audio applications when correctiy
scaled.

The ideal low-pass filter response

Figure 2.1 shows the ideal low-pass filter amplitude response. In this diagram
the vertical axis is labelled attenuation and increases downwards. Below the
cut-off frequency, ., inputs are passed with no atlenuation, whereas above
@, inputs arc infinitely attenuated. Frequencies up to w, are termed the
passband and above . are the stopband. The transition from pass band to
stopband is infinitely narrow, This response is unachievable in practice and
represents the solution to an unreasonable filtering requirement. Consider,
for example, what is required rom a low-pass filter at the output of a trans-
mitter to suppress harmonics of the output frequency which have been pro-
duced by non-linearities in the transmitter amplifier stages. The cut-off
frequency of the filter will be set to the just greater than the highest operating
frequency, to allow for some tolerance in the fitier component values, and the
filier will not have to attain » high attenvation value uniil twicc the operating
frequency. This simple view ignores the fact that other spurious frequency
components between the fundamental and the first harmonic might be pre-
sent at the transmitter outpul which the filker may have to attenuate, but it
illustrates that there is usually no real requirement faor an infinitely rapid
transition from passband 1o stopband for a filter.
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Figure 2.2 One method of
specifying o fow-pass amplitude
filtering requirement. The shading
Yepresenis areas into whick the
FESPONSE Clirve cantiot enter. The
specification van be met by an
infinite number af responses, some
of which are shown
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More realistic low-pass responses

A more reasonable way of specifying a low-pass filier is shown in Fig. 2.2
The unshaded area represents the freedom, or tolerance, that the designer
has in which to place the response. The first freedom is that the passband
does not have to be perfectly flat; so long as any variations, or ripples, in the
responses remain within the unsbaded area, the filter will meet the spectfi-
cation. Between the end of the passband and the beginning of the stopband a
new region, the transition band, now exists which allows a reasonable fre-
quency span for the attentuation to rise Lo Lhe required stopband level. The
stopband specification also has more freedom now than in the ideal response;
the attentuation is only construined not to fall below some minimum figure
and, if it helps the design of the filter, it can have ripples similar to the
passhand.

An infinite number of responses can be fitted into the allowed area bul
some of these solutions, or approximations to the ideat low-pass response,
are so useful that they have been thoroughly investigaled and characterized
over the years. Each approximation attempts to reproduce cerlain desirable
characteristics of the ideal response, usually to the detriment of others. Many
ol these approximations (not to be confused with the approximation step
described as part of the design process) have acquired the names of the men
who did early work on them. or whose mathematical functions are used to
describe their responses. Before looking in detail at some of these named
approximations, some useful simple filters which are often found in radio
circuits will be investigated. These will form a gentle introduction to the
subject before more complicated responses are tackled.

Simple low-pass filters

Many problems can be solved by very simple low-pass-type responses imple-
mented using only a few components. Consider the simple ¢ircuit shown in
Fig. 2.3. The first question to ask is: 'ls it a filter and, if so, what type? Itis
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Figuee 2.3 A simple low-pass
Silter consisiing of an RC network

Figure 2.4 Amplitude response of
the simple Iow-pass filter of fig 2.3
with R=1K82 C=0.1392pF
giving a cut off 1 — 3.01dB)
frequency of 1 KH=. In the stop-
band the rofl-off tends to 6 dB;
actave or 20 dB/decade

certainly a filter, since it contains ane component, the capacitor, whose react-
ance varies with frequency and so causes the output voltage to change as the
input frequency is varied. It is a low-pass filter, since the reactance of the
capacitor, given by X, = 1/»C where « is the angular frequency in radfs,
decreases as frequency increases, causing a greater potential divider action in
association with the resistor.

The cut-off frequency w, can be defined by .= 1/RC, where o is inrad/s,
R, isin ochms and isin Farads. Note that in this simple example the cut-off
frequency is only definable if R is known. The idealised amplitude response
for this simple low-pass filtcr is shown in Fig. 2.4. [n the example plotted, the
value of R has been chosen to be KL and C is 0.1592 uF, giving a cut-off
frequency of 1 kHz. Beyond about 2kHz, the response 1s tending towards a
straight line {as vicwed on a graph with both axes having logarithmic scales)
of 6dB/octave or 20 dB/dccade. This configuration is said to have a single
pole, or to have a first-order response, hecause there is one component, the
capacitor, on which filter operation depends, whose reactance is tending
towards some limiting value (in this case zero) at infinite frequency. This
response is idealised in that it assumes that the capacitor value remains
comstant as frequency varies. In reality, nol only will the capacitance change
but its resistance and inductance will complicate the response obtained at
higher frequencies.

This simple circuit is probably the most commeonly used filter in electron-
ics. It finds widespread application in decoupling, or preventing AC interfer-
ence generated on supply rails by one block of circuitry from affecting
another block. The circuit is often seen without the resistor, and its operation
then depends on the ralher vague properties of the driving voltage source,
which will be some undefinable frequency-dependent combination of
resistance, inductance, capacitance and pure voltage scurce. The resistor
makes the performance much more predictabie and should be included
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Figure 2.5 A simple low-pass
fiter consisting af an 1O network
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wherever possible, taking care to choase a value that does not cause excessive
direct voltage drop duc to the current flowing through ir.

In some applications a parallcl combination of a high-value ¢lectrolytic or
tantalum capacitor and a smaller-value ceramic plate capacitor is used
instead of the single capacitor. This gives good suppression over & wide band
of frequencies, the high-value capacitor being cffective for audio-frequency
noisc and the ceramic capacitor suppressing radio-frequency noise when the
high-value capacitor has ceased to be effective as a capacitor. This confi-
guration is still a first-order system, since inputs ‘see’ only a single capaci-
tance, the parallel combination, which because of the practical limitations of
capacitors varies with frequency.

[n more ¢ritical applications the single-pole circuit may be inadequate. A
second pole can be added, in the form of a series inductor, as shown in
Fig. 2.5, Two effects are now preventing AC from passing from the input to
the cutput: the increasing reactance of the inductor (given by X,=wlL) and
the decreasing reactance of the capacitor with frequency. This is thereforc, a
two-pole, or second-order, circuit.

The response of this circuit is not as easy to predict, because the inductor
and capaciter form a series-resonant circuit which can produce a peak in the
output voltage at a frequency given by o,=(LC)" 'rads (or
f. =127 {LC) Hz) so long as the damping effect of the source and lerminating
resistors is not too great. This damping effect can be quantified by caleulating
the Q values of the series leg (the R.L combination) and the shunt leg {the
CR, combination). Assuming perfect components:

X (2.1)
21 R
R
and  Q,= EL (2.2)
The total Q of the circuit is given by:
0=l 2.3)
Q1 - Qz

The effect that @, has on the amplitude response of the circuit is shown in
Fig. 2.6: greater values of (., give a more peaked response at @, and a
greater initial roil-off, though the ultimate roll-off of all Q. values is the
same, The peak in the response is only seen for 2, values greater than about
0.5. If the reader cares to try a few combinations of e, L, C, R, and Ry it will
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Figure 2.0 Typical amplitude
response of two pole LT Low-
pass fifters showing the effect of
increasing Q.

Figure 2.7 The idealized
Burterworth low-pass filter
response. Cut-off bs defined as the
frequency at which the attenuation
reackes 3.1 dB. The start af stop-
hand is arpitvarily defined by the
designer as the frequency af which
the alteriieation reached A JB
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be seen o be difficult to arrive at the right combination to obtain a desired
Oo: value.

Again, this circuit is often scen decowpling power supply rails when the
inductor is usually referred to as a choke, meaning that it can maintain a
reasonable inductance value while passing the direct current needed by the
circuit being fed. In this application, obtaining a peak in the response is not
important and the exact values of R, and Ry will be difficult, if notimpossible,
to predict. For most decoupling applications, a | mH choke and a high-
quality 0.1 uF or LOnF ceramic capacitor will give good decouphing action
for radio frequencies, with the capacitor increased to say 100 uF for audio
applications.

The Butterworth response

Figure 2.7 shows the typical amplitude response of a Butterworth low-puss
filter. The Butterworth approximation is arrived at by insisting that the
amplitude response is fiat at zero frequency. This is why this response 1s often
called maximally flat, which is sometimes misinterpreted as meaning that it
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has the lowest attenuation throughout the passband of all filter types; in fact,
the term maximally flat refers to its response at and just above zero fre-
quency. As the order of the filter is increased the accuracy of the approxi-
mation 1o a flat passband improves.

The cut-off frequency for this type of filter is defined as the frequency at
which the output power has fallen to half its zero-frequency level: that is the
3.01dB voltage-attenuation point (commonly abbreviated to simply 3dB).
Note that nothing magicul happens at the cut-off frequency: a common
misconception is that it marks the frequency bevond which the filter offers
infinite attenuation to inputs, which is untrue. The response beyond cut-off is
said to be monotonic, that is the attennation constantly incrcases (in theory
at least) as frequency increases. There is no obvious characteristic which
defines the end of the transition band and the start of the stopband. The
designer of Lthe Glter must define this by specifying a frequency, ., at which
the attenuation must reach a certain value, A,

Fillers produced using the Butterworth approximation turn out to be a
compremise between steepness of attenuation beyond cut-off and initial
flatness in the passband. In the context of circuit  described in the previous
section, Butterworth filiers are considered to be of medium-Q.

The attenuation 4 of a Butterworth low-pass filter is given by:

A=10 1ogm[1 + ( 3)2"] dB (24)

e

where « is the angular frequency in rad/s at which the attcnuation is
desired,
@, is the cut-off angular frequency in rad/s,
nis the order of Lhe filter, which is equal to the number of elements in
the flter in its passive implementation,

This equation can be used to find the attenuation at any frequency; below, at
or above the cut-off frequency. It is a good example of how calculators and
computcrs have simplified filter design; evaluating this equation using a slide-
rule or logarithm tables would be laboricus and prone to error, but nowa-
days presents no problems. By evaluating this equation at various frequen-
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Figure 2.9 Buiterworih low-pass
filrers stopband response for
n=2to7
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cley [or severai of #, a family of curves can he generated which illustrate the
atteniuation achieved by filters of these orders at any frequency. Figures 2.8
and 2.9 show this informaiion for frequencies below and above cut-off (nor-
malized to | rad/s) respectively. Fig. 2.8 shows that, as the order of the filter
increases, the responses remains flatter for move of the passband.

The ultimate roll-off rate of a Butterworth filter (beyond about twice the
cut-oil frequency) is 6n dB per actave, where # is the order of the filter. A
sixth-order filter, therefore, can be expecied to have about 36dB more
attenuation at four times the cut-off frequency than it had at twice the cut-off
frequency, and another 36dB attenuation at cight times the cut-oft fre-
quency,

Figure 2.9 provides a handy method of assessing the order of Butterworth
fitter needed to meet a given stopband attenuation specification. For exam-
ple, say a filter is needed with an attenuation of 40dB at twice the cut-off
frequency. Figure 2.9 shows that a sixth-order Butterworth filter has only
36 dB attenuation at 2 rad/s, whereas a seventh-order filter has 42 dB attenu-
ation at this frequency. Therefare the seventh-order filter is required. Thisisa
good example of how discrepances occur when an attempt is made to imple-
ment a filtering specification. Even at this eurly stage of design, the rounding
up of the filter order will cause the attenuation at 2rad/s to be greater than
originally specified 40 dB.

An alternative way of determining the order of a Butterworth filter is 10
use the equation:

n= logm[lﬁ’“m - l]

2 ]‘ng( E—)
g

(2.3
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Figure 2,10 Butterworth,

Chebrvsher and Bessel low-pass

Jfilter passive implementations

where the symbols have the same meanings as in equation 2.4.

Eguation 2.5 is simply a rearrangement of equaticn 2.4. In general & non-
integer answer for # will be obtained and, since a filter can only have an
mtegral number of components, the answer must be rounded up. Using the
40 dB filter above as an example, the answer obtained for s using equation
2.5 s 6.644 which, when rounded up, gives 7 as deduced from Fig. 2.9,

8o long as a filter having equal source and termination impedences is
required; “Cﬂ‘lt.’[ﬂ}i[mg compaonent value«; i3 relatwely simple. The component
values Tor the pussive implementation of & normalized Butterworth filter
having 1€} source and terminating impedances is given by

COMP, =2 mn(zkzn B fork=12...n 2.6)
where COMP; i3 the &-th component, being either a shunt capacitor {in
Farads) or a series inductor (in Henries), of the circuit in
Fig. 2.10,
#n is the order of the filter.

Be careful when evaluating this equation ¢n a calculator to work in
radians, not degrees. Using equation 2.6, componcent values for filter com-
plexities of # =2 to 7 have been calculated and are shown in Table 2.1, Com-

Table 2.1 Butterworth fow-pass LU element vedies

FILTER ORDER c1 Lz c3 L& s L6 c7
BO2 2 1.4142 1.4142

BO3 3 1.0000  2.0000 1.0000

BG4 4 0.7634 1.8478 1.B47B (Q.7654

RG5 5 0.6180 1.6180 2.0000 1.6180 0.£120

BO& & 0.3176  1.4142 1.931% 1.9319 1.4142 0.5176

BO7 ! 0.4450 1.2470 1.8019 2.0000 1.8019 1.2470 {.44350
FILTEE ORDER L1 o) L3 C4 L5 6 17

Cddorders(R=3,5.. Evencrdersfnm 2 4.}

12 L4 1n-1 Lz L1 Ln

rnmm:TTwm mm--;?m

Configurstion {a)

i

Configararion (2]
rrdnimum decior
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ﬁ;}? g ] o
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Figure 2.11 The idewlised
Chebyshev low-pass fifter response

ponent values for values of # greater than 7 can easily be calculated from
equation 2.6 if required.

Note that two hasic configurations are shown in Fig. 2.10: {a} has a shunt
capacitor and (b) has a series inductor as the first elernent. These networks
are duals of each other, meaning that they have identical responses in all
respects. For even values of # (n=2,4. ..} there is little to choose between
them, but when 1 is odd {a} has one fewer inductor than (b). Since inductors
are usually more expensive and less casy to obtain than capacitors, confi-
guration (a) is usually chosen when an equal-terminations, low-pass filter is
needed. Configuration (b), however, offers advantages when unequal ter-
minations are required, or when the bow-pass filter is only a prototype to be
transformed into a ditferent response, as will be seen in Chaprer 3.

A shorthand method of describing filters by a code has been devised which
considerably simplifies reference to different filters. In the case of Butter-
worth filters only the order needs to be stated to describe fully the nature of
its response. For Butterworth filters the form of the code is Bn. The initial
letter of the word Butterworth is used to describe the type of response, fol-
lowed by the order, 7. A second-order Butterwoth filter can therefore be
described as B02, a third-order as BO3 and so on. Other filter types require
more description.

Somectimes a filter is required to operale between unequal terminations.
Rather than give tables of designs able to operate between unequal termin-
ations here, reference should be made to Chapter 7, where the method of
design is described, and a Basic program which produces the component
values for such filters is given. Allernatively, references 3, 4 and 5 tabulate
normalized component values for Butterworth filters capable of working
between unequal terminations.

The Chebyshev response

Whereas the Butterworth approximation results in an increasing deviation
from the flat passband of the ideal low-pass filter as frequency increases, the
Chebyshev upproximation aims to distribute the deviation evenly across the
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passband as ripples. Each ripple is of equal amplitude and the maximum
ripple value is given the symbol 4,,. Figure 2.11 shows the typical amplitude
response of a third-order Chebyshev low-pass filter. It is seen to be a third-
order response because there are three half cycles of passband ripple; a fifth-
order filter would have five half cycles and so on. As with the Butterworth
approximation, Chebyshev filiers are monotonic in the stopband, 4, and o,
are again chosen by the designer to specify the stopbund performance of the
filler. Chebyshev filters are considered to he of high (, increasing as the
amplitude of passhand ripple is increased.

Different anthors have different ways of defining the cut-off frequency of
Chebyshev tilters and the unwary can become confused. Some [references 6,
7, 8] define it in a similar way to the Butterworth response: that is, as the
frequency at wiich the allenuation reaches 3 dB. Others [relerences 9, 10, 11]
define it as the frequency at which the atienuation first exceeds the permitied
passband ripple value. Confusion arises because, for a given passband ripple,
two supposedly normalized filters having their cut-off frequencies defined in
" these two different ways will have different component values. If a catalogue
of Chebyshev filters is encountered, simulation of one of Lhe fillers will reveal
which definition of cut-off has been used if this is not stated. In this book the
tatter definition, that is the ripple cut-off point, will be used. To avoid confu-
sion, the frequency at which it occurs will be referred to as oy, rather than .

No matter what amplitude of passband ripple is allowed, for a given order
of filter, the peaks and troughs of the ripples occur al the same reguencies.
These trequencies can easily be calculated from the formula

fDnD:CDSk—n fork=0,12.. .5 (2.7

2n

where  wyip is the angular frequency at which the peaks and troughs occar
(normalized to 1 radfs)
# is the order of the filter.

The magnitude of passband ripple can be cxpressed in several ways: it can
be as a relative amplitude in dB; as a ripple factor; as a voltage standing-wave
ratio (VSWR), a tcrm familiar to most cngineers as a measure of how good a
match a load presents to a device which is sensitive to mismatches; or as a
reflection coefficient. Designers may come across any of these terms in filter
literature and it 1s useful to be able to convert between them.

If the passband ripple is 4, dB, then the ripple factor, &, is given by

g=./1080710— | (2.8)

For values of 4, less than 3.01 dB, which is usually the case, ¢ works out to be
less than 1.
The VSWR can be calculated from ¢ and is given by

1+
1—¢

VSWR = (2.9)
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Fignre 2.12 Nomograph showing
the relationship between
attentuation {Ap} Ripple Juvior
{2, FSWR amf Reflection
Coefficient (p) as a percentage.
To convert from one qUantity 1o
anather, draw q hevizontal fine
through the initial quantity and
read where the fine intersects the
other seale,
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The reflection coefficient, p, can he calculated from A, by the equation
p=\;q— 1) 410 (2.10)

¢ 15 usually expressed as 4 pereentage.

Figure 2.12 15 a nomograph which can be nused to convert between 4., ¢,
VSWR and p. A nomograph allows the calculation of same quantity by
consirucling lines on a diagram, thereby reducing an algebraic process (sol-
ving an equation) to a geometric process {drawing lines). Many nomographs
exist in electronics; there are ones for caleulating series and parallel combina-
tions of resistors, for example, The only potential drawback of nomographs
is that they are generally less accurate than using the algebraic method. To
use the nomograph of Fig. 2.12, simply draw a horizontal line through the
known value of 4, &, VSWR or p and read from the other scales the corres-
ponding values of the other quantities.

One beneficial property of the Chebyshev response is that it can have a
faster initial roll-off beyond the cut-off frequency than a Butterworth tilter of
the same order. Plots of the responses beyond cut-off of G.1dB passband-
ripple Chebyshev fiiters for =2 to 7 are shown in Fig. 2.13. Comparing
Fig. 2.13 with Fig. 2.9 (the Butterworth stopband responses) shows that the
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Iigure 2.13 Siapband response
of 0.1 dB pass-band ripple
Chebyshev low-pass filters for
n=2t7
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n=12 and n=73 Chebyshev filters have a slower roll-off rate than the same
order Butterworth filters but, for 5= 4 and above, the Chebyshev filters have
a faster roll-off. For | dB passband-ripple Chebyshev filters, the =2 filter is
marginally worse than the Butterworth equivalent up to about 4rad/s and
then hecomes better at bigher frequencies. Higher-order 1 dB passband-
repple Chebyshev filters are progressively better than the same order Butter-
worth filters.

As more passhand ripple is allowed, the initial roll-off becomes even
steeper. For example, for fifth-order Chebyshev filiers, the 1 dB ripple filter
hus approximately 10dB greater attenuation at twice the cut-off frequency
than the (.1 dB ripple filter, which itseif has 10dB morc attenuation than the
(.01 dB ripple filter. Alternatively, this improvement in stopband perform-
ance can be expressed as the 1 dB ripple filter achieving an attenuation of say
30dB at w=2.1rad/s rather than at 2.7rad/s for the 0.1 dB filter, and
3.4 rad/s for the 0.01 dB ripple filter. The ultimate roll-off rate of Chebyshev
filters, no matler what value of passband ripple is allowed, is identical to the
Butterworth case, that is 6w dB per octave, where a is the order of the hiter.

Because the passhand ripple value has to be taken into account when
assessing what order of Chebyshev filter is needed to satisfy a specification,
another nomograph 18 shown in Fig. 2.4 for this purpose. The use of this
nomograph is bestillustrated by an example (see Fig. 2.15): say a Chebyshev
filter is required with 4 maximum passband ripple of 1dB and a minimum
stopband attenuation of 40 dB at three times the cut-off frequency. A line is
drawn from the ! dB point on the 4, scale, through the 40dB point on the A,
scale and extended until it meets the left-hand vertical axis of the area on
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Figure 2.14 Nomograph for
Chebyshev filters

Figure 2.15 Use of the
nomograph of Fig. 2.14 1o assess
the order required of 4 Chebyshey
low-pass filter with A,= I dB and
A, =40 dB at ¥ radsis
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which curves for different values of # are drawn. A line is then drawn hon-
zontally until it meets the 3 rad/s vertical axis. In this example, this occurs
somewhere between the n= 3 and » =4 curves, indicating that a fourth-order
filter must be used in practice. Because a greater order than theoretically
rexquired has to be used, the actual attenuation at 3 rad/s will be greater than
40dB.

The attenuation of 2 Chebyshev filter at an angular frequency of o rad/s
can be calculated from the equation
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A=101ag,, [1+&*(cosh (n cosh ~ ! w))?|dB 2.11)

where ¢ is the ripple factor,
n is the order of the filter.

Some calculators and simpler computers may not have hyperbolic func-
tions available. In that case the following relationships will be useful:
cosh x=(e*-+ e *)2 and cosh ~lx=1n(x+ /x*—1).

For the fourth-order 1 dB passband-ripple filter discussed abeve, equation
2.11 gives an attenuation of approximately 49.4dB at 3 rad)s.

The calculation and tabulation of passive component values fer Che-
byshev filters is more involved than for the Butterworth response because a
new degree of {reedom, A, has been introduced. The most commonly used
method is to refer to tables of normalized designs, and seven are shown in
Tables 2.2-2.8. For the odd-order filters (n=3,5...) R, and Ry are both nor-
malized to 1Q, but even-order Chebyshev filters (=2, 4. . ) canmol operate
correctly between equal terminations. In the tables, therefore, component
values have been given for one ratio of R/R; (or its inverse with the dual
implcmentation) in the even-order case: the value of R, is 10 for both the
odd and cven-order implementations. The interpretation of the tables is
exactly as for the Butterworth tables and the values again refer to the circuit
configurations of Fig. 2.10.

Because of the limitations on space in this chapter, only one value of
R /R; (or R,/R )} is shown in Tables 2.2- 2.8. There is an infinite number of
impedance ratios between which Chebyshev filters of odd and even orders
can be designed to operate. The method of designing these filters and a nasic
pregram which performs the calculations are given in Chapter 7. Alterna-
tively, references 6, 7 and 8 contain tables of component values for
Chehyshey filters suitabie for use between unequal terminations.

For each of the filters in Tables 2.2-2.8, an identifying code is given. To

“identify a Chebyshev filter uniquely the order and the passband ripple need
10 be defined and the [orm ol the code is Crp. The capital C indicates the
Chebyshey approximation and the passband ripple is defined in the reflection
coefficient format as a percentage with any digits after the decimal truncated.
A third-crder 1 dB passband-ripple Chebyshev filter 15 therefore referred to
as C03 45. Similarly, C05 24 is a fifth-order 0.25dB passband-npple
Chebysheyv filter. In some books, the letter T might be found denoting the
Chebyshev response. This results from the initial letter of an alternative
spelling of Chebyshev, namely Tchebycheil.

Table 2.2 0.01 dB passhand ripple Chebyshev LC element values

. FILTER QRDER R1/Rs cL L2 c3 L4 ] L& 7
€0z 04 2 0.5 0.9920 0.1430
€03 04 3 1.0 0.6292 0.9703 0.6281
Co4 04 4 0.5 2.0737 0.6313 2.04l3 0.2152
€05 04 5 1.0 0.7363 1.3049 1.5773 1.304% D.75363
CO6 04 & 0.5 2.4582 0.7951 3.1418 0.7229 2.2328 0.2322
co7 04 7 1.0 0.796% 1.3924 1.7481 1.6321 1.7481 1.23924 0,75969

FILTER ORDER #®s/R1 L1 v 13 Ch LS -----Eg---w_—i;___
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Table 2.3 0.025 dB passtand ripple Chebyshev LC element values

FILTER ORDER Rl/Rs Cl L2 c3 L& eh L6 o]
€02 07 2 0.5 1.2129 0.18%

€207 3 1.0 0.7575 1.0592 0.757%

ohé 07 & 0.5 2.2171 ©.8937 2.2918 O0.258¢

€05 07 5 1.0 0.8803 1.3549 1.7051 1.3543 0,803

€06 07 6 0.5 2.5204 0.8308 3.2797 0.7775 2.4670 0.2751

€07 07 7 1.0 0.9183 1.4283 1.859 1.6352 1.8594 1.4283 0.9183
FILTER ORDER ;.;;;‘.E----I.i__ c2 L3 -T(-.'-; ______ ;; ______ &6 L?

L m m —  — — ———— — —— ——— ——————— ———————————————

Table 2.3 0.025 dB passband ripple Chebyshev LC element values.

Table 2.4 0.05 @B passband ripple Chebyshev LC element values

FILTER ORDER R1/Rs  C1 12 c3 L4 cs 16 €7
6210 2 0.5 1.3942 0.2302

€03 10 3 1.0 0.8794 1.1132 0.879

0410 & 0.5 2.3041 0.7410 2.6845 0.3027

05 10 5 1.0 0.8984 1.3745 1.8283 1.3745 0.9984

€06 10 & 0.5 2.5513 0.8601 3.3504 0.B228 2,646 0.3187

C07 10 7 1.0 1.0346 1.4369 1.0637 1.6162 1.9637 1.4369 1.0346
PILTER ORDER Rs/Rl L1 c2 13 c4 B e LI

Table 2.5 &.1 4R passhand ripple Chebyshev lowpass LC clement values

e . o B B 7 e L . B B T e e A L L L L L B ¥ ——

FILTER ORDER Rl/Bs €1 L2 c3 Lé s L6 oy
co2 15 2 4.5 1.5718 o.esse

£03 15 W NN T - _

c04 15 4 0.5 2.2343 0.7973 2.6600 0,366

0515 5 1.0  1.1468 11,3712 1.9750 1.3712 1.1468

o 15 6 0.5 2.5561 0Q.8962 3.3962 0.8761 2.8071 0.3785

co7 15 7 1.0 1.1812 1.4228 2.09%7 1.5734 2.0967 1.4228 1.1812
FILTER ORDER Rs/R1 L1 c2 L% 4 15 cé L7
Table 2.6 (.25 4B passband ripple Chebyshev LC elentent values

FILTER ORDER Rl1/Rs CL L2 T L§ 7
02 24 2 0.5 1.7288 0.4104 o i

co3 24 3 1.0 1.3034 1.1463 1.3034

co4 24 4 0.5  2.2884 0.9039 2.7832 0.4930

coS 24 5 1.0 1.414¢ 1.31B0 2.2414 1,3180 1.4144

COt 24 6 0.5 2.4162 0.8771 3.2921 0,98%7 2.90%4% 0.5100

ca7r 24 7 1.0 1.4468 1.3560 2.3476 1,4689 2,3476 1.3560 1.4468
FILTER OADER Rs/Rl L1 c2 L3 ¢ 15 cé L7
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Figure 2.16 The ided! elliptic
low-pass filter response, This is
the typical response of a third
oreer filter, as shawn in Fig 2.17

Table 2.7 0.5 dB passband rippie Chebyshev LC element values

FILTER ORDER HRl/Rs Cl L2 Cc3 L& c5 L6 c?

Co2 31 2 0.5 1.5132 0.6538

C03 31 1.0 1.3%63 1.0967 1.5943

c04 32 4§ 0.5  1.8158 1.1328 2.4882 O.77132

€03 32 3 1.0 1.7058 1.225%6 Z.5408 1.2296 1.7058

coé 32 6 0.5  1.8786 1.1884 2.7539 1.2404 2.5976 0.7976

co? 32 7 1.0 1.7373 1.2582 2.6383 1.3443 2.6283 1.2582 1.7373
FILTER ORDEE Es/R] L1 cl L3 Cc4 L3 cé 17

Table 2.7 0.5 dB passband ripple Chebyshev LC «lemeat valuas.

Table 2.8 1 dB passband ripple Chebyshev LC element values

e e T e e B L B 8. & k= o e T T B T

FILTER ORDER RI1/Rs Cl L2 G3 L c5 LE c7
coz 45 2z 0.5 3.7729 o.s000 T
C03 45 3 1.0 2.0236 0.9941 2.0236

€04 45 & 0.5 4.5689 0.5428 5.3680 0.3406

€05 45 .5 1.0 2.1349. 1,011 3.0009. 1.0911 2.1349

Co6 45 6 4.25 4.7366 0.5716 £.0240 0.5764 5.5353 0.348%
CO07 45 ? 1.0 2.1e66 1.1115 13.093& 1.1735 3.0836 1.1115 2.1666

FILTER CRDER Rs/Rl Li cz L2 G4 L3 CE Ly

The elliptic response

One feature of the ideal iow-pass response which the Butterworth and Che-
hyshev approximations attempt to mimic is infinite attenuation in the stop-
band, though in practice this will be impossible to achieve due to leakage
around the filter and the non-ideal nature of the components forming the
filter. In many applications, it is only important that some attenuation is
attained at a specified frequency and that this attenuation is at least main-
tained as frequency increases, without having to tend towards infinity. This
stopband response s characteristic of the elliptic or Cauer approximation,
which results in a high circirit Q for the filter.

Figure 2.16 shows the idealized amplitude response of an elliptic low-pass
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Figurc 2.17 Third order elliptic
lowe-pass filter circuit diagram.
The paraflel tuned circuit furmed
by C2 and L2 gives the frequency

of infinite atrenuation, W, shown

on Fig. 2.19

Figure 2.18 Elfiptic low-pass
Jilter stopband responses for
A,=20, 3t and 40 dBs A,~ 1 dB
and n=13 for all cases shown

LY L
S I

o

filter. The passband response is similar to the Chebyshev case, having ripples
and cutting off at ey, where the atlentuation first exceeds the passband-ripple
value, 4. The transilion band lies between oy, and ., where the attenuation
first reaches A, the minimum value specified as being acceptable, At a fre-
quency of ¢, in the stopband the attenuation of the filter is infinite and
beyond this frequency he alienuation decreases towards A, reaches 4, and
then increases again. This response is typical of the three-branch eiliptic filter
shown in Fig. 2,17. The reason for the frequency of infinite atienuation can
now be seen: L, and €, form u series-connected paralle] tuned circuit and so,
at a frequency w; = 1,’\;/L2.C3, this tuned circuit ideally offers an infinite
impedance to the input, resulling in no output. Designers familiar with radio
circuits may have encountered series-connected parallel tuned circuits as
traps, placed in a signal path to reject a specific frequency. In this application
they are acting as hand-stop [ilters, and this type of filter is described in the
next chapter.

As with the Chebyshev response, the number of half ripples in the pass-
band is equal to the order of the filter. If a fifth-order response 1s plotted, five
hulf ripples are seen in the passband and there are two frequencies of high
attenuation in Lhe slopband, being the resonant frequencies of the pairs of
capacitors and inductors which form the upper branches.

=

Atrenuation {dB)

(3

50 1 L
H 1.2% 13 L35 4 2.5 3 A3 4

Nommalized anpular frequency (rads; sao) —-
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Figure 2. 19 Nowmograph for
ellipric filters

As the Chebyshev response introduced a new variable, the passband
ripple, to the Butterworth response, the elliptic response intreduces another
variable, A.. The value of A, can be chosen at the specification stage and, in
many applications, this is a more realistic way of defining. a filtering
requirement than the tending-towards-infinity response of other approxi-
mations. All other things being equal, the value of 4, and the roll-off rate
beyond cut-off can be traded off against ¢ach other, as shown in Fig. 2.18.
The three responses plotted are #=3, 4,=14dB filters having A values of
20dB, 30dB and 40 dB. The 20 dB filter reaches its 4, value at 1.25rud/s, Lhe
30dB filter at 1.7 rad/s and the 40 dB filter at 2.4 rad/s. Therefore, one way of
increasing the roll-off rate of an elliptic filter is to reduce the valus of 4
required.

Another way of increasing the roll-off rate is to increase the permitted
passband ripple, Ap, exactly as with the Chebyshev response. Finally, as
would be expected, the order of the filter can be increased to give a faster
roll-off.

Selection of the order of elliptic filter required to meet a particular specifi-
cation can be achieved using the nomograph of Fig. 2.19. Its use 18 identical
1o the one given for Chebyshev filters, remembering that A, is now only the
guaranteed minimum stopband attenuation, whercas for the Chebyshev
filter it was the attenuation at the beginning of the stopband as defined by the
designer and was guaranteed to increase, in theory at least, at higher fre-
quencies.

Component values for the elliptic low-pass passive implementation are
given in Tables 2.9-2.11 and the component designations refer to the circuits
of Fig, 2.20. Values are shown for =3, 5 and 7 with four 4, magnitudes
(0.011,0.044, 0.1 77 and 1.249 dB) and twenty valucs of A, for each combina-
tion of order and passband ripple. A considerable number of useful designs
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an | do
120
i+
100 +
0L 0t
oF 3 A0
oI5 T
iy 1]
l5pg 50
(LA an+
0oz
0i= 0% 20
LLET Rl .04
0.0 104
11[1:‘::
0005
iR 1 9 ] I [V B B |

1 L3 ] 25 3 15 4455
Nunnaliced angulas freguency (rads'sec)



30 FILTER HANDBOCK

Tabie 2.9 Normalized component vaiues jor third order elliptic low-pass passive filters
with passband ripples of 0.011, 0.044, Q.177 and 1.249dB

FILTER Ap As W cl c2 L2 c3
cc03 05 62 d.01l 285.F 28.65 D.6390 ©.0009 0.9776 0.6390
cc03 05 03 4.01: 74,9 19%.11 G.638: G6.0021 Q.5761 0.638]
cc03 05 04 #.01T 67.4 14,34 B.63T7Q 0.0037 0.97318F 0.6370
cCc03 0S5 05 0.011 6l.6 11.47 0.6354 ©,0059 0.971Fr 0.6354
CCo3 05 06 0,011 56.9 9.57 ©0.6336 0.0085% O0.9567& 0.633¢
cg03 45 07 G.011 52.8 4.21 0.6314 O0.0116 Jd.9536 00,6314
cCo3d 05 08 0.011 4%.3 T.19 00,6289 0.015%2 90.9%9539 '0.6289
Ce0d 05 09 4.011 46,3 6€.39 ©.6261 0.0193 0,.953&8 O0.6261
conl 05 19 0,011 435 5,76 D&Y 0.0240 0.947T7 0.&6229
€Ccol 05 11 ¢.011 41.0 5.24 0.619%4 9.029% 0.%421 O0.5184
Cce0l3 05 12 £.011 3.7 4,81 o0,583155 0.034% 0.%339 D.&155
Cco3 05 13 ¢.011 36.6 4.45 ©0.6213 90.0412 0,9%261 0.6113
€Co03 05 14 0,011 34.7 4.13 O0.6068 0.0482 O0.%177 L.&D68
cco3 05 165 o0.011 3i2.9 1.86 0.6020 J.0558 0.%087 0.&020
€Cc02 05 16 0.011 31.1 2,63 O0.3954 O0.06490 0.8991 0.596%
ccd3 05 17 o.011 29.5 1,42 ©0.5%131 O.0729 0.4888 0.5913
ccd3 05 18 0.011 8.0 3,24 0.%855 0.0326 O.a780 O,.585%
cch3 95 19 0.011 26,6 3.07 0.%793 0.0%30 O.8&865 0.5793
ceDl Q5 20 0,011 25,2 2.92 0.5%728 0.1043 0.85545% 0.5728
CcCc93 05 21 0,011 24.0 2.79 0,561 B.1ié64 O0.5418 0,%66]

CCO% 10 03 oO0.044 H1.0 19.11 O0_&52@! @.001% §.1015 O.BS521
cecfl 1o o4 o0.044 TILS 14.34 O0.48510 0.0033 1.0997 O.8510
CC03 10 05 0.044 67.7 11.47 O0.%4%6 O.0252 1.0873 0.84%6
ccol 30 06 0,044 K£2.9 9.57 40.8479 O.0075% 1.0944 O0.0&79
cco3l 10 07 0.044 5B.9 8.21 0.3459% 0.0:02 1.0%10 O.3459
©en3 210 08 0.044 55,4 T7.19 D.%438 0.0134 1.0872 0,343¢
ce0dl 10 09 0.044 52.73 .39 0.E4l0 ©O.0170 1.49B24 4.3410
£C03 10 10 0.044 49.6 5.74 D.E3B0 06,0211 1.0776 0.3380
CC0l 10 11 0.944 471 E.24 0_.2343% 0. (3256 1,072} 0.3348
cCco3 10 12 0.044 44.8 4.1 0.5%313 0.0306 1.0561 O.H313
cC03 10 13 0.044 42,7 4.45 0.8274 O0.0361 1.0%98 0.8374
ccod 10 14 0.044 40.7 d.13 0.8233 OG.0420 1.0825 0.3233
cc03 16 15 0.044 383.9 3.85 0.8188 0,.0485 1.944% O.08182
cced 16 18 Q.0a4 37,2 3.63 0.8140 0.0555% 1.493&3 0O.8140
cco3 10 17 0.0d44  315.4 3.42 0.80%0 0.0&430 1.0282 4D.a4%90
CCO03 10 14 0.044 34.1 3,24 £.08036 0.0712 1.0290 40,3336
cco3 19 19 o.044 32.7 a,07 ©.79T7T9 0O.0798 1.0094 0.7%79
CcC0%Y 10 20 o.0d44  31.3 2.91 0.7920 O0_0%92 0.9992 0.7924
coo3 10 21 0.044  30.90 2.7% 0.78%7 0.0991 0.9B3S 4.7857
ccod 10 22 0.044 283.48 2.87 0.7791 0.1097 0.93774 0.7791

o el A e e o o e o o o ok ik e e e e - o

FILTER Ap As wa L1 L2 c2 L3

Odd onders (n=2,5...)

