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PREFACE

This book is about analog and digital filter design. The analog sections include
both passive and active filter designs, a subject that has fascinated me for several
years. Included in the analog section are filter designs specifically aimed at radio
frequency engineers, such as impedance matching networks and quadrature
phase all-pass networks. The digital sections include infinite impulse response
(ITR) and finite impulse response (FIR) filter design, which are now quite com-
monly used with digital signal processors. Infinite impulse response filters are
based on analog filter designs.

Detailed circuit theory and mathematical derivations are not included, because
this book is intended to be an aid in practical filter design by engineers. The
circuit theory and mathematical material that is included is of an introductory
nature only. Those who are more academically minded will find much of the
information useful as an introduction. A more in-depth study of filter theory
can be found in academic books referred to in the bibliography. Equations and
supplementary material are included in the Appendix.

Designing filters requires the use of mathematics. Fortunately, it is possible to
successfully design filters with very little theoretical and mathematical knowl-
edge. In fact, for passive analog filter design the mathematics can be limited to
simple multiplication and division by the use of look-up tables. The design of
active analog filters is slightly more difficult, requiring both arithmetic and
algebra combined with look-up tables. The equations behind many of the look-
up tables are included in the Appendix.

Digital FIR filters perform their function by first passing a digitized signal
through a series of discrete delay elements and then multiplying the output of
each delay element by a number (or coefficient). The values produced from all
the multiplication functions at each clock period are then added together to give
an output. Hence digital filter designs do not produce component values.
Instead, they produce a series of numbers (coefficients) that are used by the mul-
tiplication functions. There are no design tables: the series of coefficients is pro-
duced by an algebraic equation, so the designer must be familiar with arithmetic
and algebra in order to produce these coefficients.
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The principles behind digital filters are based on the relationship between the
time and frequency domains. Although digital filters can be designed without
knowledge of this relationship, a basic awareness makes the process far more
understandable. The relationship between the time and frequency domains can
be grasped by performing a practical test: apply a range of signals to both the
input of an oscilloscope and the input of a spectrum analyzer, and then compare
the instrument displays. More formally, Fourier and Laplace transforms are
used to convert between the time and frequency domains. A brief introduction
to these is given in chapter 3. Whole books are devoted to the Fourier and
Laplace transforms; references are given in the Bibliography.

All the designs described in this book have been either built by myself or sim-
ulated using circuit analysis software on a personal computer. As is the case in
all filter design books, not every possible design topology is included. However,
I have included useful material that is hard to find in other filter design books.
such as Inverse Chebyshev filters and filter noise bandwidth. I have researched
many filter design books and papers in search of simple design methods to
reduce the amount of mathematics required.

Chapters have been arranged in what I think is a logical order. A summary of
the chapters in this book follows.

Chapter | gives examples of filter applications, to explain why filter design is
such an important topic. A description of the limitations for a number of filter
types is given; this will help the designer to decide whether to use an active,
passive, or digital filter. Basic filter terminology and an overview of the design
process are also discussed.

Chapter 2 describes the frequency response characteristics of filters, both ideal
and practical. Ideally, filters should not attenuate wanted signals but give infi-
nite attenuation to unwanted signals. This response i1s known as a brick wall
filter: it does not exist, but approximations to it are possible. The four basic
responses are described (i.e.. flat or rippled passband and smooth or rippled
stopband) and show how standard Bessel, Butterworth, Chebyshev, Cauer, and
Inverse Chebyshev approximations have one of these responses. Graphs describe
the shape of each frequency response.

A very important topic of this chapter is the use of normalized lowpass filters
with a | rad/s cutoff frequency. Normalized lowpass filters can be used as a basis
for any filter design. For example, a normalized lowpass filter can be scaled to
design a lowpass filter with any cutoff frequency. Also, with only slightly more
difficulty, the normalized design can be translated into highpass, bandpass, and
bandstop designs. Tables of component values for some normalized approxi-
mations are given. Formulae for deriving these tables are also provided, where
applicable.
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The subject of Inverse Chebyshev filters are covered in some detail, because
information on this topic has been difficult to find. Natural application of
Inverse Chebyshev design techniques leads to a stopband beginning at w = 1.
This may be academically correct, but I describe how to obtain a more practi-
cal 3dB cutoff point. I also give explicit formulae for finding third-order passive
filters, and show a method of finding component values for higher orders.

