
This book is an undergraduate textbook for students of electrical and
electronic engineering. It is written at an intermediate level, with second
year students particularly in mind, and discusses analogue circuits used in
various fields, including the interfacing of microcomputer systems. Basic
electronics has been omitted so that appropriate emphasis can be given to
the design of the most popular and useful circuits. Indeed, the contents of
Chapters 3, 5, 7 and 8 are not covered together by any other single
textbook available on the market.

The author begins with a summary of the knowledge which is
prerequisite to a full study of the book. The second chapter then discusses
the operation of several basic circuits which are commonly used in most
integrated circuit chips. Other sections included in this chapter will
acquaint the reader with different types of power amplifier circuit. The
three important areas on which the book places greatest emphasis are
operational amplifier circuits and their applications, data acquisition
circuitry, and computer aided analysis and design. Oscillators, phase-
locked loops and different types of modulation are also discussed, and
particularly helpful detail is given to the important topics of phase-locked
loops and analogue filter circuits. Each chapter contains a significant
number of worked examples, and several carefully chosen problems at
various levels of difficulty are also included to help the reader gain a better
understanding of the topics under discussion.

Each topic has thus been carefully selected, and the author concentrates
on the practical details and applications of the material he covers. Both
students and practising engineers alike will therefore find this book
extremely useful and informative.
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Preface

This book is intended particularly as a text for undergraduate students of
electrical and electronic engineering at the intermediate level of a degree
course. Some material may, however, be appropriate to the final year. Each
topic has been deliberately selected and emphasis has been given to
operational amplifier circuits and their applications, data acquisition
circuitry and computer aided analysis and design. Other useful topics
which have been covered in some detail are analogue filter circuits and
phase-locked loops. A list of the prerequisite knowledge for this text is given
in the first chapter.

This book is most appropriate for students because (i) a specific subject
area, analogue circuits for more advanced students has been highlighted
and (ii) particular attention has been given to a descriptive treatment of
practical details and applications, e.g. CAD rather than theoretical
analysis, because these areas are often neglected and are essential for
practising engineers. Therefore it is hoped that students and engineers alike
will find this text useful and informative, but less analytical than many other
books presently available, and thus be able to cover a wider range of topics
within a given period of time. Several carefully chosen problems set at
various levels of difficulty are included at the end of each section to help
readers gain a better understanding of the topics under discussion.

I would like to thank my parents and my immediate colleagues both
academic and industrial for their encouragement and advice in the
preparation of the manuscript. Thanks are also due to the staff of
Cambridge University Press for their support through the many stages of
production. I am also grateful to my research assistant Paul Ling and
student Fatih Anayi for checking the problems.





1

Introduction

In recent years there has been rapid progress in electronic circuit design and
the main reason for this is the advance in digital techniques. This volume
differs from the texts which are available on the market nowadays in two
respects. Firstly it covers only analogue electronic circuits and systems;
secondly basic electronics is omitted so that appropriate emphasis can be
given to the design of the most popular and useful analogue electronic
circuits. The following are prerequisites for studying this text:

(a) P-N junction diodes: principles of operation both in the forward
and reverse mode, characteristic equation, resistance and junction
capacitance, Zener diodes.

(b) Junction transistors: principle of operation, common-emitter
(CE), common-collector (CC) and common-base (CB) configur-
ations, static characteristics, definition of active, cut-off and
saturation regions, the concept of load lines and the need for
biasing, the transistor as an amplifier.

(c) Amplifiers: voltage and current gains (Av and At), input and
output resistance (Rin and #o u t), frequency response concept, the
use of the /z-parameter model of the transistor for circuit analysis,
midband frequencies of the CE, CC and CB configurations and
calculation of Av9 Ai9 Rin and Rout for each case.

(d) Field effect transistor: principle of operation, static characteristics,
load lines, biasing circuits, use as an amplifier.

(e) Positive and negative feedback and their advantages and
disadvantages.

(f) Operational amplifiers: ideal amplifier, analysis of inverting,
noninverting, differential, buffer and summer amplifiers, use of
operational amplifiers as integrators and differentiators.

A list of books which comprehensively cover the above topics is given at
the end of this volume. Standard symbols are used throughout the text and
a glossary is included as one of the appendices.

                                                                                            
                                              

                                                            



2 Introduction

In the second chapter the operation of several basic circuits which are
commonly used in most integrated circuit chips is described. A section is
also devoted to the analysis of multistage amplifiers and the ways of
choosing the right configuration of transistor amplifiers for a particular
stage. These are included in the text in order to acquaint the reader with the
operational amplifier integrated circuit which is the building block of most
analogue circuits. The principle of operation of tuned amplifiers is briefly
explained in the penultimate section. In the last section, different types of
power amplifiers are studied. Various types of heat sinks and their use in
power circuits are also discussed in this section.

Chapter 3 deals with operational amplifiers in great detail, but at a level
higher than the introductory one which is [one of the] required knowledge,
as mentioned earlier. The circuits are analysed and designed assuming
operational amplifiers to be ideal, but in practice they are not so. In this
book, therefore, the chapter starts with the imperfections in operational
amplifiers, their effects on various operational amplifier circuits and the
ways in which readers can minimise these effects. Several widely used linear
and nonlinear circuits using operational amplifiers are discussed in the
remaining sections of this chapter. One of the major applications of
operational amplifiers is in active filters and therefore readers will find both
resistor-capacitor and switched-capacitor type active filters, which are
discussed in this chapter with design examples, rather useful. Principles of
design of waveform and function generators and also analogue comput-
ation using operational amplifiers are comprehensively studied in the next
section.

The next three chapters describe oscillators, phase-locked loops and
different types of modulation respectively. Principles of design and
operation of oscillators using transistors, operational amplifiers and quartz
crystals have been presented. The most common uses of phase-locked loops
in the field of communications and also in the field of control of motor speed
are discussed to a limited extent, with a full treatment of the theory of phase-
locked loops which will help readers to understand and design similar
circuits.

In Chapter 7, under the heading of data acquisition and distribution
systems, analogue-to-digital and digital-to-analogue conversion techni-
ques are discussed in great detail. Sample-and-hold circuits, multiplexers
and demultiplexers are also studied in great depth. Analysis of errors in
individual circuits and also in complete systems are discussed. In the age of
computerised measurement in research and in most aspects of control
systems this chapter is a significant part of the text.

The last chapter deals with computer aided analysis and design of
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electronic circuits. It describes various computer aided design models
giving special attention to the Ebers-Moll model of a transistor. Models for
bipolar junction and field effect transistors and also integrated circuits are
described. Techniques of a.c. small signal, d.c. and transient analysis of
circuits are discussed with the help of examples. Several commercially
available computer programs are also discussed. Two widely used software
packages are described with the aid of circuits and their analyses in order to
make students familiar with the procedure for drawing and analysing
various active and passive circuits.

To summarize it can be said that this volume on analogue electronic
circuits and systems has been written mainly keeping in mind the
requirements of undergraduate students at the intermediate level. Practis-
ing engineers interested in various aspects of analogue electronic circuit
design will also find this text informative.