L2 L4 La-1
Ino—1 | ' Cut
1 | |H|:|
CI-I- I:.T CT
o ’ ‘ y" " . ]
Conlipuraiion (a)
sninimuad unlucior
1.4 1.3 Ln
[P — ot T AR Gt
L2 L4 g_LI'I—I
o Ciﬁr Cd-r -+ ﬁrChJ o
Figure 2.20 EXiptic low-pass ) Configuration (b

fitrer passive implementations wminimum capacitor



THE ELLIPTIC RESPONSE 31

B g e e e e e e Y R, o . . B e e e . e e e A i i B ———

FLLTIER AP As WE cl cZ L2 [}
ccb3 20 04 0.177 8.6 14.34 1,1870 0.0032 1.1507 1.187@
cen3 70 05 0.177 73.Aa 11.47 1.16%6 ©0.0054 1.1488 1.1856
cco3 20 46 4.177 €%.1 5,57 1.183i% ©0.0072 1l.l1464 11,2839
cca: 20 07 0.177 &5.0 8,21 Y1.1e819 0.0088 1.1436 L1.1B19
cchl 30 o8 0.177 &61.5 7.19 1.17s6 o.cl28 1.1484 1.1756
cce3 20 92 0.177 5i&.% 6,39 1.1770 0Q.0lé2 1.1367 1.1770
cCco3d 30 16 0.177 5%.7 5.76 1.1740 0.0200 1.1326 1.1740
o3 20 11 ©0.177 52.2 5.24 1.1708 ©0.0243 1.1231 1.1708
cco3 20 12 8.177 50.9 4,81 1.1672 ¢.029% 1.1231 1.1672
cC03 20 13 0.177  4p.% 4.45 1.1834 0.0342 1.1177 1.1634
cCgy 20 14 0.177 46,9 4.13 1.1592 0.03%8 1.1119 1.1542
€g03 20 15 0,177 45.1 3.86 1.1547 0.0458 1.10%7 1.1547
CcCcol 20 16 0.177  43.4 3.63 1.1500 ©0.0%24 1.0930 1.1500
ccRd 20 17 0.1TT 41.% 3.42 1.1449 0.0%594 1.0%19 1.1449
ccopl 20 18 0.1F7T7 40.2 3.4 1.139%95 O0.9469% 1.DBAa4 1.239%5
ccb3 20 1% 0.177 29.48 3.0% i.l338 ©,0749 1.0764 1.1:338
ccod 20 20 0.177 37.4 2.92 1.1278 0.0834 1.0581 1.1278
¢Co03 20 21 $4.177 36.1 2.7% 1.1215 ¢©.6%25 1.0593 E.1215
CC03 20 22 0.177 34.% 2.87 1.114b% ©0,lczt 1.0500 1.1149
cCo3 20 23 0177 3317 2.56 1.:i080 O0.1123 1.0404 1.1080
ced3 50 05 1.249% B2.8 11,47 2.2014 O0.0060 O0.9%452 Z.2014
ccy 50 06 1.249 8.t g,57 2.1991 O0.0087 0.9%9437 2.189)
¢cp3 50 07 1.249 1s.1 4,21 2.1945 oO.0118 0.%418 2.19245
cco3 50 04 1.24% TO.6 7.1% 2.1%35 4.0155 48.%337 2.1935
ccol 50 0% 1.249 67.5 §.39 2_1%00 9.0196 ©0.9373 2,190
CcCco3 50 10 1.249 64.7 £E.76 2.l862 O_8243 0.9346 2.18342
ccod 50 11 1.249 62.2 5.24 2.1819 0.0294 0.9%317 2.1%819
ccox 50 12 1.24% 60.4 d.81 22,1713 6.0351 ©0.9284 2.1773
cco3 S0 13 1.249 57.% .45 2.1722 ©0.0411 0.824% 2.1722
ccg3 S0 14 1.3749 55.9 4.13 2.1668 0.0480 0.9211 2.1662
¢cca3 50 15 1.24% 54.1 3.86 2.160% 0.0553) 0,9170 2.:60%
cca3 50 16 1.24% 52,4 3,63 2,1547 00,0630 ©.9126 2.1547
ooy 50 17 1.34% 50,3 3.42  2.1430 0.0714 0.9080 2.1480
oo 50 18 1.249 49.3 3,24 2.1409 0.0803 0.9$031 2.1409
cCcRI 50 19 1.149 47.8 3.47 2.133i5 o0.08%8% 0.897% 2.1135
ccol 54 21 1.249  45.2 2.79% 2.1173 90,1105 0.8B&& 2.1173
cend 54 23 1.249 42.7 2.86 2.0%%6 0.1336 0.8743 2.0996
cch3 50 25 1.249 40.5 2.37 2.08032 0.1%94 ¢.8608 2.0E03
TCD3 50 27 1.249% 38.4 2.20 2.0594 O.1B78& 0.83462 2.0594
ccnd S50 2% 1.249 16,5 2.06 2.0370 0.2192 o.23d6 2.037¢

[ — — - ——

FILTER Ap As ws L1 L2 c2 L3

e . - —r——

are included in this comparatively brief set of tables. The tables are abbrevi-
ated versions of what are often published in full. A full tabulation of the
CC05 20 designs, for cxample, contains 90 designs with A, values ranging
from 210dB to 27.5dB, in steps of typically 2dB. For most realistic filter
applications, the full tables therefore contain many designs which will never
be used. The author has chosen twenty useful designs for each order and
passband ripple value.

These odd-order filters are all designed to operate between equal termin-
ations and are normalized in the usual way. Although the tables contain only
a very small proportion of the total number of designs which have been
catalogued, they represent a very useful selection which will fulfil most
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Table 2.10 Normalized component values for fifth order elliptic low-pays passive filters
with passband ripples of 0.011,0.044,0.177 and 1.249 dB

FILTER Ap (%3 wa TL =] ] <3 =} L4 ]
CEDS DS 13 Q. 011 M&.4 4,43 0.F555  O.003T 1.2947 L5584 0. 0364 3.2545 0.7135
cC0s 0% 45 G.081 B6.1 0 3.8 D.TS19 0.0183 1.2805 1.8485% 0.0420 1.2416 0.7118
£Co5 85 17 0,013 Th.é 3.4 o,.T7478 o0.0236 1.7893& 1.5%374¢ 0.0F1S L2221 D.T1gd
Cco% o% 18 9,011 E0.7 ¥.07 0.7431 0,02%F 1.2768 1.5749 O.0802 .2002 0.6359
ccgs 0% 21 9.011 €5.3 2.7% ©.737T% 0,.0365 1.2694 1.5112 @.o9ad 1760 0 6202
~e05 0% 23 O0.011 61,2 2.56 G.73IL D.o441  1.2A1L 1.4%62 £0.1210 1494 0.§EZA
cegs 05 25 9. 011 ST.5 .37 0.FINT 4.0%534 L.oX%30 L.4B0Q 9. 1d454 L120% 0.E4MT
reos 0% 27 §.0L1 54.0 2.0 0.Ti87 Q0.0617 L.242% L1.4627 @0.1729 041 0.F2129
ccos 05 20 0.011 S0 2.05 @.FEiZ 0.9712  L.33%4 1. 4444 2.203 0559 @ 6603
Ceas 05 31 0,911 47.F L.94 0,730 H.0BEE  1.2088 I 42%0 0.21Ad -01ul  E.5T760
ceas D5 313 0.041 44.9 L. B4 06842 60048 1. 2073 1.d4048 02174 0.%43%0
cods D% AS G011 42 L 1,74 OD.AE47 0.1078 1.1038 I AEXT7 0,32l 3422 0.5217
ec0s Bn 317 0.411  39.5 1.68 B.6745  0.1270 L. 17ea 1.361% 0072 L5001 0.A%1T
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Table 2.11 Normalizod
component values for
seventh order elliptic fow-
pass filters with passhand
ripples af 0.011, 0044,
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requirements. More extensive catalogues will be found in references 12, 13,
14, and 15. An example illustrating the use¢ of the tables is given later in this
chapter, in the secticn on frequency and impedance scaling.
The identifying code given for each filter is of the form CCr p 6. CCis an

abbreviation for Cauer-Chebyshev, acknowledging the contribution Cauer
made to the mathematics describing their nature and that they are a sub-
group of the Chebyshev family of responscs; the order of the filter; the reflec-
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Figure 2.2t Phase shift and time
delay as functions of frequency for
an ideal low-pass filter

tion coefficient as a truncated percentage (as for the Chebyshev filters); and
finally the modular angle, 8, (in degrees) defined as

f=gin? (_1-) 2.12)

@y
where @, is the frequency at which 4, is the first attained.

For example, if an elliptic filter achieves its A, value at w.=1.325rad/s,
then 8=49° and so a third order 0.18 dB passband ripple filter with this value
of w, can be referred to as CC03 20 49. Similarly, a fifth-order 0,28 dB elliptic
filter with a modular angle of 45 can be called CCO035 24 45.

The Bessel response

5o far, nothing has been said about the phase relationship of output to input
of a low-pass filter. In most applications it is the amplitude responsg of a filter
which is impertant, and the Butterworth, Chebyshev and elliptic approxi-
mations optimize their amplitude responses to some desirable aspects of the
ideal at the expense of deviating from the ideal phase response, What is the
ideal low-pass phasc response? Figure 2.21 shows how the phase of un output
signal should vary with respect to the input as the input is swept in frequency.
The response is an upward sloping straight line, indicating that the phase
shift shouid vary linearly with input frequency up to the cut-off frequency.
Beyond cut-off, the phase response is meaningless because the ideal Jow-pass
filter passes no signul whatsoever outside the passband. This implies that all
signals within the passband should suffer the same time delay through the
filier, and a line of constant time delay, T seconds, is also shown on Fig. 2.21.
This is a difficult concept to grasp and is best illustrated by reference to an
example using sine-wave inputs and outputs.

Figure 2.22 shows two sine waves, of | kHz and 2 kHz, applied to the input
of an ideal low-pass filter (whose cut-off frequency is greater than 2 kHz) and
the resulting output waveforms. Because the phase shift varies linearly with
[requency, the 2 kHz input suffers twice the phase shift of the 1 kHz input. In

Phase skik {radians}
Time delay {secs)

T

Freguent y——- We
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Figure 2.22 Input and output
waveforms for I KHz and 2 KHz
sine waves through a linear phase
skift frilzer. Though the time delay
is identical for both signals the

2 KHz sine wave suffers twice the
phase shift of the 1 KHz sine wave

L.} msee

2 kHz /\ 1
1T

¢1HJ‘ \_/

Zrads 2kllz /-—\ -
Deliy =
0 i rusee

1kllz

T puts

Quiguts

$ tkllz
1 tad

.
.
.
+
"
e .

the diagram, the 2 kHz signal is phase shifted by about a third of a cycle, that
is about 2 radians, whereas the 1 kHz signal is shifted by half this amount,
about 1 radian. Both signals have been delayed by the same time period,
approximately (.16 ms; thercfore, if the signals were in phase at the input of
the filter they are still in phase at the output. For voice transmission applica-
tions this linear phase response is relatively unimportant. For data transmis-
sion, however, a linear phase response is important to prevent pulse
distortion, and therefore linear-phase filters are often nsed,

Omne such linear-phase filler is the Bessel approximation (also called the
Thompson approximation), optimized for phase rather than amplitude
response. The Bessel approximation results in a low-0 filter and the ampii-
tude roli-off is quite modest compared with even a Butterworth filter, The
initial stopband attenuation can be approximated by:

4=1 (ﬂj 4B (2.13)

tide

for any order, up to approximately w/e,=2.

For values of w/w, greater than 2 a straight-line approximation of 6 dB per
octave per element can be made. Figure 2.23 shows the passband amplitude
response of Bessel filters for n==2to 7. The responses are so similar that they
can be represented by the same curve. Figure 2.24 shows a family of curves
beyond cut-off for increasing values of ».

As in the case of Chebyshev filters, there is some confusion with Bessei
filters over the definition of the cut-off frequency. Since the important feature
of a Bessel filter is the constant time delay, it is possible to normalize this
delay to 1 second and calculate component values for 1 source and termin-
ation impedances and | second delay’®. Alternativeiy, the Butterworth defi-
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Figure 2.23 Bessel low-pass_fifter
pessbund response form =2 40 7,
The response is normalized 10
futve a 3.0 dR cui-off angular
Sreguency of 1 radivee

Figure 2.24 Stophand response
of Bessel low-pass filters furn=2
Y 7, assuming an difenuation ai
cut-off of 3B
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nition of cut-off, the 3 dB attenvation frequency, can be used'"'%!? and, of
course, component values obtained for these two methods are different.
Since in many applications the concern is that the time delay through the
filter is constant, and not what its absolute value is, the 3 4B attenuation
definition will be used here. This has the advantage of allowing the cut-off
frequency to be set to benefit from the modest, but still useful, attenuation
characteristics of the filter.

Table 2,12 shows normalized component values for the passive imple-
mentation of Bessel low-pass filters for n=2 to 7. These designs are normal-
ized for 1 € source and termination impedances and a 3 dB cut-off frequency
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Figure 2.25 Comparison of the
stopband responses of four low-
pass filiers. Responses plotted ave
Sor BOS, GO3, COS 20 and CCOF
20 38

Table 2.12 Besse! low-pass LC element vafues

FILTER ORDER  Ci 12 3 L4 ¢s L6 c7

602 2 0.5755 2.147@

603 3 0.3374 0.9705 2.2034

Go% 4 0.2334 0.6725 1.0815 2.2404

GOS 5 0.1743 0.5072 0.8040 1.1110 2.2582

06 &  0.1365 0.4002 0.6302 0.8538 1.1126 2.2645

07 7 0.1106 0.3259 0.5245 0.7020 0.B690 1,1052 2.2659
FILTER ORDER L1 c2 13 G4 L5 c6 L7

of 1 rad/s. The circuit configuration for these flters is identical to the Butter-
worth and Chebyshev filters, and the component designations again refer Lo
Fig. 2.10,

As with the Butterworth approximation only the order of u Bessel filter
necds to be stated to fully describe the nature of its response. To avoid
duplicatimg the initial leiter of the Butierworth filters, the Gawassian initial
letter is used here for Bessel filters, as Bessel filters are in the Gaussian family.
The code used to identify a Bessel filter is therefore Gu. A second-order
Bessel filter can therefore be described as GO2, a third order as G03, and so
oI,

Comparison of the low-pass approximations

Although comparisons between the Butterworth, Chebyshev, elliptic and
Bessel responses have been made as the approximations have been con-
sidered individually, it 15 useful to take one example of ¢ach type and plot
them on the same set of axes to allow a direct comparison to be made. To
ensure that a fair comparison is being made the order of the responses should
be the same and the Chebyshev and clliptic responses should have the same
value of passband ripple. On Fig. 2.25 the stopband responses of B0S, C05
20, CCO5 20 38 and GOS3 are shown,

o
0l
0 GOs
3;
gnr-
E) CO5 20, nOs
o -
- CCO3 MR
0 f-
m-——
0 1 ] L 1
1.5 2 25 3 35 4 5 6 7 &
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Other approximations

Four named approximations to the ideal low-pass filter have been described
in this chapter, but these do not represemt by any means the only approxi-
mations which are available. Some others which may be encountered but
which cannot be discussed in detail here are: the inverse Chebyshev filter,
having a Butterworth-like response in the passband and an elliptic-like
response in the stopband; the transitional filter, being a compromise between
the attenuation characteristics of the Butterworth approximation and the
phase response of the Bessel approximation; the Gaussian filter, having no
overshoot in its transient response; the Legendre filtar, being a compromise
between the Butterworth and Chebyshev passband responses; and the equi-
ripple phase-error filter, being similar to the Bessel filier but allowing the
phase response to have ripples.

Frequency and impedance scaling

Once a set of normalized component values have been selected from a cata-
logue of standard designs or caiculated, the next step is to transform the
values to give a filter which has the cut-off frequency and impedance level of
the original specilication, This process is known as scaling or denormaliz-
ation. The following formulae are used to scale capacitors and inductors
respectively:

L

C=Cpx —— (2.14)
2nfR
and
L=L,x (2.15)
2nf

where  Cis the final capacitor vahlue,
L is the final inductor value,
(18 the 10, 1 rad/s capacitor value,
L. is the 182, 1 rad/s inductor value,
R is the final impedance value,
Fis the final frequency.

The scaling process is best illustrated with examples and we are now in a
position to follow through the design of low-pass filters from the specifi-
cation stage to the final idealized component values.

Consider the following specification: a low-pass filter is required with a
cut-off frequency of 3.4kHz; it must achieve an attenuation of 43dB by
5kHz, and the attenuation must not fall betow this figure in the stopband.
The permitted passband ripple is 0.2 dB and the filter must work with source
and termination impedances of 1 k{2

Because ripple is permitted in the passband, either a Chebyshev or an
elliptic filter could he used. Becausc there is no requirement for the stopband
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Figure 2.26 Circiar diagrems of
CCO8 20 47 with normalized
component values.

a) {5 the minimum component
implementation

b)) I the minimum capacitor
implementation

a) and b) are duals of each other,

meaning that they have identical
perfarmances

atienuation to increase monotoniceily an elliptic filter is the best choice since
it exhibits a more rapid rofl-off. The stopband attenuation frequency must
first be normalized by dividing 5 kHz by 3.4kHz (the cut-off [requency) to
give i, = 1.471 rad/s. To assess the order of filter required, Fig. 2,19 can be
consulted. From this diagram the order required lies between 4 and 3, and so
a fifth-order filter must be used.

From Table 2.10, three filters are possible candidates for this specification.

e CCO5 20 47 has (.18 dB of passband ripple. slightly less thun the 0.2dB
allowed, and achieves 40.2 dB attenuation at 1.36 rad/s (4.65 kHz when
denormalized).

» CCO5 20 42 also has less passband ripple than allowed and has 2 mini-
mum stopband attenmation of 457dB, achieved at 1.49rad/s
(5.083 kHz).

« CCO05 1041 has a passband ripple of 0.044 d¢B, much less than permitted,
and achieves an attenuation of 40.7dB at 1.52 rad/s (5.18 kHz).

This demonstrates a dilemma which often faces the filter designer when
using a [zirly limited catalogue: there may be several potential solutions toa
specification, each more or less meeting the specification and offering both
advantapes and disadvantages over its rivals. The skill of the designer must
be used to decide the relative importance of the parameters of the specii-
cation. An exact solution to a requirement is most unhkely.

In this example we will select CC05 20 47, choosing to take advantage of
the lower than specified start of stopband frequency. Figure 2.26 {a) shows
the normalized minimum-inductor implementation snd Fig. 2.26 (b) shows
the minimum-capacitor version of this filter. Using equation 2.14, C, of the
minimum-inductor implementation can be scaled toits 3.4 kHz. 1 kX value.

€, =1.1436 x 1 =53.53nF

250w % 3400 = 1000
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Figure 2.27 CCO5 20 47 scaled 1o

J4LkHz, kLD

) s the minimum fnductor
implementation

b) Is the minimum capacitor
implemienration

Similarly, using equation 2.15, L, becomes

L=1153x 190  _s3090mH

2 x % 3400

Repeating the scaling process for all the components of the filter, the
denormalized designs shown in Fig. 2.27 (a) and (b) are obtained: these two
configurations have identical performances in all respects. Normally, if the
low-pass filter is to be implemented, rather than being a prototype for trans-
formation (as will be described in Chapter 3), the minimum-inductor imple-
mentation would be used. Clearly, the exact component values shown in
Fig.2.27 cannot easily be obluined and Chapter 6 shows the effect on per-
formance of using real components.

Now consider another specification: a low-pass filter is required with a
cut-off frequency of 2.2 MHz, it must achieve an altenuation of 60dB by
4.4 MHz, and the attenuation must then continue to rise. 1 dB of passband
ripple is permitted and the source and termination impedances must be
500,

Again because ripple in the passband is permitted, a Chebyshev or an
elliptic filter seem likely approximations o be chosen. However, because the
attenuation must increase monotonically, a Chebyshev design must be used.
Normalizing the stopband attenuation frequency by dividing 4.4 MHz by
2.2 MHz gives an w, value of 2 rad/s. The nomograph for Chebyshev filters,
Fig. 2.14, gives a rounder order for the filter of 7. Table 2.8 contains the 1dB
passband ripple filters and C07 45 seems a likely candidate to meet the speci-
fication. From equation 2.11, the attenuation of CO7 43 a1 2 rad/s is 68.18 dB,
Since this is considerably more than the specified 60dB it is worthwhile
laoking at a seventh-order filter with less passband ripple to see if onc can still
meet the 60dB attenuation value. Reference 1o Fig.2.14 shows that a
seventh-order 0.} dB passband-ripple filter only just fails to meet the 60 dB
attenuation specification at 2 rad/s. Table 2.5 identifies this filter as C0713. In
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Figure 228 Circiir diagrams of
C07 45 with normalized
component values

u) Iy the minimm inductor
implemeniation

b Is the minimum cupacitor
implemeniation

Figure 2.29 C07 45 scaled to
22MHz, 3002

@} Is the mininmue inductor
implementarion

b Is the minimum capacitor
implementation
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this example. we will choose C07 45, gaining an extra 8 dB of attenuation at
2 rad/s, because we judge that the smaller passband-ripple value available
from CO7 15 is not as beneficial as the extra attenuation in the stopband
obtainable from C07 45,

Figure 2.28 (a) shows the normalized minimum inductor implementation
and (b} shows the minimum capacitor version of this filter. Using equation
2.14, ') of the minimum inductor implementation can be scaled to its
2.2MHz, 5042 value

C, =2.1666 x ] =3.1350F

Ixmx2.2x10%% 50

Similarly, using equation 2,15,

Ly=1.1115x >0 =4.021 uH

2xmx22x10°

The denormalized filter designs are shown in Fig. 2.29 {a) and {b).
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Sommary and conclusions

The low-pass filter is an imporlant bailding block in modern filter design, not
only in itself bur also as a starting point for transformation to other
responses. When the ideal low-pass filter response is considered it is seen to
be the solution to an unreasonable fAltering specification and some tolerance
must be allowed in the specification to make a reasonabie solution pessibie.

Normalization is an important concept, allowing potentially an infinite
number of filters with various cut-off frequencies and impedance Jevels 1o be
represented by a single, normalized design. This greatly simplifies the genera-
tion and presentation of catalogues of standardized designs.

Some simple low-pass filters, containing only a few components, have
been deseribed and these are used extensively for decoupling in audio and
radio circuits. When a low-pass filter consisting of 4 series inductor and a
shunt capacitor 1s considered the idea of circuit 0 is introduced, which can
strongly influence the response of the filter.

Four named approximations to the ideal low-pass response were con-
sidered in detait. Cach of these approximations optimizes some of the
properties of the ideal low-pass response, causing others to deteriorate.
Those considered were:

« the Butterworth approximation, a medium-{ filter, having a flat
response for much of the passand and having a reasonable roll-off rate
heyond cut-off;

o the Chebyshev approximation, a high-Q filter, having ripples in the
passband and being capable of a faster roll-off rate than the Butterworth
approximation,

o the elliptic or Cauer approximation, also a high-Q filter, having ripples
in the passhand and stepband and a rapid roll-off beyend cut-off;

o the Bessel or Thompson approximation, a low- filter, optimized for a
lingar phase response which can be Important in data transmission
Systermns.

The process of scaling or denormalization was described as the method of
converting normalized filter designs to work at useful frequencies and impe-
dance levels. When examples of low-pass designs were considered it wis seen
thal the original specification can rarely be met precisely, even if exact and
ideal components are assumed. In particular, when we try to satisfy a specifi-
cation, a non-integral value for the order of the filter is usually obtained,
which cannot be inyplemented in practice. Consequently, the filter order 15
usually rounded up and the designer has to choose how best to take edvan-
tage of the better than originally specified performance.
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Figure 3.1 The ideal high-pasy
Fifter amplitude response

3 High-pass, band-pass and
band-stop filter design

Now that a number of low-pass filter approximations have been introduced,
and the technique of design including denormalization described, the design
of other filter responses can be tackled. The most useful responses after the
low-pass response are high-pass, band-pass and band-stop, and they will be
discussed in that order. One important method of design of thesc filicr types
is the transformation of low-pass prototypes. Low-pass filters are therefore
not jusl important for use in low-pass filtering applications, but also as start-
ing points in this transformation role; hence the fairly extensive treatment of
low-pass filters in the previous chapter.

When the low-pass response was described it was introduced hy simple,
but nonetheless useful, examples of low-pass hlters, helping to make what
can be a difficult introduction to the subject much easier. Each filter response
described here will be introduced in the same way. This will lzad designers to
realise that they probably already incorporate high-pass, bund-pass and
band-stop fillers unknowingly in circuils, perhaps under a different guise.
For example, the use of a capacitor as a DC blocking component resultsina
high-pass response and care must be taken that undesired effects are not
introduced in this applicution. Onee again, the emphasis will be on passive
filters and the equivalent active circuit will be described in Chapter S.

The high-pass filter response
Figure 3.1 shows the ideal high-pass amplitude response. Below the cut-off
frequency i, inputs are infinitely attenuated, whereas above o, inputs are

Q4B
Allchaation
i3y
Hophand Iasstmnd
Incrcasing
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o W Freguency —e-
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Figure 3.2 A meihad of
specifying a high-pass filtering
umplitude requirement, The
shading represents areas into
which the response curve cannot
enter. Ax in the low-pass case. an
infinite number of responses can
meet the specification, two of
which are shown

Figure 3.3 A simple high-pass
Jfilter consisting of ¢ single
capacitar
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passed with no attenuation. The stopband is the band of frequencics below
o, and the passhand includes frequencies from w, up to infinite frequency.

In the surne wuy that a more reasonable specification for a low-pass filter
was shown in Chapler 2, Fig. 3.2 shows a more reasonable methed of spec-
ifying the amplitude response of a high-pass filter. The stopband is not now
characterized by a demand for infinite attenuation, but so long as the attenu-
ation does not nise above some value A,, the specification is met. Similarly, in
the passband the response does not have to be perfectly fiat and may have
ripples if the designer can benefit from this freedom. The transition band
allows a reasonable span of frequency from e to m, for the attentuation to
decrease to its passband level.

A simple high-pass filter

What is probably the simplest high-pass filter possible, a single capacitor, is
shown in Fig. 3.3, driven from a voltage source and terminated by a resistor.
Al zero frequency, thatis at DC, the capaciter blocks the transmission of any
voltage from the input to the output. For AC inputs, an aitenuation of the
output with respect to the input will be seen because of the potential divider
action occuring between the reactance of the capacitor and the load resistor.
As frequency increases the reaclance of the capacitor decreases and so the
capacitor has less effect on the potential divider action. Eventually, at very

EIHTCI—EL}
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Figure 3.4 The tdeatized
Butterworth high-puasy filter

response. As in the fow-pass case,

rut off is defined as the frequency
Gt wATCH the artenuaiion regches
301 dB. The start of stopband
Sroguency, ., is arhitrarily
defined by the designer as the
Jrequency al which the
attentuaiion reaches A, dB

high Frequencies. the capacitor will virtually disappear from the circuit and
the output voltage will tend towards the input voltage,

The DC-blocking property of this simple circuit results in its widespread
use in circuits where DC isolation is required between stages whose operating
conditions need to be independent. Because the primary use of the capacitor
in this application is for isolation, the high-pass nature of the circuit can
easily be forgotten, resulting in unexpected, and undesirable, attenuation of
lower frequencies, This is most likely tgoccur in audio circuits where fre-
quencies of interest may span many octaves, and a high value for the
blocking capacitor must be chosen 10 minimize the high-pass effect. Raising
the impedance levels throughout the circuit, not normally a difficult thing to
do in audio applications, will help to keep the blacking capacitor values
reasonable,

High-pass filter approximations

Figure 3.4 shows the generalized rcsponse of a high-pass filter. Because sev-
eral low-pass response types have been considered in detail in Chapter 2 we
should ke able to recognise that the response looks similar to the low-pass
response of the Butterworth approximation, having no ripples in the pass-
band and monotonically increasing attentuation in the stopband. If Fig. 3.4
is compared with Fig. 2.7, the responses can be seen to be symmetrical about
the cut-off frequency; that is, one response can be obtained from the other by
taking the inverse of frequency. If the cut-off frequency, w., of the jow-pass
response is | rad;s, then w, for the high-pass response will also be 1 rad;s; if
the frequency of high attentuation, s, for the low-pass response is 2 rad/s,
then @, for the high-pass response will be 0.5 rad/s; if the reciprocat of the
frequency at which the low-pass response achieves any given atlentuation is
taken, that will be the frequency at which the high-pass response achieves the
same attenuation.

Typical Chebyshev and elliptic high-pass filter responses are shown in
Fig. 3.5(a) and (b) respectively. A comparison of Fig, 3.5 (a) with Fig, 2.11,
and Fig. 3.5 (b) with Fig. 2.16 illustrates the similarity of the low-pass and
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Figure 3.5 Idealized high-pass
Silter responses

a) Isa Chebyshev response

b} Is an elliptic response
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high-pass responses for a given approximation. For example, the elliptic
approximation has ripples in the passband and stopband, and frequencies of
infinite attentuation in the stopband (at frequencies which are inverses of
each other) for both the low-pass and high-pass responses.

The low-pass to high-pass transformation

The symmetry of the low-pass and high-pass responses means that any high-
pass filtering specification can be turned into an equivalent low-pass filtering
specification. This allows a low-pass filler to be selected which meets the
tow-pass specification, and this low-pass prototype to be transformed into
the required high-pass configuration, meeting the original high-pass specifi-
cation. The transfarmation of a low-pass pratotype into a high-pass filter is a
simple process: in the normalized design all capacitors are replaced by
inductors, all inductors are replaced by capacitors, and the transformed
componcnts have the value of the reciprocal of the eriginal component. This
transformation is illustrated in Fig. 3.6, where the low-pass prototype com-
ponents have the subscript L. Composite branches, such as parallel and
series combinations of capacitors and inductors, which are found in elliptic
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Figure 3.6 Low-pass fo high-pass
Branch trangformations. The low-
PaRS comporent values must be in
their normalized formar before
heing inverted.

Figure 3.7 Low-pass to high-pass
transformation of non-elliptic-
type flters showing:

a} Minimum inducior fow-pass
Profoivpe

b, Mirimum capaciior low-pass
protorype

Law-nass branck Hieh-pass branch Conpencni values
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low-pass filters, ure also shown and cach component is simply transformed
separately.

The results of applying these transformations to typical third-order low-
pass filters are shown in Fig. 3.7. The two circuits shown are typical of the
Butterworth, Chebyshev and Bessel low-pass fillers described in Chapter 2.
The top circuil shows the minimum inductor low-pass implementation
which, when transformed, results in a mimmum capacitor high-pass filter,
whereas the bottom circuit shows the minimum capaciior kow-puss circuit,
resulting in & minimum intductor high-pass filter. The usefulness of the dual
networks presented in Chapter 2 can now be seen: the implementation
required for a normalized low-pass filter design can depend on whether the
final use of the filler is as a denormalized low-pass filter or as a prototype for
a frequency transformation.

The design procedure for high-pass filtcrs can therefore be seen to consist
of five steps:

1. normalization of the high-pass filtering requirement;
2. conversion of this requirement into the equivalent low-pass specification;

Low-pass prolatype High-mass it

(b}

-
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Figurc 1§ The dual
impiementarions of the
Bedterworth low-pass filters 805,
selected as possible candidates for
the low-pass 1¢ high-puss
rransforndtion

a) Shows the minimum inducror
implementation

bt Shows the miniman capacitor
implementation

3. selection of aiow-pass prototype filier using the low-pass design informa-
tion given in Chapter 2 which meets the equivalent low-pass specifi-
cation;

4. transformation of this low-pass Klter to a high-pass fifter by replacing all
capacitors by inductors and all inductors by capacitors, each component
having a value of the reciprocal of the prototype component;

3. denormalization, or scaling, of this normalized high-pass filter to meet the
original frequency and impedance specification.

As an illustration, an audio high-pass filter is required which must have 2
3dRB cut-off frequency of 300 Hz and an attenuatiog of at least 404B at
100 Hz, increasing at lower frequencies. The source and termination impe-
dances must be 1 k€ and there should be no ripples in the passbhand,

Since the passband must contain no ripples and the 3dB attentuation
cut-off frequency is defined, a Butterworth filter is required. Normalizing the
300 Hz cut-off frequency to 1 radys, the frequency at which the stopband
attenuation is specified, w,, is0.333 vad/s, which gives 3 rad/s for the Jow-pass
prototype specification. Reference to Fig. 2.9 ot equation 2.5 gives a rounded
order for the filler of 5. The normaiized BOS filter data can therefore be
extracted from Table 2.1, giving the two possibie configurations shown in
Fig.3.8. Because these circuits are duals of each other, either will satisfy the
high-pass filtering specification when transformed and scaled. Rememhering
that each low-pass capacitor will result in 2 high-pass inductor and viee
versa, the minimum capacitor low-pass prototype is the best choice if, as is
usually the case, a minimum inductor high-pass filter is desired, The cireuit
of Fig. 3.8{b) therefore transforms to Fig. 3.9(a) where each transformed
component has a value of the reciprocal of the low-pass prototype value,
Scaling the filter to 300 Hz, 1k, equation 2.14 gives a scaling Factor for the
capucitors of
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Figure 3.9 The rransformed high-
pass filter, resulting in the
minimun indictor implementation
a) Shows the normalized
component vaiues

b) Shows the 360 Hz, 1k 2 values

Figure 3.10 Simlated amplitude
response of the Burterworth high-
pass filter shown in Fig. 3.9(b)
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For the inductors, equation 2.15 gives a scaling factor of

1000
2 x 7% 300

Figure 3.3 (b) shows the final circuit with the scaled component vahees.

This circuit has been simulated assuming exact and ideal components and
the results are plotted in Fig. 3.10: the high-pass filtering specification is
shown as shading on this diagram. The 300 Hz cut-off frequency has been
met exactly, and the 40 db atienuation at 100 Hz has been exceeded, about
47dB being achieved due to the rounding of the filter order. Below 100 Hz
the attentuation continues to increase, as specified, being about 78 dB at
30 Hz.