Chapter 3 provides the foundation for fitter design theory. This leads trom trans-
fer function equations to pole and zero locations in the s plane. The s plane and
its underlying Laplace transform theory are described. This should give the
reader a feel for how the filter behaves if it has a certain pole-zero pattern or a
certain transfer function. Pole and zero placing formulae and the tables derived
from them are given for normalized lowpass filter responses.

Pole and zero locations are important in active filter design. With only knowl-
edge of the normalized lowpass pole and zero locations for a certain transfer
tunction, an active filter can be designed. Pole and zero locations can be scaled
or converted for highpass. bandpass, or bandstop designs.

Chapters 4 to 7 describes how to design active or passive lowpass. highpass.
bandpass, and bandstop filters to meet most desired specifications. Separate
chapters describe each type because the reader is usually interested only in a
particular type, for a given application. and will not want to search the book to
find the information. Formulae are given for the denormalization of the com-
ponent values or pole-zero locations that were given in earlier chapters.

Chapter 8 describes the diplexer and its application and performance. Diplex-
ers are passive filters and are used in RF design to split signals from different
tfrequency bands in either a highpass/lowpass or a bandpass/bandstop combi-
nation. One of the most common applications is in terminating mixer ports in
radio frequency system designs.

Chapter 9 describes the use of phase-shift networks. with examples for flatien-
ing the group delay response of Butterworth filters. One application is the
Weaver single sideband modulator. which uses a phase-shift network to cancel
out the unwanted sideband of an AM radio transmission. A description of the
Weaver single sideband modulator are given. both in mathematical terms and
with practical applications. This chapter also provides details of how to go about
the design of passive and active phase-shift networks.

Chapter 10 is very practical in orientation, describing how different materials
and component types can affect the performance of filters. Capacitor dielectric
and component lead lengths can be critical for a good filter performance. Details
on the construction of inductors using ferrite cores are given, and transformer
construction using similar techniques is included. Active filter components



16

Analog and Digital Filter Design

are also described (amplifier parameters can have a significant effect), as are
measurement techniques.

Chapter 11 describes current software availability, including integrated
circuit-specific software. The actual filter design process can be considerably
automated. Indeed, I have written a program with Number One Systems Ltd.
called FILTECH, which designs and simulates filter circuits. I outline how
FILTECH operates at a systems level. There are also other programs on the
market. Some of these only design active filters; they are offered free because
they enable users to design filters using certain manufacturers’ integrated
circuits.

Executable PC programs, capable of designing useful filters, are supplied at
www.bh.com/companions/0750675470. This chapter basically serves as a user
guide, describing their operation. These programs are far simpler than
FILTECH and give a netlist compatible with SPICE-like analysis programs.

Chapter 12 describes how transmission lines can be used to filter signals.
Quarter-wave lines of either short or open circuit termination can be used to
pass or stop certain frequencies. One application of this is to allow a radio
carrier signal into a receiver from an antenna while preventing internal radio
signals from radiating back to the antenna.

Printed circuit board (PCB) filters are also described. Tracks on a PCB can be
transmission lines when the signal frequency is high. The width of a track on a
printed circuit board defines its impedance; sections of wider or narrower track
become inductive or capacitive. Concatenation of narrow and wide track sec-
tions can therefore form an LC (inductor capacitor) filter.

Phase-locked loop filters are usually quite simple, but poor design can cause
instability of the loop. Many people avoid designing phase-locked loops for this
reason. Chapter 13 provides some examples that may help remove some of this
fear.

Chapter 14 provides an introduction to switched capacitor filters. Commercial
filter ICs (integrated circuits) are described and plots of some practical exam-
ples are given. Problems with this type of filter are described, as are some of the
benefits such as being able to make the filter cutoff programmable or adjustable.

Chapter 15 outlines the process of digital filtering. In this chapter I cover the
data sampling operation (under-sampling, over-sampling, interpolation, and
decimation) and the advantages or problems of each. A brief outline of digital
filtering techniques provides some understanding of digital signal processing.
Digital signal processors (DSPs) are described, along with the mathematical
methods by which they handle data during signal processing.
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Chapters 16 and 17 cover digital filtering in a little more depth. Chapter 16
covers Finite Impulse Response (FIR) filters and Chapter 17 covers Infinite
Impulse Response (IIR) filters. Equations needed to find multiplier coefficients
are included with worked examples.






CHAPTER 1

INTRODUCTION

This chapter gives an introduction to filters and signals, and the terminology
used in relation to filters. Experienced engineers may wish to skip this chapter.