Transistor circuit techniques
and amplifiers

Objectives
At the end of the study of this chapter a student should be:

1. familiar with the operation of the differential amplifier, its voltage
gain, common-mode gain and common-mode rejection ratio

2. familiar with constant current sources and current mirror circuits
3. capable of explaining the principle of Darlington connections
4. able to design level shifting circuits
5. familiar with multistage amplifiers and able to calculate their input

and output impedances and overall current and voltage gains
6. able to design class A, class B and tuned amplifiers
7. familiar with different types of heat sinks and able to choose the

right heat sink for a particular circuit

2.1 Linear integrated circuits
Complete multistage amplifiers and other linear devices can be

constructed on a single chip of silicon occupying a very small volume by
using modern techniques for the fabrication of integrated circuits. In the
case of monolithic integrated circuits, all components may be manu-
factured on the chip by a diffusion process. A diffusion isolating technique is
used to separate the various components from each other electrically. The
design techniques used for the construction of these integrated circuits are
basically the same as those used to build circuits employing discrete
components, although, in many cases some modification in techniques is
needed.

The operational amplifier is the most common type of integrated circuit
(small scale integration) which is widely used with different forms of
external circuitry to build summers, subtractors, integrators, filters, etc.
Audio amplifiers, timers, modulators and frequency dividers are only a few
among many other types of integrated circuits.

In this section, the operation of several basic circuits which are
commonly used in integrated circuits are described.



Linear integrated circuits

Fig. 2.1. Basic differential amplifier.

o+Vc<

© -VF,

2.1.1 Differential amplifiers
One of the basic circuits used in operational amplifiers is the

differential amplifier. This forms the basis of practically all operational
amplifiers. Also known as the long tailed pair, one of its advantages is that
its gain tends to be very stable if any variations in supply voltage or ambient
temperature occurs.

The basic form of the differential amplifier is shown in Fig. 2.1. It consists
of two identical bipolar transistors coupled at their emitters. The collector
resistors, connected between the positive voltage supply rail and the
collectors of the transistors, are of the same value, Rc. Two input signals are
applied to the bases of the two transistors Qi and Q2 with respect to ground
and the output is usually obtained from either of the two collectors, again
with respect to ground.

Differential voltage gain
The differential voltage gain, Ad is the ratio of the output voltage to

the difference between the input voltages applied to terminals Bx and B2. If
the output voltage is obtained from either of the two collectors with respect
to ground, then the ratio gives the single-ended differential voltage gain
Ad{s). If the output voltage is the difference between the two collector
voltages then the ratio yields the double-ended differential voltage gain

In order to find the single-ended differential voltage gain Ad{s) of the
circuit let us apply a very small voltage vd between the two bases Bx and B2.
Since the circuit is fundamentally symmetrical and the total emitter current
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Fig. 2.2. Small signal equivalent of the differential amplifier circuit.

/hi C\ C2 fb2

is constrained to be constant by a large RE, we may assume that the
potential of the base Bx rises by vd/2 while that of the base B2 falls by vd/2
thus increasing the collector current of Qi by a small amount and at the
same time reducing that of Q2 by an equal amount. The voltage across RE

remains constant. Figure 2.2 shows the small signal equivalent of the
differential amplifier circuit in which the resistor RE has been omitted since
the voltage across it is constant. From the figure we may write

therefore the output voltage at terminal C1 is given by

where /? is the common emitter current gain, and rn is the base-emitter
resistance.

From (2.2) the single ended differential voltage gain is therefore,

^ r « 1 I^Rr QmRp ,* ~x

where gfm is the transconductance.
Similarly we may find that the single-ended differential voltage gain at

terminal C2 is

a(s) vd vd vd2rn 2

We observe from (2.3) and (2.4) that the voltage gains obtained at the two
collectors are identical in magnitude but differ in phase by 180°.

The double-ended differential voltage gain is given by
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Thus the double-ended differential voltage gain is twice the single-ended
differential gain.

Common-mode gain

The common-mode gain, Ac, is defined as the ratio of the output
voltage at either of the two collectors to the input voltage applied
simultaneously to terminals Bx and B2. If we now apply the same voltage vc

to both the bases of transistors Q1 and Q2 then the transistors with their
respective loads are effectively in parallel. The small signal equivalent for
the circuit will be as shown in Fig. 2.3. In this case the current flowing
through the resistor RE changes with the variation in vc and thus remains in
the equivalent circuit. The latter can be further simplified to the circuit
shown in Fig. 2.4. We may write from this figure

and

Fig. 2.3. Equivalent circuit for common-mode voltage gain.

Fig. 2.4. Simplified equivalent circuit for common-mode voltage gain.

B i , B 2 2/b CX,C2
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Thus the common-mode gain

n

Since gm= — and j8» 1

Also

gmRE»l, :. A*--^- (2.8)

It should be noted that the common-mode gain is the same in magnitude
and phase for both outputs, vol and vo2.

Common-mode rejection ratio

The common-mode rejection ratio is a useful figure of merit for the
performance of a differential amplifier. It is defined as the ratio of the
differential gain to the common-mode gain and gives a qualitative measure
of the ability of a circuit to respond to difference signals while being
insensitive to common-mode (in-phase) signals such as electrical noise. The
common-mode rejection ratio (CMRR) may be calculated from (2.3) and
(2.8).

CMRR^-^/-^mRE (2.9)

It is apparent from (2.9) that a high value of the resistor RE will give a
large CMRR, but it should be remembered that any increase in resistance,
for a fixed supply voltage will reduce the collector current Ic and hence the
value of gm* Therefore, in order to obtain a large CMRR it is necessary to
increase the value of RE and, at the same time, to increase the supply voltage
so that the collector current preferably remains unchanged. This may be
achieved by connecting the emitter resistance to a negative supply voltage
of a larger value. The CMRR may be further improved by substituting a
constant current source for the resistor RE in Fig. 2.1.

Worked example 2.1

What is the common-mode rejection ratio of the ideal differential
amplifier shown in Fig. 2.1, if Rc = 1.5 kQ, RE = 1 kQ and both the collector

* nm= —Ir Siemens.
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currents are 1.5 mA? If the input terminal B2 is grounded and a sinusoidal
signal of 3.5 mV RMS is applied to the input terminal Bl9 then which output
terminal would give a non-inverting gain? What would be the output
voltage of the amplifier at that terminal? Assume that the circuit works in
an environment having a temperature of 27 °C.

Solution
The transconductance of the transistors at a temperature of 27 °C

is

q T 1 .6xl0- 1 9 xl .5xl0" 3

g- = kfh= 1.38xlO-"x3OO

Therefore, from (2.9),

CMRR - gmRE = 0.058 x 1 x 103 = 58

or

= 201og10CMRR =

By observing (2.4) it can be said that the terminal C2 gives non-inverting
gain.

Again using (2.4) the output voltage at this terminal can be calculated to
be

= 0.15 volts

Worked example 2.2
Transistors Qx and Q2 of the circuit in Fig. ex.2.2 are matched and

each has /? equal to 85. Find (a) the d.c. output voltages Vol and Vo2, (b) the
single-ended differential voltage gain and (c) the double-ended differential
voltage gain. If the collector output resistance of Q3 is 300 kQ, also find the
common-mode rejection ratio. Assume that the circuit works in an
environment at a temperature of 18 °C.