=0.5305

The hand-pass filter response

Figure 3.11 shows the ideal band-pass amplitude response. The response has
a passband positioned between lower and upper cut-off frequencies, which
mark the transition frequencies between the lower stopband and the pass-
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Figure 3.11 The idead band-pusxs
Jilter amplitude response

Figure .12 A method of
specifiing a band-pass filtering
enplitude requirement. The
shading represents areas inta
which the response curve canno!
enter
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band, and the passband and the upper stopband, A more reasonable specifi-
cation for a hand-pass filter is shown in Fig. 3.12. Lower and upper cut-off
frequencies, we and ey, as well as lower and upper stopband frequencies,
@y and oy, are specified, with reasonable frequency spans forming tran-
sition bands between the passband and stopband regions. As drawn,
Fig. 3.12 shows a similar attenuation specified for the lower and upper stop-
bands, bui this does not necessarily have to be the case, as will be illustrated
later.

A simiple band-pass filter

A simple band-pass filter which may be familiar is 2 shunt-connected parallel
tuned circuit formed by a capacitor and an inductor, as shown in Fig. 3.13.
The network is driven by a voltage source via a resistor and terminated by
another reststor. Such an apparently sirnple circuit has a complex response
depending not only on R; and Ry, but also on the absolute values chosen for
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Figure 3.13 A simple bond-pass
Jifter formed from a parolle!
combinettion af en inductor and a
capaiitor.

Ky

L T c Rp

r ' a1l

C and L to resonate al & parlicular frequency, of which there are, of course,
an infinite number, As higher values of resistor are used, the peak in the
response at the resonant frequency becomes sharper. This sharpness can he
quantified by finding the band-pass @ of the response which is given by

Qup=—J0 ’ 31
P BWigy
where Ohy, is the band-pass O,
fo is the centre of frequency,
BWiag 15 the 3dB attenuation bandwith,

For a given set of C and L values, doubling the source and terminating
resistor valugs has the effect of doubling the band-pass Q, giving a sharper
peak to the response.

If the centre frequency aof the simple hand-pass filter response is fo, it is
related to the 3 dB cul-off [requencies by the relationship

f::lzv ol % Jeu (3.2)

where £, is the lower cut-off (3 dB) freqquency,
feu 15 the upper cul-0fT {3 dB) frequency,

In general, f, is relaled Lo any two frequencies of equal attenuation by the
relationship

fCI: \/ﬂlx]xu (33)

where: £y 1s the lower xdB attenuation frequency,
fro 1s the upper x dB attennation frequency.

In mathematical terms, fi, is the geometric centre frequency of the response
and the total response is symmetrical about f;. For band-pass @ values of 10
ar more, the geometric centre frequency can be approximated by the arith-
metic centre frequency, given by

— j;'f +frﬁ
fo 5

where the symbols have the same meaning as in equation 3.2. Equations
3.2-3.4 can also be cxpressed in terms of angular frequency if required, by
substituting w for fin each equation.

Ifthe 3 dB bandwith of a parallel tuned circuit is known, the attcnuation 4
at any other bandwith can be determined from the equation:

2
A= 101ogm[1+ (g“’mﬂ) :|dB (3.5)

idB

(3.4)
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where BW g is the dB allenuation bandwith,
BW,4p is the bandwith at which the attenuation is desired,

The similarity between equation 3.5 and equation 2.4, the Butterworth
low-pass filter attenuation equation with n= |, can be seen. The single tuned
circuit amplitude response is identical to a first-order Butterworth filter
response. Away from resonance, the response tends towards — 6 dB/octave
below the resonant frequency, and +6 dB/octave above the resonant fre-
quency. The cause of the - & dB/octave roll-off rate below resonance is the
high-pass action of the inductor; the low-pass action of the capacitor causes
the +&dB/octave roll-off above resonance. Away from resonance, the
response of the total nerwork can therefore be cofidered to be the sum of the
ndividual low-pass and high-pass responses of the components. Although
the filter contains two components, a capacitor and an inductor, it isstill enly
a first-order band-pass filter since, at any frequency away from resonance,
onty one component affects the response significantly.

Equation 3.5 can be rearranged 1o enable the bandwith to be calculated at
which a certain attenuation is achieved. This can be determined frem:

BWyqg=BWign /10417 — | (3.6)

where the symbols huve the same meaning as in equation 3.5,

Where a simple band-pass response is required, for example at the front
end of an amateur bands receiver, this parallel tuned circuit filter can be an
ideal sclution. The amateur bands all have a comparatively high ratio of
centre frequency to bandwidth and so highly peaked band-pass filters are
ideal. The UK 3.5MHz amateur band, for exampie, has 4 bandwidih of
300 kHz and thc geomcetric centre froquency is 3.647 MHz (very nearly cqual
- o the arithmelic centre frequency of 3.65 MHz) giving a required band-pass
¢ of 12.16 s0 long as 3dB of atienuation can be tolerated at the band edges.
This is by no means an extreme cxample; the 18 MHz amatceur band ideally
requires a band-pass () of approximately 180. To help achieve this optimum
band-pass ¢, the bund-pass filter is often driven by transformer-coupled
windings or taps on the inductor to raise the impedance level of the relatively
low-impedance antennas used to a value which gives a high band-pass @.
Cascaded sets of LC band-pass filters are also used to increase the sharpness
of the response, A set of filters suitable for the amateur bands below 30 MHz
using pre-wound inductors is described in Chapter 6.

The low-pass to band-pass transformation

In the same way that a low-pass to high-pass transformation is available,
a transformation can be applied to a low-pass filier to give a band-pass
response. The transformation is shown in Fig, 3,14, where the low-pass pro-
totype components have the subscript L and the transformed band-pass
components have the subscript P. Euch low-pass capacilor is resonated with
a parallel inductor and each low-pass inductor is resonanted with a series
capacitor at the geometric centre frequency of the desired band-pass
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Figure 3.14 Low-pass to band-
pass branch transfarmations

Figure 3,13 Low-pass to band-
pass transformation of non-
elliptic-type filters showing,

a) minimwm inductor low-pass
profolype

b) minimum capacitor low-pass
prototype

Low-prass branch Band-pass configuration Componenl values
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response. Composite branches are transformed by treating each component
separatcly.

The effect of applying the low-pass to band-pass transformation to typi-
cal third-order filters of Butterworth, Chebyshev or Bessel types is shown in
Fig. 3.15. Since the transformation involves resonating each prototype capa-
citor with a parallel inductor and each prototype inductor with a series capa-
citor, there is nc advaniage in choosing a minimum inductor or minimum
capacitor low-pass prototype, since each results in the same number of band-
pass capacitors and inductors. The transformation results in a symmetrical
amplitude response for the final filter and Fig. 3.16 shows such a symmetrical
Butterworth band-pass response. .

The choice of low-pass filter which will produce the required band-pass
response when transformed is made by converting the band-pass
requirement inte an equivalent low-puss specification and designing the low-
pass prototype to meet this specification. Table 3.1 shows the methed of
specifying a band-pass filter, with the equivalent low-pass specification. The
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s

Figure 3.16 The idealized
Butterworth band-pass filter
response. The response shown here
is symmetrical abaut W,

implying that:
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Table 3.1 Comparison af a spmmetrical band-pass specificarion with the equivaient
fow-pass specification

STMHETRICAL EGQUIVALENT
BANDPASS LOWPASS
SPECIFICATION SPECIFICATION
FILTER APPROXIMATION Butterwarth, Jdentical o
Chebyshev ete bandpass speclflcation
CENTRE FREQUENCY w0 rads/sec or Ho equivalent
i0 Az
PASSBEND RIFPLE Ap Ap
| BUTTERWORTH, B¥W 3dB ¥e
PASSEAND | BESSEL
. o e s e e e e e e —————————
BANDVIDTH | CHEBYSHEV, BV ApdB wp
| ELLIPTIC
STOPBAND BANDWIDTH BW AsdB ws
STOPBAND ATTENUATION As Az
SQURCE AND TEEMINATION Z chn Z ohm
IKPEDANCES

filter approximation, passband ripple, stopband attenuation, and source and
termination impedances are identical for the band-pass and low-pass specifi-
cations. Since the low-pass respanse begins at 0 rad/s, the low-pass equiva-
lent of, say, the band-pass 3dB (or 4,) bandwith is from 0 to w, (or @) rad/s,
or simply @, (or wp) rad/s.

Unlike the low-pass to high-pass transformation which was carried out
while the low-pass prototype was in its normalized form, the low-pass to
band-pass transformation is most conveniently performed after the proto-
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7

type has been scaled. The formula used to determine the value of 4 band-pass
induetor, L,, to resonate with a low-pass capacitor al fo Hz i3

1
= e (3.0
" axmxfAx Oy '
where f, is the geometric centre frequency,
€ is the low-pass capacitor value.

Similarly, the value of a band-pass capacitor (,, can be calculated by
%

_ 1
P

= {3.8)
AxmixfExLy

where f}, is the geomelric centre frequency,
Ly is the low-pass inductor value,

The design procedure for symmetrical band-pass filters therefore consists
of five steps:

L. conversion of the band-pass requirement into a geometrically symmetri-
cal band-pass rcquirement;

2. conversion of the symmetrical band-pass requirement into an cquivalent
low-pass specification;

3. selection of a normalized low-pass prototype filter using the low-pass
design informatien given in Chapter 2 which meets the equivalent tow-
pass specification;

4. denormalization, or scaling, of the low-pass prototype filter to the cut-off
frequency of the equivalent low-pass specification and the required impe-
dance level;

5. transformation of the scaled low-pass filter to a band-pass filter by reso-
nating the low-pass componcnts at the band-pass geometric centre
frequency. *

Although this procedure may at first seem complicated, an gxample will
serve to illustrate its basic simplicity. A symmetrical band-pass filter is
required for the front end of a receiver. The lower and upper cut-off frequen-
cies are 1.5 MHz and 4 MHz, with a maximum passband ripple of 1 dB. The

40dRB bandwith of the filter must be not more than S MHz. The filter must

operate between 5002 impedances and the stopband response must be
monotonic,

Since | dB of passband ripple is allowed and a monotonic stopband
response is required, a Chebyshey filter will be used. The geometric mean of
the cut-off frequencies fo=./1.5x 40 MHz=2.449 MHz. This is the geo-
metric centre frequency. The equivalent low-pass filter must have a ripple
cut-off frequency {(when scaled) equal to the passband bandwith of the band-
pass filter, which is (4-1.5) MHz = 2.5 MHz. The ratio of the stopband to
passband bandwidth is 5MHz/(4—1.5)MHz=2, which is equivalent to
;= 2 rad/s for the normalized low-pass prototype.
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Figure 3.17 The design procedure
for a transformed band-pass filter
showing.!

al CO5 43, the low-pass
Chebyshev prototype

h) This fifier scaled 1o 2.5 M Hz,
3602

¢} The final band-puss design

with @ geometric centre frequency
of 2448 MHz

The equivalent low-pass specification is therefore

Type: A Chebyshev
passband ripple: 1dB maximum
normalized ripple cui-off frequency: i rad/s
normalized scurce/termination impedance; 10
nermalized start of stopband frequency: 2 rad/s
stopband altenuation: 4 dB

. scaled ripple cut-off [requency: 2.5MHz
sculed source/termination impedance: 0

Reference to the Chebyshev nomograph of Fig. 2.14 gives a required order
very close to 5 and Table 2.8 contains the component values for the required
low-pass prototype, C05 45. Figure 3.17 (a) shows the minimum inductor
implementation of C05 45 and below it is shown the 2.5 MHz, 500 scaled
version. Capacitors have been multiplied by

! —1273 % 10~ °

2xAx2.5x10%% 50

Inductors have been multiplied by .

50 —3.183% 10" 9
2xwx2.5x 100

Figure 3.17(c) shows the final band-pass filter, which now has the band-
pass inductors and capacitors added to resgnate with the low-pass compo-
nents at 2.449 MHz. The band-pass components have the designations C, 4,
L,0, and so on, to distinguish them from the low-pass components. Taking
the calculation of L, 5,

1
Ax 77 x (2449 x 10%7 x 2718 x 1077
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Figure 3.18 Simulpted amplitide
response of the symmetrical band-
pass fifter shown in Fig. 3.1.7 {¢)

o

Auernuaiion (dB)
L ¥ & 2 ¥ 5 o
! ] T | |

el
o
3

| | 1 ] R B

S0 k 1M 15M IM R | dM IMOMTM I0m
2449 M

lrequency (Hzy—

=4

Simulation results of this band-pass filter are presented in Fig. 3.18. The
1dB cut-off frequencies of 1.5 Mhz and 4 MHz have been met exactly and so
has the passband ripple value of 1dB, although this cannot be seen from the
limited resolution of the diagram. The 40dB attenuation frequencies are
106 MHz and 5.62MHz, giving a 40dB attenuation bandwidth of
4.56 MHz, narrower than reguired due to the rounding of the low-pass
prototype order.

Asymmetrical band-pass filter design

So far, only symmetrical band-pass filters have been considered and two
methods for their design described, namely parallel tuned circuits and the
low-pass to band-pass transformation. A band-pass filter response might
be specified as being asymmetrical having, for example, diffcrent roll-off
requirements in the lower and upper stopbands or, in a more extreme exam-
ple, requiring perhaps a Butterworth response in the lower stopband and an
elliptic response in the upper stopband.

If a high-pass filter and a low-pass filter could be cascaded, and the filters
were to maintain their individual responses when cascaded, then the overall
response would be the sum of the filter responses. If buffering can be included
between the cascaded filters they will be independent of each other and the
total response will be predictable. Considerable savings will be made, how-
ever, if no buffering is required.

Computer simulations and practical experiments have shown that this aim
can be achieved, excellent results being obtained with na intermediare buffer-
ing. In this arrangement, the high-pass filter relies on the low-pass filter to
provide s termination impedance and the low-pass filter relies on the high-
pass filter for its source impedance. So long as the cut-off frequencies of the
two filters are sufficiently separated, say by one octave minimum, and if the
filters are both designed for the same impedance level, each will present a
sufficiently good maich to the other for the overall response to be very nearly
the sum of the individual responses, There is no requirsment for the filters to
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Figure 3.19 The ideal band-siap
Jilter amplitude response

Figure 3.20 A method of
specifving o band-stop filtering
umplitude requirement. The
shading represents areas ihfo
which the response curve cannot
enier

be of the same approximation. This technique is usually considered only for
comparatively wideband band-pass filters, but for many applications the
consequences of designing much narrower cascaded bund-pass filters are
immaterial. Interaction between cascaded filters can be minimized by isolat-
ing the filters with constant-impedance attenuator networks,!-? the design of
which is described in Chapter 6. Computer simulation of proposed designs
allows their responses to be investigated, and judged suitable or not before
any components are bought.

This technique is a very powerful method of designing comparatively
wideband band-pass filters and a set of RF filters designed in this way,
suitable for a generalcoverage receiver, is described in Chapter 6.

The band-stop filter response

Figure 3.19 shows the ideal band-stop amplitude response. The response has
a stopband positioned between lower and upper cut-off frequencies, which

i %/

Crespuency =+
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Figure 3.21 A simple hand~sir)p
firer formed from a pavaffel
combination of a capacitor and an
inductor. This configuration is
afien referred to uy o parailel
FESORGEI Trap

mark the transitions between the lower passband and the stopband, and the
stopband und the upper passband. A mere reasonable specification for a
band-stop filter 1s shown in Fig. 3.20. Lower and upper cut-off frequencies,
.y and . as well as lower and upper stopband frequencies, o, and y,,
are specified, with reasonable transition bands defined. The lower cut-off
frequency is now below the lower stopband frequency, and the upper cut-oif
freguency is above the upper stopband freguency, which contrasts with the
band-pass filter response.

A simple band-stop filter
One simple band-stop filter is a series-connected parallel tuned circunit
formed by a capacitor and an inductor, as shown in Fig. 3.21. The network is
driven by a voltage source via a resistor and terminated by another resistor.
At the resonant frequency of C and L, the tuned circuit represents an infinite
impedance between the input and output and so a point of infinite attenu-
ation should exist; this will only be true if ideal components are assumed for
the capacitor and the inductor, Any losses in the filter compongnts, which arg
inevitable in practice, will result in a finite value for the attenuation at
resonance.

En the same way that a band-pass () was calculated earlier for a band-pass
filter, a band-stop ¢ can also be defined by

- _J 3.9
Obs B (3.9
where (h, is the band-stop ¢},
fois the centre frequency,
BW;gp 13 the 3dB attentuation bandwith.

A pair of equations are available to enable the attenuation at a given
bandwidth, or the bandwidth for a given attenuation, to be calculated if the
3dB bandwidih is known. These equalions are

2
Azlomgm[n(fﬂ’ﬂ) }dB (2.10)
B xdB
and
—  BWia
BW,m=— 2028 3.1
S04 —1

where BWygp 15 the 3dB altenuation bandwidth,
BW, sg is the bandwidth at which the attenuation is desired.

Vs(";—__r c }RL
o ”J” 9
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Figurc 3.22 High-pass to band-
stop Branch transformationy

The high-pass to band-stop transformation

A transformation can be applied to a high-pass filter to produce a band-stop
response. The transformation is shown in Fig, 3.22 where the high-pass com-
ponents have the subscript H and the transformed band-stop compoenents
have the subscript 8. Each high-pass capacilor is resonated with a parallel
inductor and each high-pass inductor is resonated with a series capacitor at
the geometric centre frequency of the desired band-stop response. Compo-
site branches are transformed by transforming each component separately.
Since the transformation involves resonating cach high-pass capacitor witha
parallel inductor, and each inductor with a series capacitor, there is no
advantage in choosing a minimum inductor or minimum capacitor high-
puss prototype, since each results in the sume number of band-stop capaci-
tors and inductors.

As in the low-pass to band-pass casc, the result of the transformation is a
symmetrical response for the final filter. Equations 3.2 and 3.3, relating the
lower and upper cut-off frequencies and the lower and upper stopband fre-
quencies to the geometric centre frequency, are also valid for the band-stop
response. Again, the high-pass to band-stop transformation must be carried
out after the high-pass filter has been scaled.

Clearly, a high-pass filter must be chosen which, when transformed, will
give the required band-stop response, Since our technigue for the design of
high-pass filters relies on the transformation of low-pass prototypes, the
band-stop requirement has to be traced back to a low-pass specification.
Tahle 3.2 shows the method of specifying a band-stop filter, with the equiva-
lent low-pass specification alongside.

The design procedure for symmetrical band-stop filters therefore consists
of six steps

1. conversion of the band-stop requirement into a geometrically symmetri-
cal band-stop requirement;
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Table 3.2 Comparison of a symmetrical bandstop specification with the equivalent
low-pass specification

SYMMETRICAL EQUIVALENT
BANQSTOP LOWPASS
SPECTFICATION SPECIFICATION

Buttervorth, Identical to
Chebyshev ete bandstcp specification

w0l rads/sec or

f0 Hz
""" PASSBAND RTPPLE ap . mp T
77 BureemvosTh, BW 38 ve
CUT-OFF | BESSEL
BANDYIDTH i_u-:ﬁﬁl;‘;éﬁﬁ: ___________ ﬁﬁ_;&;}aﬁ -------------------- :q-: -----------
i ELLIPTIG
" stoPBaND BANDWIDTH B AsdB ve
 STOPBAND ATTENUATION as T A
"SOURCE AND TERMINATION z ohw 2 ohm

IMFEDANCES

2. conversion of the symmetrical band-stop requirement into an equivalent
low-pass specification;

3. selection of a normalized low-pass prototype filter using the low-pass
design information given in Chapter 2 which meets the equivalent low-
pass specification;

4. transicrmation of the normalized low-pass prototype filter into a normal-
1zed high-pass [iiter;

5. denormalization, or scaling, of the high-pass filter to the cut-off frequency
of the equivalent low-pass requirement and the required impedance level;

6. transformation of the scaled high-pass filter to a band-stop filter by
resonating the low-pass components at the band-stop geometric centre

frequency.

An cxample will serve to illustrate the procedure. A Butterworth band-
stop flter is required with 3 dB cut-off frequencies of 8§ MHz and 12MHz and
it must achieve 50 dB attenuation at a bandwidth of 500 kHz. The filter must
work between impedances of 300/0.

The geometric centre frequency fo = 8 x 12MHz=9.798 mHz. The equi-
valent low-pass filter must have a 3dB cut-off frequency (when scaled) equal
to the 3 dB bandwidth of the band-stop filter, which is 4 MHz. The ratio of
the 3 dB bandwidth to the stopband bandwidth is 4 MHz;/ 500 kHz, which is
equtvalent to ;=8 rad/s for the normalized low-pass prototype. The equi-
valent low-pass specification is therefore

Type: Butterworth

normalized 3 dB cut-off frequency: 1 rad/s
nermalized source/termination impedance: 10
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Figure 3.23 The design pracedure
Jor a transiormed band-stop filter
showing:

a)} BO3. the normalized low-pass
prototype

b} The tramsformed normalized
high-pass filter

¢} The high-pass filter scafed to
£ MHz, 20042 '

d} The finel 9.795 MH:z cenire
Jfrequency. 300 £) band-stop design

Figure 3.29 Simulated amplitude
response of the symmetrical band-
stop filter shown in Fig. 3.23 (d)

normalized start of stopband frequency: 8 rad/s
stopband attenuation: 50dB
scaled cut-off frequercy: 4 MHz
scaled source/termination impedance: 300 02

Equation 2.5 gives a required order of 2.76R for the low-pass prototype,
which is rounded to 3. The component values for BO3 are extracted from
Table 2.1 and Fig. 3.23(a) shows its circuit diagram with these normalized
component values. Figure 3.23 (b) shows the filter converted into the normal-
ized high-pass filter, and Fig. 3.23 (c) shows the component values scaled to
4 MHz, 300£. Finally, Fig. 3.23 (d) shows the required band-stop filter with
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the extra components added 10 resonate the high-pass components at
9.798 MHz,

Figure 3.24 shows the simulated response of the filter, The 4 MHz band-
width specification has been met exactly, and the 50dB attenuation band-
width is 509 kHz, slightly wider than specified because of the rounding of the
low-pass pretotype filter order.

Asymetrical band-stop filters

Earlier in this chapter the techngiue of cascading low-pass and high-pass
filtcrs to produce asymctrical band-pass filters was described. In a similar
manner, asymmetrical band-stop filters can be produced by connecting low-

~ pass and high-pass filters in parallel and connecting the input and cutput

terminals of each filter together.,

For the technique to be valid, each filter must have a high input and output
impedance in the passband of the other filter. This restriction makes this
methed of design difficult and undesirable, and the transformation methed 1s
preferable. In practice, a requirement for an asymmetricaf band-stop filter is
unlikely to arise and so this restriction will not be a great limitation in the
overall filler design technique.

Summary and conclusions

- The simplest high-pass filler was seen to be a single, series-connected capaci-

tor and, in its commonest use as a DC blocking component, its filtering
properties in association with the surrounding circuit impedances must be
laken into account if undesired effects are to be avoided. The response of this
simple high-pass filter was the mirror image of the simple low-pass filter,
indicating a strong relationship between the two responses.

A high-pass filter can be obtained from a normalized low-pass protoiype
by transforming the original capacitors into inductors, the inductors into
capacitors, and taking the reciprocal of the oniginal values of the compo-

. nents. The resulting normalized high-pass filter is then scaled in exactly the

same way as a low-pass filter to work at the intended cut-off frequency and
impedance level. Because the transformation results in prototype capacitors
becoming inductors and vice versa, it is important to select the optimum
low-pass prototype dual if a particular configuration of high-pass filter, for

- example the minimumlinductor implementation, is required.

A shunt-connected parallel tuned circuit was quoted as an example of a
simple band-pass filter. The sharpness of the peak obtained was seen to
depend on the value of source and termination resistors, increasing as the
resistors were raised in value. A method of quantifying this sharpness by
defining the band-pass Q of the response is also relevant to all band-pass

© filters, not just the simple example shown.

Two methods of designing more complex band-pass filters were described:

1. transformation of a low-pass filter hy resonating each low-pass capacitor
with a parallel inductor and each low-pass inductor with a series capacitor
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at the geometric centre frequency, resulting in a symmetrical band-pass
response;

2. cascading a low-pass and a high-pass filter having the same impedances
and fairly widely separated cut-off frequencies, allowing the imple-
mentation of asymmetrical responses if required.

A series-connected parallel tuned circuit was shown as an example of a
simple band-stop filter. Al the resonant frequency of the tuned circuit, and
assuming perfect, loss-free components, the circuit has infinite attenuation.
Any imperfections in the components used reduces this attenuation to some
finite level. As was found with the simple band-pass filter, the sharpness of
the rejection notch in the simple band-stop response is dependent on the
source and terminating resistor values.

Again two methods are available for the design of band-stop filters:

1. rransformation of a high-pass filter, which itself has to be produced by a
low-pass to high-pass transformation, to a band-stop filter by resonating
each high-pass capacitor with a parallel inductor and each high-pass
inducter with a series capacitor at the geometrie centre frequency, result-
ing in a symmetrical band-stop response;

2. connecting a low-pass und a high-pass filter in parallel, commoning
together the inputs and cutputs, though this is not as likely to result in
success as the cascading method for band-pass design.
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4 Active low-pass filters

As the name implies, active filters incorporate elements which can give gain,
such as transisors, or more commonly nowadays, operational amplifiers.
Because active filters are used extensively in electronics, no book covering
filters would be complete without a treatment of the subject. Many of the
concepts described in the previous chapters are relevant to active filters:
normalization, scaling, filter approximations and transformations are all
valid and the knowledge gained from studying passive filters is an useful base
on which to build familiarity with their active counterparts.

The main impetus behind the development of active filters was the elimi-
nation of inductors, allowing filter implementations which use only resistors,
capacitors and the active elements themselves. Inductors are now considered
o be bulky, expensive and difficult to manufacture and of potentially low 2,
giving degraded performance. Although the elimination of inductors frem
filters is a significant advance, active filters should not be seen as the answer
to all filtering requirements; op-amps produce noise, consume power, have a
limited dynamic range and a comparatively low upper-frequency limit.
Modern op-amps are designed to reduce these limitations as much as pos-
sible and low-pass filters with cut-off frequencies up te several hundred kHz
arc possiblc using reasonably priced op-amps, There are few applications
where active filters with such high cui-off frequencies are required and they
are usually seen working at audio frequencies. In many applications, passive
filters using inductors can still give the most cost-effective and compact solu-
tion, even at audio frequencies, and of course at radio frequencies they are
essential.

With passive filters, the number of possible circuit implementations of a
given response is fairly small: in the case of low-pass filters only two imple-
mentations, the duals, were identified for each approximation in Chapter 2.
With active filters, however, many implementations have been devised over
the vears, each intended to optimize operation for a particular application. In
any treatment of active filters, only a very few of these possibilities can be
shown, and this book is no exception. The reader is bound Lo come across
circuits which claim to be active filters (and most probably are) but which
cannot readily be identified as such. Here again is a case for having a circuit
simulator available to allow verification of the circuit and investigation into
the effects of modifying it, if desired. '

Many books describe active filters in terms of the roots in the complex
planc of the cquations which define the filter response. IF the reader has not

66
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Figure 4.1 The op-amp voliage
follawer

had the benefit of an advanced mathematical education, this can destroy any
hope of understanding and using these filters. In this chapter the approach
will be to describe responses in terms of damping and frequency variables
which control responses, in ways which are easier to understand than the
complex-roots approach. Only towards the end of the chapter will complex
roots he mentioned again, when a method of converting these roots, of which
there are many published catalogues, into the damping and frequency
format will be explained.

Reference 115 one fairly cheap book which might be found useful reading
un active filters, whereas reference 2 is rather more expensive, but contains a
great deal more information,

Operational amplifier circuits

Before active filter configurations using op-amps are considered, it is useful
to look at some basic op-amp circuits. The derivations of the equations
which define, for example, the gain of these circuits are not included here and
reference should be made to one of many hooks available on the sub-
jeet®*%# Five simple configurations are described in this section.

o The voltage follower is a unity-gain, high input-impedance, low output-
impedance non-inverting amplifier.

e The non-inverting voltage amplificr is a high input-impedance, low
output-impedance amplifier having a gain of 1 or morc.

e The inverting amplifier is a moderate input-impedance, low output

" impedance amplifier providing any reasonable value of gain.

¢ The summing bleck is an amplifier having several inputs, a moderate
input impedance, a low output impedance and setiable gains for each
input.

« The integrator is an inverting, frequency-dependent amplifier.

Figurc 4.1 shows the op-amp voltage fellower, The input signal is fed into
the non-inverting input and the high gain of the op-amp forces the differences
between the two inputs to be effectively zero. Since the inverting input is
connected to the cutput, the output follows the input signal. Note that R, is
not part of the op-amp circuit: it represents the source impedance of the input
voltage source, V. Resistance R; does not necessarily have to be included:
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Figure 4.2 The nan-inverting
amplifier with gain

R+ RL
GAIN =+

the vulput can be connected directly to the inverting inpuz, but its inctusion

_ means that the output offset can be minimized by making its value identical

to the impedance to earth seen by the non-inverting input. The advantage of
this configuration is that it presents a very small load to the input signal and is
capable of driving a relatively low-impedance load. It is the op-amp equiva-
tent of the emitter follower, but without the disadvantage of the less than
unity voltage gain. Note that although this circuit gives no voltage gain, its
power gain is considerable, because the output impedance is much lower
than the input impedance.

Figure 4.2 shows the non-inverting amplifier with gain. An extra resistor
Ra, has been added to the previous conliguration, between the inverting
input and carth. This forms a potential divider chain in association with R,
which results in only a propartion of the output being fed back to the invert-
Ing input. Since the op-amp is always trying to force the difference between
its inputs to zero, the output must go to a higher voltage than in the circuit of
Fig. 4.1 forits potted-down version to be equal to the input signal, Hence, the
stage has voltage gain. The voltage gain of the stage is given by:

R+ R,

gain= +
Ry

(4.1)

This equation tell us two things of interest: first, since R, and R, are always
positive, the gain is also positive, meaninyg that the circuit is non-inverting,
and secondly, the gain is always greater than 1 since the sum of R; and R,
must be greater than R; alonc. As in the voltage follower circuit, the gain is
independent of the source impedance, #;, of the input signal.

If a more versatile circuit which can give attennation as well as gain is
required, the inverting amplificr shown in Fig.4.3 can be used. Here the
voltage gain is given by:

gain= — Xz (4.2)
1

The gain is alwuys negative, implying that the circuit is inverting, and its
magnitude can be fractional, unity or greater than 1.

AL its inverting input the op-amp presents an extremely low impedance 1o
earth to AC signals, hence the description of this input as a ‘virtual earth’,
The input impedance seen by the input signal, F, is therefore the value of &, .
Therefore, the absolute value of R, is chosen to present the desired impe-
dance to the input signal (not necessarily simply as high as possible, since R,
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Figure 4.3 The inverting
amplifier

Figure 4.4 The rwe input
inverting amplifier
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can be chosen to correctly terminate a4 passive filier oulput and the ratio of R,
to R, chosen to give the correct voltage again. A variable gain circuit can be
obtained by replacing R, or R; by a variable resistor. If it is imporiant to
keep the input impedance constant, then R, should be the component which
1s made vanable. To minimize output-offset errors, R; should be chosen to be
approximately equal to the parallel combination of R, and R;, though a
compromise value must be used if a variable-gain circuit is being used.

It is sometimes useful to be able to add input signals and the previous
circuit can be adapted into the summing block shown in Fig. 4.4. Two input
voltage sources areg shown, though more can be added, cach fed through a
separate input resistor. The gain for each input is given by:

. R
ain A= — 2 (4.3)
54 Rn
. R
gainB=—- =2 (4.4)
Rg

The gains for each inpul are therefore independent and can be set to
different values, so long as a compromise value for R, can be found. Inputs
are inverted and the input impedance for each source is the value of its input
resistor.

A more generalized summing block configuration is shown in Fig. 4.5,
There can be several voltage sources driving both the inverting and the non-
inverting inputs via resistors: Fig. 4.5 shows just two on the inverting input
and one on the non-inverting input.



70  FILTER HANDBOOK

Figure 4.3 The general purpose
surmming block

Figure 4.6 The operational
amplifier integrator circuit
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The gain for input signals ¥, and V' are given in equations 4.3 and 4.4,
and for Ve, the gain is given by

pain C— + |:RE.RA+R3.RB+ RA.RB]_[ Rs ] @4.5)

RA..RB RC+R3

The gain for the non-inverting input is therefore not independent of the
gains for the inverting inputs, and always has a value equal to or greater than
1. Although this circuit may at first secm strange, and the expression for the
non-inverting input gain complicated, it will be seen later that this is a useful
building block for some types of active filters.

All the circuits described so far are, in theory at least, independent of the
frequency of the input waveforms. If the feedback resistor of the circuit in
Fig.4.3 is replaced by a capacitor, the configuration shown in Fig 4.6 is
obtained, This is the op-amp integrator, so called because the capacitor
causes the circuit to generate an output which represents the ‘area under the
curve’ of the imput waveform. Squarc-wave inputs are converted to
triangular-wave outputs but, of more interest to us here, sine-wave inputs
suffcr a phase shift at the output and a gain which is frequency-dependent

—Jr!

Tnpay R}

b0 {0l puil
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Figure 4.7 Ampiitude response af
the op amp infegrator cireuit of
Fig.4.6 R, has been st equal 1o
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because of the variation with frequency of the reactance of the feedback
capacitor. If, for example, the input resistor R, is 1 K and the feedback
capacitor C, 15 0.1592 yF, the phase shift at | kHz (that is, 1/2zR,.C, Hz), 18
90° (r/2 rad) and the gain is 1. The amplitude response of this circuit for two
vahues of C, is shown in Fig. 4.7. Singe the circuit contains one capacitor, we
should expect 4 first-order response and this is apparent from Fig. 4.7, show-
ing a roll-off of 6 dB/octave or 20 dB/decade. The effect of varying C,. is to
shift the response up or down the attenuation axis, while the roll-olf rate is
constant. The circuit by itself has no obvious cut-off frequency, but it wilt be
seen later to be useful in some types of second-order filter sections.

The first-order active low-pass section

One first-order section was shown in Fig. 4.6 and is an inverting configura-
tion. There are several disadvantages with this configuration which restrict
its use: firstly, the gain at DC is theoretically infinite, because the feedback
network has infinite reactance at zero frequency, and secondly, the gan
begins to roll-off at 6 dBjoctave immediately above DC. A better first-order
section is shown in Fig. 4.8 (a), consisting simply of an RC network, R, and
C,, buffered by a non-inverting amplifier stage. The filtering action is due
entirely to R, and C, (as was shown early in Chapter 2) and the op-amp
serves two purposes: it presents a high impedance to the RC network, and it
provides a low impedance drive to any subsequent stage. The circuit of
Fig.4.8 (a) is of course simply the op-amp voltage follower, with a resistor
and capuciior added to give the first-order roll-off. As such, it has a gain at
DC of 1. If a voltage gain of greater than 1 is required, the circuit of Fig. 4.8
(b) can be used. This is the non-inverting amplifier with gain, again with a
capacitor added to turn it into a filter.

Component values shown in Fig. 4.8 are normalized to 1rad/s cut-off
(3dB attennation) frequency and 1€ input impedance. If the gain of the
circuitin Fig. 4.8 (b)at DCis K: and R, has the value of 1 &, &; must be made
equal 10 K—1. If, for example, a DC pain of 4 (12dB) is required, the
nermalized value of R; must be 4 — 1 =32, Figure 4.9 shows these two first-
order circuits scaled to | kHz cut-off frequency and 1k £2 input impedance.
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Figure 4.8 Simpie normalized
Jirst order low-pass active filter
sections:

a) Hasa DC gain vafue of !

B) Hasa DC gam of Rt R,
_ 3

Figure 4.8 First order fow-pass
sections scaled to 1 kHe, 1LY
a) Hasa DC gain of 1{0JdB)
h) Hasa DC gain of 2( +6d48)

b0 Cruipuil

inpul

L17 DCGAIN =+ |

ey

) ——g Cluipul

Ch
’J;n-‘ DCGAIN =+

)

Ri+R2
R

Asin the passive filter case, equation 2.14 is used to scale the capacitor value,
giving a new value for C, of

B 1
L 2k ax 1000 x 10°

c =0.1592uF

In the circuit of Fig. 4.9 {b), the equal values of R; and R; give a D gain of
2. At the cut-off frequency, the gain wilt be 3 dB down on its DC value giving
a gain of 0.707 x 2=1.414 (3dR} at 1kHz. Since the filter exhibits a first-
order response, the gain will roll-off at 6 dB/octave beyond about twice the
cut-off frequency. Figure 4.10 shows the amplitude response of the circuits of
Fig.49.
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Figure 4.10 Amplinale response
of the first order low-pass gerive
sectiony of Figs. 4.97a) and (b,
The upper curve is @ veplica of the
lower curve but shifted up by 6 dB.