Fundamentals

Why Use Filters?

Why are you so interested in filters? This was 4 question put to me when I was
planning this book. It is a very good question. I have been involved with elec-
tronic system design for a number of years and have found that the perform-
ance of an electronic filter can determine whether the system is successful.
Detection of a wanted signal may be impossible if unwanted signals and noise
are not removed sufficiently by filtering. Electronic filters allow some signals to
pass, but stop others. To be more precise, filters allow some signal frequencies
applied at their input terminals to pass through to their output terminals with
little or no reduction in signal level.

Analog electronic filters are present in just about every piece of electronic equip-
ment. There are the obvious types of equipment, such as radios, televisions. and
stereo systems. Test equipment such as spectrum analyzers and signal genera-
tors also need filters. Even where signals are converted into a digital form. using
analog-to-digital converters, analog filters are usually needed to prevent alias-
ing. Computers use filters: to reduce EMI (electro-magnetic interference) emis-
sions from their power lead; to smooth the output of the switched-mode power
supply: to limit the video bandwidth of signals going to the display.

What Are Signails?

Before describing filters in detail. it is important to understand the characteris-
tics of signals. A signal can be described in the time domain or in the frequency
domain. What does this mean?
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The time domain is where an event, such as a change in amplitude, is measured
over time. All alternating current (AC) signals vary in amplitude over a certain
time period. Some signals are periodic, which means that the same pattern of
variation is repeated again and again. Signals are measured and displayed in
time domain by an oscilloscope. A line is drawn horizontally across the screen
at a steady rate, and the signal amplitude is used to change the vertical position
of the line. An increasingly positive going signal forces the line to rise toward
the top of the screen, and an increasingly negative going signal forces the line
toward the bottom of the screen.

The frequency domain is where the amplitude of a signal is measured relative to
its frequency. A spectrum analyzer is used to display the amplitude across a range
of frequencies (the spectrum). The simplest type of signal is a pure sinusoid,
which is periodic in the time domain and has energy at only one frequency in the
frequency spectrum. The frequency is determined by the number of cycles per
second and is given the name Hertz (Hz). The frequency can be found by meas-
uring the period of one complete cycle (in seconds) and taking the inverse: fre-
quency = I/period. Other signals, such as such as human speech, a square wave,
or impulsive signals, contain energy at many frequencies. Figure 1.1 shows the
relationship between time and frequency domains for a simple sinusoidal signal.

TIME DoMAIN
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(@)
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Figure 1.1 (a and b)

Time and Frequency Relationship
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Decibels

The amplitude of a signal is measured in volts. The r.m.s. (root means square)
voltage of AC signals is used. rather than the peak voltage, because this gives
the same power as a DC signal having that voltage. However, because the signal
level has to be multiplied by the gain or loss of components (such as filters) in
the signal path. decibels are used. This make the mathematics simpler. because
once the voltage is expressed in decibel notation, gains can be added and losses
can be subtracted.

The number of decibels relative to one volt is expressed as dBV, and is given by
the expression 20log(V). That is, measure the voltage (V), take the logarithm of
it. and multiply the result by 20. If the voltage level is 0.5 volts, this is expressed
as —6dBV. If this signal is amplified by an amplifier having a gain of 10
(+20dB), the output signal will be -6 + 20 = +14dBV.

Signal power can be expressed in decibels too. The most common unit of power
1s the milliwatt, and the number of decibels relative to one milliwatt is expressed
as dBm. The formula for expressing power (P) in decibels is 10log(P), hence
a milliwatt equals 0dBm. However, the signal is measured in terms of volts
and converted to power using P = V/R, where R is the load resistance. In filter
designs the half-power signal level (—-3dB) is often used as a reference point for
the filter's passband.

The Transfer Function

Both analog and digital filters can be considered a “black box.” Signals are
input on one side of the black box and output on the other side. The amplitude
of the output signal voltage (or its equivalent digital representation) depends
on the filter design and the frequency of the applied input signal. The output
voltage can be found mathematically by multiplying the input voltage by the
transfer function, which is a frequency-dependent equation relating the input and
output voltages. The transfer function is illustrated in Figure 1.2.