Solution
The voltage at the base of g3,

Therefore the voltage at the emitter of <23,

VE3= - 3 - 0 . 7 - -3.7 V
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Fig. ex.2.2

-12V

and the emitter current of Q3,

/ F , = : —̂ = 1.012 mA.
E3 8.2 xlO3

Hence

P . 85

Again

or

= lmA.

2 /J

8 5 1 - 0 1 2 x 1 0 "' c i - ' ca -y^ y-YT85 2

The d.c. collector voltages are, therefore,

Vol = Vo2 = 12-0.5 x 10~3 x 8.2 x 103

= 7.9 volts.

0 5 m A

-0 .5mA.
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From (2.3) the single-ended differential gain,

0m#c _ - 1 . 6 x l 0 " 1 9 x 0 . 5 x l 0 - 3 x 8 . 2 x l 0 3

^d(s) - ~ 2 = 1.38 x l O " 2 3 x 291x2

= -81.67

From (2.5) the double-ended differential gain,

A — — n R — — 1 6 ^ 4

The effective KE = (3OO + 8.2) x 103

= 308.2 kQ

Therefore from (2.9) the common-mode rejection ratio is

1 . 6 x l 0 " 1 9 x 0 . 5 x l 0 ~ 3

1 1.38 x l O " 2 3 x 291

= 6139.6

x 308.2 x 103

or

CMRRdB = 201og10 6139.6 = 75.8 dB

2.1.2 Constant current sources
Current sources are as important and as useful as voltage sources.

They are widely used as emitter sources for differential amplifiers and also
to bias transistors. The simplest approximation to a current source is a
resistor in series with a voltage source. However, in order to obtain a closer
approximation to a true constant current source from a finite supply
voltage a transistor has to be used. Figure 2.5 shows some examples of

Fig. 2.5. Different types of current sources.

cfVcc

[a) (b) (c)
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transistor current sources. The base potential can be provided in a number
of ways using a voltage divider, a Zener diode or a few forward biased
diodes in series, as shown in the diagram. In all cases a constant current is
provided, but the range of load voltage depends on the biasing resistors, the
Zener diode and the number of diodes. The base potential, FB, of the
circuits in Figs. 2.5(a) and (b), is fixed at a voltage very much greater than
the base-emitter 'on' voltage of the transistor. By observing Figs. 2.5(a) and
2.5(b) we may write

' E ~ 'B~ ^BE(ON)

KE

But, since IE ~ Ic for large ft

KE (2.11)

So the collector current is independent of the collector voltage, as long as
the transistor is not saturated, i.e. the collector voltage is greater than
VE + FCE(sat). Since F B » F B E any variation in FBE due to temperature
change (typically 2mV/°C) will have negligible effect on the collector
current.

In the circuit in Fig. 2.5(c) the base potential should be less than the
emitter voltage VE by the amount KBE(ON), so that the transistor keeps
conducting. Now the collector current is given by

*c — i E — p — 7T-
KE KE

MX "" L MX ~~ n ^BE(ON) + ^BE(ON) J (w ~~ 1) ^BE(ON) /'-i 1 ^ \
~ ^ - ^ ( 2 ' 1 2 )

K E # E

where n is the number of diode-connected transistors. Thus the collector
current in this case is also independent of the collector voltage.

A voltage-programmable current source may be obtained by applying a
varying voltage at the base of the transistor. The swing of this input signal
must be small enough so that the emitter voltage never reaches zero
potential. Then the output current of the current source will be propor-
tional to the input voltage.

2.1.3 Current mirrors
Current mirrors are very popular in integrated circuits and are

made using the matched base-emitter technique which works as follows. In
the basic circuit, shown in Fig. 2.6, the transistor Q2 acts as a diode with a
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Fig. 2.6. Basic current mirror circuit.

base-emitter voltage VBE across it. The base-emitter voltage of transistor Ql

is also equal to VBE. Transistors Q t and Q2 are identical and have similar
variations of VBE and ft with temperature; and since their bases are at
identical potentials, their collector currents will also be equal. If the current
gain p of the transistors is very large, then we can neglect the base currents
and write

BE (2.13)

If the current gain ft of each transistor is small, we cannot neglect the base
currents, and in this case the collector currents

in = In = ~ ^R

V V ?/
* C C ' B E Z i C l

or,

or,
R

(2.14)

From (2.14) it can be noted that the value of collector current IC1 is now

less than that of the current / by an amount -—-• /.
jS + 2
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Fig. 2.7. Modified current mirror circuit.

This can be compensated by deriving the base currents for transistors Qx

and Q2 through an emitter follower as shown in the modified circuit in Fig.
2.7. The emitter follower comprises the transistor Q3 and the resistor R5,
and its collector current is of similar order to those of the base currents
of the transistors Qt and Q2. Resistors R3 and R4 have equal values. From
the figure it can be noted

'B2

Again / B 2 > ^ B 3 - Therefore, / C 2 » ^ B 3 - Hence

(2.15)

When R3 has a different value to R4, the collector currents of the transistors
Qx and Q2 will be in the ratio of the two resistors.

In resistorless integrated circuit-operational amplifiers the operating
current of the whole amplifier may be set by one external resistor only,
which is R2 in our case, with all the quiescent currents of the individual
amplifier stages inside being controlled by current mirrors. For the simple
circuit of Fig. 2.6 a suitable value of R2 can be determined from the
knowledge of Vcc and the current needed by the load which is Rx.

Current mirrors can be expanded to source current to several loads as
shown in Fig. 2.8. If n matched transistors are used in the circuit, it can be
shown that the collector currents

n-l~lc — * P + n (2.16)
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Fig. 2.8. Multiple repeater circuit.

15

Worked example 2.3
The circuit of Fig. ex.2.3 is part of an integrated circuit. All the

transistors in the circuit are identical each having a current gain of 110.
Determine the value of R if the collector currents of Q2, Q3, Q4 and Q5 have
to be equal to 2.9 mA. The base-emitter 'on' voltage of all the transistors is
0.7 volts.

Solution

Since all the transistors are identical

From (2.16)

9-0.7

3.03 x lO" 3 =2.74kQ.
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Fig. ex.2.4

+ 12V

+ 12 Vo

- 1 2 V

Worked example 2.4
Transistors Q1? Q2, 2 3 and ^4 in the circuit of Fig. ex.2.4 are all

identical and each has a current gain of 55. Find the d.c. output voltages at
terminals Bx and B2. The base-emitter 'on' voltage of the transistors is 0.7
volts.

Solution
The transistors Q3 and Q4 form a current mirror. Therefore

Again

Thus

1CA lC?>

(2 + P)

12 —( — 12)—0.7 55
10 x 103 2 + 55

= 2.25 mA

' C 4 2.25
xKT 3=1.125xl(r 3A
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-J F 1 = 1.105 mA
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.-. Vm = VB2 = 12-4.7 x l 0 3 x l . 105 x l O " 3 = 6.8 V

2.1.4 Darlington connection
If we connect two transistors together as shown in Fig. 2.9, the

configuration is called a Darlington pair. It behaves like a single transistor
with an effective current gain approximately equal to the product of the
current gains of the two transistors. The base-emitter 'on' voltage of the
pair is twice the base-emitter 'on' voltage of a single transistor and the
saturation voltage is greater than that of a single transistor by an amount
equal to the base-emitter 'on' voltage. If a small signal current I{ is input to
the base, the collector current of transistor Qx is fi1lx and the emitter current
is (/?! + l)/j. The latter becomes the base current of transistor Q2 and hence
the collector current of Q2 is /?2(/?i + 1 )h • Thus the total collector current of
the Darlington circuit is

Therefore this circuit can be very useful in high-current stages where a large
gain is required, e.g. at the output stages of power amplifiers or in voltage
regulators. For a typical power Darlington transistor the current gain can
be 5000 at a collector current of 10 amperes.