Figure 4,11 The ep-amp
integrator with a resivtor added 1o
the feedback network ro give
better control of the frequerncy
response
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Another first-order low-pass section, which is a variation on the basic
integrator described earlier, is shown in Fig. 4.1 1. Here the leedback network
is not simply a capacitor, but consists of a paraliel combination of a capacitor
and a resistor. At low frequencies, the capacitor has a high value of reactance
and the resistor largely determines the gain of the circuit. As frequency
increases, the reactance of the capacitor becomes smaller and so begins to
cffect, and eventually to dominate, the expression for the gain of the stage.
The circuit ts useful because it allows the cut-off frequency of the stage to be
controlled, which was not possible with the simple integrator, and it also
allows first-order sections with attenuation to be implemented, which is not
possible with the circuits of Fig. 4.8.

At DC, the gain of the stage is given by equation 4.2, and the 3 dB attenu-
ation (with respect to the DC gain) frequency is achieved when the reactance
of the capacitor equals the feedback resistor value. The angular cut-off fre-
{ueney, o, i1s therefore given by

e = rad/s {4.6)
R,.C,
or i more familiar terms
1 )
fe=——Hz 4.7
° 2R..C,
"CI
11
K2
Lot |4
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Figure 4,12 The urity gain
second order, Satlen and Key iow-
INISE Qolive section.

a) normalized to 1 radisec, 142
b) scaledre 1hiiz Th2

The Sallen and Key second-order active low-pass section

Figure 4.12 shows a normalized second-order low-pass filter scction, devised
by Sallen and Key, by which name it is often known. Since the circuit is based
on the non-inverting voltage follower circuit of Fig. 4.1, we would expect it to
have a voltage gain of + 1 at DC where the capacitors are effectively cpen
circuits. Two frequency-depefident elements have been added, both capaci-
tors, one directly on the non-inverting input of the op-amp and the other
feeding back a proportion of the output waveform Lo the junction of the two
input resislors.

As was seen in Chapter 2, a second-order filter section (such as the simple
L€ network shown in Fig. 2.5) can exhibit a variety of responses depending
on the circuit {2 designed into the section. [n active circuits, the damping
factor 4 which is the inverse of @, is often used, and is equally significant in
the performance of the filter. In Fig. 4.12 (a), 4 can be seen included in the
expression for the values of the two capacitors. Before investigating the effect
of various values of d, we will scale the component vatues to 1 kHz, 1k o
work with more familiar values. The resistors are simply multiplied by 10°
and the capacilors are multiphed by

1
2 x 7 % 1000 x 19°

Figure 4.12 {b) shows the resulting component values. Remember that the
value of the feedback resistor does not effect the gain of the stage, which is
fixed at + 1 at DC. Table 4.1 shows the values of C, and C; calculated for 5
values of 4, and Fig. 4.13 illustrates how the ampiitude response of the scaled
filter changes with different values of d. Successivelylower valucs of . orhigher
values of O, give a greater peak ta the response and a faster initial roll-off
rate.
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Figure 4.13 Amplitude response
of the unity gain, second order
fow-pass qotive section for various
valves of d. The circuit has been
scaded o f o Hz T2

Table 4.1 Palues of d and corresponding vaiues of C| and O, for the Sallen and Key
circuit of Figure d.12

0.766 0.41537uF 60.97nF
0.88¢ 0.33%4uF 70.530F
1.045 0.304%uF B3.18nF
1.414 0,22532uF 112.6nF

1.732 0.1B40uF 137.7nF

When d=1.414, the resulting response is the maximally flat Butterworth
response, having an attenuation of 3dB at 1 kHz, When d=1.045, 0.886 and
0.766, second-order Chebyshev responses are obtained, having passband
ripple values of 1dB, 2dB and 3dB respectively, Note however, that the
frequency to which the filters were scaled, 1 kHz, does not correspond to the
frequency where the Chebyshev responses pass through the passband ripple
value, The [requency at which the peak occurs (if there is one) and the
frequency at which the attenuation is 0 dB again vary with 4. Finally, when
d=1.732, the Bessel responsc is obtained, having a rather poor initial roll-off
but a linear phase response. The ultimate roll-off rate for all 4 values is the
same, at 12 dB/octave, which is standard for all second-order networks.

For responses with peaks, the normalized angular frequency, wpea at
which the peak occurs is given by

[ &

mpeak = f} 1 __.;'

(4.8)

where d is the damping factor,

-4
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Figure 4.14 The equal componeni
value, second order, Salien and
Key low-puss active section:

a} normalized to 1 radisec, 112
b)) scaled o ThHz 1k 82

The voltage gain of this
configuration i 3—d

It can be scen that a value of wyeai only exists for values of ® <2, that is
d<1.414, and this represents the boundary value between the Butterworth
and Chebyshev approximations. The amplitude of the peak, Ape,y is given by

d/4— &
Apea = 201080 [%} dB 4.9

where dis the damping factor.

It would bc useful 1o be able 1o move the response cbtaincd from a
second-order section up and down the frequencyfxis without affecting the
value of ¢ This would allow the frequency at which the response passes
through the 0dB leve! to be made equal to 1rad/s, so that what we have
previously understood as the ent-off frequency for a normalized response
can be set. This can be achieved by pre-scaling the capacitor values in the
section by a factor a,. Lowering the values of the capacitors will increase the
frequency at which the response reaches a particular attenualion, whereas
increasing the vahues will lower this frequency. Therefore, the original capa-
citor values must be divided by wg, to give the pre-scaled values. The value of
a pre-scaled capacitor is therefore given by

Cpre=Cx .10)
g
where Cpr is the pre-scaled capacitor value,
C is the original capacitor value,
o, is the frequency scaling factor.

There are many variations on the basic Sallen and Key circuit, each opti-
mized for a particular application having differenlt gain, being inverting or
non-inverting, and having certain component values equal. One particularly

“useful configuration is where the two capacitors are equal in value. This is

shown in Fig. 4.14, in both its normalized form and also scaled (o 1 kHz,
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1 k€2, The gain of this circwit is set at 3 — 7 and cannot be altered, which means
that adjustment may have to be made elsewhere in the system to compensate
for this gain if it is critical.

Butterworth low-pass active filter design

So far, we have considered first and second-order sections and seen that
first-order sections can have the cut-off frequency set to any desired value,
whereas second-order sections ¢an have the damping factor 4 and w,, varicd.
With passive filters, design methods were presented which enable the order of
the filter to range up to any value. The method adopted here for the design of
active filters is to cascade first and second-order sections until the desired
complexity is reached. This method of cascading can be extended to build up-
filters of any order. What we need is a1 method of selecring the cur-oft fre-
quency for the first-order section (f the order of the filter is odd), and & and
@y for each of the second-order sections, so that the correct overall response
is obtained.

In the same way that catalogues of normalized component values are
available for passive filters, values of 4 and g can be lubulated for active
filters. Table 4.2 15 a catalogue for the Butterworth approximation forn=2to
10. For all odd-order filters. the values of d and @, are constant for the
first-order section, being equal to 2 and 1 respectively. For the second-order
sections, only the value of  varies, as eog is equal to | for all orders. This table
completely describes these filters for all applications, since there is no added
complexity of unequal terminations as there was in the passive case.

The design procedure will be explained by an example: un active Butter-
worth low-puss filter is required with a cut-off frequency of 4 kHz and it must
achieve an attenuation of 30 dB with respect to its DC gain value by 8 kHz.
The gain at DC must be 20dB.

The first part of the design procedure is exactly the same as for a passive
filter. Normalizing the cut-off frequency to 1 rad/s, we obtain the valuc of
we=2rad/s for 4,=30dB. Applying equation 2.5, we obtain a required
order of 4.98, which can also he seen from Fig.2.9. A fifth-crder filter is
therefore required. Table 4.2 gives the values ol ¢ [or the two second-order
sections required, which will be preceded by a first-order section. giving the
total order of 5 required. The DC gain requirement of 20dB will be imple-
menied in the first-order section, using the circuit of Fig. 4.8 (b} which aliows
the use of umity-gain Sallen and Key second-order sections as shown in
Fig. 4.12 (a).

Generally speaking, it is best 1o cascade the sections with the most highly
damped (lowest-{J) section first, putting the remaming sections in order of
decreasing &, For this example, therefore, the first-order section s first (d = 2,
foliowed by the = 1.618 second-order section and finally the d=0618
second-order section,:as shown in Fig. 4.15. The upper diagram is the filter
with normatized component values. Remembering that the gain of the first-
order section is given by (R, + R,)/R,, with R, with R, =9Qand R, =1{} a
gain of 10 {20 dB) is obtained to mcet the requirement.
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Table 4.2 Burrerworth d and g values

—————— " e o T — . —— — 7 &
e ——— — . T % o o ————

o e e —————— e ———————
e e r ——————— —————— T f ———

e o L ————————— T f——

A o ——— e b o —————————— — —— .

0.
1.4142 1.0000
1

L R ———— iy s S T T T T T
e e e e i — —— i i b —————

0.3473 1.0000
1.0000 1.0000
1.5321 1.0000
1.8794 1.0000
2.0000 1.0000
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exampie

@} has the normalized contponent
vaiues

bj has the dkifz, 10k 2
component vilies

The DC gain of both these circuits
is 10 (29dB)
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Before Lhe filter can be scaled to its final cut-otf frequency, the impedance
level must be chosen to allow the resistor values to be sct. With active filters,
there is no rcquirement for the impedance level to be constant throughout a
particular filter: each section can have a different impedance level if it helps to
give more reasonable component values, but within a section only one impe-
dance level can be used. In this example, we will set the impedance level to
10k £ and calculate the capacitor values accordingly. To scale the capacilors
o 4kHz, 10k ©, each capacitor must be multiphed by

1
2 x 7 x 4000 % 10*

The 4kHz, 10k value for €, therefore becomes 3.979nF (since iis
normalized value is 1 F), and for C;

=3979x 10" ?

C,= —2 %3978 x 10 ¥=4.918 oF
1618 -

Arauatics {dB)
o
[

Figure 4.16 Amplitude response
of the 5th order Butterworth fow- 10 R W W B T B [ B
puss active filter shawst in 00 0 300 A0 500 TH0 1k 2% 3k 4k5k Tk Ik
Fig. 4 157a) Fraquency {11s) —-
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The final scaled filter is shown in Fig. 4.15 (b}, and the simulated amplitude
response for this filter is shown in Fig. 4.16. The low-frequency gain of 20dB
15 met exactly (since the verticul uxis represents attenuation a gain is shown
with a negative value) and the gain at 4 kHz is 3 dB less than at DC, meeting
the classical Butterworth cut-off frequency definition. At 8 kHz the response
is very close to being 30dB down on the DC value. This would be expected
because the theoretical order of Lhe [ilter (4.98) was very close to the integer
value implemented. The filter therefore meets the specification closely.

Chebyshev low-pass active filter design

When designing Butterworth active low-pass filters, it was necessary only to
determine the value of & for each section, since o, was the same for all the
sections, at | rad/s. With Chebyshev filters, however, g must be defined for
gach section, so that the peaks in the individual amplitude responses of the
second-order sections occur at the correct frequencies to produce the desired
overall response. As with passive filters, we would expect a single table of
and e values to be inadequate to design a range of active Chebyshev filters,
different values of pass-band ripple requiring a different set of ¢ and w,
values for each section.

Tables 4.3+4.9 give the valuces of  and @ for Chebyshey filters of orders
from 2 to 10 for the same values of pass-band ripple as were presented for
passive filters. The method of obtaining the values of d and «, from a filter
specification is shown in Chapter 7, along with a BAsIC program which will
perform the calculations for any value of pass-band ripple. Alternatively,
reference 7 shows the Chebyshev pole locations for several values of pass-
band ripple, and the method of converting these into & and w, values i3
shown later in this chapter.

Let us say that a third-crder, 1 dB pass-band ripple Chebyshev low-pass
filter with a ripple cut-off frequency of 2.5 kHz is required, How is the data
contained in the tables tumed into the final filter design?

Table 4.9 contains the values of 4 and ¢z, for the 1 dB ripple filters. Making
use of a first-order section cascaded with a unity-gain Sallen and Key second-
order section, the normalized circuit shown in Fig. 4.17 (a) is obtained, The
values of d and e, have been included inta the expressions for the capacitor
vilues. The normalized value for €, is given by

c.=l=_1 _>misF
4 04942
Similarly, for C;
2 2

C2 = =4 0472 F

Cdxw,  0.4956 09971

Figure 4.17 (b) shows the components scaled ta 2.5 kHz, 10k £). The resis-
tors have been multiplied by 10* and the capacitors have been multiplied by

1
2 xmx 2500 = 10*

=6.366x107°
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Figure 4.17 Circwit diagram of
the 3rd order Chebyshev low-pasy
active filler used uy an example:
al) has the normalized componen:
values

b) has the 2.5 kHz,

& 2 component vafues

Figure 4.18 Amplitude response
aof the Ird ardgr [ dB pass-band
ripple Chebyshev lon-pass active
Sfilter shown in Fig. 4.17

Alsa shown are the responses of
the 151 und 2nd order sections
which form the filter

Firtorder ! o = 2, w, w 04942 Second onder - d = 0.AYS6, wy = 09971
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Figure 4,18 shows the amplitude response up to 2.5 kHz for this filtcr: 1 dB
of passband ripple can be seen and the cut-off frequency is 2.5 kHz, as spe-
cified. Also shown are the individual responses of the first and second-order
sections which make up the filier. These show how the highly peaked (small
value of d) second-order section, which has 4 peuk gain of more than 6dB, is
compensated for by the low-Q first-order section, whaose 3dB cut-off fre-
quency is about 1.24 kHz. Since the attcnuation values on the vertical axisare
in dB. 1t is simply a matter of summing together the individual responses of
the sections at any particular frequency to give the total response.

Thisillustrates why it is preferable to put the first-order section first in this
example, and why in general the sections should be placed in order of
descending d. As the d of a section becomes lower, the peak gain hecomes
greater and so, for a given level of input signal, the output of that section has
to handle a larger signal, at least for part of the frequency range. There is
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Table 4.3 0.01 dB passband ripple Chebyshev d and w,, vaiues

— o ————————— —————— — ——— — T —— o -

e e e e o o . S g R b T e A T . . e e .
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Table 4.4 0.025 dB passhand ripple Chebyshev d and w, values

e et g R e o ko o o o o S o o B

FILTER ORDER d wi

o —— ———— L T— {——— —— — T ]—— ——— ——

T ———————— — A Al Sk bk b " o o o . e o e B B

€05 07 05 0.3671 1.1821

2.0000 0.7021

SR T e T s . 255 ol o o " o o T o T S

—— i — —— —— o T T ——

————— . . o T T . . T T T 1 T . 12 RA] ] £ 7L

e e e e e e o  — — —— —— ————— ——— o Y b

——— —————— — — {1 1k 4 e —— = = —n
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Table 4.5 (.05 dB passhand ripple Chebysher d and w, values

A W A ek e e At T T —————— — T — o T - - i ——

—_——————e—e— e e e e ——————— ———

CO5 10 05 0.3371 1.1348
1.1733 0,8536
2.0000 0.61%0
€06 10 06 0.2406 1.0909
0.8242 0.8701
1.7207 0.5693
co7? 16 07  0.1797 1.0656
3.6011 0.8924
1.2687 0.6110
2.0000 0.4302
Co8 10 08  D.13%0 1.049%6
0.4537 0.9117
0.9284 0.6697
1.73%80 0.4217
co% 10 0% 0.1106 1.0389
0.3568 0.9270
0.7010 0.7229
1.3066 G.4758
2.0000 0.3308
Cl0 10 10 0500 0313
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lable 4.6 U.f I8 passband ripple Chebyshey d and w, vafues

e L A B Rk S g e ey e e L e e M kTl 4 —

Co3 15 03 0.7458 1.2999
2.0000 0.9694
C04 15 04  0.4581 1.1533
1.6160 0.7893
co5 15 05 0.3047 1.0931
1.0935 0.7974
2.0000 0.5389
co6 15 06  0.2158 1.0627
0.7510 0.8345
1.6682 0.5132
C07 15 07 0.1604 1.0452
0.5414 0.8679
1.1815 0.5746
2.0000 0.3763
cog 15 08 0.1237 1.0342
0.4077 0.8338
0.8453 0.6451
1.6858 0.3816
C09 15 09  0.0982 1.0267
0.3180 0.9134
0.6309 0.7054
1.2166 0.4487
2.0000 0.2905
C10 15 10 0.0799 1.0215
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Table 4.7 0.25 4B passband ripple Chebyshev d and w,, values

—— — o —— Y Ak o i kol . o e ke A R . o o o .

1.5215 0.6744

. —— o — P Hall e o ki o e o e o o s e e R A . .

——— — —— —— T W % bl e e Al il T S . e .

T . TR o sl o . s o e ol AL G S . S o .

C08 24 08 0.1029 1.0168
0.3411 0.8737
0.7229 0.6169
1.5863 0.3316

. i . kA o T ———— . " b Pl TV
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Table 4.8 0.5 dB passhand ripple Chebyshev d and w, valurs

FILTER ORDER d w0

—— . — i 42 o o T o s e e A 4 i el gy S

C05 32 05 0.2200 1.0177
0.8490 0.6905
2.0000 0.3623
CC6 32 06 0.1535 1.0114
0.5524 0.7681
1.4628 0.3962
CO7 32 07 0.1131 1.008C
0.3883 0.8227
0.9161 0.5039
2.0000 0.2562
co8 32 08 0.0867 1.0059
0.2B85 0.8610
0.0209 0.5989
1.4780 0,2967
c09 32 09 0.0686 1.0046
0.2233 0.8885
0.4519 0.6727
0.9430 0.3954
2.06000 0.1984

o T . T . LA ALt . S . o . e e . . .
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Table 4.9 [ dB pussund ripple Chebyshev d and w, values

o o s ————— G . S T o o e T T o e

FILTER ORDER d w0

[ — e ———— PP LR

C02 45 02  1.0455 1.0500

——— — . P o o . Y o

———————— T — A . it R

e e e e AR A ———————— e e e T —— L ———

CO5 45 D5 0.1800 0.9941
0.7149 0.6552
2.0000 0.2895
CO6 45 06  0.1249 0.9954
0.4550 0.7468
1.3143 0.3531
CO7? 45 07 0.0918 0.9963
0.3169 0.8084%
0.7710 0.4801
2.0000 0.2054
CO8 45 08 0.0702 0.9971
0.2344 0.8506
0.511t 0.5838
1.3279 Q.2631
CO9 45 09 0.0555 0.9976
0.1809 9.8806
0.3686 0.6622
0.7936 0.3773
2,0000 0.1593
Cl10 45 10 0.0449 0.9980
0.1442 0.9025
0.280% ©.7215
0.5363 0.4761
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therefore a risk of forcing the outpus towards the supply rails, clipping the
output waveform. By putting the first-order section first, the input signal is
attenuated before reaching the second-order section, especially at the fre-
quency where this section has maximum gain, and so there 1s much less
chance of the output clipping.

Bessel low-pass active filter design

As was seen in Fig. 4.13, the basic second-order section can be used to imple-
meni the Bessel appreximation by setting the value of dto 1,732, Bessel filters
of greater complexities can be built up section by section, exactly as for the
Butterworth and Chebyshev approximations. Table 4.10 gives the values of &
and e, for the first and second-order sections which comprise the filters for
orders from 2 to Y. These filters have their normalized cut-off frequencies
defined as the 3dB attenuation point, as in Chapter 2.

The attenuation curves of Fig. 2.24 can be used to estimate the order of an
active Besse! filter required to satisfy a parlicular specification, exactly as in
the passive case, remembering that the Bessel approximation is best when a
lingar phase response is needed. Let us say that a fourth-order Bessel low-
pass filter is required, and the 3 dB cut-off frequency and impedance level
must ba set 1o 300 Hz and 10k Q respectively,

Tzble 4.10 gives the following values for the two second-order sections

Section 1 Section 2
d=1.914a0 d=1.2414
we=1.4192 3 =1.5912

The normalized value for C, is therefore given by

o) = 2 =0.7355F

T 1.9160 x 1.4192

The values of the remaining capacitors can be found in the same way and
expressions for their normalized values are shown in Fig. 4,19(a). Figure 4,19
(b) shows the components scaled to 500 Hz, 10 k. The resistors have been
multiplied by 10* and the capacitors have been multiplied by

]
2 1w x 500 104

=3.1831 <10 ®

Figure 4.20 shows the amplitude response of the scaled filter. The 3dB
attenuation point is accurately placed at 500 Hz and the filter achieves an
attenuation point of 14 dB at twice, 35dB at four times, and 58 dB at eight
times the cut-off frequency. Thisis the expected rell-off rate of a fourth-order
Bessel filter, being worse than the same order Butterworth filter from the
amplitude-response point of view.
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Table 4.10 Bessel d and w, values

-  rrdf Pk AR A A R M ————— T e i i o — ——
————————— T i i —— LA —— —— —

Ais i —————————— o = P T ——— 1 T —— —— S ——

R —————— PR U

GO> 05 1.0911 1.7607
1.7745 1.5611
2.0000 1.5069
G06 06 0,9772 1.9071
1.6361 1.6913
1.9596 1.6060
GO7 07 0.8879 2.0507
1.5132 1.8235
1.8784 1.7174
2,0000 1.6833
GO8 08 0.8158 2.1953
1.4068 1.9591
1.787¢ 1.8376
1.9763 1.7838
GO9S 09 0.7564 2.3235
1.3148 2.0815
1.6966 1.9488
1.9242 1.879%
2.0000 1.8573
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Fipurc 4.19 Circuit diagrams for
the 4th order Bessef fow-pass
active filter:

w} has the normalized component
vedues

&) has the 500 Hz, 10k 2
component valhies

Figure 4.20 Amiplitude response
of the 4th order Bessel low-pass
artive filter shown in Fig. 4.19 7h;

Sevond order  d = LO150, w, = 1a]93 II Second onder  d = L2114, wy = L5312
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Variable cut-off frequency low-pass filters

With the 1wo types of Sallen and Key second-order sections shown, the
cut-off frequency can be varied by altering the capacitor values for a given
impedance level. The converse is also true; if the capacitor values are kept
constant and the resistor values are varied, the cut-off frequency will vary.
The impedance level will also vary, but most of the time with active filters this
1s unimportant. This feature of active filters gives them a major advantage
over passive filters, where designing circuits with continuously variable
cut-off frequencies, especially at audio frequencies, is very difficult.

Figure 4.21 shows the Lthird-order, 1 dB passband-ripple, Chebyshev low-
pass filter from Fig. 4.17 (b) with its 10k {2 resistors replaced by ganged
22k Q variable resistors. The responscs obtained from the circuit as these
resistors are varied are shown in Fig. 4.22. Values of 20k Q, 10k Qand 5k Q2
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Figure 4.2]1 The 3rd order
Chebuyshev fow-pass filter from
Fig 4.17, with the cut-off
frequency defermining resistors
replacedd by ganged 22 & £
variable resisiors

Figurg 4.22 Amplitude responses
of the 3rd order T dB pass-hand
ripple Chebyshev low-pass filter
Jur three vakees for the variable
resistors
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give cut-off frequencies of 1.25kHz, 2.5kHz and 5 kHz respectively. The
overall shape of the response remains the same, an attenuation of about
23 dB being achieved at twice the cut-off frequency. In the pass band, the
magnitude of the ripples is constant, and they are stretched or compressed on
the frequency scale as the cut-off frequency is changed.

From the practical point of view, it would be best to include some fixed
resistance, of say | k{2, in series with each variable resistor so that the total
resistance for each combination is never zero. Three-gang potentiometers (or
more, if a variable cut-off frequency filter of even higher order is required}are
not easy to obtain, and some snitable mechanical arrangement of pairing
stereo controls may be needed. Alternatively, a multi-pole switch could he
used to provide, say, three different cut-off frequencies suitable for CW, SSB
and broadeast station reception in a general-coverage receiver, A 4-pole,
3-way switch would allow control of up to a fourth-order filter. Another
possibility is an electronic means of varying the resistors, such as by using
maiched FETs with their resistance controlled by the gate voltage.

State-variable active filter sections

So far, the two unplementations shown for second-order sections have used
Sallen and Key single op-amp circuits, One obvious drawback with these
circuits is that the gain is not independently variable: the circuit of Fig. 4.12
has a gain fixed at 1. and the circuit of Fig. 4.14 has its gain fixedat 3—4d. [n
s0meE cases, 11 may not be possibie 10 adjust the gam elsewhere in the system,
and so active filter sections where the gain, cut-off frequency and damping
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Figure 4.23 The normalized,
LTIy gain, second-order, state-
variable wctive section.

Note that this section hays high-
pass and band-pass vuiputs, as
well as a low-pass ouiput

Figure 4 24 The writy gain,
secend-order, yfate-virinble aerive
section scefed vo T EHZ T K42
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factor are all independently variable would be useful. Another, not so
ohvious, drawback of the Sallen and Key circuits is that small variations in
the compenent values produce larger variations in the response than with
some other implementations. This cffect is known as sensitivity and 1s impor-
tant where filters with highly accurate responses are required.

One circuit which overcomes some of these problems is the state-variable,
or biquad, configuration. Figure 4.23 shows the unity-gain version of this
configuration. At first sight, the fact that it uses three op-amps rather than
the single one of Sallen und Key circuits may make it scem unattractive.
However, 14-pin dual-in-line packages which contain 4 op-amps are now
cheap, and so this circuit docs not necessarily have to occupy a great deal
more hoard space, or be any more expensive, than the single op-amp imple-
mentations.

The state-variable configuration uses the general-purpose summing ¢ircuit
and the simple integrator building blocks which were described early in this
chupler. The frequency-determining components arc R4 and R, and ; and
C,, which should be kept equal at all times. Resistances Ry, R; und R, should
also be kept cqual. The value of Ry determines the damping factor obrained
from the circuit. As well us being less sensitive to component variations than

k3
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1 k22 L1592 pl? Disniulf
"1 14 " & ” ]
I ki 11491} | kit
inpure—{_}—
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Figure 4.25 The normalized,
varighle gain, second-order, state-
variable active section

e
Lowepass
outpuc

BCGATN =+ K

the Sullen and Key circuits, this configuration produces a high-pass and a
band-pass output, as well as the desired low-pass output. These outputs will
be explained in the next chapter, where responses other than low-pass will be
considered. Figurc 4.24 shows this unity-gain section scaled to | kHz and
1 k Q. Tt only remains Lo set Rg for the vatue of d required.

The addition of another op-amp allows a variable-gain, state-variabie
section to be implemented, as shown in Fig.4.25: since we will usually be
using packages containing four op-amps, this circuit is just 1s easy to build as
the unity-gain section, With the four op-amps circuit we have finally achieved
the aim of separate control of DC gain, cut-off frequency and damping factor:
R, determines the BC gain, and its normalized value is 1/k€Q; the cut-off
frequency is determined by R,, Rs, €, and C; as before; and Ry
sets the damping factor. Resistors R, and R, are chosen to equalize DC
offsets into the inverting and non-inverting inputs of the op-amps, which
explains their rather strange values. They can be omitted if offsets are not a
problem.

Switched-capacitor and switched-resistor filters

The cut-off frequency of an active low-pass filter can be made variable by
substituting potentiometers for the responsc determining resistors, as shown
in Fig. 4.21. To implement even this comparatively simple third-order filter,
some ingennity is needed to obtain or devise a three-gang potentiometer,
and, of course, the problem becomes worse as higher-order filters are
required. Tn this section, two solutions to this problem are presented, one
which has been adopted by professional integrated circuit designers, and the
other more suitable for use in non-integrated designs.
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Figure 4. 268 4 hasic switched
capacitor circiir

172 | Clock wavelor

m conirolling 51

[

Inpul © O Dutpat

¥l vi

Figure 4.6 showed the basic op-amp integrator and Fig. 4.23 showed the
normalized state-variable circuit, which uses two identical integrator sections
to determine the frequency respense of the total filter, The cut-off frequency
of the low-pass output from the state-variablc section depends critically on
the relationship between the frequency-response-determining resistors and
capacitors (R,, Ry, C; in Fig.4.23 in the integrators, If an integrated-
circuit implementation of the state-variable stage were attempted, a major
problem faced by the designer would be that accurate values for the compo-
nents could not be guaranteed. On an IC, it is considerably easier to accur-
ately match the ratio of two different-value components of the same type.
Therefore, the circuit in its present form is not suitable for use on an IC. This
problem has led to the development of the switched-capacitor filter, whose
principle of operation will now be explained.

Figure 4.26 shows a capacitor, C,, whose Lop terminal ¢an be switched
between the input veltage, ¥, and the output voltage, ¥, by a changeover
switch, 5,. During time T, C, charges to ¥/, and during the second half of
the clock cycle, T,, the switch changes over, causing C; to discharge to
vollage Vs, The total charge, . transferred from input to cutput in one clock
cycle (7, + T2) is given by

Q=C, (V,— V) (4.11)
This process continues with a repetition time of 7, t x T, causing an aver-
age current, J, from input to cutput of

=2 G-V (4.12)
(T,+7,) (T,+T,)

By using Ohms’ law, where

R= /I
R=Yo VitVy)_ (T, + Ty 413
1 1 C,

The interval T, + T, represents the period of the clock conrolling the
changecver switch, and so equation 4.13 cun be re-wrilten as

R=_—1__ (4.14)

Cy % fow
where £ is the frequency of the clock.
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Yigure 4.27 A switched capacitor
integrator cirewit

Figure 4,28 The non-inverting
fnregraior used in the Naiional
Semticondhuctors MF-series devices
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Equation 4.14 tells us that C, behaves as a resistor between the input and
output terminals, and has a value inversely proportional to the clock fre-
quency. Figure 4.27 shows the switched capacitor incorporated into the
op-amp integrator circuit. The response of the integrater now depends on the
ratio of two capacitor values, C, and C;, one of which is behaving as a
resistor, rather than on the absolute values of a resistor and a capacitor as
hefore. Tt is relatively easy to fabricate two capacitors which have an accur-
ately matched ratio and so we now have an integrator which is suitable for
use in integrated circuits. It 1s only necessary to vary the frequency of the
clock controlling the switches to vary the response of the integrator, and
therefore the cut-off frequency of any filter into which it is incorporated. The
frequency of the switching clock must be chosen to be well above the cut-eff
frequency of the filter, so as not {o produce undesirable effects within the
passhand of the filter,

Several IC manufacturers market devices which use this technique, One
notable range of switched-capacitor filters in the MF series of devices from
National Semiconductor ¥, The MF5 and MF10 are so-called universal-
filter building blocks, enabling filiers of several different types and approxi-
mations to be devised, The MF4 and MF6 are more specialized devices,
implementing fourth and sixth-order low-pass Butterworth responses. The
MF3S and MF10 devices make use of the non-inverting integrator circuit
shown in Fig. 4.28, where double-gang switches reverse the polarity of the
switched capacitor between the charging and discharging cyles,

Although the switched-capacitor filter is very useful for use on integrated
circuits, its use in filters constructed from discrete components is fairly
limited. What is needed is a method of accuraiely controlling several
resistance values, preferably by electronic means. One method is to place an
electronic switch in serics with a resistor, and to vary the proportion of time
the switch is opened, thereby varying the effective value of the resistor.
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Figure 4.2%9 Cantrolling the
charging rate aof a capacitor using
an electronic switch

Figure 4.30 The charging
waveform across C| for three
switch control waveforms.

Figure 4.11 The 3rd order
Chebyshev low-pass filter adapted
fov switched resistor controf

Rl

7 L}

Swiching wavelomn

i N W

Ting—

Figure 4.29 shows this arrangement, where the charging of capacitor C| is
contrelled by a switch in series with a resistor, R,. The voltage waveform
seen across the capacitor for these different values of the on time of the switch
is shown in Fig. 4.30. If the switch is left permanently closed, the capacitor
charges at the normal time-constant rate; if the closed state of the switch is
only permitted for a proportion of the time ¢onstant, the charging of the
capacitor ts restricted to the periods when the switch is closed, and so the time
constant is effectively lengthened, as if the resistor had a higher value. The
discrete steps in the charging waveform can be smoothed out by increasing
the frequency of the swiich control clock.

This technique as applicd to the third-order Chebyshev low-pass filter orig-
inally shown in Fig. 4.17 (b), is shown in Fig. 4.31. CMOS analogue switches
such as CD4016 er CD4066 devices are used as the swilching elements, and
the cut-off frequency of the filter is controlled by altering the mark /space
ratio of the switching waveform. As in the switched capacitor case, the fre-
quency of the switching clock should he well above the cut-off frequency of
the filter, and a simple low-pass filter at the cutput of the controlled filter will

Clevka

Chutput
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Figure 432 A method of
describing a fifter respanse by the
position of the roots of the filter's
transfer function.

i) Shows the pusition of the roots
of a third-order filter

B) Shows how the position of the
roots can be converred 1o the o
and m, firmat

eliminate the clock waveform fram the output spectrum. Practical applica-
tions of this technigue can be found in rcferences 10 and 11.

The complex frequency plane representation

In this chapter, the responses of first and second-order sections have heen
described by the values of @ and ay,. The advantage of using these parameters
is that the effect of varying them on a response can fairly easily be pictured,
even by relatively inexperienced designers. One disadvantage, however, is
that there is a large amount of data in filter literature which is in a different
format, as the positions in the complex plane of the roots of the transfer
functions which describe filter responses. The aim of this section, therefore, is
to show how this complex plane information can be converted into the 4and
o format, so that it can be used to design filters as described in this chapter.

Figure 4.32 (a) shows how a third-order filter response can be plotted as
three points in the complex plane. The horizontal axis represents the real
part, and the vertical axis represents the imaginary part of the co-ordinates of
the points. In the examples shown, the three points have the co-ordinates
—1+j0, —0.5+j0.866 and — 0.5 —j0.866. One root is purely real, having no
imaginary part, and the two complex roots are conjugates of each other,
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meaning that their real parts are equal and their imaginary parts are of equal %

~magnitude, but of opposite s:gn mﬁ"wmplex moﬂ um Do written #s

mﬁ,,mg ﬂm.e SO DT FOCLE RV Y *‘:A first-order
filter has on¥y ot root, whick' wfﬂrbc purely real a second-order filter has
two complex conjugate roots; a third-order filter has one real and two com-
plex conjugate roots; and so on.

Figurc 4.32 (b) shows a generalized pair of complex conjugate roots, with
co-ordinates ( —u, - ) and (—x, + f8). It is these values of # and 8 which are
given in many catalogues of filter designs, The vaiue of @y for this pair of
roofs is sirnpiy the distance from the origin for the roots, and is given by:

W=/ 2T R (4.15)
The damping factor 4 is given by
d=__ 2% .16)
v a7+ B2

For the real root shown in Fig. 4.32 (a)
wo= /(= 1P+ (0)=1

and
d= #ﬂ

For the complex pair of roots
wo=/(—0.5)% +( £ 0.866)> =1

and
—2(—-0.5)_ 1
1

If these values for 4 and wmy are compared with those in Table 4.2, they can
be seen te correspond to the third-order Butterworth filter. In general, of
course, the values of ¢ and ¢, do nei work cut to be such nice whole num-
bers, The equations shown above can be used for all filter types, including the
Butterworth, Chebyshev and Bessel approximations considered in this
chapter, In Chapter 7, a BASIC program is given which performs this conver-
sion,

d=

Summary and conclusions

Active filters should not bk seen as a completely new subject, bul as an
extension of the principles already learned for passive filters. Many of the
concepts explained in previous chapters, such as normalization, scaling and
filter approximalions are still valid and useful, The commonest active ele-
ments used in active filters are op-amps and a brief introduction to the most
commmonly usad circuit configurations was given. No detailed derivations
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for the equations which govern the gain of thc circuits were shown, bui the
equations themselves were presented, so that the circuits can be adapted lor
use in different situations.