Vin T INPUT F(w) OUTPUTT Vout
—

Figure 1.2

Transfer Function F(w) = Vout / Vin

The relationship between input and output will be a function of frequency w
(omega), given in terms of radians per second. Radians/sec are used as the unit
of frequency measure because in an analog filter this gives a value for reactive
impedance that is directly proportional to the frequency. An inductor that has
a value of one Henry has an impedance of 1Q at | rad/s.
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The transfer function, F(w), is frequency dependent. For example, suppose that
at w = 0.5, F(w) is equal to 1 and hence V,, = V;,. Now suppose that at @ =2,
F(w) is equal 10 0.01, hence V., is V;, + 100. In decibels, the gain is 40dB, since
it is 20log(V../V.,); since the gain is negative, this can be referred to as a
(positive) attenuation, or signal loss, of 40dB. The function F(w) is flawed
because it assumes that the source and load impedance has no effect.

For the most common filter types, the transfer function is often presented in
graphical form. The graph has a number of curves showing signal gain (loss)
versus frequency. As the filter design grows more complex, the steepness of the
curve increases. This means that a design engineer can determine the simplest
filter for a given performance, by comparing one curve with another.

An imaginary “brick wall” lowpass filter, illustrated in Figure 1.3, is ideal in that
it has an infinitely steep change in its frequency response at a certain cutoff
frequency. It passes all signals below the cutoff frequency with a gain of 1. That
is, signals below the cutoff frequency have their amplitude multiplied by 1 (i.e.,
they are unchanged) as they pass through the filter. Above the cutoff frequency,
the filter has a gain of 0. Signals above the cutoff frequency have their ampli-
tude multiplied by 0 (i.e., they are completely blocked) and there is no output.
The “brick wall” filter is impossible for reasons that will be described later.

Output Level

The Ideal “Brick Wall” Filter Frequency

Filter Terminology

The range of signal frequencies that are allowed Lo pass through a filter, with
little or no change to the signal level, is called the passband. The passband cutoff
frequency (or cutoff’ point) is the passband edge where there is a 3dB reduction
in signal amplitude (the half-power point). The range of signal frequencies that
are reduced in amplitude by an amount specified in the design, and effectively
prevented from passing, is called the stopband. In between the passband and the
stopband is a range of frequencies called the skirt response, where the reduc-
tion in signal amplitude (also known as the attentuation) changes rapidly. These
features are illustrated in Figure 1.4, which gives the frequency response of a
lowpass filter.
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Frequency Response

There are four possible frequency domain responses: lowpass, highpass, band-
pass, and bandstop. Simplistic graphical representations are given below in
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Figure 1.5 (a-d)

Freguency Domain Responses

(a) Lowpass filters pass low frequencies. That is, they allow frequencies from DC up to what is
known as the cutoff frequency with minimal loss of amplitude.

(b) Highpass filters pass high frequencies. They have the opposite function to that of lowpass
filters, in that they allow frequencies above the cutoff to pass with minimal loss. They do not
pass DC.

(c) Bandpass filters pass a band of frequencies between the lower and upper cutoff points
The upper cutoff determines the maximum frequency passed (with minimal loss). The lower
cutoff decides the minimum frequency to be passed; DC is blocked.

(d) Bandstop filters stop a band of frequencies between the lower and upper cutoff points.
They are the opposite of bandpass filters and allow two frequency bands to pass. One band
that is passed goes from DC to the lower cutoff frequency. The other band passed covers all
frequencies above the upper cutoff point.
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The designer must determine the cutoff frequencies, the stopband attenuation,
and whether a lowpass, highpass, bandpass, or bandstop filter is required. Some-
times this specification will be supplied by the system designer, but this may be
left to the filter designer to decide for him or herself.

Phase Response

Radians/sec are used as the unit of frequency measure because in an analog filter
this gives a value for reactive impedance, which is directly proportional to the
frequency. Ohms law states that current can be expressed as the ratio of voltage
to load resistance. This is true for DC measurements with a purely resistive load.
For AC measurements with loads that include reactive elements like capacitors
and inductors, the current can be expressed as the ratio of voltage to load imped-
ance. If there is some reactance in the load, the current through the load is not
in phase with the voltage across it.
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Figure 1.6 (a and b)

Voltage and Current Phase Relationship for Capacitors and Inductors
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The power dissipated at a resistive load is the product of voltage and current
averaged over one sine wave cycle. This is the rm.s. voltage times the r.m.s.
current. No power is dissipated in a purely reactive load because over one com-
plete sine wave cycle the product of voltage and current is zero. Instead, energy
is stored in capacitors and inductors, which is the reason for the phase differ-
ence between voltage and current at a reactive load.