Another interesting application of the Darlington circuit is as an emitter
follower. It provides an excellent buffering between a high impedance
source and a low impedance load.

Fig. 2.9. Darlington circuit.
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Small signal effective input and emitter resistance
The a.c. resistance looking into the base of Q2 of the circuit in Fig.

2.9 is given by

rin2-P2re2 (2.18)

where re2 is the small-signal base-emitter resistance of Q2. We can say

kT

Since re = — for small-signal models. Therefore the small-signal base-

emitter resistance of Ql9

kT kT B?kT „

From Fig. 2.9 we may observe that the effective input resistance of the
Darlington pair is

rin = P1(rel+rin2) (2.20)

Substituting for rel and r in2 in (2.20) from (2.19) and (2.18) respectively, we
obtain,

'in = PilPira + 02re2] = 2/J1/J2re2 (2.21)

The effective emitter resistance can now be obtained from (2.21)

re = JJ = » p = 2r*2 (2.22)

Darlington pairs are usually fabricated on a single chip and Qx and Q2 have
the same characteristics. Therefore we may assume Pi=P2 = fi.

Darlington pairs are available commercially constructed on a single
chip, as single packages, usually with a resistor connected across the base
and emitter of Q2 as shown in Fig. 2.10. Resistor R prevents leakage current
through transistor Q1 from biasing Q2 into conduction. Its value is so
chosen that when the combination is off, the leakage current of transistor
Qx produces a voltage drop across resistor R which is smaller than the base-
emitter 'on' voltage of transistor Q2; again when the combination is on, the
current through resistor R is small compared to the base current of
transistor Q2. The leakage current in small-signal transistors is of the order
of nanoamperes and in power transistors it is as much as hundreds of



Linear integrated circuits

Fig. 2.10. Improved Darlington circuit.

C

19

Bo-
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microamperes. Therefore for a small-signal transistor Darlington R might
have a value of a few thousand ohms and for a power transistor Darlington
a few hundred ohms.

Worked example 2.5
A Darlington pair draws a collector current of 2 mA. If the current

gains of the two transistors are 75 and 100, find the total current gain and
the effective input and emitter resistances at a room temperature of 27 °C.

Solution
The total current gain P = ftlp2 = 15 x 100 = 7500. From (2.21) the

effective input resistance

kT kT

_2x75xlQ0xl.38xlQ-2 3x300
" 1 .6xl0" 1 9 x2xl0" 3

From (2.22) the effective emitter resistance

rin 194000

= 194kf2

7500
= 25.8Q



20 Transistor circuit techniques and amplifiers

Worked example 2.6
The quiescent collector current is 10A for the power transistor

Darlington shown in Fig. ex.2.6. The gains of transistors Q1 and Q2 are 200
and 100 respectively. Find a suitable value for R, if the leakage current of Q1

is 0.2 mA and the base-emitter 'on' voltage for Q2 is 0.7 volts.

Fig. ex.2.6

or

Solution

When the Darlington pair is OFF,

^leakage x ^ < ^BE(ON)

F B E ( Q N> = °-7 = 3.5kQ
leakage 0.2 x l O " 3

When the Darlington pair is ON, the current through R,

IR«IB2

So we may neglect /R and have

/Ci+/c2 = 10

/ -\-1 = /

JC1 = 2OOJB1

and

JC2 = 100JB2

(1)

(2)

(3)

(4)
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From (2) and (3)

201 JB 1=JB 2 (5)

and from (1), (3), (4) and (5)

200 JB1 +100x201 x / B 1 = 10

or

from (3)

2000
/ c i = 2 0 l m A

Therefore from (2)

2010

°2 20.3

Again when the Darlington pair is ON,

Hence

2.1.5 Level shifting circuits
In integrated circuits the use of coupling capacitors is always

avoided and to offset any direct voltage level present between say, two
amplifier stages, other methods are employed. One of these methods is to
use a potential divider connected between the output and the supply rail as
shown in Fig. 2.11. Resistors Rl and R2 lower the direct voltage level of the

Fig. 2.11. Basic level shifting circuit.

o ^ —

\R?
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output signal but, at the same time attenuate the a.c. signal. If we assume
that the output of the first stage consists of a signal vol superimposed on a
direct voltage Vol and choose resistors Rx and R2 such that the input to the
second stage has no direct voltage superimposed on the a.c. signal vi2, then
we may write

BB
ol

or

Again,

R2

Vol-VB

(2.23)

(2.24)

This shows that the attenuation of the signal uol can be reduced by making
VBB»Vol. In practice, however, the magnitude of FBB is limited and a
considerable attenuation occurs.

In order to keep the attenuation of input signals as low as possible we use
two transistors in the level shifting circuit as shown in Fig. 2.12. Transistor
Qx operates as an emitter follower, whereas, transistor Q2 in series with the
resistor R2 forms a constant current source since the base of transistor Q2 is
held at a constant voltage, FB, by connecting transistor Q3 as a diode. The
voltage drop across the resistor Rx removes any offset direct voltage which
would have existed at the input of the second stage otherwise. The output
resistance of the current source is very large and hence the attenuation of

Fig. 2.12. Level shifting circuit with transistors.

> v 0
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Fig. 2.13. Level shifting circuit with diodes.

23

Represents diode-connected transistors

the output signal of the first stage is very small. In this circuit the base-
emitter voltage of Q3 is equal to that of Q2 together with the voltage drop
across R2. The difference in the base-emitter voltage of Q2 and Q3 defines
the collector current of Q2.

Another technique of introducing a direct voltage level shift is to replace
the resistor R1 by n forward-biased diode-connected transistors as shown in
Fig. 2.13. This will produce a level shift of approximately n x 0.7 V.

Worked example 2.7
The input signal v1 to the circuit of Fig. ex.2.7 has a d.c. level of 3.5

volts. What will be the value of Rx so that the mean voltage at the output is
zero?

Fig. ex.2.7

0.7 V

12V

>-10V
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Solution

Transistors Q2 and Q3 form a current mirror. The d.c. current / is

0 - [ - 1 0 - (-0.7)]/39 xlO3 = 0.24mA

R1 = (3.5-0J)/0.24xl0-3

= 11.67kQ

2.2 Cascaded amplifier stages
In many applications, an amplifier with a single transistor cannot

provide all the gain that is required to drive a particular type of load.
Several amplifier stages may be needed to amplify the input signal to a
sufficient level. The output of one stage is normally connected to the input
of another, and the stages are said to be in cascade. Sometimes amplifier
stages of different configurations are cascaded to provide source and load
impedances of a required magnitude.

To analyse an amplifier circuit with two stages in cascade, we may make
use of the voltage gain Ay, the current gain Ai9 the input impedance Zx and
the output admittance Yo of each stage in terms of the hybrid parameters of
the transistor used in that stage.