Three first-order filter circuits were shown, all of which have the classical
first-order roll-off rate of 6 dB/joctave or 20dB/decade: a unity-gain confi-
guration which is produced by adding a capacitor to the non-inverting input
of the op-amp in the voltage-follower circuit; a configuration with a DC gain
of greater than I, obtained by adding another resistor to the unity-gain
¢ireuit; and a modified op-amp integrator, which allows DC gains of less
than | to bc obtained.

The addition of ancther capacitor and resistor to a first-order circuit
results in a second-order response being obtained. Two second-order circuits
were described, both Sallen and Key configurations:

1. a unity-gain circuit, where the frequency determining resistors are equal in
value;

2. an equal-capacitor value circuit, where the gain is related to the damping
[actor,

As was found with LC second-order netwerks, the responses of these circuits
ceuld be controlled by setting the damping factor 4, and shifting the response
up and down the frequency axis. By varving the damping factor, second-
order Butterworth, Chebyshev und Bessel responses could be obtained.

The design method for Butterworth, Chebyshev and Bessellow-pass filters
for orders from 2 to 10 was described. This involves the use of catatogues of
values of 4 and o,, building filters out of cascaded first and second-order
sections.

Since the cut-off frequency of active filters can be varicd by changing
resistor values only, low-pass filters with variable cut-off frequencies, but
with the passband rippie and roll-off rate constant, can be designed. This isa
major advantage that active filters have over passive filters: by using ganged
potentiometers, a continously variable cut-off frequency can be obtained.
Alicrnatively, multi-pole switches can allow discrete steps in the cut-ofl
frequency by selecting difTerent resistor values,

Important recent developments in the field of active filters are the-
switched-capacitor and switched-resistor methods of controlling the cut-off
frequency of a filter. These techniques obviate the need for multi-ganged
potentiometers and allow filters 10 be automatically locked to a varying
frequency to provide, for example, elimination of a varying frequency i a
communication channel,

Although the Sallen and Key circuils are useful, general-purpose imple-
mentations, independent control of the cut-off frequency, the gain and the
damping factor of these filters can be obtained by use of state-vanable confi-
gurations. Despitc the fact that these configurations use three or four
op-amps, cempared with only one for the Sallen and Key circuits, this does
not necessarily imply a great increase in the number of components or the
cost of a filter. The state-vanable configurations are also less sensitive 10
small variations in their components values than their Sallen and Key
equivalents.
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Finally, a brief introduction into the complex-plane representation of a

filter response was given. A method of converting this representation into

th

e d and w, format was shown. This enables a great deal of pubiished data

which is in the complex plane format to be used with the circuits shown in this
chapter.
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5 Active high-pass, band-pass
and band-stop filters

We can now design an equally extensive range of active and passive low-pass
filters, although the upper frequency limit for the active filters is more
limited. Tt is natural, then, to extend the design techniques for active low-pass
filters to cover other responses, such as high-pass, band-pass and band-stop.
Transformation is again a useful technique in obtaining these responses,
particularly the high-pass response, but can be difficult to apply to band-pass
and band-stop filters. There are sections available which are designed spec-
ifically to give a band-pass response, and these can alsc be used in the design
of band-stop filters. State-variable sections, which were first discussed in
Chapter 4, have several outputs, each producing a specific response; these
allow the implementation of different responses by simply selecting the cor-
rect putput. In the case of band-pass filters, cascading of low-pass and high-
pass sectionsis a viable design method, and the chances of success are higher
than for passive filters hecause of the inherent 1solation of active sections
resulting from the use of op-amps, Similarly, band-stop filiers can be pro-
duced from combinations of low-pass and high-pass filters connected in
parallel, although in practice there are few applications for this type of filter.

Tt is generally easier to vary the cut-off frequency of active low-pass filters
than that of the passive Yow-pass type and this is also true for other responses.
This property of active filters enables circuits with switchable or contin-
uously variable cut-off frequencies te be produced and can lead to some very
versatile and useful designs. Several examples of these designs will be
described in this chapter.

The active low-pass to high-pass transformation

Active high-pass filters can be derived directly from normalized low-pass
configurations by means of a transformation, in a stmilar manner to passive
filters. Once more, the transformation s simple: in the normalized low-pass
design, the response-determining resistors are transformed into capacitors,
and capacitors are transformed into resistors. Each transformed component
has the value of the reciprocal of the normalized low-pass prololype compo-
nent. The transfermation is shown in Fig. 5.1, where the low-pass prototype
components have the subscript L, and the transformed high-pass compo-
nents have the subscript /. It is imporiant to realise that only resistors that
are part of the response-determining RC networks are transformed, all other

102
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Figure 5.1 Active fow-pass to

high-pass branck transformations.

Gnly the response determining

conponerils are fransformed; the
op-arnps themselves und gny guin
setting registors remain unaliered

Figure 5.2 Acnve fow-pass fo
high-pass transformation of the
Jirst order sections:

a) are the unity gain sections
&) are the sections with gain

Low-pass branch High-pass branch Componeni values

€L, Ep

or—-{}—-—o o—{ 10 ""u"c_l::

Ly Cn

—fr—}—o o—A}—o C::“'EI‘L

resistors which determine, for example, the gain of the section are unaltered.
Only alter the high-pass components have been calculated in their normal-
ized form are they scaled to suit the final cut-off frequency and impedance
level.

The results of applying the transformation to two typical first-order filter
sections are shown in Fig. 5.2. Transtormation of the unity-gain, first-order
low-pass configuration results in a unity-gain, first-order high-pass section.
Similarly, the first-order low-pass section based on the non-inverting ampli-
fier with gain results in a high-pass first-order section with gain.

Second-order Sallen and Key low-pass section transformations ure shown
in Figs. 3.3 and 5.4, As would be expected, the unity-gain low-pass confi-
guration results in a unity-gain high-pass configuration, Because this ¢onfi-
guration has equal resistor values in the low-pass prototype, an equal
capacitor value high-pass filter results when the transformation is applied.
The transformed capacitors result in non-equal high-pass resistor values.
The equal component value low-pass circuit of Fig. 5.4 gives an equal com-
ponent value high-pass circnit when transformed, which has a gain at infinite
frequency identical to the gain at DC for the low-pass prototype, given by
3—d.

Law-pasy prototvpe High-pass cirouit
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Rl :> Cl
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Lowr-pass pribolvpe High-pass circuit

R
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Figurc 5.3 Active low-pass to %FT w3
high-pass transformation of the
wnity gain Sallen and Key second DEGAIN =+ 1

order section, showing the GAMN AT INFINITE FREQUENCY m + ]
normalized component values

Law-pass prataotype High-pass circuit
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Figure 5.4 Active low-pass 10 o L .
high-pass transformation of the T Lid
equal component values Sallen and p—
Key second order section, showing SO = (1)
the normalized component values GAIN AT INFINITE [REQUENCY = {(3-D
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Figure 5.5 The Sallen and Key
second order active sections scaled
o fkliz, 1k 2

@, 5 the unity gain seciion

&) iy the equal component values
secrion i

Figure 5.5 shows these two Sallen and Key high-pass circuits scaled to
1kHz, 1 k€. In the unity-gain section, 4 can be seen in the expressions for all
the resistors, whereas the equal-component section only has  in the expres-
sion for the feedback resistors. The effect of various values of 4 on the
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Figure 5.6 The Sallen und Key
Second order active sections sculed
o TRHz, Tk

a} is the unity gain section

b} is the equal component values
SECTION

Figurc 5.7 Amplitude respanse of
the 2nd order Saflen and Key
high-pass active sections, scated to
Jhitz 1k

response is identical to the low-pass case, except of course that the high-pass
response 13 the mirror image of the low-pass response. Fig, 5.0 shows these
gircuits with component values caleulated for = 1.045 which should, from
Fig 4.1% and equation 4.9, result in a Chebyshev response with a peak ripple
of | dB; the amplitude responses of these circuits are shown in Fig. 5.7, The
responses are similar, except that the equal component value circuit has a
gain tending towards a value of 3—d=3—1.045=1.955, or 5.8 dB at infinite
frequency. The frequency at which the respense first passeés through this
atienuation value is the reciprecal of that for the low-pass equivalent.
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Figure 5.8 Srages in the design of
the 4th order ! d8 pass band
ripple Chebyshev active high-pass
Jfilter:

a) & the normualized low-pasy
protolype

b) is the ransformed high-pass
[ilter

The sections of Fig. 5.6 can therefore be used to implement the high-pass
response for the Butterworth, Chebyshev and Bessel approximations by set-
ting the appropriatc valuc of 4. Active high-pass filter design for orders
greater than 2 proceeds in the same way as for low-pass filters, building up
the required complexity from cascaded first and second-order sections,

Active high-pass filter design follows ¢xactly the same procedure as for a
passive high-pass filter, as described in Chapter 3. Briefly, this procedure
relies on the conversion of the high-pass requirement into an eguivalent
low-pass requirement; the selection of a low-pass prototype filter which
satisfies this requirement; the transformation of this low-pass proteiype into
a high-pass filter; and finally, scaling of this high-pass filter to meet the
original frequency specification. This procedure will be itustrated with an
example.

An active high-pass filter is required with a cut-off frequency of 100 Hz,
and it must havc an attenuation of at least 30dB at 30 Hz, continuing to
increase as frequency decreases. A ripple of 1 dB is allowed in the passband.
Normalizing the 100 Hz cut-off [requency to 1 rad/s, the frequency at which
the stopband attenuation is specified. vy, 1s 0.5 rad/s, equivalent to 2 rad/s for
the low-pass prototype. Since 1 dB of ripple is allowed and a monotonic
response is required, a Chebyshev filter will be selected. Reference to
Fig. 2.14, the nomograph for Chebyshev filters, gives a theeretical order of
about 3.5, so a fourth-order filter must be used. Figure 5.8 (a} shows this
fourth-order low-pass filter, built up from two second-order sections, with
the normalized component values incorporating values of & and o, taken
from Tuble 4.9. Fig. 5.8. (b) shows this low-pass prototype transformed into
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Figure 5.9 The 4ith order
Chebyshev high-pass filter scaled
o [ Hz, WOk

Figure 5.10 Amplitude response
of the 4th order 1 dB pass-band
ripple Chebyshev high-pass active
Flter
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the normalized high-pass filter. Fig. 5.9. is the final circuit with components
scaled 10 100 Hz, 10 k. Resistors have been multiphied by 10* and capacitors
have been multiplied by

1
2xmx 100 x 104

Note that d and w, are incorporated into the expressions for the capacitors
at the normalized low-pass stage, exactly as they would be if no transforma-
tion werc about to be applicd. Only when the normalized low-pass
requirement has been met are the components transformed.

Figure 5.10 shows the amplitude response of the scaled high-pass filter.
The rippie cut-off frequency of 100 Hz, and the passband ripple value of 1 dB
have been met exactly. The pattern of ripples characteristic of a fourth-order
Chebyshev filter, consisting of four half cycles, can be seen. At 50Hz, an
attenuation of approximately 33dB is achieved, better than the 30dB
requirement because of the rounding of the filter order, and the attenuation
continues to increase at lower frequencies, as specified.

=1.592% 107"

Switchable cut-off frequencies

Active high-pass filters with switchable cut-off frequencies are easy to design
using the transformed Sallen and Key equal component value section. The
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Figure 5.11 Design of a second
grder Buiterworth active high-
pass filter with switchable cut-off
Jrequences of 100, 300 and

ik FI=

a,) Is the normalized Salten and
Kev sectinn

b} is the final desiyn
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normalized version of this sectien is shown in Fig. 5.11 (a}. We will attempt to
adapt this circuit into a second-order Butterworth filter, with its cut-off fre-
quency selecrable between 100, 300, and 700 Hz, With this design, we will set
the capacitor values 10 0.1 x4 F and then calculate the correct impedance level,
Equation 5.1 shows the expression for C; and C,, somewhat simplified from
its general form because ey, is | for a second-arder Butterworth section

C1=C,,= (5.1)

where £ 15 the cut-off frequency,
R 15 the impedance level.

Re-arranging this equation to give R,

1
R= (5.2)
2nf.C,

Substituting C, =0.1 gF, and calculating & for cut-off frequencies of 100,
300 and 700 Hz gives the component values shownin Table 5.1. If R, and R,
are rounded to the nearest preferred value, while still keeping them equal, we
would expect only a slight shift in the cut-off frequency, and the Butterworth
approximation to remain valid. These rounded values for R, and R, are also
shown in Table 5.1, along with the re-calculated cut-off frequencies: the cir-
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Figure 5.12 Amplitude response
of the 2rd order Butierworth high-
pass filter with switchable cut-off
frequencics. The rounded values
Jor Ry and Ry have been used

Table 5.1 Vulues of R, wnd R, fir different cut-off frequenciey for the second order
Buiterworth high-pass filter. The effect of vounding the values of R, and R, ot the
vut-iff frequency can be seen

NOMINAL CUT-OFF EXACT VALUE OF  ROUNDED VALUE OF ACTUAL CUT-OFF

FREQUENKCY (Hz)  R1,R2 (chm) R1,R2 {chm) FREGUENCY (He)
e 15915 1k 106
160 5305 5.6k 284
700 2274 2.2k 723

Attsnuatton {d8)

1 | I | 1 1
10 0 3% 40 S0e0 7o 00 AN 300 400°500 TOD bk L5k

Proyuensy (12—

cuit diagram of the final filter is shown in Fig. 5.11 {b}. Switching between the
three cut-off frequencies is performed by Sy, 4 2-pole 3-way switch. Resistor
R; has been determinad by calculating 2 —d, which for the second-order
Butterworth response is 2 — 1.4142 = 0.5858, The exact values of 8; and R,
arz nat critical so long as their ratio is maintained, and so both have been
scaled to 10 k{2 impedance level,

The simulated amplitude responses of the filter for the three positions of §,
arc shown in Fig. 5.12. The low-pass form of this Sallen and Key section has
a DC gain of 3—4 which translates into the same gain at infinite frequency
for the high-pass version. This can be seen from Fig. 5.12 as a shift up the
attenuation scale of 3—1.4142=1.5858 or 4dB. The cut-off frequencies
achieved for the switch positions correspond to the values calculated for the
rounded resistor values, indicating that the technique is valid. In practice, the
difference between the cut-off frequencies which would have been achieved
with cxact resistor values, and those achieved with rounded values would be
undetectable. The considerable simplification made possible by rounding
these resistors makes the design much more attractive Lo implement.

The state-variable high-pass sectiens
The state-variable section. first met in Chapter 4, has a high-pass, as well as

a low-pass. output. Fig. 5.13 shows 4 slate-variable section scaled to | kHz,
1k Q. The values of R, corresponding to  values of 0.886 and 1.414 are
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Figure 5.13 The wnity gain,
seconid vrder stute variable section
scafed 1o Tk Hz, 1k Q showing
the high-pass and low-pass
DUIpULs

Figure 5.14 High-pass amd fow-
pass outpuis of the wiity gain state
variable section for values of d of
0.886 and ! 414
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shown in Fig, 5,13 and the amplitude responses of the circuit for these two
values are shown in Fig. 5.14, Both the low-pass and high-pass outputs are
shown, and the symmetry between these responses can clearly be seen. When
d=10.886, high-pass and low-pass Chebyshev responses with peak ampli-
tudes of 2dB are obtained, and when ¢=1.414 Butterworth responses are
obtained. One¢ advantage that the state-vaniable section, and the section with
a. fourth op-amp added to allow control over the gain, have over other
high-pass sections is that they allow straightforward switching between a
low-pass and a high-pass response, by simply selecting the carrect output.

Active band-pass filters

When passive band-pass filters were discussed in Chapter 3, it was found that
they could broadly be divided into three categories, depending on the centre
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Figure 5.15 The multiple
feedback bard-pass filter
configuration

a} is the normalized circuit

b} isscaled to 1hHz, 10k 12
Tuble 5.2 shows resistor values for
various valies of Q.

frequency of the filter response relative to the passband bandwidth, the so-
called band-pass ¢. Large values of band-pass @, that is where the passband
is relatively narrow, could be implemented using the tuned-circuit approuach;
medium values of band-pass @ could be accommodated using the low-pass
to band-pass Lransformation; and low-bund-pass ¢ filters could be designed
using cascaded low-pass and high-pass filters, which atso had the advantage
of allowing asymmetrical band-pass responses to be implemented. With
active filters, two approaches will be considered: the first is similar to the
pussive tuned circuit technique, there being active sections available with
relatively narrow peaks to the amplitude response and controliable band-
pass . The second is the cascading approach, which because ol the inherent
isolation of active sections from each other, is ralher more versatile for active
than for passive filters, allowing much narrower bandwidths to be achieved
without fear of interaction.

The multiple-feedback band-pass filter

The circant of Fig. 5.15 (a) is the multiple-feedback band-pass (MFBP) filter
configuration, normahzed 10 1 rad/s and 1 £} The circuit effectively simulates
the behavicur of a tuned circuit. having a peak in its amplitude response and
increasing attenuation on either side of this peak. Because the peak in the
ampilitude response is identical to that obtained from a tuned circuit, it 1%
convenient to refer to the frequency at which it occurs as the resonant fre-
quency of the section. The expressions for R, and R; contain the quantity @,
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which is Lthe band-pass € we are already familiar with, having met 1t In
Chapter 3, but it is worth repeating the expression for band-pass ¢

o B s |
where . is the centre frequency of the response,
BW g is the 3dB aticnuation bandwidth.

At the frequency where the peak occurs, the gain of the circuit is 202, and
the input signal is inverted.

Figure 5.15 (b} shows the circuit scaled to 1 kHz, 100k £}, The values of R,
and R, cannot be calcutated uniil the band-pass  is decided upon and Table
5.2 shows the valucs of Ry and R, for four values of band-pass Q. The
resistor Ry is incorporaied inte the circuit 10 reduce op-amp output offset
eflects, and should be set egual to K, for best results. If high input-
impedance op-amps., such as BIFETs are used, this will not be a problem.
The resistor can be amitted and the non-inverting ifput of the op-amp con-
nected directly to ground.

Also shown in Table 5.2 is the peak gain for different band-pass (? values
and it can be seen that this gain soon gets out of hand, even for fairly moder-
ate values of band-pass . For example, a band-pass ¢ of 10 gives a peak
gain of 200 (or 45 dB), which means that an inpul voltage of 100 mV peak-to-
pcak at thevesonant frequency would result in an cutput of 20 volts peak-to-
peak if the op-amp supply rails would allow such a swing. Another potential
problem is that higher values of band-pass  result in lower values for &, and
higher values tor &;. The tirst elfect lowers the input impedance of the stage,
perhaps leading to loading problems of the preceding stage, and the second
results in the possibility of greater offsets at the op-amp output. '

The amplitude responses obtained for this scaled circuit are shown in
Fig. 5.16, plotted for band-pass @ values of 2, 5, 10 and 20. The increase in
peak gain for increasing band-pass O can clearly be seen. With a band-pass O
of 20, the peak gain is 58 dB at resonance. An increase in band-pass ¢ also

Tablc 5.2 Resistor values and corvesponding circult peak gains for various bund-puss Q
valees for the multiple fecdback filrer .

HORMALISED SCALED TO 10kohm  CIRCUIT GAIN
BANLTASS Q
Rl{chm) R2(chm) R1({kohm) RZ{kohm) TIKES dB
2z 0.25 4 2.5 40 8 18,00
5 0.1 10 1.0 100 Gty 33.98
10 0.05 20 0.5 200 200 46.02



ACTIVE BAND-PASS FILTERS 113

Figure 5.16 Amplitude response
of the MFRBP section for band-
pass @ vabies of 2, 5. 10 and 20.
Note the increase in the peak gain
Jor increasing (. This is a major
drawback of this configuration

Figure 5.17 The dual amplifier
banrd-pass configuration
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gives a greater initial roll-off rate ¢lose to the resonant frequency, but the
ultimale rell-off well away from resonance is 6 dBjoctave, implying a first-
order response similar 10 that obtained in Chapter 3 for the parallel tuned
circuit.

The dual-amplifier band-pass configuration

A rather better band-pass configuration than the single op-amp circuit is the
dual amplifier band-pass (DABP) ¢ircuit, developed by Sedra and Espinoza,
and shown in Fig. 5.17. Despite the use of an extra op-amp, the design proce-
dure for this section is very simple. First of all, 4 value for C, and C, {which
are identical) is chosen, and then the quantity R is calculated by

I

R=_
2nf. x C

(5.4)

where f; is the resonant frequency,
Cig the valuc of C,; and (.

The values of &, R; and R are given by
Ri=0nm xR (5.5)

where O, is the band-pass 0 required from the section.

I Oupui
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Figure 53.18 The DABP circuit
adapredinto a Q= i0, 700 Hz
centre fregueney hand-pass filter

Resistors R, and R, are made equal to each other and can be any reason-
able value. The peak gain of the section at resonance is fixed at only 2, a
considerable reduction on the MEBP or Sallen and Key circuits. Since dual
op-amps are available in 8-pin duai-in-line packages, the DABP circuit does
not have to be any morc ¢xpensive or occupy more board space than the
single op-amp circuits.

Let us say an active band-pass filter if required to peak the audio cutput of
the detector in a CW receiver at 700 Hz. A band-pass Q of 10 and a peak gain
of 2 are required. Because a peak gain of only 2 is required, the DABP section
will be used. Choosing the value of C to be 0.22 uF and applying equations
54-5.6

R= L —. =1033€2
2xax700x0.22x10"¢

R, =10x R=10.33k2

R;=R,=R=1033Q

If we choose R, and Rs 1o be 4.7k}, the values shown in Fig. 5.18 arc
obtained. Figure 5.19 shows the amplitude response of the filier, A band-pass
Q of 10 coupled with a centre frequency of 700 Hz implies a 3 dB bandwidth
of T0Hz, and the response shows lower and upper cut-off frequencies of
about 665 and 735 Hz, which gives the expected bandwidth. An attenuation
of 30dB with respect to the resonant frequency amplitude is achieved at
200Hz and 2.5kHz

With the MFBP section. the ratio of the resistors R, and R, was 4Q?,
which led to low values for R,, the input resistor, and high values for R,, the
feedback resistor. With the DABP circuit, however, the ratio of the largest to
the smallest resistor is only Q, a considerable improvement. Another benefit
of this circuit is that the peak gain is only 2, compared with 20? for the
MFBP section, considerably reducing the possibility of clipping at the
output. This circuit should be considered suitable for applications requiring
band-pass (@ values up to about 150, well worth the addition of an op-amp.

Two features of the DABP section make it attractive for applications
demanding variable band-pass (: firstly, the band-pass {2 can be altered by

. varying only one resistor, R, and secondly, the peak amplitude remains

constant at 2 (or 6dB), no matter what the band-pass Q is set to. These
features are exploited in the 700 Hz resonant frequency variable band-pass ¢

Kl
L3 kD2
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Figure 5.19 Amplitude response
of the Q= j0 =7 H: DABF
filter

Figure 3.20 Cascaded DABP
sections with adjustabie band-pass
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filter shown in Fig. 5.20. Here, two identical scctions have been cascaded to
increase the roll-off rate, Resistor R, for each section is composed of a fixed
1 kQ resistor and a 10 k2 potentiometer, At the lowest setting of the potenti-
ometers, the band-pass {2 of each section is about 1, and when the potenti-
ometers arg set to 10k £2, the band-pass (2 is about 1. The filter can thercfore
be set to a bow @ initially while a CW signal is located and tuned to give a
700 Hz beat frequency, and the band-pass Q then progressively increased to
eliminate adjacent interfering signals.

The state-variable band-pass civcuit

If even higher values of band-pass (? are required, or thereis a need for simple
control aver the resonant frequency, a state-variable section should be used.
This versatile section has already been met in the context of low-pass and
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Figure 521 The normalized state
variable band-pass section
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high-pass filters and Fig. 5.21 shows the circuil in Hs normalized form. The
expression for Ry has been converted from its usual (3 — )/d by substituting
d=1/Q, to give 30 — 1, a more useful format for band-pass filters. The peak
gain of this scction at resonance 15 @, and cannot be altered within the
section.

What exactly does this section offer over the other sections already
described? First of all, the two resistors which determine the peak amplitnde
frequency, R, and R, are equal in value, which means that the filter can
easily be tuned to different resonant frequencies. Secondly, the addition of
the third op-amp further reduces the open-loop gain required from the
op-amps. With this circuit, the op-amps require an open-loop gain of only
about 30 at the resonant frequency. The tunability of this seclien is particu-
larly useful and will be illustrated by an example.

Say we want the resonant frequency of the CW filter described in the
previous section te be continuously adjustable between 500 Hz and 1 kHz;
how can this be achieved? If the values of € und C; are set first, the other
component values can then be calculated. We will set these two capacitors to
a preferred value, 0.22 uF. For a resonant frequency of 500 Hz, this is equiva-
lent ta setting the section impedance level to

A . 1
Znfix Cy, 2xmx500x0.22x107°
and for a resonant [requency of 1kHz

Z= 1 =7230

C 2xax 1000x022%10°6

VA =14470

These values of impedance level are therefore the extreme values for Ry
and R,. Subtracting these values gives a difference of 724 €. To obtain practi-
cal values for Ry and R, we will use a 68082 resistor in series with a 1kQ
potentiometer in each position, which will give a slightly greater than
specified luning range.

Since the desired Q of the cireuit is 10, the normalized value of R is
(302 — 1)=29Q. Tf all the resistors except R, and R, are scaled (o 1 k&, and R,
and R are formed by a fixed 680 12 and a variable 1 k) resistor in series, the
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Figure 5.22 The adjustable centre
Fregueney CW band-pass filter

Figure 5.23 dmplirude response
of the adjustable centre frequency
CW hand-pass filter. An f. of
436 Hz is abtained when the
potentiometers are ser to 1k 12,
and ani f, of 163 Hz is obtained
when they are set 10 zero (2,
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circuit shown in Fig. 5.22 results. Figure 5.23 shows the response of this
circuit for the extreme scitings of the potentiometers. When the potenti-
ometers are sei to 1 kQ, a resonant frequency of about 430 Hz is obtained,
and when set to zero, the resonant frequency is about 1063 Hz. The specified
tuning range has therefore been slightly exceeded, as expected, becauss of the
use of preferred values for the components forming R, and R,. Because the
band-pass @ of the section is 16, the gain at the resonant frequency for any
setting of the potentiometegrs is 1) times, or 20dB.

Wide-band band-pass filters

Wide-band, active band-pass filter requirements are best satisfied by cascad-
ing low-pass and high-pass filters. This approach was also used for wide-
band passive band-pass filters, and the recommendation was given that a
reasonable scparation between the lower and upper cut-ofl frequencies
should be maintained to minimize interaction between the low-pass and
high-pass stages. It was also a requirement that the passive stages used
should have identical impedances. These restrictions do not apply to active
fiiters, because cascaded active stages arc isolated from cach other by the
inherent properties of the op-amps.
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Fipure 5.24 A wide-band active
frlrer with the lower cut-off’
frequency adiustable to nominally

ING, 200 and 70 Hz and the
upper cut-aff frequency,
continwously varichle between
abowut 255Hz and 5kHz

Figure 5.25 The amplitude
response of the wide-hand band-
pass active filter showing twe
seitings of the lower and wpper
cut-off frequencies, the ower
response curve is obtained with the
15k €2 setting of the high-pass
section and the variable resisiovs
it the low-pass siage el to about
5 k §2 The inner response is
vhiained with the 2.2k i2
uhd 20k (2 settings respectively
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Since several active low-pass and high-pass filters have already been pre-
sented, this method of design will be illustrated with existing low-pass and
high-pass designs. Figure 5.24 shows a band-pass filter formed by cascading
the switchable cut-oft frequency second-order Butterworth high-pass filter of
Fig. 5.11 (b) and the variable cut-off frequency, third-order, 1 dB pass-band
ripple Chebyshev low-pass filter first shown in Fig.4.21. The input of the
low-pass filler is driven directly by the output of the high-pass filter, with no
worries about differing impedance levels.

Figure 525 shows the amplitude response of the complete filter.
Responses for typical wide and narrow passband settings of the controls arc
shown. The performance of the low-pass and high-pass stages are as they
were when used individually because of the inherent isolation of the active
stages. The versatility of this circuit can be seen. It would be an extremely
useful circuit to incorporate into the early audio stages of a receiver, allowing
the audio band-width to be optimized to sutt any modulation mode and set
of listening conditions. In practice, it would be better to incorporate low-
value resistors of, say, 1 k£ in series with the 22 k{2 variable resistors in the
low-pass stage so that these resistors cannot be set to 0. If a triple-
gang potentiometer cannot be found or devised for use in the low-pass stage,
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Figure 5.26 A wide-bund band-

puss filter consisting of a 300 Hz
second order Butterworth high-
pass stage driving @ 3.4 kH=
passive low-pass elliptic filter
based on CCOS 20 47
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switches and various fixed resisiors could be substituted, giving the choice of
several useful upper cut-off frequencies.

The cuscading approach to band-pass filtcr design is sufficiently general to
allow active and passive filters to be cascaded. The circuit of Fig. 5.26 shows
the Butterworth high-pass section used previously driving the fifth-order,
elliptic, low-pass filter CCO5 20 47, first shown in Fig. 2.27 (a). The high-pass
filter has its cut-off frequency set to about 300 Hz, by choosing the frequency
determining resistors to be 5.6 k{}: if required, the switchable cut-off version
could be used. The low-pass filter has its cut-off frequency scaled to 3.4 kHz
and requires !4} driving and terminating impedances. Since the output
impedance of the highpass section op-amp is very low, a 1 kQ resistor is used
to link the stages together to provide the correct drive impedance for the
passive filter. Similarly, the low-pass filter is terminated by a 1 kQQ resistor on
its output. The potentiometer action of these 1 k) resistors will produce an
attenuation of 6 dB and this, coupled with the 4dB gain of the active high-
pass filter will produce an overall 2 dB of loss for the band-pass filter,

Active band-stop filters

Techniques are available for the design of active band-stop filters which
allow narrow-band and wide-bard filters to be obtained. Since active filters
are mainly limited to audio frequencies, it is probably true that most applica-
tions for band-stop filters fall into the narrow-band category, the usual
requirement being for a notch filter in the audio spectrum to remove an
unwanted whistle.

Narrow-band band-stop filters

One interesting feature of narrow-band band-pass filter sections makes them
uscful in the design of band-stop filters: at the resonant frequency of the
section, the phase shift of the output with respect to the input is precisely 0 or
180 degrees, depending on the exact implementation of the section. At reso-
nance, the MFBP and state variable sections have phase shifts of 180 degrees,
whereas the DABP section has a phase shift of 0 degrees. If the output of the
band-pass section is summed with the original input signal, and account is
taken of the phase shift ut resonance and the gain of the section, it is possible
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Figure 3.27 The method of
obiaining a narrow-pand band-
stop response by sweeming the
outpui of g band-pass filter with
the original signal to obiain
canceliation at the band-pass filter
resvnan! freguency

Figure 5.28 Circuit diagram of o
700 Hz notch filter using the
DARP band-pass section. Values
Jor R, are shevwn for band-stop ¢
vafues of 3and 5.

Plase shill of 0% or
1B0° al sesaniance
Band-pass '
Ldter
Input
Bawd-stop
/ ouiput
Amplitedes musy Samimng
be equal ax amphifics
TCSORANGE

Band-pass seclion

Tuiput 0—9

One Kl
L) 309e 0
5 51645 02

ta obtain cancellation ol the signals, giving a band-stop responsc. A block
diagram demonstrating the technique is shown in Fig. 5.27.

Figure 5.28 shows the DARP band-siop circuit adapted into a 700Hz
notch filter with values of R, shown for band-stop {s of 3 and 5. The band-
pass seclion produces a peak gain of 2, and is non-inverting; so the input
signal is summed into the non-inverting input of the summing block. A
band-stop O of 3 results in a 3dB band-width of 233 Hz, compared with
140 Hz for a bund-stop @ of 5. Ip theory, the notch ai 700 Hz should be
infinite in depth, the input signal being perfectly cancelled by its phase shified
counterpart. In practice, the degree of cancellation depends on how well the
amplitudes of the signals presented 10 the summing amplifier match each
other. By making R, a trimmer resistor, its éxact value can be adjusted to give
maximum depth to the notch.

A variable frequency notch filter

A useful band-stop filter would be one where the frequency of the notch
¢ould be varied over the audio range to eliminate an interfering tone, with the
minimum effect on the rest of the audio spectrum. Such a filter is shown in
Fig. 5.29, where a four-op-amp, state-variable section has been used to
implement the band-pass phasc-shifting stage. The values of C; and C,, in



ACTIVE BAND-STOP FILTERS 121

Figure 5.29 The variable
SJrequency notch filter with u band-
stop (O of 5

Figure 5.30 Circuit dizgram of
wide-band band-stop active filter,
consisting of a 3rd order, 300t Hz
cut-aff frequency [ dB pass-band
ripple Chebyshey low-pass in
paratlel with ¢ 2nd order, 4 kHz
cut-off frequency Butterworth
high-pass filter

association with the fixed and variable resistors used for R, and R, givea
tuning range of approximately 300 Hz to 3.3 kHz, which should satisfy most
requirements. With R-, set ta 200 £}, the band-pass (O of the section is 5, giving
the same value for the band-stop @ of the notch filter. A possible modifica-
tion to the circuit would be to make R, variable, so that the band-stop Q of
the filter could also be varied.
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Figure 5.31 Amplitude response
af the wide-band band-stop filter
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Wide-band band-stop filters

Wide-band band-stop filters can be implemented by summing the cutputs of
low-pass and high-pass filters whose cut-off frequencies have been chosen to
give the desired overall response. Fig. 5.30 shows the circuit of such a
band-stop filter. The low-pass filter is the third-order, 1 dB pass band ripple
Chebyshev filter of Fig.4.17 (b) with its response-determining resistors
adjusted to lower its cut-off frequency to approximately 500 Hz. The high-
pass filter 1s the second-order Butterworth filter of Fig. 5.11 (b)Y modified fora
cut-off frequency of 4kHz. The resulting band-stop response is shown in
Fig.5.31. This circuit and its response are included here for completeness,
showing that the technigue is valid, although rcal applications for such
responses are limited.

Summary and conclusions

A high-pass active filter can be obtained from a normalized low-pass proto-
type by trunsforming the response-determining resistors into capacitors, the
capacitors into resistors, and laking the reciprocal of the original component
values. The resulting active high-pass filter is then scaled to the required
cut-off frequency and impedance level in the same way as a low-pass active
filter. Some active low-pass configurations have non-zero gain at DC and the
low-pass to high-pass transformation results in this gain being achieved by
the transformed high-pass filter as the frequency lends towards infinity. The
values of & and w,, which detcrmine the response of the filter, are incorpor-
ated into the low-puss prototype component vatues before transformation,
cxactly as they would be if the low-pass prototype was simply about to be
scaled, and not transformed.

In most applications, the impedance level in an active section is less signifi-
cant than in a passive filter, and so this tltustrates one advantage that active
filters have over passive designs. Another advantage is in the implementation
of filters with variable cut-off frequencies, and a high-pass filter was
described with switchable cut-off frequencics of nominally 100, 360 and
700 Hz.
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Two methods of active band-pass filter design were described: using spec-
ifically designed band-pass sections, having controllable values of band-pass
2, and being most suitable for comparatively narrow-band applications; and
cascading a low-pass and a high-pass filter to produce wider bandwidths.

A variety of band-pass sections were shown which simulate the behaviour
of tuned circuits and are swtable for narrow-band applications. These
ranged from the simple, multiple-feedback, single op-amp circuit to the
multi op-amp, state-variable section, cach having advantages and disadvan-
tages when compared with each other. One particularly versatile circuil is the
dual-amplifier band-pass (1JABP} section, for which a variable band-pass
0 filter cxample was shown. When a requirement for a variable-frequency
hand-pass filter was presented, the state-variable section was seen to be the
best choice for its implementation.

Although the cascading technique 1s useful for producing wide-band
active band-pass filters, it can be used for passband bandwidths which are
much smaller than for passivc filtcrs. This is because the interaction between
slages used in passive designs does not occur with active filters. Active and
passive filters can also be cascaded, it being easier to position the output of
the active filter driving the input of the passive filter, so that the low-
impedance output of the active filter, in association with a series resistor,
provides a well-defined dnive impedance [or the passive filier.