Inductors have an impedance given by the expression X, = jwL. Capacitors have
an impedance given by the expression X = 1/jwC, which is equivalent to X =
—jhwC. The symbol *j” indicates a phase shift of 90° (or —90° for the “—/" term).
This means that if a sinusoidal voltage is applied across a pure inductor, the
peak current flow occurs ' cycle after the peak voltage is applied. The —/ term
describing the capacitor’s impedance means that the peak current flow through
a capacitor occurs ' cycle before the peak voltage is applied. Because the voltage
and current are not in phase, the impedance is described as reactance rather than
as resistance.

Analog Filters

Missing from the simple black box diagram in Figure 1.2 are the source and
load impedance. The resistance of these is crucial to analog filter design. Quite
often the source and load are equal in value, typically 50Q for radio frequency
applications, 750 for television applications, and 600 @ for telephony applica-
tions. However, some applications require unequal source and load resistance.
and some require values different from the ones listed. A modified black box
diagram is given in Figure 1.7.

Rs
1
| S
V"‘T @ H(w) RL | Vout
Figure 1.7

Transfer Function
with Source and
Load H(w) = Vout / Vin

The output voltage is always measured at the filter’s output, but the input voltage
is not measured at the filter’s input. The input voltage is measured at the voltage
source (i.e., the electro-motive force [e.m.f]) because the source impedance, Rs.
is part of the filter design, even though it is not physically part of the filter. The
practicalities of measuring the source voltage are described in Chapter 10. When
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the filter is designed for zero source impedance, the filter’s input voltage and the
source voltage are identical, so the voltage at the filter input is measured.

Analog filters can be passive or active. Passive filters use only resistors, capaci-
tors, and inductors, as shown in Figure 1.8. Passive designs tend to be used
where there is a requirement to pass significant direct current (above about
I mA) through lowpass or bandstop filters. They are also used more in special-
ized applications, such as in high-frequency filters or where a large dynamic
range is needed. (Dynamic range is the difference between the background noise
floor and the maximum signal level.) Also, passive filters do not consume any
power, which is an advantage in some low-power systems.

Components of a Passive Filter CAPACITOR RESISTOR

Figure 1.8

The main disadvantage of using passive filters containing inductors is that they
tend to be bulky. This is particularly true when they are designed to pass high
currents, because large diameter wire has to be used for the windings and the
core has to have sufficient volume to cope with the magnetic flux.

Very simple analog lowpass or highpass filters can be constructed from resistor
and capacitor (RC) networks. In the lowpass case, a potential divider is formed
from a scries resistor followed by a shunt capacitor, as illustrated in Figure 1.9.
The filter input is at one end of the resistor and the output is at the point where
the resistor and capacitor join. The RC filter works because the capacitor
reactance reduces as the frequency increases. It should be remembered that the
reactance is 90° out of phase with resistance.

At low frequencies the reactance of the capacitor is very high and the output
voltage 1s almost equal to the input, with virtually no phase difference. At the
cutoff frequency, the resistance and the capacitive reactance are equal and the
filter’s output is 1/V2 of the input voltage, or —3dB. At this frequency the output
will not be in phase with the input: it will lag by 45° due to the influence of the
capacitive reactance. At frequencies above the 3 dB attenuation point, the output
voltage will reduce further. The rate of attenuation will be 6 dB per doubling of
frequency (per octave). As the frequency rises, the capacitive reactance falls and
the phase shift lag approaches 90°.

Although this is a description of a lowpass filter, a highpass response can be
obtained by swapping the components. Placing a capacitor in series with the
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input, followed by a shunt resistor, gives a highpass filter with the same 3dB
frequency, but with a 45° phase lead. However, as the frequency rises, the
attenuation and phase shift decrease. Lowpass and highpass RC networks are
illustrated in Figure {.9.

Lowpass Filter Highpass Filter
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Output

Input I Output Input
npu —|—C p npu R

Lowpass and Highpass RC Networks

Figure 1.9

Now that you have an understanding of simple filters, I shall consider more
complex passive filters. If the series resistor in the lowpass filter is now replaced
by a series inductor. to form an LC network, the frequency response changes.
The reactance of the series element is increasing while that of the shunt element
is reducing, so the rate of increase in attenuation is doubled compared to a
simple resistor-capacitor (RC) or resistor-inductor (RL) filter. At frequencies
significantly above the passband. the rate of increase in attenuation with fre-
quency is 12dB/octave. Also the phase shift is doubled; it is 90° at the cutoff
frequency and rises to a maximum of 180° at very high frequencies.

Note that t