The hybrid parameters of a two-port device can be derived by
considering the diagram shown in Fig. 2.14. The terminal behaviour of the
device can be described by the two voltages and two currents. If we choose
the current ix and the voltage vl as the independent variables and assume
that the device is linear, we may write,

v1=hii1-{-hrv2

i2 = hfi1 + h0v2

where

hx is the input resistance with the output short circuited
hT is the reverse open-circuit voltage gain
/if is the short-circuit current gain

and

ho is the output conductance with the input open circuited.

Fig. 2.14. Two-port devices.
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Fig. 2.15. (a) Common-emitter, (b) Common-base and (c) Common-
collector configurations.

(b)

(c)

Since transistors can be connected in various configurations as two-port
devices (common-emitter, common-base or common-collector, see Fig.
2.15), and the values of the hybrid parameters vary from one configuration
to another, it is convenient to add another subscript (b, e or c) to the above
notations of the hybrid parameters to designate the type of configuration.
These parameter values are usually obtained from the manufacturers' data
sheets.

For small-signal analysis of a single stage transistor amplifier, the voltage
gain i4v, the current gain Al9 the input impedance, Zx and the output
admittance, Yo, are respectively given by

\ ^

hA (2.25)

where ZL is the load impedance and Rs is the source impedance.
Taking into account the source impedance, the current amplification is

given by

(2.26)

and the voltage amplification is given by

(2.27)
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Fig. 2.16. Multistage amplifier.

Let us now consider a two stage amplifier circuit shown in Fig. 2.16. The
first stage is connected in a common-emitter configuration and the second
stage is connected in common-collector configuration. From (2.25) we may
note that the current gains have to be found before the input impedances or
the voltage gains of the stages can be calculated. Again since the load
impedance of the first stage can not be computed until we know the input
impedance of the second stage, it is logical that we start analysing the circuit
with the second stage.

Input impedance of cascaded amplifiers
The small-signal equivalent circuit of the cascaded amplifier of Fig.

2.16 is shown in Fig. 2.17. Since the second stage is connected in common-
collector configuration, the current gain, the input impedance and the
voltage gain of this stage may be written in the following forms using (2.25),

*e2

Ib2 l+hocRE

(2.28)

(2.29)

Fig. 2.17. Small-signal circuit Qf the multistage amplifier.

r , J b l .
A S - •Alje

%\
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and

Ayl= — =Al2— (2.30)
2 i2

Now let us consider the first stage. The load impedance RL1 of this stage
is the parallel combination of the collector resistance Rc and the input
impedance of the second stage Rl2. Thus

(2.31)

Now the current gain of the first stage is

IC1 —hfe

and the input impedance of the first stage, which is the input impedance of
the amplifier, is

(2.33)

Output impedance of cascaded amplifiers

The voltage gain of the first stage is given by

^ 1 = ^ 1 1 ^ (2.34)

and the output impedance of transistor Q1 is

= \-r-~ (2.35)

oe *

Since this impedance is in parallel with the resistor Rc, the output
impedance of the first stage is

Now the effective source impedance of transistor Q2 is #s2 = ^oi a n d its
output impedance,

, _ nfcnTC

°c~h R'

(2.37)
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The output impedance of the amplifier is, therefore, given by

Overall current gain
The overall current gain is the ratio of the emitter current of the

second stage to the base current of the first stage and from Fig. 2.17 we have

A _ e 2 _ e 2 . c l . b 2

^bl *b2 *bl ' c l

= -Al2An
I^=Al2An—^— (2.39)*

Overall voltage gain
The overall voltage gain is simply obtained by multiplying the

individual voltage gain of each stage of the amplifier.

A v = AylAyX (2.40)

If we take the source impedance into account, the current gain becomes

Kn+Ks

and the voltage gain of the amplifier becomes

(2.42)

It was mentioned earlier that the values of hybrid parameters of a specific
transistor vary from configuration to configuration, see Table Al in
Appendix A. So we can say by examining (2.25) that different transistor
amplifier configurations have different values of voltage gain, current gain,
input impedance and output impedance. Assuming & s = l k Q and
RL = 4.7kQ, and using Table Al we may find the values of various
quantities which may be used to choose the right transistor configuration
for a particular stage in multistage amplifier circuits. These are shown in
Table 2.1.

The factors governing the choice of transistor configuration for different
stages within an amplifier are given below but we must remember that they
are only guidelines and the choice may vary from one circuit to another.

* (/cl+/b2)*c=-/b2-*i2
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Table 2.1. Input and output impedances and current and voltage gains of various
transistor amplifier configurations

Quantity Common-collector Common-base Common-emitter

i 46
v 0.99
i 215 kQ

41 Q

0.98
201
23 Q

1.3 MQ

- 4 5
-201
1047 Q

55 kQ

Input Stage. The frequency response of the source whose signal is to be
amplified may depend upon the impedance into which it operates. Some of
the sources need essentially open-circuit or short-circuit operation. In such
cases the common-collector or common-base configuration is used
although they may not provide the necessary voltage or current gain. From
Table 2.1 we may notice that the common-collector configuration has a
high input impedance, whereas, the common-base configuration has a low
input impedance. The former circuit has, in addition, a low output
impedance and is widely used as a buffer stage between a high-impedance
source and low-impedance load. The common-base configuration is used
to match a very low-impedance source and also is used as a constant-
current source in many applications.
Intermediate Stage. Table 2.1 also shows that the voltage gain of a
common-collector configuration is less than unity. Hence we may not
increase the overall voltage amplification by cascading such configurations.
Again the voltage gain of two or more common-base circuits in cascade is
about the same as that of the last stage alone. This can be verified as shown
below,

hfb<i

So

(2.43)

Again, the voltage gain of the first stage is given by

Now if we make the first and second stages identical, then Rn=Ri2 and
from (2.44) we may write
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For a single stage the current gain is less than unity, so

v4v<l

Therefore this configuration is seldom used in cascaded form.
The only remaining configuration is the common-emitter type and since

its current gain is much greater than unity, a large voltage amplification can
be achieved by cascading such stages. So, in the intermediate stages of an
amplifier, where a large voltage gain is a requirement, transistors may be
connected in the common-emitter configuration.
Output Stage. In many applications an amplifier is required to drive a low
impedance load. In such applications, by examining the Table 2.1, we may
say that the common-collector configuration is the one which could be used
for the output stage, because it has a very low output impedance.

Frequency response

In practice, the individual stages of a multistage amplifier may
have some lower cutoff frequencies that are equal in magnitude, and others
which are not. The same applies to the upper cutoff frequencies. For the
special cases where all stages of a multistage amplifier have identical lower
cutoff frequencies or identical upper cutoff frequencies, the overall cutoff
frequencies may be obtained as follows.
Lower cutofffrequency,fLioyeTall). The voltage gain of a single stage amplifier
is given by

A

where/L is the lower cutoff frequency.
Therefore, the gain of an amplifier with n identical stages,

L , ( 2 ' 4 5 )

where /L(Overaii) is the overall lower cutoff frequency. Thus in the lower
frequency range the overall gain of the amplifier drops by a factor of 1/̂ /2
(3dB)at/=/L(overa l l ) .*
Upper cutoff frequency J^^^y The voltage gain of a single stage amplifier
is also given by

A
u

where fv is the upper cutoff frequency.
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Fig. 2.18. Frequency response of a multistage amplifier.