Twao methods of active band-stop filter design were described: making use
of the phase shift at resonance produced by narrow-band band-pass filters
which, when summed with the original input signal, produces cancellation to
give a narrow-band response; and connecting the inputs of a low-pass and a
high-pass fiiter in paraliel, summing the outputs to give a wide-band band-
SLOp response.

The considerable range of low-pass, high-pass, bund-pass and band-stop
active filters described in this and the previcus chapier should enable the
designer to fulfil almost any audio frequency filtering requirement, Using a
combination of these filters, a versatile audio processing unit could be built
for use, for example, in a new receiver design, or as an add-on to an existing
recciver. The variable cut-off frequencics and circuit (2 values which can be
implemented using active filters mean that the audic performance of such a
unil can be optimized for any lisiening condilions.



6 Using real components

It is unfortunate that careful and accurate calculations performed during the
design pracesses described in the previus chapters can be spoiled when a filter
is buill. Of course, this is not onty true with filters, but applies to all elecironic
circuits: the effects of real components on filter performance seem to be one
of the least understood areas of electronics. Tt is a commonly held view that
filiers are very inlolerant of compenent variations and that highly accurate
and expensive components must be used if acceptable results are to be
obtained. This is not nceessarily true and, in most cases, a gradual move
away from the theeretical response will cecur as components are appoxi-
mated towards their real properties, as is the case with many other circuits,

As a formal subject the study of the effects of component variations on the
performance of a circuit is known as sensitivity and is highly mathematical.
This is not the approach we shall take here. The approach we shall adopt is
to use computer simulation to assess the effects of rcal components, the uim
being to settle on designs which use off-the-shelf components needing no
sclection and filters which need no adjustment, for which the test equipment
may not be uvailable anyway.

One major advantage amateurs bave over professionals when designing
and building a filter is that the specification is usually fairly arbitrary and can
be modified, to some extent, wilhout seriously affecting the overall perform-
ance of the system into which the filter fits. Slight shifts in cut-off frequency,
or an increase in passband ripple, may well be immaterial, especially if the
benefit is a considerable reduction in the size and cost of the filter. What is
needed is un appreciation of the properties of all the blocks in the system, so
that the contribution of any degradation of the filter response towurds the
overall responsc can be assessed.

What are real components?

In the designs presented so far in this book, four types of components have
been used: resistors, capacitors, inductors and op-amps. It has been assumed
that these are ideal components, but what are the differences between these
ideal components and the real components we can buy? These differences can
broadly be summarized into three categories: real components are not avail-
able in an infinitely fine range of values; real compenents do not strictly obey
the simple tules which are assumed for ideal components over an infinite

124
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range of frequencies; and real components have losses which are generally
frequency-dependent.

One way of overcoming the first prohlem is to use series or parallet combi-
nations of preferred-value compoenents to build up the desired value. If, for
example, a [033 Q2 resistor is called for in a design, it could be formed trom a
1 k€ and a 330 resistor in scrics. What we are trying to achieve is to match
the accuracy of the component with the resolution of the calculated value.
This may be Futile, since Lthe 1033 £ value is an approximation itself and may
have been calculated originally to many decimal places on a calculator. It is
therefore difficult to know where to stop with this approach. It would be
much better if we knew that, if a component value varies within + 5% of its
exactly the same argument ¢an be pul lorward for other component types,
In this way, we can be sure that if the accuracy of the component used in
practice exceeds the tolerance for which the performance has been shown to
be acceplable, then all will be well. It may turn cut that a 1 k{2 resistor alone
will produce perfectly acceptable results and so savings in the ¢ost of the
components uscd and the PCB area they occupy will be made.

Using a resistor value as an cxample may scem to be fairly trivial, but
exaclly the same argument can be put forward for other component types,
such as capacitors and inductors, Capacitors are also available in ranges of
values simitur to those of resistors, but building up non-preferred values of
capacitance from standard values results in bulky and expensive filters.
Inductors cause even more headaches, as trying to obtain exact values will
almost certainly necessitate winding a component by hand, with all the
resulting inconvenience and expense. When the inductor has been wound,
there may be litile confidence that the inductance value is correct, unless
measurement ¢quipment is available,

Simple madels for components, and our understanding of their operation,
rely on straightforward rules or laws. We assume, forexample, that op-amps
have infinite open-loop gain and zero output impedace, The fact that we can
successfully design and build circuits assuming these simple models is an
indication that, in most cases, the models are sufficiently close to reality to
make little difference. As long as we stay away from extremes of operating
conditions for components, the simple models will be acceptable.

The component with which losses are most commonly associated is, of
course, the inductor and the effect is most noticeuble at low frequencies. We
can fairly accurately model this ¢ffect by a resistor in series with the inductor,
a3 will be shown later in this chapter. Capacitors can generally be assumed to
be loss-free, and this is a reasonable assumption so long as the correct type of
capacitor 1s chosen for the required frequency range of operation,

Passive audio filters

The problems of obtaining high-¢ inductors for use in audio filters have, to
some extent, been solved by W3INQN who has described many designs'-?
using telephone-line loading coils, which are relatively high-Q components.
Speciahized designs have been developed which make use of the inductance
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Figure 6.1 CCO5 20 47 scaled 1o
FAklz Tk 82

a) has the exaet component
vafues,

b) hus each component rounded
1o the nearext E12 prefevred valne

Figure 6.2 Simudated amplitude
response of CCO3 2047 sealed to
Ak crr-off frequency

a) with exact values and ideal
inductors

b} with rounded values wnd ideal
indheciors

¢, with rounded values and real
inductors
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values offered by these coils, or by slight medifications to the inductors by
removing turns. The resuit of using these telephone coils is a relatively bulky
filter, but stilt worthwhile when the performance of such a filter is considered.
This section s intended to help designers who cannot obtain these coils, or
who would like to build more compact passive audio filters,
Figure 6.1 {a) shows the scaled version of CC(QS 20, 47, first shown in
Fig. 2.27 (a). As the circuit stands, it is not straightforward to implement, the
inductors needing to be wound on pat cores such as those manufactured by
Mullard or Siemens, and each capacitor value made up of perhaps two
capacitors in parallel to give a fairly close approximation to the values
shown. Fig. 0.1{b) shows the same filter with all its components rounded
to the nearest E12 preferred value, 1f acceptable resulis can be obtained with
these values, the construction is considerably simplified, only a single capaci-
tor being required for cach capacitance and, as will be seen later, enabling
off-the-shelf inductors to be used.
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Figure 6.3 Simuilared siopband
armplitude response of CCO5 20 47
scaled to 3.4 EHz cut-off
frequency

a) with exact values ond ideal
mmductors

b} with rounded values and ideal
indectorsy

cj with rounded values and real
inducrors

Curve (a) on Fig. 6.2 shows the simulated passband amplitude response of
the filter with exact component values and curve (b) shows the response of
the filter with rounded values. Only a very small deviation from the exact
componenis response can be detected, indicated by a slight increase in the
passhand ripple from 0.18 dB to 0.2 dB and a marginal decrease in the ripple
cut-off frequency. Fig. 6.3 shows the stopband response of these two ver-
sions of this filter. Again, curve (a) is the exact components response and
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Tablc 6.1 Details of the Toko HIRE range of induciars

(mH) ()
1.0 3.4
1.2 3.7
1.5 4.0
1.8 4.5
2.2 5.2
2.7 5.8
3.3 6.1
3.9 7.2
4.7 7.5
5.6 8.4
&.8 9.7
B.2 10
10 i2
12 13
15 is
18 17
22 19
27 22
33 6
39 45
47 52
56 5
68 £é
82 71
160 a2
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Table 6.2 Details of the Toko I0RBH range of inductors

INDUCTARCE DC RESISTANCE

(mH) (a)
150 75
220 95
270 105
330 125
320 140
47 1%0
560 2158
680 250
82 265

1000 295

1200 185

1500 435

. . T - —

curve (b)is the rounded values response. From curve (a), the two frequencies
of infinite attenuation at 4811 Hz and 7049 Hz (being the resonant frequen-
cies of Ly/Cq and L,/C; respectively) and the miniturn stopband attenu-
ation of 40dB can be seen. When curve (b) is examined, there has been a
slight shift in the frequencies of infinite attenuation to 4905 Hz and 6726 Hz,
because of the change in the values of L,/C, and L,/(;. Between these two
frequencies, the minimum ailenuation achieved is about 44 dRB, better than
the exact values response, and beyond 10kHz the response tends towards the
exact components response. In total, therefore, using rounded component
values for this design results in very little significant change in the filter
TreSponse,

Obviously, preferred value capacitors arc casily and cheaply available, As
far as the author is aware, the only inexpensive preferred-value inductors
available in the UK are the 10RB and 10 RBH ranges manufactured by
Toka. Tables 6.1 and 6.2 show the inductance values available and the cor-
responding resistances of these inductors. Being only 14mm high and
10.5 mim in diameter, they arc ideally suited to printed-circuit-board mount-
ing in compact modem equipment, The 1otal range of values, from 1 mH (o
1.3 H, suts the requirements for audio filters well and the only potential
drawhback of these components is their rclatively low @ at audio frequencies.
The @ of an inductor is given by

2nfxL
R
where fis the frequency at which the @ is calculated,

L is the inductance,
R is the resistance of the inductor.

@= (6.1)

Taking the 10RB 47 mH inductor as an example, its resistance is 52Q and
s0, at 1 kHz

0= 2r1000 x 47 x 107 2 -
52

5.68
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Figure 6.4 The rounded value
version of COO5 20 47 with
rexistors added in series with the
inducrors 1o sinnilate their finite O

Figure 6.5 An elliptic low-pass
JFilter having a high-pass capacitor
in series with its input to improve
the passband flainess

Real inducior Real inducior
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Examination of a 47 mH inductar after removing its cuter ferrite casing
reveals a wire size of approximately 40 s.w.g. The @ of an inductor wound by
hand on a ferrite core depends on the wire used, but the practical problems of
handling the wirc would necessitatz using wire somewhat thicker than
40s5.w.g., giving a rather higher @ for the hand-wound component.

Figure 6.4 shows the rounded value version of CC03 20 47 with resistors
added in series with each inductor to represent their DC resistance. Curve (¢}
in Figs. 6.2 and 6.3 shows the amplitude response now obtained. The filter
exhibits non-zero loss at all frequencies (having a value of about 0.42dB at
100 Hz) and increased passband ripple. Other effects of the low-Q inductors
are the smoothing of the final passband ripple and a more gradual transition
from the passhand into the transition band. The frequencies of high attenu-
ation in the stophand are indistinguishable from those ohtained with the
rounded values, ideal inductors response {curve (b)), but the atlenuations are
no longer infinite. They are approximately 52dB at 4905 Hz and 66dB at
6726 Hz. The minimum stopband attenuwation 18 similar to that shown by
curve (b}, Pruclical results obtained from real filters indicate ¢lose agreement
with these simulated results.

Flattening the response of the elliptic low-pass filter

If an application demands a flatter passband response than can be obtained
with the filter of Fig. 6.4, but low-Q inductors are still to be used, some
Mlattering of the response can be obtained at fow [requencies by driving the
filter via a capacitor. As was shown in Chapter 3, a series-connected capaci-
tor can exhibit high-pass filtering characteristics.

When a capacitor is connected in series with a low-pass filter, as shown in
Fig. 6.5, a band-pass filter is formed and the value of the capacitor can be
chosen to have beneficial effects on the passband response of the original
low-pass filter. If the response of the real components version of CC0S5 20 47
(Fig. 6.4) 15 simulaled with various values of hngh-pass capaalor O the

[ Elhpile
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Figure 6.6 Simufated amplitude
response of CCNS 20 47 scaled to
1.4 kB z cut-off frequency showing
the effect of different high-pass
capacitor values

Figure 6.7 The rransformed high-
pass filter sealed to 3060 Hz, 1k £
a) has the exacr component
valies

b, has eackh componert rounded
to the nearest E12 preferred value

04 Beor highepass capacitor
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curves shown in Fig. 6.6 are produced. Low values of C give high aticnuation
al low Frequencies, and progressively higher values of C give responses
gradually tending towards the originaj low-pass response. One particularly
useful value of Cis | x4 F, which produces a significant decreasc in the pass-
band ripple compared to the unmodified response. No great increase in
attenuation at 100 Hz occurs, but a useful 6dB of attenuation at 50 Hz is
produced, which helps to reduce mains hum in the audio path.

Another way of improving the response of a filter built with low-Q induc-
tors is by incorporating an attenuation equalizer into the signai path. An
allenualion equalizer is a network designed te modify the response of the
original filter in the frequency range where the droop was most serious, that
is, close to cut-off. The design of these equalizersis fairly straightforward and
more information ¢an be found in references 3 and 4.

High-pass audio filters
Figure 6.7 (a) shows the transformed Butterworth high-pass filter, originally
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Figure 6.8 Simulated amplinude
response of the Sth order
Butterworth high-pass fifter

al with exact or rounded vakues
and ideal nductors

b with rovded vatwes and real
inductors

Figure 6.9 The rourded value
version of the high-pass filter with
resistors added in series with the
induetors 1o simulate their finite

Q.

Figure 6,10 The 30 H:—-3 4 kH=
aiidio hand-pess filter with
rounded values

The 330 mH nductors are Toke
M RBH

and the 36 mH gnd 39mH
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shown in Fig. 3.9 (b), and a rounded-components version is shown in Fig, 6.7
(b). The amplilude respenses of these (wo filters 1s shown as curve (a) in
Fig. 6.8. The responses are so nearly equal that they cannot be shown separ-
ately on this diagram, there being less than 1dB difference between the
responses at any frequency. When real inductors are substituted for L; and
L4, the circnit of Fig. 6.9 results, with the resistance of the 330 mH LORBH
Toko inductors represented by 125 (2 resistors R, and R,. The response now
obtained is curve (b) on Fig. 6.8. Rounding of the response near to the theor-
etical cuwl-off frequency 1s evident, as is a slight reduction in the stopband
attenuation. The filter is still very useful and Fig, 6,10 shows it cascaded with
the real-components version of CC05 20 47 to produce a practical andio
hand-pass filter.

Figure 6.11 shows the overall response of thizs band-pass filter (curve (b)),
with the ideal-components response (¢urve (a)) shown for comparison.
Curve (b) shows that the band-pass response is the sum of the low-pass and
high-pass responses, and a thoroughly useful audio band-pass filter is pro-
duced.
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Figure 6.11 Simulated amplitude
response vf the cascaded
Burterworth high-pass and effiptic
dow-pass audio filters shown in
Fig 6.1
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The significance of passband ripple

One notable effect on the performance of a filter using rounded components
and low-Q inductors is an increase in passband ripple. Taking the version of
CC05 20 47 using Toko inductors and preferred-value capacitors, we see
almost 9.5 dB of ripple between 100 Hz and 2.5kHz, compared Lo the theor-
elical value of 0. | & dB up to 3.4 kHz. The question has to be asked, therefore,
whether this is a significant effect in practice for a filter used in, say. a receiver.
We will try to answer this by looking for other sources of andio ripple and
assessing what amplitude this ripple might be.

‘I'he first element which may introduce significant ripple is the [F filter.
Although these filters are of a high quality, and are relatively expensive, they
have a passband ripple of typically 1-3dB. This ripple can eflfectively be
doubled if you are communicating with someone using the same model of
transceiver, since the peaks in ripple produced in the other station’s transmit
IF filter could correspond to the peaks in your reccive [F filter, und vice
VEIsY.

Probably the biggest source of ripple in a receiver is the loudspeaker,
which inhcrently has a non-linear electrical power input Lo sound pressure
output characteristic. Typically. a 4-inch loudspeaker in free air exhibits 9 dB
of riple from 1 kHz to 3 klizin its sound pressure output®. When mounted in
a metal case, with numerous cavities formed by metal dividers and printed-
circuit boards around il, 1ts frequency response is very unpredictable.

Another source of ripple is the esponse of the human ear. Experiments
performed to measure the thresholds of audibility for pure tones® indicate
that the car exhibits typically 8dB vanation in the range 1 kHz 10 3kHz,
being more sensitive at higher frequencies. Listeners to audie signals could
therefore report quite different impressions when comparing the amplitudes
of different frequencies.

These effects can negate attempts to minimize the passband ripnle of audio
filters. In this context, it would seem that the passband tipple found in the
real-components elliptic filter described here is insignificant for most practi-
cal applications. Since, in many cases, increased passband ripple can be
traded for rapid roll-off and/or greater stopband attenuation, advanlage
should be taken of the relative insignificance of passband ripple. Ths trade-
off can be seen from Fig. 6.12, in which curves of minimum stopband attenu-
ation are plotted against normalized stari-of-stopband frequency for fifth-
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Figure 6.12 Grophs of mivimum
Stupheundd aftenfyaiion versus
normalized stopband anewlar
JFregueney of Sth order branch
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arder ellipric filters of (0.1, (.5 and 1 dB passband npple. For a4 normalized
stopband angular frequency of 1.5 rad/s an extra 10 dB of stopband attenu-
ation can be obtained by using the 1 dB rather than the 0.1 dB filter. Alterna-
tively, the 50dB attenvation value can be achieved at 1.42rad/s rather than
at 1.7 rad/s by using ihe 1 dB filter. Another approach is to use a lower-order
filter with & high-amplitude of ripple for a piven application Lo achieve a
stopband performance comparable to a higher-order filter with iess ripple,
thereby saving components and cost.

Driving and terminating passive audio filters

Whether passive audio filters arc incorporated into existing equipment or
included in new designs, correct source and termination impedances should
be provided if predictable results are to he obtained. Fig. 6.13-6.16 show

some methods commonly used Lo intertace to these filters.

Figure 6.13 shows a common-emitter amplifier: the output impedance of
this amplifier is effectively equal to the collector resistor R.. which should be
chosen to be equal to the source impedance of the filter. The base and emitter
resistors for TR, should b chosen to set the DC voltape at its collector to a
valuc that allows an AC swing compatible with the signal level being handled .
without the possibility of clipping. ‘The outpul buffer amplifier, TR;. is con-
figured as an emitter follower, so the input impedance for the transistor itself
is very high and the termination seen by the filter is the parallel combination
of R, and R;. Resistances R, and R, should therefore be chosen to
terminate
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Figure 6.13 Bipolar transistors
driving and terminating an audio
Jilter

Figure 6.14 Fers driving and
terminaiing an cudio filter

Pler

bilser  f—

e

the filter correctiy and to set the DC operating conditions of TR,. Ifa DC
path gxists from the input of the filter to ground or to Lthe output, then the BC
blocking capacitor, Ci,, will be required. Similarly. if a DC path exists frem
the output of the filter (¢ ground. then C,, will be required. The RC net-
works in the supply lines prevent any signal coupling [rom input te output
via the rail, which would degrade the filter performance.

Figure 6.14 shows a circuit using fets for the driving and terminating
devices. As in Lhe bipolar transistor case, the source resistor of TR, provides
the drive impedance 1o the filier, and the filter is terminated by the gatc
resistor of TR . Decoupling of the supply rails to the driving and terminating
devices and DC isolation of the input and output of the filter are imple-
mented as before.

Tigure 6.15 shows an op-amp circuit. Because the output impedance of an
op-amp with feedback is very low, the source impedance for the filter must be
provided by a vesistor., R, The termination is provided by &, Lthe op-amp end
of which is connected to ground as far as the filter is concerned. The feedbuck
resistors for the op-amps can be chosen lo provide any reasonable value of
gain for these stages.

Ofien, the simplest way of adding an audio filter is in the low-impedance
headphone output of a receiver. This is where passive filters have a consider-
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able advantage over active filters because no power source is required. which
can be a distinet problem to provide. A method used ta couple the compara-
tively high impedance of the filter Lo the much lower impedance audio ocutput
of a reeetver 13 shown in Fig, 6.16. Transtormers T, and T3 have a turns ratio
eyual 10 the square rool ol the tatie of the filler and speaker or headphones
impedances. The output impedance of an audio power amplifier is very low
(lypically less than 1 Q) and so there is a possibility that the input of the filter
will be mismatched. This can be alleviated to some extent by incorporating a
low value resistor, Rs” in serics with the low-impedance drive Lo T, which will
be transformed up to give a better match. Some loss in output level will
rcsult, but this can be compensated for by turning up the reeciver volume
leval.

Of course, these driving and terminating techniques can be combined, and
the final configuration chosen to make best use of available components.

Plate 6.1 shows a cascaded audio band-pass filicr similar to that of
Fig. 6.10 and a filth-order elliptic low-puss Nlier side by side. On both PCBs,
the fiter compongnts have been Jaid out v a straight line, keeping the out-
puis well away from the inputs, to reduce the chances of leakage around the
filters. These filters would make excellent posi-detectar filiers in high-quality
superhet or direct-conversion SSB receivers, or band-limiting filters at the
input to 588 transmitter modulators.

Plate 6.1
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CFigure 6,17 07 45 scaled 1o
2.2 MH=z, 0Lk
a} has the exact comprnent
values
b} has ecach component rounded
to the nearest EI2 preferved value

Figure 6.18 Simulated passhand
amplitude response of CO7 45
sealed ro 2.2 MHz ripple cut-off
Jfrequency

a) with exact velues und ideal
inductory

b with rounded values and ideal
induciors .

¢, with rounded valves and real
inducitors

Radio-frequency filters

It has been shown that andio-frequency filiers with acceptable responses can
he huilt easily and cheaply by rounding the component values and using
off-the-shelf inductors, but can this approach be extended to RF filters?
Fig.6.17 {a) shows thc 2.2 MHz, 504} version of CO7 45, first shown in
Fig. 2.29 (a), with exact component values. The passband and (ransition/
stopband responses of this filter are shown as curve (a) on Figs. 6.18 and 6.19.
When the compenents are rounded to their nearest F12 values, the circuit of
Fig. 6.17 {b) is obtained. Curve (b) on Figs. 6.18 and 6.19 show the amplitude
response of this circuit. The effect on the response has been minimal, consist-
ing of a slight change in the passband ripple, which is most noticeable at the
final trough close to cut-off and a slight shift in the ripple cut-off frequency.
The transition/stopband response is better than that obtained coriginally,
having greater attenuation at all frequencies.

As well as manufacturing the 10RB and 10RHB range of inductors, Toko
also make a range of preferred-value RF inductors. The range considered
here is the TBS scrics, whose values and corresponding DC resistance are
shown in Table 6.3. If 7BS inductors are used for the 3.9 g compenents in
Fig. 6.17 (b), DC resistances of | £2 have to be added in series with L,, L, and
L to enable the real filter response to be simulated. The modified circuit is
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Figure 0.19 Simulated tranxition
unet stopband amplifude response
of CO7 45

al with exact valucs and ideal
inductors

&l owith rounded values and idea!
inductors

¢ with rounded values and real
inductors

Table 6.3 Details of the Toko 7B range of inductors
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Figure 6.20 The rounded value
version af CO7 45 with 112
resistors added in series with the
iHducrors to sinudare their finite (3

shown in Fig. 6.20. At 2.2 MHz (the nominal cut-ofT frequency of this filter)
the ¢ of the 3.9 )H inductor 15

_2mx22x lﬂ"x.’%.? x 10
1.4}

This is considerably higher than the ¢ of the 10RB and 10RBH inductors at
audio frequencies. We should therefore expect less detri mental effects on the
filler response when using these 7BS inductors.

Curve (¢} on Figs. 6.18 and 619 shows the simulated responsc of the filter
with rea! inductors. There is a finite loss at all frequencies and an increase in
passband ripple. and the final npple has been almosi totally smoothed out. In
the transition/slopband the filter behaves aimost identically o the rounded-
values, ideal-components circiit. For most applications. the response wo uld
be acceptable. particularly if care s taken to increase the nominal cut-ofl
frequency hefore rounding so thal any decreascs in the cut-off frequency
produced by using real components does net result in grealer than acceptable
atientuation just below the specified cut-off frequency.

The use of 7BS inductors allows high-pass, as well as low-pass. RF filters
10 be built easily and cheaply without the need for winding inductors, tuning
coils or selecting capacitors. To show the versatility of this technique, a set af
broadband RYF filters will now be described.

0 —53.9

Wide-band RF filters

One method described in Chapter 3 for the design of wide-band band-pass
filters was to cascade low-pass and high-pass filters. The method will be
Hiustrated here by the design of a set of filters suitable for the fronl end of a
general-coverage receiver luning the range 150k Iz ta 30 MHz. Tt is possible
1o use 4 single band-pass filter with lower and upper cut-oft freyuencies of
150 k Hz and 30 MHz, but it is desirable to use several filters, each covering a
portion of the talal tning runge so that the amount of RF cnergy reaching
the first mixer of the receiver is considerably less than if a single filter is used.

The total tuning range therefore needs to be divided into several smaller
bands. If we 1ake 1 MHz to be the start frequency of one range and proceed in
one-octave sieps, we obluin the following bands: 1 2MHz, 2 4 MHz.
4 $MHz. 816 MHz and 1& 30 MHz. This leaves 150kHz 1o 1 MHz as the
sixth band which, although it is greater than one octave, 1s reasonable to
cover in one band. This, or one very simlar. is a commonly found sct of
front-end filler bands in many commercially available receivers and (rans-
ceivers. The use of this tvpe of filter has implications in the cholce of interme-
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Table 6.4 Frequeney coverage af the vide-bund filters

FILTER TREGUENCY
NUMBER COVERAGE

1 0.135-1.1¢Hz
2 0.9-2.2MHz
3 1.8-4.4HMH=
4 3.6-8.8MHz
a 7.2-17 .6MHz
3] 14.4-33.0MEz

diate frequency for such a receiver. To avaid image rejeclion and TF
breakthrough problems. the first {F must be well outside the 150kHz to
30MHz range covered. and preferably be at VHF frequencics such as
70 MHz or higher.

Since the aim is to usc preferred-value capacitors and inductors to build
these fillers, the nominal hands to be covered by each filter will be extended
by t0% at the lower and upper cut-off frequencies to allow for component
tolcrance, giving the coverages shown in Table 6.4. The slarting point when
designing these filters is Lo select a suitable normalized low-pass filler for use
both as a scaled low-pass filter and as a prototype for transformation to a
high-pass filter. The prototype chosen is C0O7 25, u 7-pole, .28 dB passhand
ripple Chebyshev design, which has a theoretical attenuation of 62dB at
twice the cut-oif ltequency (compared with 42 dB for a Butterworth filter of
the same complexily) and 89 dB at three times the cut-off frequency.

There are, of course. two circuit configurations for a4 7-pole Chebyshev
low-pass filter: the minimum inductor and the minimum capacitor imple-
mentations. The normalized component valucs for the twe implementations
are the same, with L, in the minimum-induclor design having the same value
as 'y in the minimum-capacitor design, and so on. If we wanl o use the
minimum totul number of inductors in the final design, we should use the
minimum-inducior version as the prototype for the scaled low-pass section
and the minimum-capacitor version as the prototype for the high-puss Lrans-
formation. However, as will be seen later, it can be advantagoous 1o use 4
minimum-capacilor high-pass section when elcetronically-switched filters
are required.

Since the frequency coverage of the fillers has been decided, it is only
necessary now o decide on the input and output impedance, so that the
practical designs can be produced. It is not necessarily the best approach
simply to look at the impedance of the antenna system and design the filters
te maich it directly. When filters which arc casy to implement are required,
we must look at the component values cbtained when various filler impe-
dance options are considered. Table 6.5 shows the 1€, | rad;/s cemponent
vilues for the low-pass prototype and the values obtained when they are



140  FILTER HANDBQOK

Figure 6.2 Circuis diagram of
cascaded high-pass and low-pass
Sfters. Minimum induetor high-
pass fifter is used in this
implemeniarion

Figure 6.22 Cirenit diugram of
caseqaded high-pass and low-pass
Hlters. Minimum eapacitor high-
frass filter iy used in thiy
implementation

Tahle 6.5 Component values of the 7 pole 0.285 d8 Chebpshey minium inductor lew-
pass filters showing the effect of different input!/owrput impedances

1 50 450 56 450
COMPONENT 1 rad/s  1.1MHz 1.1MHz  33MHz  33KKa
VALUE V4LUE VALUE VALUE VALUE
€l 1.4BBF  4.306nF 47B.4pF  143.5pF  15.95pF
c3 2.388F  6.910nF 767.8pF  230.3pF  25.59pF
cs 2.988F  6.910nF 767.8pF  230.3pF  25.59pF
c7 1.488%  4.306nF 478,4pF  143.5pF  15.95pF
L2 1,343 0.716uH 87.44uH  0.323%u  2.915uA
L4 14518 10.50uH 94.47ul  0.3490ul  3.149uB
L6 1.3435  9.716uH 87.44uH  0.3239ul  2.915uM

scaled to 1.1 MHz and 33 MHz cut-off frequencies for two different impe-
dances, 500 and 450 Q. Since the ratio of 4500 to 502 is nine, the 500
capacitors are mine times larger than the 4500 capacitors, and Lhe 508
inducters are nine times smaller than the 450 Q) inductors. The result is that
the inductors for the 3G42, 33 MHz filter have values which are Icss than | uH,
which is the lower limit for the Toko 7BS range of inductors. Because the aim
is 1o producc designs which use these inductors, the designs presenied here
will have 430 input and output impedances, and details will be given fater
of how 508 and 7582 antennas can be uscd with these designs.

In Table 6.6, component values for the six filters with the desired upper
cut-ofl frequencies are shown. The exact values are given, along with the
nearest E12 value It can be scen that the smallest inductor value (for L; and
Le in the 4509, 33 MHz design) is 2.915 uH (rounded to 2.7 uH) and all the
inductors can be selected from the 7BS range.

(o T s~ N v S o Lt Ls 6
450 13 —» o—[l—-o-—| ——d8) [
2 L
i L CST CGT mT CET
T P ' T

Cl

430 0 —e 45
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Figure 6.23 Circwit diagram of
electronically-switched widebhurd
band-pass filtery

We now need to produce a range of high-pass filters and, to do this, the
low-pass to high-pass transformation will be used. Table 6.7 shows the com-
ponent values for the minimum-inductor high-pass filters for the six cut-off
frequencies required. The highest (395.2 uH, rounded to 3%0 uH) and the
lowest (3.427 uH, rounded to 3.3 pH) inductor values also fit conveniently
into the Toko 78BS inductor runge. Table 6.8 shows the component values for
the minimum-capacitor high-pass filters and apgain all the scaled inductor
valucs can be obtained in the Toko 7BS range.

Figures 6.21 and 6.22 show the low-pass and high-pass filters cascaded to
torm band-pass filters. A summary of the rounded-component values for
these two configurations (obtained frem Tables6.6-6.8) are shown in
Table 69 and 6.10. These designs are thoroughly practical computer
simuiations and experimental measuréments have revealed passband ripple
values of less than 2 dB and insertion losses of less than 1.5dB.

Filter switching

The cheoice of the minimum-indector or minimum-capacitor imple-
mentation for the high-pass sections can be based on the switching arrange-
ment used for multi-band operation. Probably the simplest methed is to use
mechanical switches, switching the inputs and outputs of the filters on
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ganged sections. Care should be taken with the ¢connections to and from the
switches, keeping them as short and direct as possible and using screened
cable if possible. This will help to reduce leakage around the filters duc to
radialion and pick-up in the connecting wires. PCRB-mounted switches are
available which simplify the production of compact, low-leakage multi-band
arrangements.

Figure 6.23 shows an electronically switched bank of cascaded low-pass
and high-pass filters using diodes such as BA244s as the swirching elements.
A filter is selected by applying a positive voltage (typically 12 volts) to the
relevent SELECT line, while holding the other sELECT lines at zero volts. The
advantage of wsing the minimum-capacitor implementation for the high-
pass sections ¢an now be seen: the current used 1o turn on the diodes is
allowed to pass through two of the high-pass inductors. Consider, for exam-
ple, a positive veltage applied to the seLECTI line: current flows to ground
through R, , the first high-pass inducter, Dy, RFC, and R,: current also flows
through R,, the final high-pass inductor, D; the low-pass inductors, RFC,
and R,. Diedes D) and D; are theretore forward biased and present low-
impedance paths to RF signals, placing FILTER | in circuit. The diodes in
series with the other filters are reversed biased, blocking the signal path.
Chokes RFC, and RFC; are included to present high impedances to the
input and output signals, preventing R; and R, from affecting the dove and
termination impedances seen by the filter switched in circuit. The values of
Ry, R;and R, are chosen to set the DC current through the dindes and only a
few milliamps will be necessary, The earthy ends of the first and fast high-
pass inductors are decoupled to ground by capacitors, so the high-pass filter
appears as the normal configuration to input signals, with the arthy end of
all its inductors grounded,

The choice of frequency coverage for each of the wide-band filters
descnbed previously simplifies control of the filter switching. This occurs
because [filler selection can be based on the value of the tuned frequency in
megahertz, without having to switch filters in the middle of any MHz seg-
ment. If a synthesized first local oscillator is used in the receiver, the MHz
value of the tuned frequency, and hence the filter (o be selected, can be
derived from the dula controlling the synthesizer.

Broad-band transformers

The use of 450102 as the input/output impedance of the wide-band filters
solves some problems of implementation, but can be inconvenient if they are
to be used with other than 450} antennas, particularly ones with impedances
as fow as 5002 and 75Q. What is required is a broad-band transformer,
capable of performing an impedance transfermation over the wide frequency
range covered by these filters. Many designs of broad-band transformers
have been published”-®? but often lack practical details for specific applica-
tions, Torowdal cores ure popular as the magnetic medium and several of
these designs have been tried by the author without much success, By far the
best, and the simplest, design tried so far is that used in the Micron trans-
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Figure 6.2 Diaggram of the 9}
impedance transformer

Figure 6,25 Fregueney response
of the 1.8 4.4 M Hz wideband
frlter, driven divectly by § a 450 12
sovrce, and by @ 50 £} source via
the broad-band transformer
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ceivert®. This is an auto-transformer wound on a Fair-rite two-holg core,
lvpe 2843002402, requiring only 12 turns for a 9 | impedance transforma-
tion. A diagram of this transformer is shown in Fig, 6.24.

To wind the transformer, about 30 cm of 0.2 mm (36 s.w.g.) enamelled wire
is needed. Wind eight turns through the two holes of the core and then pass
the long end of the wire back into one hole, leaving a loop of wirg loose which
witl form the tap two-thirds down the winding. Comiplete the winding of the
remaining four turns on the core. Mark the curved vide of the core where the
wire emerges on the last Lurn 10 wWentify the earthy end of the winding. Cut
the loop of wire, trim all the ends to length, remove the insulation and twist
the tap wires together. The transformer is now rcady for soldering inte a
hoard.

The performance of the transformer can be seen from Fig. 6.25, where a
500 source 15 driving the 1.8-4.4 MHz wide-bund filter via the transformer.
The response of the filter driven directly by a 450 Q source is also plotted for
comparison. The transormer gives a 9.5 dB {that is, 3 limes) vollage increase
as a result of the impedance change, as can be seen from the plots. All the
wide-band filters described earlier have been tested with this transformer and
in all cases good makches were obtained.

Ifa match to a 75 antenna is required, a totul of only 9.5 tums s needed
for the transformer, with the tap still at four turns above ground. This gives
the required impedance transformation of approximately 6: 1.
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Vigure 6.26 Circuii diagrom of

symetrical T-network attenuator

Front-end attenuators

Because the use of broad-band, rathcr than narrow-band, front-end filters
results in considerable unwanted RF energy reaching the RF amplifier or
first mixer, receivers using them can be prone to overloading problems. This
is why the large signal-handling performance of the first active stuge of
modern receivers is so important. One method of reducing the possibility of
overloading is o provide the option of adding some attenuation into the
signal path. This can be effective in improving reception hoth when the
desired signal is strong and is causing overload effects and when a strong
undesired signal is masking a weaker signal.