/ /L A \ Frequency

In a similar fashion as above, the gain of an amplifier with n identical
stages will be

where/U(overall) is the overall upper cutoff frequency. Therefore in the upper
frequency range the overall gain becomes 1/̂ /2 at/=/U(overaU).t

By examining (2.45) and (2.46), we may say that the overall lower
cutoff frequency becomes larger as the number of individual stages is
increased. At the same time the overall upper cutoff frequency becomes
smaller. Hence the bandwidth becomes narrower. The overall frequency
response falls off along asymptotes having slopes 20n dB/decade at
frequencies outside the midband range (Fig. 2.18). If the lower cutoff
frequencies of the individual stages are not similar in magnitude, the overall
lower cutoff frequency is approximately equal to the largest of the stage
lower cutoff frequencies. Again if the upper cutoff frequencies of the
individual stages are not similar in magnitude the overall upper cutoff
frequency is approximately equal to the smallest of the stage upper cutoff
frequencies. In these cases calculation of the overall cutoff frequencies is
very difficult and should be found out experimentally or with the help of a
computer.

Worked example 2.8
In the two-stage amplifier shown in Fig. 2.16, the transistor

parameters at the corresponding quiescent points are

/iie=1.4kQ, /zfe=100, hre = 2x 10"4,

/ioe = 2 x l 0 ~ 5 S , /iic = 1.4kQ, fcfc= —101,

h T C = l a n d h o c = 2 x l 0 ~ 5 S

t / =
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Find the input and output impedances of the circuit and also the overall
current and voltage gains. Given, K s = l k Q , RE = Rc = 4.1kQ.

Solution

From (2.28) the current gain of the second stage

f c - 1 0 1
A

12
12 l+hocRE l + 2 x l 0 ~ 5 x 4 . 7 x l 0 3

= 92.3

Hence from (2.29) the input resistance of the second stage

R.2 = hic + hTCAl2RE = 1.4 x 103 + 1 x 92.3 x 4.7 x 103

= 435.2 kQ
and from (2.30) the voltage gain of the second stage

RE _ 4.7 xlO3

V 2 ~ U^2~ ' X 435.2 xlO3

= 0.997

From (2.31) the load resistance of the first stage

RcRi2 _ 4.7 x l 0 3 x 435.2 xlO3

L1 ~ Rc + Rl2 " (4.7 + 435.2)103

= 4.65kQ

From (2.32) the current gain of the first stage

hfe -100
1 1+^oe^Li l + 2 x l 0 " 5 x 4 . 6 5 x l 0 3

= -91.49

From (2.33) the input resistance of the first stage

Rn =hie + hreAnRL1 = 1.4 x 103 + 2 x 10"4 x (-91.49) x 4.65 x 103

= 1.315kQ

Hence the voltage gain of the first stage

4.65 x 103

= -91.49 x
^ 1 3 1 5 x l 0 3

= -323.5
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From (2.35) the output resistance of Ql

1

h{ehTe

1 - r - = 85.71 kQ

2 x 1 0 - ' -
1.4xl03 + l x l 0 3

Therefore the output resistance of the first stage

RcRol 4.7 x l 0 3 x 85.71 xlO 3

, _
o l ~

Rc + Rol ~ 4.7 xlO 3 +85.71 xlO 3

Again the output resistance of Q2, from (2.37)

1 1

fc rc 2 x l O ~ 5

>c h i c + R'ol 1.4 xlO 3 +4.45 xic ol lO3

= 57.9Q

Hence the output resistance of the amplifier

57.9 x 4.7 xlO 3

R,__
Ro2 + RE 57.9 + 4.7 x 103

= 57Q

From (2.39) the overall current gain

4.7 x 103

= -91.49 x 92.3 x
4.7 x lO 3 + 435.2 xlO 3

= -90.2

From (2.40) the overall voltage gain

AW = AY2AY1 =0.997 x -323.5

= -322.5
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2.3 Tuned amplifiers
In many applications an amplifier is required to amplify a narrow

band of frequencies centred about a certain frequency. Any signal
containing only frequencies outside this band must not be amplified. Tuned
amplifiers serve this purpose and are obviously very important in fields that
depend on the simultaneous transmission of several channels of inform-
ation. In radio broadcasting, several stations may simultaneously transmit
signals in the same general geographic area and each station then uses a
different carrier frequency. A radio receiver selects only one of these signals
and this particular ability of the receiver is the key factor in radio
communication. The same general idea is used in television receivers, two-
way radio communications, long-distance telephone systems and also in
the field of satellite communications. A tuned amplifier circuit is shown in
Fig. 2.19. At resonance, the impedance of the tuned circuit may range from
several kilohms up to a few megohms, depending on the components used.

Practical inductors can be represented by a resistance in series with a
pure inductor and therefore, the tuned circuit of the amplifier shown in Fig.
2.19 can be redrawn as shown in Fig. 2.20. The Q of the circuit, which
compares the energy stored to the energy dissipated per cycle, is equal to
a>L/R. When the circuit is at resonance

Qo = R
(2.47)

where co0 is the resonant frequency and is equal to l/^/fLC).

Fig. 2.19. Tuned amplifier.

+ vcc

o vout
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Fig. 2.20. Tuned circuit.

The impedance of the tuned circuit of Fig. 2.20 is given by

R+jcoL

-co2CL+](oCR + \
(2.48)

Using (2.48) we may plot the magnitude of the impedance of the tuned
circuit as a function of frequency for various values of Q as shown in Fig.
2.21. It is obvious from the plot that if a constant current enters the tuned
circuit at resonant frequency then a large voltage will develop across the
circuit. At other frequencies the developed voltage will be considerably
smaller.

Again for an inductor with a high value of Q the series RL circuit
representing the inductor is equivalent to a parallel RL circuit over the
frequency band of interest as shown in Fig. 2.22. It can be verified by finding
the admittance of the series circuit

Y=
1 R-jcoL R

R+)coL R2 + co2L2 co2L2

and the admittance of the parallel circuit

p RP }coL

Fig. 2.21. Magnitude of impedance
as a function of frequency.

]
1

(2.49)

(2.50)

Fig. 2.22. Coil of the tuned
circuit.

•u
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Fig. 2.23. Equivalent circuit of the tuned amplifier.

Pk

r0M U P L

Comparing (2.49) and (2.50) we obtain

co2L2

RP =
R

= coLQ*

We may rewrite (2.51) for O) = CD0 as follows,

(2.51)

(2.52)

Now we may draw the equivalent circuit of the tuned amplifier as shown
in Fig. 2.23. The equivalent resistance of the resonant circuit is given by

^eq — ^p/ / r out (Z.JJ)

where rout is the output resistance of the transistor. The effective Q of the
circuit will now be

(2.54)

An expression for the voltage gain of the amplifier can be found by
observing the equivalent circuit

A = (2.55)

where ZL is the collector load impedance and the magnitude of the gain will
be

\A\ =

At resonance, the peak gain occurs and it is given by

A -

coL
* Usually Q is very high for tuned circuits: Q= — »1.0.

(2.56)

(2.57)
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It can be shown with the help of (2.56) and (2.57) that the bandwidth
between 3-dB frequencies for a high Q circuit is

fv-fL = BW=fo/Qef{ (2.58)

where fo is the resonant frequency,/L is the lower cutoff frequency and/u is
the upper cutoff frequency. We may observe from (2.58) that a higher Q
leads to a narrower bandwidth.

Worked example 2.9

In the circuit of Fig. 2.19 the resonant circuit has a Q of 100 and an
inductance of 60/iH. The output resistance of the transistor is 40 kQ. If
rx = 200Q, rw = 2.5kQ, Rs = 3kQ, jS = 75 and / o = l MHz, find (a) the
effective Q, (b) the gain at resonance and (c) the bandwidth of the amplifier.

Solution

From (2.52)

RP = Qco0L= 100 x 2TT x 1 x 106 x 60 x 10"6 = 37.68 kQ

From (2.53)

37.68 x 40 xlO6

- e q = - P / / r o u t - ( 3 7 6 8 + 4 ( ) ) x

(a) From (2.54)

= 19-

(b) From (2.57)

= - j8H< q = - 7 5 x l 9 . 4 x l O ^
res r + r + R 200 + 2500 + 3000

(c) From (2.58)

f 1 x 106

= 19.42 kHz
Qeff 51.5

2.4 Power amplifiers
A power amplifier is often the last, or output, stage of an

amplifying system and is designed to deliver a large amount of power to a
load, whereas, the first few stages of an amplifying system, as mentioned in
Section 2.2, may be designed to provide voltage amplification, or to provide
buffering to a high impedance signal source. Power amplifiers are widely



38 Transistor circuit techniques and amplifiers

used in public address systems, high-fidelity systems, and radio and
television receivers. In these applications, the load is usually a loudspeaker.
Power amplifiers are also used in electromechanical control systems to
drive electric servo motors.

There are several types of power amplifiers. The class A type conducts
load current continuously during the complete cycle of a periodic input
signal, and the output signal developed is always proportional to the input
signal. A class B amplifier uses two transistors to drive a load. One
transistor amplifies positive signal variations and the other amplifies
negative signal variations, and the amplifier output is the combination of
the waveform obtained from these two transistors. A class C power
amplifier is one that conducts load current during less than one-half cycle of
an input sine wave. It is extensively used in high frequency applications,
such as radio-frequency transmitters.

2.4.1 Class A amplifier
A common-emitter amplifier that supplies power to a resistive load

RL is shown in Fig. 2.24. In the figure ic, iB and vc represent the total
instantaneous collector current, the total instantaneous base current and
the total instantaneous collector-to-emitter voltage respectively. The
quiescent values of the collector current, the base current and the collector-
to-emitter voltage are given by / c , 7B and Vc respectively. Again the
instantaneous variation of the corresponding quantities from the quiescent
values are represented by iCQ, iBQ and i;CQ respectively.

The static output characteristics of the amplifier and the current and
voltage waveforms are shown in Fig. 2.25. The load line for the circuit
passes through the point ic = 0,vc= Kcc, and ic = KCC/KL, vc = 0. That is, it

Fig. 2.24. Class A common-emitter amplifier with a resistive load.

+ vcc

•<f
-=t-vR1
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Fig. 2.25. The output characteristics and waveforms of the class A
amplifier.

1 Vc .Knax Vfcc VC

intersects the voltage axis at Vcc and the current axis at Vcc/Rh. The slope
of the load line is — 1/RL and it intersects the static curve at the quiescent
operating point, Q which gives the current that will flow in the resistive
load. Since we have assumed that the characteristics are equidistant for
equal increments of input current iBQ, the output current and hence the
output voltage will be sinusoidal when the input current waveform is a
sinusoid.

From the figure the output power is

(2.59)

where /m and Vm are the peak output current and voltage respectively. By
examining Fig. 2.25, we may write

*m {

and also

(2.60)

-'max ~~ *min = ( 'max ~ ^min)/^L

where /max, /min, Kmax and Vmin are the maximum and minimum values of
output current and voltage swing respectively.
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Now (2.59) becomes

= V2J2Rh (2.61)

Similarly P = l2
mRJ2.

Thus we can calculate the output power of the amplifier by plotting the
load line on the volt-ampere characteristic of the transistor and then
reading off the maximum and minimum values of voltage and current
swing. Maximum output swing can be achieved by setting the Q point at the
centre of the a.c. load line.

The average power supplied to the circuit is VCCIC; and the power
absorbed by the output circuit is I2

:RL-{-ImVm/2. Let us assume that the
average power dissipated by the transistor is PD. Then using the principle of
conservation of energy we may write,

PD=VccIc-I
2RL-VmIJ2 (2.62)

but, since Vcc= F c +JCKL, (2.62) yields,

PD=VCIC-VJJ2 (2.63)

By examining (2.63), we may say that the minimum dissipation occurs
when VmIJ2= K£C/8.RL, since the maximum values which Vm and /m can
have, are Vcc/2 and VCC/2RL (= / c ) respectively, as may be observed in Fig.
2.25. Again according to the same equation, the maximum dissipation
occurs when the a.c. output power is zero, i.e., in the absence of any input
signal. Then its magnitude is given by VCIC.

The collector efficiency is the ability of a transistor amplifier to convert
the d.c. power of the supply into the a.c. power delivered to the load. It is
denoted by Y\ as a percentage

signal power delivered to load
1 ^ x 1 0 0 / o

d.c. power supplied to output circuit

2 m m x 100%

MCC'C

Since the maximum values that Vm and /m can have, are Vcc/2 and Ic

(which is equal to VCC/2RL), the maximum possible efficiency for a class A
amplifier is 25%. In this circuit the load has been assumed to be a resistor. If
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Fig. 2.26. Transformer-coupled class A common-emitter amplifier.

Fig. 2.27. Capacitor-coupled class A common-emitter amplifier.

•* + Vcc

it is not so, and the load has a power factor of cos 6 then the term VmIJ2 in
both (2.62) and (2.63) should be multiplied by cos0.

Other configurations of class A amplifiers are shown in Figs. 2.26 and
2.27. In the circuit of Fig. 2.26 the load is coupled to the circuit via a
transformer with a turns-ratio of N1:N2. The effective load resistance
rL = (^i/^2)2^L a n d the a.c. load line has a slope of - l/rL. In this case
there is no dissipation of d.c. power since instead of a resistive load we now
have an inductive load, and the maximum possible efficiency is 50%. In the
circuit of Fig. 2.27 the load is coupled to the circuit via a capacitor. This
time the effective load resistance is the parallel combination of Rc and RL.

Worked example 2.10

Given that Vcc = 24 V and RL = 8 Q, find a suitable transistor for
the circuit of Fig. 2.24. What is the maximum possible a.c. power output?
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Solution

From (2.63)

p 1/1 nr'm

V I
PD is maximum when output power, m m =0.