The simplest method of providing attenuation is to place a potentiometer
between the antenna and the filters, which is adjusted (o step down the mput
signal by a variable amount depending on the severity of overloading. How-
ever, this has two disadvantages: Arsily, it is difficult 1o provide predictable
and calibrated attenuation levels, and secondty, the front-end filters are likely
to sce different drive impedances depending on the setting of the attenuator
potentiometer. These problems can be overcome by providing a range of
constant-impedance attenuator networks which are switched into circuit as
required, giving calibrated attenuations while still matching the filters,

Two simple configurations are available for unbalanced (that is, onc side
of the input and output is connected to ground) attenuators; symmettical
T-networks (shown in Fig. 6.26) and symmetrical pi-networks (see Fig. 6.27).
For the T-nelworks, the values of the resistors are given by:

1-k
R=Z 6.2
YT vk (62
2k
R,=7_— (6.3
RS :
where Z is the input;outpur impedance of the network,
k is the desired attenuation, expressed us a ratio.
For the pi-networks, the values of he resistors are given by
1+4& )
R\=Z (6.4
1 - )
_12
Ry=z 17K (6.5)
R1 il
-~ I'E) L
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Figure 6.27 Cireuir diagram of
svmmetrical m-neiwork
datfenuator
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Component values for several typical networks are shown in Tables 6.1 I
and 6.12. Attenuation levels from 5dB to 40dB (in steps of 5dB) for impe-
dances of 50(, 75Q and 4509 are catered for in these tables, although
resistor values for other atienuations and impexlances can be calculated using
the above equations. Rounded resistor values are given, as for the filter
components, and these make very little practical difference to the perform-
ance of the attenuators themselves or the filters they drive.

The choice of attenuator type is a matier of personal preference. A useful
set of attenuation values to incorporate into a receiver front end would be 10,
20 and 30dB, with the option of switching the attenuators out of circuit
altogether, It is hardly worthwhile building a PCB containing the allenuator
resistors and making connections to a front panel switch. Itis much easier to
mount the resistors on the attenuator switch itself, '

Narrow-band filters for the amateur bands

For an amaleur bands only receiver, the best solution to the front-end filter-
ing requirement is to use narrow-band filters. As well as reducing considera-
bly the amount of unwanted RF energy reaching the first active stage, they
also allow the use of a lower intermediate frequency in the receiver, simpl-
fying the IF amplifier design. The easiest method of obtaining a narraw-band
response is to use the tuncd circuit approach, as described in Chapter .
Table 6.13 shows the frequency coverage, the arithmetic centre frequency
and the corresponding band-pass @ required of a narrow-band filter. for
each of the nine amateur bands below 30 MHz. Because the band-pass Q0
values are comparatively high, it is valid to use the arithmetic, rather than the
geometric, centre frequency without introducing any sigmificant error.
1deally, it should be possible to design a filter for each band ¢xactly matched
10 the band-width and centre frequency requirement for that band, giving
rejection of unwanted signals immediately outside the band. The approach
taken here will be to use easily available Toko inductors which make con-
siruction easy, even for the relalively inexperienced constructor, but which
inevitably demand some compromise in the band-width obtained.

In Chapter 3 it was seen that a shuni-connected tuned circuit acts as 4
band-pass filter and that the sharpness of the peak obtained in its amplitude
response {quantified by its band-pass ¢J) depends on the driving and ter-
minating impedances. To obtain greater band-pass ¢ valucs, two or more
filters can be cascaded, each contributing to the roll-off rate away from
resonance.

The circuit of a basic practical narrow-band filter is shown in Fig. 6.28.
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Figurc 6.28 Crrowit dfugram of
the twe fured circad! navrow-bord
filier

Table 6.13 Values af cireuit ( requived for ideal bund-pass filters for the amatenr bardy
hedme 30 AH -

2END CENTRE FREQUERCY BANDPASS Q
(ME2} {¥Hz)

il e Tes
3.5.3.B 3.65 i2.2
7.0-7.1 7.05 70.5
10.1-10.15 10.125 202.5
14.0-14.35 14.175 40.5
18.07-18.17 18.12 161.2
21.0-21.45 21.2:5 47.2
24,89-24.59 24.94 269.4
78.0-29.7 28.85 £1.2

This consists of two tuned circuits, capacitively coupled and linked to the
input and output terminals via low-impedance windings on transformers.
The effect of using this arrangement for the input and output connections is
to transtorm upwards the impedance seen by the tuned circuits, enabling
sharper responses o be obtained even with low impedance antennas.
Table 6.14 shows the component values chosen for these filters. Three types
of transformer are used: Toko 10K Lypes KANK3333, KANK3334 and
KANK3335, which have nominal secondary inductances of 45 4H, 5.5uH
and 1.2 uH respectivelv. The inductance of these transformers can be
adjusted by about 30% by rotaring the slug cores fitted. Capacitors ¢, and
C; are calculated Lo resonale the induclor secondaries at the centre of each
band by adjusting the cores of T, and T,. The value of C, is critical to the
filter performances, since it scts the coupling between the two tuned circuits.
When these types of tuned circuits are used in oscillators, the effects of tem-
perature vanations on the resonant trequency can be critical. However, this
will not be a problem when using them in filters.

The effect that varying (', has on a filter response is shown in Fig. 6.29.
Here, the 14 MHz filter response has been plotted for three different values of
(- With €, =2.2pF, theinsertuonloss of the filleris approximately 4 dB. this i

| AIVFS 0
4 D oulpul

Pin nuders refer lo TOKD 0K Laisfonaers
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Tabbe 14 Component values of the 2 tuned civewit narrow-band filtes for 50 and 73 82
inputioutpui vipedances

BAND T1,T?2 1,03 2 {pF) C2 (pF)
(MHz) TYPE (pF) 50 ohm 75 ohm
820 3333 150 12 8.2

3.5-3.8 3333 39 3.3 3.3
7.0-7.1 3334 100 8.2 8.2
10.1-10.15 3334 47 6.8 3.3
14.0-14.35 3334 22 3.3 3.3
18.07-18.17 32335 68 6.8 3.3
21.0-21.45 3235 47 4.7 3.3
24.89-24.9% 3335 33 3.3 3.3
28.0-29.7 3335 22 3.3 3.3

Key to iransformer types:

3333 HKANK3332R (45uH) Toake 10K
3334 KAWK3334R (5.5uH) Toke 10K
3335: KANK3A35R (1.2uB) Toke 10K

the undercoupled case; with C; =68 pF, a single peak in the response cannot
he obtained, not because of de-tuning but because the two tuned circuits are
over-coupled; with €';=33pF, a single peak with low insertion loss
(approximately 1 dB) is obtained. This latter case is when the tuned circuits
are critically coupled, and this is what should be aimed at for all (hese filters.

In Table 6.14. two columns are shown for €5, depending on whether the
drive and terminatng impedance is 308 or 75CQ. The 7552 values tend to be
smaller than the 5011 values, but in somc cases the values are the same
beeause the Jower value tried for the 75Q system resulted in unacceptable
insertion loss for the filter and so the 50 Q value was used. The use of rather
small values [or C'; means that some care has Lo be taken when building these
filters to avoid problems with stray capacitance. Keep the coils close
together, and use short leads for ¢, A PCB layout will give the hest results.

The practicai responses obtained for the 30£) versions of these filters are
plotted in Fig. 6.30. To prevent this diagram from becoming too cluttered,
only the responses for the six pre-WARC amateur bands are shown; the
responscs for the other three bands are very similar. The upper limit of the
plovted responses s 40 MHy, and the responses for the 7, 14, 21 and 28 MHz
filters can be extrapolated above this frequency. All the responses have been
plotted with their minimum attenuation level shown as 0dB. In fact, the
filters exhitbit some attenuation at all frequencies, of tyvpically 1-2dB.
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Figurc 6.29 Freguency response
of 14 MHz nmed civcait narrow-
band filter showing the effect of
different values of coupling
capaciior, C,

Figure 6.30 Freguency response
ofthe 15,353,714, 21 and

28 MHz 2 paned circuit narrow-
hand filters
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Improving the performance of the narrow-band filters

Although the performance of these two tuned-circuit filters may be adequate
for many applications, improved rolt-off may be desirable, One method of
obtaining this improvement is by cascading filters: the low-impedance
output of the first filteris connected to the low-impedance input of the second
filter. A considerable improvement in the roll-off will result. However, the
improved responseis not smooth, having a peak at the high-frequency side of
resonance. This is characteristic of all the responses obtained when testing
these cascaded conligurations and is caused by leakage inductance, which is
always seen in practical transformers, especially ones with high turns ratios.

This cascaded arrangement has the advantage of easy alignment. If, when
the PCB on which the filter will be built is designed, a link is incorporated in
the low-impedance connection between the sections, cach section can be
aligned separately with the link omitted. The link can then be soldered into
place with the confidence that the total network will be correctly aligned.

The filters described provide a comprehensive range of performances for
the nine amateur bands below 30 MHz. These designs can be adapted for
other frequencies below 30 MHz by choosing a filter closest to the range to be
covered and adjusting the values of ) and €y for resonance close to the
desired trequency. The transformer cores can then be adjusted for the exact
centre frequency required.

Receiver front-end design

Receiver front-end design is a broad subject and clearly cannot be covered in
any detail here. However, it is worthwhile mentioning 4 few points, with
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Figure £.31 Block diagram of a
ncal amatenr bands front end

particular reference to fitting the front-end filters into the overall design, to
ensure that they are driven and terminated correctly and can achieve their
potential performances.

Figure 6.31 shows a typical amateur-band receiver front end. It is intended
for use with 3042 antennas and so the impedance throughout the system 18
506, Attenuation levels of 0, 10, 20 and 30 dB are selectable by §,. The
ground connection for the attenuaior resistors is picked up from the braid of
the RF cu-ax, used to carry the signal to and from the attenuator switch.
Three narrow-band filiers are provided, for three-band operation, and mech-
anical switching of the filters by S, is shown. Another gang on S; can be used
to switch the VFO tuned circuit or frequency-converter crystals to provide
the correct local-osciltator input to the first mixer stuge. An RF amplifier is
shown, which can be switched in or out of circuit by S5, depending on the
band in use and the listening conditions, but it may not he needed at all if all
the bands to be covered ure below 14 MHe. It can be convenient to build the
RF amplifier on its own PCB, separate from the other circuits, so that new
designs can easily be tried without disturbing any other modules. The first
mixer is driven cither by the filter outputs (in which case it must provide the
correct termination impedance for the filters) or by the RF amplifier cutput.

Figure 6.32 shows the front end of a typical general-coverage receiver,
Two antenna impedances, 502 and 450€, are catered for. The matching for
the 50Q antenna is provided by a broad-band transformer. The high-
impedance antenna can be connected te the top end ol the transformer
without any noticeable degradation in performance, avoiding the need to
switch antennas. From the top end of the transformer, the system impedance
is 450Q, allowing the use of broad-band filters using off-the-shelf induclors.
As in the umateur-band front end, four levels of attenuation are provided,
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and again the first mixer is ¢ither driven directly by the filters or by a switch-
able RF amplifier.

RF filter construction

The layout of an RF filter on a PCB is mainly a matter of common sense.
Keep the arrangement of the components similar to that on the circuit dia-
gram; that is, long and thin with the output well away from the input. Etch
away as little of the board surface as necessary, using the remaining copper as
a ground plane. This keeps all connections o ground very short, easuring
that very little stray inductance exists in any ground path. The ground plane
also serves as a screen between adjacent signal paths. For most applications
helow VHF, it is not necessary to go as far as using double-sided PCB mat-
erial. For narrow-band filters using Toko 10K transformers, solder the
screening can Lo the ground plane.

To obtain the best performance from the broad-band filters using the 7BS
inductors, small earthed vertical screens, made of PCB material, should be
soldered between adjacent inductors if space permits. Because these induc-
tors consist of wire wound on small open-sided bobbins, they tend to radiate
energy and are susceptible to external fields. This results in a degree of coup-
ling between nearby inductors and can reduce the stop-band atlenuation
attainable. The author hus measured differences of approximately 5 dBin the
stop-band attenuation between screened and unscreened layouts. An alter-
native is to spread the inductors out as much as possible.

Plate 6.2 shows a set of six wide-band filters consiructed for a general
coverage receiver. The design incorporates electronic swiiching similar to
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Plate 6.2

Plate 6.3

that shown in Fig. 6.23. The appropriate filter is selected by + 12 voli signals
from CMOS logic which decodes the MHz setlings of the receiver tuning
controls. Plate 6.3 shows a set of nine amatecur-band filters using the two-
tuned-circuit method. This layout allows pairs of identical filters to be
cascaded if required. while still keeping the inputs and outputs scparate.

Active filters

A simple approach to using real components has been applied successfully to
passive filters, so can the same success be achieved with active filters? If
anything, we might expect more success since, with active filters, we do not
have to contend with the finite-Q limitations of inductors, which arc the
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dominant effect in the degradation of passive filter performance. It is reason-
able Lo assume that the resistors and capacitors used in active filters behave
like ideal components at the comparatively low frequencies at which active
filters are used. The only effect requiring investigation is what the rounding
of component values has on the filter responses.

Figure 6.33 (a} shows the fifth-order Butterworth low-pass filter, first
shown 1 Fig. 4.15 (b), with exact component values. Figure 6.33 (b) shows
the filter with rounded component values. Because the response-determining
resistors are already 10k Q, they do not have to be altered. Resistor R,, the

teedback resistor around the first ap-amp, has been reduced to 82 k £2, result-
ing in a rcduction in gain for this stage, and the other two feedhack resistors,

R and Rq, which are in circuit to reduce offset errors. have been rounded to
18kQ

Figure €.34 shows the responses ebtained for these two circuits. Curve (a)
is the exact-components response and curve (b) is the rounded-components
response. As expectad, a slight reduction in the passband gain, from 20dB to
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Figure 6.33 The Sth order
Buytterworth low-pass filter scaled
tir 4k iz cut-off frequency:

a, With exact component values
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Figure 6.35 The 3rd order I dB
passband ripple Chebyshey lovw-
pass filter sealed to 2.5 kHz
cul-off frequency:

@) With exact camponent vafues
b With ronettced component
vaiues

Figure 6.30 Amplitudy response
of the 3rd order 1 dB Chebyshev
Iow-pass fifter

al With exact component values
b With rourded component
values
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about 19dB, has resulted, and the 3dB-down frequency is now 4 kHz, com-
pared wilth the original value of 3.5kHz.

If the same approach is applied (o the 1 dB passband ripple Chebyshev
low-pass filter, originally shown in Fig.4.17, the circuits of Fig.6.35 are
obtained. Fig. 6.36 shows the simulated responses of the lwao circuits. The
cxact-valucs version of the circuit has a DC gain of 0 dB, which is matched by
the rounded-values version response {curve (b)), but 2 peak in the gain of
approximately 0.8dB is produced just before ripple cut-off. Referring to
Fig. 6.35, this should have been anticipated: increasing the vakue of C; to
27 nF (and hence decreasing the reactance of this capucilor) results in more
of the outpul signal being led back to the non-inverting input of the ep-amp,
piving a greater peak gain for the second-order section. The stopband
response of the two versions of the filter are very similar and the overall
performance of the rcunded-values filter should be epurely sanslactory.
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Figure 6.37 The 4th order Ressel
low-puxy filter scafed to 500 Hz
cut-off freguency:

a) With exact component valurs
b)) With rounded component
vifues

Figure 6.38 Sinmfated phese
response of the 4th order Bessel
low-pasy filter:

a) With exact component values
by With rounded component
values

Bessel active filters

We have seen that the amplitude responses of Butterworth and Chebyshev
filters can still be acceptable when the component values are rounded. Bessel
filters, however, are usually chosen for their linear phase responses, and so it
is interesting to investigate the effect that rounding has on this aspect of a
filter performance.

Figure 6.37 (a) shows the fourth-order Bessel low-pass filter, first shown in
Fig. 4.19 (b), and Fig.6.37 (b) is the rounded-values version. Fig. 6.38
shows the simulated phase responses for these two filters. The linearity of the
exact values filter can be seen and the deviation from this ideal produced by
rounding the components is less than 2 degrees up lo S00 Hz, and again
should be entirely satisfactory in practice.
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Vigure 6.39 The MFBP filter
sculed o FPhHz

a) With exact component values
b With rounded companent
virfues

Values for R, K, and R, are
shown in Tule 8.15

Figure 6,40 Simulared amplivude
response of the MFBF section
with rounded camponent values.
Responses for nominal hand-pass
O valwes of 2.5, 10 and 20 are

shown.,

Active band-pass filters

Figure 6.39 (a) shows the MFBP filier, originally shown in Fig. 5.15, and
Fig. 6.39 (b) is the circuit with rounded-component values. The exact and
rounded valucs for R; and R,, for band-pass @ of 2, 5, 10 and 20 are shown in
Table 6.15. Fig. 6.4¢ shows the simulated responses for the four sets of
rounded-component values. Two effects are evident: firstly, the resonant
frequency of the section varies from the 1kHz nominal and secondly, the
peak gains are slightly different from the cxact component responses. For
example, for the band-pass =2 case, the peak gain of thc cxact-
components wier was 13.06dB (at ! kHz), compared with 18.95dB at
1150 Hz for the rounded-components version. All the rounded versions show
some deviation from the exact-component filters, all the variations in reso-
nant frequency being to a slightly higher frequency, the peak gains showing
worst case vanations of about +1dB.
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Vigpurc 6.4 The 7tHi Hz DARP
notch filter with R, replaced by o
trimimier petentiomeder, rownded
vafues far B are shown for band-
stop O vilues of 3 and §

Table 6.15 Exact and rounded resistor values for the MFBP filter

oXACT VALUES RUUNDED VALUES
BANDPASE {
Rl{ohm}y RI{chm) Rl{ohm} R2{chm)
2 2500 40k 2.2k 39k
z 1000 100k 1k 100k
16 500 200k 470 180k
20 250 400k 2710 390k
Active band-stop filters

The design of narrow-band active band-stop filters, described in Chapter 5,
depends on the cancellation of the input signal by summing with a 180 degree
phase-shifted version produced by a band-pass filter. Any slight modification
in the resonant frequency of the band-pass filter is unlikely to be impartani,
but the mcthod relies on accurate matching between the amplitude of the
input signal and that of the phase-shifted signal at the band-pass filter
output, Fig. 6.41 shows a band-stop filter, centred nominally on 700 Hz,
using rounded component values but with the output of the band-pass filter
fed to the summing block via a 22 k2 trimmer, R,. This aliows the gain for
thisinput 10 be varied, allowing a setting 1o be achicved where a deep nowch is
obtained. Two values for R, are shown, allowing for hand-stop £ of nomin-
ally 3 and 5.
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Figurc .42 (Generation of o mid-
rail reference voltage:

a} Using a potential divider
network

b} Using a potenriad divider
nework buffered by an op-amp
vofrage follower stage.

Single vail operation

All the active filter circuits shown so far have assumed that the op-amps are
operated from a split-rail supply: thai is. having a posibive voltage, a negative
voltage and ground midway between the positive and negative rails. This
assumption greatly simplifies the presentation of circuit diagrams, as the
supply pins on the op-amps do not have to be shown and non-inverting
inputs can be shown connected to ground, either directly or via a resistor.
This arrangement is not convenient, however, when cirecwts are built, espec-
ially if they are being incorporated into existing equipment having only a
single positive rail . Fortunately, itis simple to adapt the cirenits to work from
such single-rail supplies.

Some op-amps are advertisd as “single-rail’ devices. This does not mean
that thcy can be used from single-rail supplics in dual-rail configurations,
and they require the same treatment as “ordinary’ op-amps. What the phrase
is intended to mean is that they can operate from lower supply vollages and
50 single-rail operation is generally sasier to achieve.

In the single-rail configuration, an op-amp must still have three voltages
aplied 10 it the third voltage, besides the positive supply and ground, is a
mid-rail reference used to bias the inputs. Fig. 6.42 shows two mid-rail volt-
age generators, Fig, 6.42 {a) is a simple resistor potential divider chain con-
sisting of two equal resistors, with the mid-rail decoupled by a capacitor.
Fig. 6.42 (h) has an op-amp voltage follower added whose output 1s at a
much lower impedance than the ssmpie potential divider circmt, Cirguit {a)
can be used where mid-rail voltages are generated locally for cach op-amp
needing the reference, whereas with circuit (b) the reference can be distri-
buted across several op-amps.
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Figure 60.43 Two methods of
vperating a 3rd order active filter
Sfrom g yingle supply rail.

aj Has one ¥V, feed, with the
second ap-amp obtaining its bias
Sfrom the first stage

hj has the two stages DC isolated
Jrom cach other, eocht stage having
fts own V.0 feed

Figurc 6.44 A 41h order active
high-pass filter biased for single
rail eperation
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Figure 6.43 (a) shows a third-order active filler configured for single rail
operation. In the upper diagram, a single source of the mid-rail reference is
fed into the first op-amp non-inverting input ¢irguit, providing the bias fer
this input. Rather than feed this voltage directly to the op-amp inpu, il is
coupled to the junction of the input capacitor and R;. At this point, the
resistance to Vs does not have an effect on the frequency response of the
stage, since the node is driven by the, presumably, low-impedance output of
the preceding stage. The non-inverting inpul of the second stage of the filter
derives its bias voltage from the ouput of the first stage;, DC isolation of the
entire filter is provided by C, and Gy,

Figure 6.43 (h) shows how the DC condttiens of two sections of the filter
can be made independent of each other. Capacitor C, performs the DC
blocking function, and Ry and R, provide mid-rail feeds to each op-amp.
Strictly speaking, the filter response is no longer low-pass in nature, since Cy
adds a high-pass characteristic. However, the comparatively high impedance
level of the second stage means that if a reasonable value is used for C, (say
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10 i F) the cut-off frequency of the high-pass response is so low as to be
unnoticeable. It is immaterial whether the earthy ends of ) and (5 are
connecled to ground or 1o Vo since Voo should itself be decoupled to
ground.

A high-pass active filter can be adapted to single-rail operation very easily,
as shown in Fig. 6.44 for a fourth-order filter. The response-determining
capacitors provide DC isolation at the input and between stages, and the
resistors from the non-inverting inputs are convenient V,.r feed paths.

Summary and conclusions

When any electronic circuit is built and tested, the performance obtained
differs from that originally predicted because of the cffects of using real
components. Filters are no exception to this general rule, but are often mis-
takenly viewed as being more sensitive to component variations than other
clreuits,

With passive aundio filters, it was shown that rounding the component
values to the nearest E12 preferred value had little effect on the performance.
A more noticeable cause of degradation of performance was the finite G of
the inductors used to build these filters, and the characteristics of the degra-
dation can be summarized as non-zero insertion loss at al! frequencies; an
increase in the magnitude of passband ripplc, rounding of the response close
1o cut-offt shifts in the cut-off, start of stopband and high attenuation fre-
quencies; and finite rather than infinite, attenuations m the stopband for
elliptic filters,

When these degradations are compared with the effects other elements
produce in an audio path, the contributions made by the filier are not signili-
cant. If required, some smoothing of the passband response of a passive
low-pass filter can be obtained by the judicious sclection of the value of a
capacitor in the drive circuit, forming a hand-pass filter. By using the Toko
10RB and 10RBH range of inductors, high performance and very compact
passive audio filters can be built, which have advantages over active filters in
not requiring power supplics and not contributing noise to the system.

Several methods of driving and terminating a passive audio filter were
described which ensured that the correct impedances are presented to the
filter input and ouiput. Bipaolar transistors, FETs, op-amps and transformers
are all suitahle componcnts for interfacing 1o audio filters.

RF passive filters suffer less from the effects of real components than their
audio ¢ounterparts, even if preferred-value, ready-wound inductors, such as
those in the Toko 7BS range, are used for their construction. This is because
the @ of thesc components is higher than the inductors used in audio filters.
The constructor has to be careful with the initial choice of cut-off frequency
of a filter design intended for rounding so that the shift due to the rounding
process does not cause a greaier than desired attenuation at the band edges.

A range of wide-band RF band-pass filters suitable for use in the front end
of a general coverage receiver waus presented. The design method adopted
was to cascade low-pass and high-pass sections, and the filters used entirely
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standard, preferred value components. By careful choice of the input and
output impedance of these filters, induclance values were obtained which
enabled Toko inductors to be used. The impedance settled on for the designs
presented was 4350Q, which, as well as giving the benefit of easy imple-
mentation, also allows simple broad-band transformers to be designed o
allow the use of 500 and 75 antennas.

Two methods of switching these wide-band filters were shown, including
mechanical switches and an electronic scheme using diodes. It was seen that
the choice of the minimum-inductor or minimum-capacitor configuration
for the high-pass section in the band-pass filter effects the ease of imple-
mentation of the clectronic switching method. The design of 4 broad-band
transformer which enablcs 500 and 75 antennas to be used was described.
This is simple to construct and has been found 1o give better practical results
than many toroid-based designs tried.

The usefulness of constant-impedance attenuators was pointed out and
designs for 500, 756} and 4500 networks with attenuation values up to
40 dB tabulated. Data was presented to enable networks for any impedance
and attenuation level to be produced.

A range of narrow-band filters for the amateur bands, constructed with
rcady wound Toko transformers, was described. Because the amateur bands
have rather high band-pass { requirements, a compromise has to be
accepted between the ease of construction of suitable filters and a mismatch
between the ideal band-pass Q requirement of the band io be covered and
what can be achieved in practice. The performance of these filiers can be
improved by cascading, connecting the low-impedance cutput of one section
{o the low-impedance input of another.

A brief ontline of how wide-band and narrow-band filters can be incarpor-
ated inte receiver front cnds while maintaining correct input and output
impedance matches was given. Outline front-end designs were shown, one
suitable for a general coverage receiver, and Lhe other suitable for an
amateur-bands receiver.

To achteve the predicted performance from RF filters in practice, it 15
necessary to use sensible consiructional techniques. In particular, the usc of a
ground plane guarantees short connections to ground and the plane also has
a shielding cffect between signat paths. Laying the components of z filter out
tn a straight line on & PCB, keeping the output well away from the input is
good practice, reducing signal leakage uround the filter to a minimum.

The rounding of component values was successfully applied to Butter-
worth and Chebyshev active filters. Because inductors are not used in active
tiliers, the degradation caused to passive filter responses by low-( compo-
nents is not seen with active fijters. The Chebysheyv filter investigated showed
that the peak gain of such a filter close to cut-off can become exvessive
because of unforeseen rounding effects. Therefore, care should be taken with
all secend order sections that the gain does not peak excessively. When the
component values of a Bessel low-pass filter were rounded and the new phase
response was obtained. only a very small deviation from the ideal was seen,

Narrow-band, active, band-pass filters suffer slight shifis in the resonant
frequency and variation in the peak gain when the rounding process is
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applied. Although this is unimporiant in most band-pass applications, when
a band-pass filter is used as the phase shifting element in a narrow-band
band-stop filter, it is hest o incorporate a gain trimming potentiometer so
thal accurate cancellation can be obtained.

Many applications of active filters require single-rail operation of the
op-amps. This is simple to achieve by the generation of a mid-supply voltage
and the use of this voltage to bias the op-amp inputs. Active low-pass filters
consisting of several sections can be treated in one of two ways: they can
cither have only the first section inputs biased by the reference voltage,
successive sections then deriving their bias from the preceding section; or the
sections can be DC-isolated from each ather using capacitors and separate
references applied to each section. The latter solution has the advantage that
DC offsets do not accumulate through the filter, but the circwit will ne longer
act as a truc low-pass filter, because DC and low-frequency signals will be
attenuated by the high-pass action of the capacitors.

In conclusion, it has been demonstrated, using compuler simulations and
practical results, that filters of all types can successfully be built using
preferred-value components and ready-wound inductors, so long as some
compromises in the performance can be tolerated. Tn the amateur ficld, these
compromises are generally acceptable, especially when the ease of construc-
tion of such filters is taken into account. Many practical designs have been
presented, but these represent only a small proportion of the many potential
users of filters in all aspects of electronics.
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7 Filter design software

The cheapness and easy availability of modern computers have affected
many aspocts of electronics. To take amateur radio as an example, programs
are now available for Morse code and RTTY coding and decoding, propa-
gation path prediction, satellite orbit caleulations, log keeping, and many
other applications. Although such programs are undoutedly useful, there
seems to be a lack of good sofiware to help with circuit design, and particu-
larly with the design of filters.

Many of the steps in the filter design process lend themselves to a degree of
automation using computer programs. Routine processes such as scaling
normalized components to their final frequency and impedance levels simply
remove some of the tedium of filter design, especially if the steps have to be
repeated many times until reasonable component values are obtained. On
the other hand, computer programs allow the design of completely new
filters, specifically tailored to particular applications, rather than having 10
rely on the cidtalogues presented in Chapters 2 and 4.

It would be possible to write a single, highly complex, program to handle
the whole of the filter design process covered in this book. The program
could be menu-driven, taking the user through all the choices available at
gach step, and turning a specification into a final practical filter design. The
drawback with this approach is that not ali users will want such a com-
prehensive program and may require only a small part of the total program.
The onus is therefore placed on those who want a comprehensive package 1o
merge together the individual programs presented here.

The programs presented in this chapter are written in Basic for the Sinclair
Spectrum computer, although the author recognises that many other types
of computer are in use. To aid the conversion of programs to other languages
or computers, statements are avoided which might cause problems. Simi-
larlv, the graphical display of results, which again can make conversion diffi-
cult, is avoided. Details of the specific dialect of BasIC implemented on a
particular machine will be found in the language manual accompanying it.
Guidance is given in reference | on the conversion of programs to run on
other machines,

No claims are made for elegance of design for the programs: the main
criteria has been to obtain programs that work, rather than worrying about
the niceties of structure. Also, little effort has heen made to make them ‘idiot
proof™: if, for example, negative normalized component valugs are input to

169
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the component scaling programs, then negative scaled values will be
obiained.

In previous chapters, much emphasis has been placed on the usefulness of
circuit simulation for verifying filter perfaormance before circuits are built.
Writing a simulation package 1s not a trivial task and so a review of a
reasonably priced, commercially available cir¢uit simulator which is avail-
able for several computers has been included in this chapter, along with
details of other simulators known to the author. This approach overcomes
two problems: firstly, considerable effort would have been required to wrile a
new simulator, and secondly, the limited space available in this book would
have made it impossible to give a listing of the program.

Buatterworth/ Chebyshev order estimation (program 7.1)
Estimating the order required for a Butterworth filter to satisfy a stopband
filtering requirement can be carried out using Fig. 2.9 as a nomograph. Ifan -
accurate estimate is required, or if the order works out to be greater than 7, a
general equation is useful. Equation 2.5, reproduced below as equation 7.1, is
such an equation.

o Jogig[10M — 1]

2 loglo(%‘")

where A is the stop-band attenuation in dB,
o, 1s the cut-off frequency,
 is the frequency at which the attenuation is specified.

(.h

Estimating the order of a Chebyshev filter is more complex because a new
variable, the passband ripple, has been introduced. Equation 2.11 gives the
stopband aftenuation at any frequency for a Chebyshev filter and can be
re-arranged to give the order # of a filter to meet a specification, as shown
below

10AT0— |
cosh ! —

P (7.2)

cosh™! (ﬂ)
e

where A is the stopband attenuation in dB,
e is the cut-off frequency,
w 18 the frequency at which the attenuation is specified,
¢ is the nipple facter.

Since inverse hyperbolic functions (such as ¢osh ~ 'x) are not available on

many computers, a useful relationship is:

cosh™'x=In{x+./x*—1) {1.3)
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5 REM This program is called ORDER (Spectrum version)
100 INPUT "Butterworth or Chehyshev (bsc):";f§
i10 If f$ = "h" THEN GO TO 200

120 IF £% = "c' THEN GO TO 300

130 REM invalid input

140 PRINT "invalid filter type, try again"

120 G0 TQ 100

200 REM Buttervorth filter

210 INPUT "Type cut-off frequency:";fcut

220 INPUT "required attenuvation (dB):"iatten

230 INFUT "at a frequency of:";fatten

240 LET n = LN({10Matten/10}-1)/{2*LN{fatten/fcut))
250 G0 TO 1000

300 REM Chebyshev filter ;

310 INPUT "Type ripple rut-off frequenecy:Y;fecut
20 INPUT "required attenuatien (dB):";atten

330 INPUT "at a frequency af:";fatten

340 INPUT "passband ripple (dB):";ripple

350 LET etaeta = 10 ripples10)-1

260 LET % = SOQR({{10T(atten/10)-1)/etaeta)

370 LET vy = fatten/fecut

380 LET n = LN{x+5QR{{x*x)-1))/LN(y+S0R{{v*¥}-1))
390 GO 7D 1000

1000 REM order rounding and print routine

1010 LET nround = INT{n)+l

1020 PRINT "exact order = "in

1030 FRINT "rounded order = "i;nround

1040 STOP

Program 7.1 (ORDER)

Program 7.1 {(ORDER) implements these equations. If the answer ‘b’ is
given after the prompt for the filter type, the program works out the order of
a Butterworth filter afler further prompting for the appropriate values. The
cut-off frequency and the frequency at which the stop-band attenuation is
specified can bein rad/s or Hz, so long as they are both in the same units. The
Butterworth secticn of the program takes advantage of the fact that the value
of the ratic of the logarithms of two numbers is independent of the base of
the logarithms. Therefore, although the logarithims are taken to base 10 in
equation 7.1, the Spectrum program uscs logarithms to base e, which are all
that are availuble in Spectrum sasic.

If the answer ¢’ is given after the prompt for the filter type, the program
works out the order of a Chebysheyv filter from equation 7.2. One additional
value for the filter specification, the passband ripple, is required in the
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Figurﬁ 71 Puassive IUW‘PHSS
Butterworth filter implementutiony

Chebyshev case. As for the Butterworth filter, the cut-off frequency and the
frequency al which the stopband attenuation is specified can be in rad/s or
Hz.

Ag well as printing the exact value of filter order needed to satisfy a specifi-
cation, the program also rounds the order upwards and prints this value out.
The orders estimated are equally valid for passive and active imple-
mentations of the filters.

Passive low-pass Butterworth filter design (program 7.2)

Table 2.1 in Chapter 2 gives normalized component values for equal source
and termination impedance, passive Butterworth filters of orders from 2 to 7.
Calculation of component values far Butterworth filters with equal source
and termination impedances s lairly simple and equation 2.6 was presented
to enable this te be performed if orders greater than 7 are required. If filters

- with unequal source and termination impedances arc required, the calcula-

tions are not so simple and this section describes the designs of such filters?
and gives a program Lo perform the calculations.

Figure 7.1 shows two implementations of passive Butterworth low-pass
filters: circnit (a) has a shunt ¢apacitor C, ¢losest to the output, whereas
cireuit (b) has a series inductor I, closest to the ourput. Both circuits have
source impedances of 162, With lilters having equal source and termination
impedances, the circuits are duals of each other and either implementation
can be used. When a filter with unequal source and termination impedances
is required, only ene implementation is suitable: circuit €a) can be used where
the termination impedance is greater than or equal Lo the source impedance,
and circuit (b) can be used where the termination impedance is less than or
equal to the source impedance.

RisRs

{h
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The first step in the calculation of the component values is 10 determine the
factor ., which is given by

. 1/
= &Z1N for Rz R, (7.4)
R+1
Qr.
in
= { 1=RY (or R < R, (1.5)
1+ R,

where R, is the termination impedance,
R, 1s the source impedance (| (3},
7 is the order of the filter.

3 REM This program is called PASSBUT (Spectirum version}

100 IRFUT "Type £ilter order:;n

110 INPUT "termination impedance {ohm):";rl

200 IF r1>1 THEK LET lambda = {{rl-1)/{rl=-1))1(1/n}

210 IF rl<} THEN LET lambda = ((1 rl)i(xléi})?{lfﬂ)

220 TF rl=1 THEK LET lambda - sy

300 PRINT "Component designaticns are from output to input"

ML FEM first component value

120 LET a = 2*SINC(PI/{Z#*n))

330 IF rl»l THEN GO TQ 400

3140 G4 TO 500

400 LET comp = a/{rl*{1-larbdal}

410 FRINT "Cl=";comp;" F"

420 GO TO 600

530 LET comp = (a*rl)/{1-lambde)

510 IF »1<1 THEN PFRINT. "Ll"jcomp;®™ H"

s20 IF rl-1 THEN PRINT "C1/Ll=";comp;" F/H"

£00 REM ralculating other c¢omponants i

£10 FOR m=1 TG n/2

£20 LET eomp = (4*SIN({PT*{4*n- 3})1(2*n>}*SIN(<PI*<4*m-1))f(2*n)))f
({1-lanbda®2*COS(FI+{4*m-23/(2*%n) J+lanbdatl)*comp)

630 IF rl»1 THER PRINT "L";2%m;"=":comp,™ "

fan IT rlel THEH FRINT “L";2%m;"/C";2%m;"="icomp;" H/F"

650 IF rl<1 THEN PRIRT "C";2%m;"=";comp;" F"

700 IP n<=2%m THEN S5TDP

710 LET comp = (4*SIN{(PI*{4*m-1)}/{2#n))*SIR{(PI*(4*m+1) )/ (2*n}))/
((1-lanbda*2#COS5{ PL*4%m/ {2*n) }+lambdat?)*coup)

720 IF rl¥»1 THEN PRINT "C";2*m+1;"="icompi" F"

720 TF rl=1 THEN PRINT "C";Z#m+1;"/L";2%m+1;"=";comp;" P/H"

740 IF rl<1 THEN PRINT "L";Zi*m+1;"="i comp-“ H"

8O0 NEXT m

Program 7.2 (PASSBUT)
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The value of the first compaonent can now be calculated from the expres-
sions

Ci= —2 __forR 2R, (7.6)
R{l—73
or
L= 2R R <R, 7.7
{1-4)

where z; is obtained by substituting 1= 1 into the expression
.
o =2 8in — (7.8}
pL

The remaining component values are now calculated by stepping m from 1
to {r— 1)/2 for r odd, ot 10 #/2 for n even, in the following eqnations

Com: ) L= - 24073 Bm=1 (7.9)
’ ] 1_41»64:11—2'1'}2
and
Cam+ 1 Lom= —am—1 %m+ | (7.10)
1—ifamtA
fOI’ Rt?Rse
0T
Lim— 1 Cam = Ay — 3 Fam - 1 (7.11)
2m—1 L2 U Afam ot A2
and
Ao 1 4
Lomst Con=“Hm-1Mmxl 7.12)
SRS BT MY L {
for R =R,

where 2; is given by Equation 7.8 and £ is given by

B=2cos™® (7.13)
Zn

Program 7.2 (PASSBUT) implements these equations. A major portion of
the program is concerned with determining whether a particular component
is & capacitor or an inductor and printing out the normalized compaonent
value preceded by a component designation. Note that, in Fig. 7.1, the com-
ponent designations are in sequence from the output towards the input, The
designations produced by PASSBUT correspond to Fig. 7.1: that is, the
value of the component closest 1o the output is printed first, and is either
shunt capacitor €, or series inductor L. 1f an equal source und termination
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impedance hlter is specified, the print out mdicates that each component
value refers to either a shunt capacitor or a series inductor.

Passive low-pass Chebyshev filter design (program 7.3)

In Chapter 2, Tables 2.2-2.8 give normalized component values for passive
Chebyshev filters of orders from 2 to 7 with two values of source and termin-
ation impedance and seven magnitudes of passband ripple. Filters with
orders greater than 7, with other values of source and tenmination impe-
dances, or with different passband ripple magnitudes than those shown in the
tables may be requircd, and this section describes the design of such filters.?
The technique is similar to Butterworth filter design described previously,
but is more complex because of the incorporation of an extra variable, the
passband nipple.

The first stepis to calculate the quantity @, from the termination impedance
and the ripple factor, using the expression

4R,

a=—1 _ whennis odd (7.14)
(Ri+1)?
or
- 4R 2 :
g=__ "t T|+¢] whenwniseven (7.15)
(R+1)

Where R, is the termination impedance,

£ 18 the ripple factor,
n 15 the order of the filter

In the case where the filter order is even, a test must be carried out on the
value of @, and the specification can only be implemented if 4 is less than or
cqualta 1.

Then by letting

\=2sin 7.16

o sin » (7.16)

ﬁi=zm%‘ (7.17)
B 1'n
B —_ _— 1/n

§= i 2a+ lea+l:| (?19)
LU= vV o

_ 1

x=yp— = (7.20}

7
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100
110
120

200
210
220

300
310
a0
330
340
350
360

400
410
420

300
510
5z0
530
540

€00
610

700
710
730
730
141

804
8id
B20-
B30
84}
B5d
850
870

900
%10
G20
930
G40

950
960
570

1000

L (7.21)
el

EEM This program is called FASSCHER (&pectrum version)

INPUT "Type filter order:®in

INPUT "paseband tipple (d8):";zp

INPUT "termination impedance {ohm):t;rl

LET refl = SQR(10T{ap/1d)-1)

REM test for n odd

IF 0 = 2%{INT(n/2)+0.5) THEN GO T 400

HEM n must be even

LET 0% = "even™

LET a n {l+ceflf2)*d*rl/({rl+1)%2)

IF ac<=1 THEN GO TO 500

REM a» 1, therefore can't implement this specification

PRINT "Can’t implement this specification”

STOP

FEM n 1eg odd

LET 0% = ™odd"

LET a = 4*%r1/{(rl+1)}12)

LET x = {1/refl+8OR{{1/refl?2)+1))}1{1/n}

LET ¥ = {SQR({1-a)/reflT2)+30R{{{1-a)/reflT2)+1}}{1/n}

LET #l = x-1/x

LET ¥l = y-1/¥

LET nunl = PI/(2%*n)

REH first component valusa

LET comp = (4*SIM(numl})/{xl-y12}

IF o%="pdd" AND rl>1 THEN PRINT "L1 = ";comp;"H"

IF o%«"odd" AND rl=1 THEN PRINT "C1/Li = ";comp;"F/A"

IF oS%«"pdd" AND rl<i THEN PRINT "C1 = ";comp;"F"

IF o5="even™ AND r1<1 THEN PRINT "Cl = “jcompi;"F"

IF aS="2ven™ AND rl»1 THEN PRINT "L1 = ";comp;"H"

FOR mel TO n/2

LET b = m172-2%xléy1*C08( (4*n-2 3*numl yey1t2 +(2#SIR{ (4%m-2 )¥numl))t2

LET comp = (I6%SIN{{4*m-3)*numl )*SIN{ (4*m-1)*numl) )/ (b*comp)

IF aS="pdd™ AND rl>1 THEN PRINT “CY;2%m;"= ";comp;"F"

IF o5="pdd" AND rl=1 THER PRINT "L";2#*m;*/C";i*m;"= ";comp;"H/F"

IF o5="odd” AND rl<i THER FRINT “L";2dm;*= ";comp;"H"

IF ci="even" AND rl<l THEM PRINT "L";I#m;"= ";gomp;"H"

IF oS="even"™ AKD rl>1 THEM PRINT "CU;2%m;"= "jcomp;“F"

IF n€c2%m THEN S5TGP

LET b = 2172 - Z*xl#yI+COS(éd*méruml) + y112 + (2#SIN{4*m*numl))T2

LET comp = {16#5IN({4*m-1)*numl )*SIN{{4*m+1}*numl})/{b*comp}

IF oSa"pdd™ AND rl>1 THEN FRINT "L";&¥m+l3;"= ";comp;“H"

IF 6S="odd" AND rl=1 THEN

PRINT “C";2#&m+1;"/L"; 2%msed; Y= “comp;"FraA"

IF of="pdd" 1ND ri<l THEN PRINT "C";Z2%m+1;"= ";comp;"f"

IF oSa"even" AND rl<l THEN FRINT "CM;2%m+l;"= ";compi;"F"

IF oS<"evep" AKD rl>1 THEM PRINT "L";2#*m+1;"= ";comp;"80"

NEXT m

Program 7.3 (PASSCHER)
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The value of the first capacitor can he caiculated from the expression
29!|
x—y

The remaining component values are now calculated by stepping m from |
ta {n—1)/2 lor 1 odd, ot to #/2 [or 1 even, in the following equations

C|=

{7.22)

Cae | Lzm=M (7.23)
blm— 1 {‘XJ,P)
and
Cory-y Ly T2t 1 B | (7.24)
banlx.¥)
where the function b, (x,y)} is defined by:
b, (x5 =x— oy +y* + ok (7.29)

Program 7.3 (PASSCHEB) performs Lhese calculations, after prompting
for the appropriate values.

5 REM This program is called CSCALE (Spectrum version)
100 INPUT "Type final frequency (Hz):";ireg

118 INPUT "and final impedance {ohm):";imped

120 INPUT "neormalised capacitor value (F):";ncap

130 LET scap = ncap/(2*PI*freg*imped)

140 REM now get it printed

150 LET prcap = scap

160 GO SUB 1000

170 GO TO 120

1000 REEM capacitor adjusting and print subroutine
1019 IF prcap<le-9% THEN GO TO 1140

1020 I1F prcap<le-7 THEN GG TO 1200

1030 GO TO 1300

1140 REM value will be printed in pF

1110 LET prcap = prcap¥lell

1120 PRINT "scaled capazcitor value = ";prcap;"pF"
1130 RETURN

1200 REM value will be printed in nf

1210 LET prcap = prcap*led

1228 ‘PRINT "scaled capacitor value = ";prcap;'nf"
1230 RETURN

1300 REM value will be printed In uf

131§ LET ptcap = prcap*leb

1320 PRINT "scaled capacitor value = "jpreap;"uf"
1330 RETUEN

Program 7.4 (CSCALE)
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Component scaling (programs 7.4 and 7.5)

The scaling of filter components from their 1 rad/s, FQ values to their final
frequency and impedance is a vital part of the modern filter design process.
Fquations 2.14 and 2.15, reproduced here as equations 7.26 and 7.27, show
how the scaling is carried out

1

C=0C,—— (7.26)
2nfR

L=1L, R (7.27)
2nf

Scaling can be a tedious proccss, especially if many components haveto be
scaled and several different sculed impedunce and freguency combinations
have to be tried. Two programs are shown here, vne to scale capacitors
(program 7.4, CSCALE) and the other to scale inductors (program 7.5,
LSCALE). Aswell as scaling the components, the programs adjust the scaled
value and prnt it in pF, nF or uF for capacitors, and yH, mH or H for

5 REM This program is called LSCALE {Spectrum wversion)
i00 INPUT "Type final frequency (Hz):";freq

110 INPUT "and final impedance {ohm):":;imped

120 INPUT "normalised inductor value {(H):";nind

130 LET sind =« nind*imped/(2*PI*freq)

140 REM now get it printed

150 LET prind = sind

160 GO SUB 2000

170 GO TO 120

2000 REM inductor adjusting and print subroutine
2010 IF prind<le-3 THEN G0 TO 2100

2020 IF prind<l THEN GO TO 2200

2030 GO TO 2300

2100 REM value will be printed in ul

2110 LET prind = prind¥led

2120 PRINT "scaled inductor value = ";prind;"uH"
2130 RETURN

2200 REM value will be printed in mH

2210 LET prind = prind+led

2220 PRINT "scaled inducter value = ";prind;"mH"
2230 RETURN

2300 REM value will be printed in H

2310 PRINT "scaled inductor value = ";prind;"HY
2320 EETURN

Program 7.5 {(LSCALE)
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inductors. Note that the paris of the programs which adjust and print the
values are constructed as subroutines starting at line 1000 (in CSCALE) and
line 2000 (in ESCALE). This is so that these subroutines can be used in kater
programs, simplifying the entry of these routines by use of the MERGE
command®. The statement following the subroutine return causes the
prompt for another normalized component value to be printed. If the final
(requency and impedance need (o be modified each time the scaling process is
carried out, line 170 in the programs can be changed to GO TG 100.

The low-pass to high-pass transformation (program 7.6)

It was shown in Chapter 3 that a transformation can be carried out on the
compaonents of a passive low-pass filter 1o convert it into a high-pass filer.
The transformation is simply to transtorm all capacitors into inductors,
inductors into capacitors, and to give the new components values equal to
the inverse of the prototype values, as shown in Fig. 3.6.

Program 7.6 (LPHPTRAN) performs this transformation, scaling the
high-pass component to its final frequency and impedance, and printing the
value in its adjusted form by using the mcorporated subroutines from
CSCALE and LSCALE.

The low-pass to band-pass transformation (program 7.7}

In Chapter 3, a teansformation was shown 1o enable a band-pass filter to be
obtained from a low-pass prototype. Each low-pass capacitor is resonated
with a parailel inductor, and each low-pass inductor is resonated with a series
capacitor at the geometric centre frequency of the desired band-pass
TespONSE.

The value of a band-pass inductor is therciore given by

L= (7.28)
4752f%C],
and the value of a band-pass capacitor is given by
= - l (7.29)

41'[2f2ﬂL|_

Program 7.7 {LPBPTRAN) performs the transformation, prompting for
the lower and upper band-pass cut-off frequencies, the final impedance, and
printing out the scaled band-pass component values, making use of the
CSCALE and LSCALE subroutines.

Active low-pass Chebyshev filter design (program 7.8)

In Chapter 4, Tables 4.3—4.9 give values of d and o, for the sections of active
low-pass Chebyshev filters of orders from 2 to 10, with seven magnitudes of
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5 REM This program ig called LPHPTRAN (Spectrum versicn)

100 INPUT “Type final frequency (Hz):";ireq

110 INPUT “and final Impedance {ohm}:";imped

200 INPUT "Capaciter or inductor {(e/l):";c3

210 IF ¢§ = "1™ THEW G0 TO 300

220 IF c§ = "c" THEN GO TG 600

238 REM invalid input

240 PRINT "invalid component type, iry again”

250 GO TO ZO0

300 REEM lowpass component is an inductor

310 INPUT "1ype normaliced lowpass inductor value (H):";nlpind
320 LET shpcap = (1/nlpind)/{2*PI*frag*imped}

330 REM nov get it printed

340 LET preap = shpeap

350 G0 5UB 1000

360 GO TO 200

500 BEM lovpass component 1s a capacltor

610 INFUT “type normalised lowpass capacitor value {F):";ulpcap
620 * LET shpind = (1/nlpcap)*imped/(2#PIkfreq)

630 REM nov get it printed

640 LET prind = shpind
650 GO SUB 2000
660 GO TO 200

1000 REM capacitor adjusting and print subroutine

1010 IF preap<le-% THEN GO TO 1100

1020 1F preap<le~7 THEN GG TOQ 1200

1330 GO TO 1300

1100 REM value will be printed in pF

1110 LET prcap = prcap*lel

1120 PRINT "scaled highpass capacitor velue = ";prcap;"pF"
1130 RETURN

1200 REM value will he printed in nF

1210 LET prcap = preaptle9

1220 PRINT "scaled highpass capaciter value = “:preap;"nF"
1230 EETURN

1300 REM vglye will be printed in ur

1310 LET prcap = preap*lef

1320 PRINT "scaled highpass capaciter valua = “;prcap;"uF"
1330 RETURN

2000 EEM inductor adjusting and print subroutine

2010 IF prind<le-3 THEN GO TO 2100

2020 1F prind<1 THEN GO TO 2200

2030 GO TO 2300

2100 REY value will be printed in vl

2110 LET prind = prind+*lefd

2126 PRINT "scaled highpass inductor value = "jprind;"uf*
2130 RETUEN

2200 REM value vill be printed in mH

2210 LET prind = prind*lel

2220 PRINT "secaled highpass inductor vaiue = "jprind;”mi™
2230 RETURN

2300 REN value will be printed in H

2310 PRINT "scaled highpass inductor value = "jprind;"B"
2329 RETURN

Program 7.6 (LPHPTRAN)
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5 REM This program is called LPBPTRAN (Spectrum version)
100 INPUT "Type final lower frequency (Hz):";lireq

110 INPUT "and final upper frequency (Bz):";ufreg

120 INPUT "and final impedance {ohm}:"jimped '

130 LET fhand = ufreg-lfreq

140 PRINT “Passhand bandwidth = ";fband;“H2"

130 LET fgeom = SQR(lfreg*ufreg)

165 PRINT "Gecmetric centre fequency = ";fgeom;"Hz"

200 INPUT "Capacitor or inductor (c/l):";c8

210 IF ¢ = "1™ THEN GO TC 300

220 IF ef = " THEN GO TO 600

230 REM invalid input

240 PRIKT "invalid component type, try again®

250 GO TO 200

300 REM lowvpass companent is an Inducter

310 INPUT "type neormalised lowpass inductor value (H):";nlpind
320 LET slpind = nlpind*imped/(2%FI*fband}

330 REM now get it printed
340 LET prind = slpind
350 GO SUB 2000

400 REM now calculate bandpass capacltor
410 LET sbpeap = 1/{4*PIM2*fgeomt2*slpind)
420 REM now get it printed

430 LET preap = sbpcap

440 GO SUB 10040

430 PRINT

460 G0 TO 200

600 REM lowpass compopent is a capacitor
610 INPUT "type normallised lowpass capacitor value (F):";nlpcap
620 LET slpcap = nlpeap/{2*PI*fband*imped)
&30 REM now get it printed

640 LET precap = slpeap

£50 GO SUB 1000

00 REM now calculate bandpazs inductor
710 LET sbpind = 1/{4*FIt2*{geont2*slpcap)
720 REM now ger it printed

730 LET prind = sbpind

740 G0 sSUB 2000

750 PRINT

760 GO T0 2Q0

1000 REM capacirer adjusting and print subroutine
1010 IF prcap<le-% THEN GO T0O 1100

1620 IF preap4le-7 THEN GO TQ 1200

1030 GO TD 1300

1100 REM value will be printed in pF

11190 LET prcap = preap*lell

1120 FPRINT ™ scaled capacitor valee = “jpreap;"pF"
1130 RETURN

1200 REM value willl be printed in nF
1210 LET prcap = preap*led
1220 PRINT " scaled capacitor value = "jprecap;"nf"
1230 RETURN
continued
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1300 REM value will be printed in uF
1310 1ET prcap = prraptleb
1320 PRINT * scaled capacitor value = "jprcap;"uf"
1330 RETHRN
2000 FEM inducter adjusting and print subroutine
. 2010 IF prind<le-3 THEW GO TQ 2100
2020 IF prind<l THEM GO TO 2200
2030 GO TO 2300
2100 REM value will be printed in uH
2110 LET prind = prind*leb
2120 PRINT "  scaled inductor value = ";prind;"uH"
2130 RETURN
2200 REM value will be printed in mi
2210 LET prind = prind*lel
2220 PRINT " scaled inductor value = ";prind;"md"
2230 RETURK
2300 REM value will be printed in H
2310 PRINT * zealed inductor value = “;prind;“B"
2320 RETURN
Program 7.7 (LPBTRAN)
5 REM This program is called ACTCHER (Spectrum version)
100 INPUT "Type maximum passband ripple (dB):";ap
110 INPUT "and required order:";nround
200 LET eta = SOR(10t{ap/10)-1)
210 LET inveta = l/eta
220 LET a = (LN({inveta)+SOR{({invetat2)-1}))/nround
230 LET sinha = (EXP{a}-EXP(-a)}/2
240 LET cosha = (EXP(a)+EXP{-a)}/2
300 FOR k=1 TO (nround+1)/2
310 LET thetak = {({(2*k-1)*PI}/(2*nround)
320 LET realpart = -SIN(thetak)*sinha
330 LET imagpart = C0OS(thetak)*cosha
340 LET w0 = SOR{realpart*realpart+imagpart*imagpart)
350 LET d = -2*%realpart/w0
400 PRINT " d = ";d
410 PRINT " wi = ";w0
420 PRINT
430 NEXT k
440 GO TO 100

Program 7.8 (ACTCHEB)
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passband ripple. Although these designs should he adequate for most appli-
cations, it is not difficult to calculate corresponding values for greater orders
or different passband ripples”.

The quantity ¢ is first found from the formula

a= Lginh~t1 (7.30)

bl £

where 18 the filter order,
¢ is the ripple factor.

A useful formula for determining an inverse hyperbolic sine on a computer
which does not have this as a standard function is:

sinh ™ fx=1In(x+./x7 +1) (7.31)

The locations of the poles in the complex plane for the response are given
by

%, = —sinfy sinh a {7.32)
and

By =cos 6 cosh , (7.33)
where , (Zk—;].’ifor k=1ton (7.34)

For even values of n, there will be »/2 pairs of poles which are complex
conjugates of each other. For odd values of a, there will be one purely real
pole {with = 2) and (»— 1)/2 pairs of complex conjugates poles.

The identitics sinh g and cosh ¢ are calculated from the relatienships

-1
sinha= ¢ (7.35)

and

cosha= ‘“T"T (7.36)

The complex pole format can be converted into the d, wg format by using
equations 7.37 and 7.38.

Programs 7.8 (ACTCHEB) implements these equations, prompting for
the passband ripple and the filter order, and printing the vaiues of  and m,
for cach first and second-order section in the filter, ’

Root location conversion {program 7.9)

In Chapter 4, it was shown that the response of first and second-order active-
filter sections could be described by the values of two variables, 4 and .
However, many catalogues of active filter designs characterise the responses
in terms of x and B, the coefficients of the roots in the complex plane. Equa-
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5 REM This program is called ROOTS (Spectrum version)
100 INPUT "alpha:";alpha

110 INPUT "Geta:"jbeta

120 LET omegal = SQR(alpha*alpha+beta*beta)

130 LET d = 2*alpha/omepal

140 FRINT "d = ";d

150 PRINT "omegaQ = ";omegal

160 FRINT

170 GO TO 100

Progrum 7.9 (ROOTS)

tions 7.37 and 7.38, originally shown as cquations 4.17 and 4.18, convert the
o, §# format into the d, w, format, and program 7.9 (ROOTS) performs this
conversion

5= /T + (737)

g= 2% (7.38)
L7

In practice, x always has a negative valuc, but the program expects a
positive value te simplify data cotry, and equation 7.38 has been modified
appropriately in the program.

Cirenit simulation
Throughout this book gieat emphasis has been placed on the simulation of
filter circuits by computer as a way of checking responses before building
circuits. As well as being capable of detecting errors in the calculations
carried out during design and therefore avoiding the expense of buying the
wrong components, simulation also allows experimentation with component
values in ways which weuld be difficult, if not impossible, with real circuits.

Only a few years ago, ¢ircuit simulation was a luxury availablc only to
professionals, but all designers, whether professional or amateur, can now
obtain programs for many computers, and so can make use of this design
tool. Techniques of electronic circuit simulation®® are highly muthematical
and generally involve the creation and manipulation of matrices. Rather
than trying to explain the technigue in detail, this section concentrates on
reviewing a commercially available program and giving brief details of other
sources of such programs.

The author has tested ANALYSER 1, a program availabie from Number One
Systems, Harding Way, Somersham Road, St Tves, Huntingdon, Camnbs, for
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Figure 7.2 A widebund band-pass
filter [ first shown jn Fig. 5.26)
with node mumbers gdded. Below
is shown the format of data entry
Jor the circuir

the 48K Spectrum, BBC, Amstrad and TMB PC {(and compatible) compu-
ters, A more advanced (and rather more expensive) version with extra
facilites, ANALYSER I1, is also available for the BBC, Nimbus and IBM
machines. The attractiveness of ANALYSER I for the Spectrum is its low cost
(£20 + vat) and, despite its rather low speed, freely admitted by its writers,
represents extremely good value for money.

Many circuits have been tried on ANALYSER I, and one example is presen-
ted here to explain the method of program operation and data entry, though
full instructions are provided with the software. Fig. 7.2 shows an active
high-pass fitter driving a passive low-pass filter, [irst shown in Fig. 5.26, with
each circuit node labelled with a unique (and non-zero) number. When the
program is loaded, the main menu is displayed, giving the options shown
below

<1 =>S8TART NEW CIRCUIT
<2>MODIFY CIRCUIT

< 3> ANALYSE CIRCUIT

<4>CHANGE ANALYSIS PARAMETER
< 5> RE-LOAD CIRCUIT

< 6> 8SAVE CIRCUIT

< 7> CHANGE CIRCUIT NAME
<8>CATALOGUE STORE

If option | (START NEW CIRCUIT) is sclected, the program prompts
for a name and the circuit can then be entered. The format of data entry is
shown below the circuit diagram in Fig. 7.2 the component desighation is
entered first, then the node numbers of its terminals, and finally its value.
Entry of this data is straightforward, the program prompting for the appro-
priate data and only accepting correctly formatted inputs. The finalentryisa
P character, indicating the end of the file, followed by the input, output and

Active high-pass siame Passive low-puss stage

R3 R4
10 S5.558 ki

L1 12
53,80 mH 33.03 mH

Rl 2 -] 5600 Ci 1 2 Ole-6
R 3 b 5600 cz 2 3 Ole-8
Ry 4 5 1000 ci 7 5 358,539
R4 & & SB3E cs 7 ] 548209

5 6 N 1007 cs 8 H] 7E.16e -9
R6 9 5 10460 e £ L B0 -0
Lt 7 3 £3.09e-3 79 5 AN.86-9
Lz f $ 0 Me-3 Al 3 4 6

P 1 9 5
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ground node numbers. As well as the resistors, capacitors, inductors and
op-amp shown in this example, the program will handlc transistors (bipolar
and FET) and transformers.

When the circuit has been entered, the program returns to the main menu
and if option 3 (ANALYSE CIRCUIT) is selected, the program will prompt
for the number of steps (up to a maximum of 50), the start frequency and the
stop frequency. A logarithmic sweep of frequency can be requested by enter-
ing a negative number for the number of sleps. For this example, the data
entered wus for 10 logarithmic steps, starting at 100 Hz and ending at 10kHz.
The user is now presented with the sub-menu:

< 1> GAIN (dB ABSOLUTE)
<2>GAIN (dB RELATIVE)

< 3>GAIN (LINEAR ARSOLUTE)
<4>0GAIN (LINEAR RELATIVE)

If the input or output impedance are desired {accessed by choosing option
4 from the main menu} the word GAIN is replaced by Z;, or Z_, respec-
tively, For this example, we will select option 2 (GAIN dB RELATIVE). An
additional prompt, for the relative level, is obtained. Since the circuit hus a
nominal DC gain of — 2 dB, this value was entered. The results for the above
example are displayed as:

FREQUENCY GAIN (dB REL) PHASE
100 Hz —18.23 146
166.8 Hz —9.766 120
2788 Hz —3.234 8.4
464.2 Hz —0.6409 32
7743 Hz —0.216 —595
1.292kHz —0.2045 —438
2.154kHz —0.2406 — 100
3.594 kHz —2.37 92.5
5.995kHz —42.97 150
10 kHz —41.32 - 574

If a printer is attached to the computer, a print out of the results can he
obtained.

The lime taken for an analysis run depends on the number of nodes in the
circuit. The Spectrum version of the program is the slowest; on the BBC and
Amstrad machincs the program runs much faster and 15 even faster on the
IBM PC. The extra memory on the IBM PC also means that circuits with up
{0 40 nodes and 150 components can be simulated. whereas the limit for the
other machines is 16 nodes and 60 components.

Although the example shown was analysed at audio frequencies, ANA-
LYSER [ is equally capable of assessing the response of RF circuits. A feature
of the program which becomes useful at radio frequencies is that it automat-
ically inserts a 0.2 pF capacitor in parallel with each resistor in a circuit, this
being a typical value encountered in real compenents, The capacitor can be
removed by entering a capacitor of — 0,2 pF in paralle] with the resistor.
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For such an incxpensive program, aNaLystr 1 performs well, there being
no significant difference in its results and those obtained from a professional
package running on a mainframe computer. The speed of operation of the
program, even on the Spectrum, is not really restrictive to the amateur, espec-
ially when the time taken to design the circuit, cnter the data and assess the
resuits, and the potential time and cost penaities of not having a simulator, is
tuken into account,

Some other sources of circuit simulation programs for use of home
computers or cheap IBM PC-type machines are:

1. TRANAP: a listing is available from RSGB Headquarters (see also refer-
ence 10).

2. AC LINEAR CIRCUIT ANALYSIS: availuble [rom D, Marke, 17,
Percy Street, Shepherds Bush, London, W12 9PX. Runs on BBC model B
with disk drive.

3. PSPICE: available from Quadrant Communications Ltd, Wickham

' House, 10 Cleveland Way, London, E1 4TR. Runs on the IBM XT/AT
family., .

4. MITEYSPICE: available from Pincapple Softwarc, 39 Brownlca
(iardens, Seven Kings, Tiford, Essex, IG39NL. Runs on the BBC model B
{or B+ or Master) with 1 disk drive.

5. SPICE*AGE: available from Those Engineers Ltd, 106a Fortune Green
Road, West Hampstead, London, NW6 1DS. Runs on IBM XT/AT
family.

The prices of programs 3 and 4 probably puts them inte the professional
league.

Summary and conclusions

The programs presented in this chapter can broadly be divided into three
catcgories:

& those which remove the tedium from filter design by carrying out routine
procedures, Programs in this category are ORDER, CSCALE,
LSCALE, LPHPTRAN, LPBPTRAN and ROOTS.

» thosc which ailow the designer to produce new designs, not included in
the catalogues presented in Chapters 2 and 4. These programs are PASS-
BUT, PASSCHEB and ACTCHEB,

e circuit simulation packages which allow cither existing or new designs to
be analysed and assessed far suitability. Na program listings were given,
but the programs mentioned include ANALYSER, TRANAFP,
PSPICE, MITEYSPICE and SPICE*AGE.

The pregrams shown do not represent an exhaustive set [or filter design.
Using them as typical examples of what can be achieved, others can be
written by the reader, for example to convert d, wy, values into scaled compo-
nent values [or active fillers.
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Active filters, 66, 102

Amateur bands narrowband filters, 152

Analysis of a fiitcr design, 6

Arithmetic centre frequency, see Centre frequency
Attenuators, 14Y; see afso T-altenualors and Pi-allenualors

Bandpass filters:
active, 93, 110
asymmetric design procedure, 58
design examples, 56, 11419, 131, 139, 153
ideal Butterworth response, 55
ideal response, 51
passive itnplementation, 54
realistic response, 51, 132, 162
response specification, 55
simple implementation, 52
symmetric design procedure, 56
transformation from low-pass, 53, 179
Bandpass Q. 32, 112
Bandstop [iiters;
active, 119
asymmeltnic design procedure, 64, 121
design examples, 62, 20, 121, 163
wleal response, 59
passive implementation, 61
realistic response, 59
response specification, 62
simple implementation, 60
symmetric design procedure, 61
transformation from high-pass, 61
Bandstop (G, &0
Bessel filters:
active low-pass, 75, 89
attenuation, 35
ef, 11 values, 9
definition of cut-off frequency, 36
design examples, 89, 161
ideal response, 34
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Bessel filters - contimeed
identifying code, 37
LC clement values, 37
passhand response, 36
passive implemenialion, 19
real components response, 161
stopband response, 38

Butterworth filters:
aclive low-pass, 75, 77
attenuation. 17
computenzed design, 172
d, wy, values, 78
definition of cut-off frequency, 17
design examples, 49, 62, 79, 108, 130, 159
ideal high-pass responsc, 46
ideal low-pass response, 16
identifying code, 20
LC glement values, 19, 172
order estimation, 18, 170
passband response, 17
passive Implementation, 19
real components response, 131, 159
stopband response, 18

Cupacitors:
as lugh-pass fillers, 45, 129
pre-scalcd, 76
scaling, 38, 178
switched, Y4
Cascaded flters, 5%, 118, 119
Centre frequency:
anthmetc, 52
geometric, 52
Chebyshev filters:
aclive low-pass, 75, 80
attenuation, 25
computerized design, 179
d, iy values, 82-8, 179
definition of cut-off frequency, 21
design examples, 40, 50, 80, 91, 97, 103, 106, 136, 139
ideal high-pass response, 47
idcal low-pass response, 20
identfying code, 25
LC element values, 257, 175
order estimation, 24, 170
passhand ripple, 21
passive implementation, 19
real components response, 136, 160
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Chebvshev filters — comtinued
stopband response. 23
Circuits, tuned, see Tuned circuits
Circwit simulation, 184
ANALYSER, 184
MITEYSPICE, 187
PSPICE. 187
SPICE*AGE, 187
TRANAP, 187
Complex numbcr plane. 66, 98
Complex roots conversion, 99, 183
Constant-k filters, 5
Construction of filters, 135, 157
Cut-off frequency:
Bessel filters, 36
Butterworlh fillers. 17
Chebyshev filters, 21
elliptic filters, 28
switchable, 107
vanable, 91

DABP {dual amplifier bandpass) filters, 113
cascaded, 115
design examples, 114, 115, 120, 163
Delay, phase and time, 34
De-normalization, see Scaling
Drriving and terminating filters:
passive audio, 133
passive radio frequency, 148, 156
Dual networks. 20, 30

Elliptic fiiters:
definition of cut-off frequency, 28
design examples, 38, 126
flattening the passband, 129
frequencies of infinite attenuation, 28
ideal high-pass response, 47
ideal low-pays response, 27
identifying codes, 33
LC clement values, 30-3
modular angle, 34
order estimation, 29
passband ripple, 28, 127
passive implementation, 28, 30
real components response, 126
stopband performance. 2%
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INDEX

Filters, design process, 4, 169; see also Specific filter types
Filter switching, 146
First order sections:
active, 71, 73, 103
passive, 14
Frequency scaling. 38
Front end design, 156

(Gaussian response, 3%
Geometric symmetry, 32
Geometric centre fraquency, see Centre {requency
(reneral coverage receiver:
front end design, 157
wideband filters, 13§

High-pass filters:
aclive implementations, 103, 104, 109
ideal response, 44
passive implementations, 45
realistic response, 45
single capacilor, 45, 129
single rail operation, 165
transformation from low-pass, 47, 102, 179
transformation to band-stop, &1

Ideal hlter responses:

hand-pass, 51

band-stop, 59

high-pass, 44

low-pass, 51
Impedance scaling, 38
Inductors, 4, 66, 125

Q, 128

real, 128

scaling, 38, 178

Toko, 127, 128, 137
Integrator, op-amp. 70, 73, 93
Inverse Chebyshev response, 38
Inverting op-amp amplifier, 69

Le¢gendre response, 38
Lowe HF125 receiver, 1
Low-pass appoximations, comparison, 37
Low-pass filters:
ideal response, 12
realistic response, 13
stimple implementations, 13, 14
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Low-pass filters — continued
single rail operation, 163
transformation to high-pass, 47, 102, 179
transformation to band-pass, 53, 179

M-derived filters, 5

MFBP (multiple-feedback band-pass) filters, 111
rcal components response, 162

Modern filter design, 1, 11

Maodular angle of elliptic response, 34

Naurrowband filters:

amateur bands, 152

improving performance, 155
Non-inverting op-amp amplifier, 68
Normalization, 11
Notch filter, see Band-stop filter

Operational umphfiers:
ideal, 125
intcgrator, 70, 93, 73
inverting amplifier, 69
non-ideal, 66
non-inverting amplifier, 68
single-rail operation, 164
summing block, 70, 93
voltage follower, 67
Order of filters:
Bessell, 36
Butterworlh, 18, 170
Chebyshev, 24, 170
elliptic, 29

Parallel tuned circuits, see Tuned circuits
Parallelled filters, 64, 121
Passband ripple:
conversion to olher quantities, 22
significance, 132
Phase response, 34
Pi-attenuators, 149
resistor values, 151
Pre-scaled capacitor, 76
Programs (BASIC):
ACTCHERB, 152
CSCALE. 177
LPHPTRAN, 180
LPBPTRAN, 18!
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Programs (BASIC) — continived
LSCALE, 178
ORDER, 171
PASSBUT, 173
PASSCHEB, 176
ROOTS, 184

Real components, 124
Reflection ceefficient, 22
Resistors, switched, 57
Resonant frequency, 111
Ripple factor, 21, 22
Roll-off, rate
Bessel, 35
Butterworth, 18
Chebyshev, 22, 23
elliptic, 28

Sallen and Key active section:
equal components high-pass, 103
equal components low-pass, 76
unity gain high-pass, 103
unity gain low-pass, 74
Scaking:
capacitors, 38, 178
mductors, 38, 178
Second order networks:
active low-pass, 74, 76, 93
active high-pass, 103
amplitude response, 735
Single rail operation of op-amps, 164
State-variable active section:
bkand-pass, 116
unity gain, 92, 109
variable gain, 94
Stopband attenuation, see Specific filter types
Software for filter design, 169; see also Programs
Specification of filters, 5
Summing block, op-amp, 70, 93
Switchable cut-off frequency, 107
Switched capacilor filters, 94
Switched resistor filters, 97
Synthesis of filters, 5

T-attenuators, 149

resistor valtues, 150
Thompson approximation, see Bessel
Toko inductors, see Inductors
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Trunsformers:
audio, 133
broadband radio frequency, 147
Toko, 153
toroidal, 147
Tehebycheft, 25; vee adso Chebyshev
Tuned circuits:
bandwidth of response, 52
parallel, 52, 60

VYariable cut-off frequency, 91

Variable frequency band-pass filter, 117, 118
Varnable frequency notch filter, 121

Yoltage follower, op-amp, 67

VSWR (voltage standing wave ratio), 21, 22

Wideband filters:
band-pass, 117, 138
band-stop, 122