„ , Vrc Vcc 24x24
Z ^ ^ L Z X Z X o

.*. The transistor should be able to dissipate 18 W. Maximum a.c. output
power is

Vlc 24x24 _
OD Q w Q
Oi\-L O A O

2.4.2 Class B amplifiers
In the case of Class A amplifiers we assumed that a transistor is a

linear device. In general, however, this is not so because the static output
characteristics are not equidistant straight lines for equal increments of
input excitation. Therefore, instead of relating the alternating collector
current iCQ with the base current iBQ by the linear equation iCQ = kiBQ, we
may use a power-series expansion and write more accurately

i — h i 4- k î  4- h i'^ 4- k î " CJ f\^\

where fes are constants.
Now let us assume that the input waveform is sinusoidal and given by

im = Ihmcos(Dt (2.66)

then the collector current can be found from (2.65) and (2.66), by using
trigonometric transformations, to be

iCQ = A0 + A1cosoot + Ai2Cos2(ot + A3cos'$(ot+ ... (2.67)

The total instantaneous current will therefore be

ic = ic 4- iCQ = Jc 4- Ao + Ax cos cot + A2 cos 2cot + A3 cos 3a>t (2.68)

The values of the A terms can be calculated in terms of ks and hence As are
also constants.

Therefore, the non-linear characteristic of the transistor introduces into
the output components whose frequencies are multiples of that of the
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Fig. 2.28. A class B push-pull amplifier.

^S 1 1 1 *b2

N : 1

sinusoidal input excitation. It also brings in an additional d.c. component
Ao thus yielding a total d.c. component of collector current Ic + A0.

The class B push-pull amplifier shown in Fig. 2.28 can eliminate a large
portion of distortion introduced by the second harmonic components if the
stages are perfectly matched. The input signal is applied through a centre-
tapped transformer 7\ which supplies two base currents of equal ampli-
tudes but 180° out of phase for transistors Ql and Q2.

Let us assume that the base current to transistor gx is

lbl=IhmCOSG)t

Then the base current to transistor Q2 will be of the form

(2.69)

(2.70)

Using (2.68), we may write

icl = Ic-\-A0-\-A1 cos a>t + A2 cos 2cot + A3 cos 3a)t

and

iC2 = Ic o ~~^i cos cot + A2 cos 2a>t — A3 cos 3cot

These two collector currents flow in opposite directions through the
primary windings of the output transformer T2. It can be seen from Fig.
2.28 that the load current iL is directly proportional to the difference of these
collector currents and assuming that the two transistors are identical we
have

iL = N(icl — iC2) = 2N(A1 cos cot+ A3cos3wt) (2.71)

Thus a push-pull arrangement balances out all even harmonics in the
output. However, if the characteristics of the two transistors are not the
same then even harmonics will appear in the output.

The load current of the class B amplifier shown in Fig. 2.28 is sinusoidal,
but in practice, is distorted near the zero-crossing, as shown in Fig. 2.29.
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Fig. 2.29. Load current of a class B push-pull amplifier showing
crossover distortion.

cot

Fig. 2.30. Push-pull amplifier with bias supply: (a) battery supply; (b)
resistance-divider supply.

1 : 1

-XT

N : 1

(a)

^in
r
1
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1 :
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l
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•

1

N : 1

This effect, known as crossover distortion, is due to the fact that the linear
operation of a transistor begins only when the base current is positive
enough for base-emitter voltage vEE to exceed the base-emitter 'on' voltage,
which is usually 0.7 V for silicon transistors. The crossover distortion may
be eliminated by biasing the two transistors at approximately 0.7 V using
the techniques shown in Fig. 2.30.
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Fig. 2.31. Output waveforms of a single stage class B amplifier.

Power calculations
The output power of the circuit can be determined by observing

the output voltage and current waveforms of a single stage class B amplifier
as shown in Fig. 2.31 and taking into consideration that the amplifier as a
whole produces sinusoidal output waveforms. It is given by

= IJVcc-Vmin)/2 (2.72)

The power delivered by the d.c. supply is found by taking the product of the
power supply voltage and the d.c. current flowing into the circuit. The
current flowing from the supply is the sum of ic l and iC2- From Fig. 2.32, we

Fig. 2.32. Power supply current waveform of a class B push-pull
amplifier.

'supply

A n . . -
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may observe that this is a full-wave rectified current. The d.c. supply current
is just the average value of this waveform or

Id.c=2IJn (2.73)

Thus the d.c. input power from the supply is

Pi = 2/mFcc/7r (2.74)

The input power to the circuit is accounted for by the dissipation of both
transistors and the output power. From (2.72) and (2.74) we find the
transistor dissipation to be

PD = Pi-P = 2ImVcc/n-ImVJ2

But Im = VJR'L where R'L = N2RL, and 2N is the ratio of the number of
primary turns to the number of secondary turns.

Thus

PD = 2VmVcc/nR'L- V2J2R'L (2.75)

We may observe from (2.75) that the transistor dissipation is zero in the
absence of any input signal, since Vm will then be equal to zero. As the input
signal increases the peak output voltage, Vm rises, and hence the transistor
dissipation increases. For maximum value of the transistor dissipation we
set

d P D = 2 F c c 2Vm

dVm nR'L 2R'h

or

Vm = 2Vcc/n

Substituting this value in (2.75) we obtain

IV2

^DOnax)" ^ ^ 2n
2RL~7l2RL ^ ^

The maximum output power is obtained by assuming Vm=VCc (i-e-
^cc»^min)- Therefore,

P m a x = — ^ (2.77)

So we may write from (2.76) and (2.77)

rD(max)— 2/max — U'^rmax l/./Oj



Power amplifiers 47

Now the collector efficiency of the amplifier, from (2.72) and (2.74), is

p y ( ^ c c - ^ i n )
rj = — x 100% = x 100%

1 9 1 /

= T ( 1 - - ^ ) xlOO%. (2.79)

If Fcc^^min, then

rj~?- x 100% = 78.5%.

Therefore, the maximum attainable efficiency for a class B amplifier is
78.5% compared with 50% for transformer-coupled class A amplifiers.

Worked example 2.11

The peak collector current and voltage in transistors Qx and Q2 of
Fig. 2.28 are 3 A and 14 V, respectively. Calculate (a) the output power of
the circuit, (b) the average power supplied by the d.c. source, (c) the average
power dissipated by each transistor, and (d) the efficiency. Given,

Fc c = 28 V

Solution

(a) From (2.72)

_ VJm 14x3
= 21W

2 2

(b) From (2.74)

2/m Vcc 2x3x28
= 53.5W

n n

(c) Power dissipated by two transistors

53.5-21 = 32.5W

.'. average power dissipated by each transistor is

^ = 16.25 W.
2
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(d) From (2.79)

n i , Vmin

cc

x 100%

x 100% =y ( 1 ~ ) x 100% = 39.25%
4 \ 28/

2.4.3 Class C amplifiers
Class C amplifiers are, in general, used for amplification of a single

frequency or over a very narrow frequency band. The load current which
exists for less than one-half of the cycle, generates a sinusoidal output
voltage by flowing through a resonant circuit tuned to the fundamental
frequency or one of the harmonic components. Figure 2.33 shows the class
C amplifier as it is normally operated, with a resonant network in the
collector circuit. The resonant frequency of the network is approximated by

/ > 1 / 2 T T V ( L C ) (2.80)

if the resistance of the coil is assumed to be small. The transistor conducts
only when the input voltage exceeds the sum of the negative bias and the
base-emitter 'on' voltage of the transistor. The amplitude of the funda-
mental frequency component of the output waveform is determined by the
angle 6C during which the transistor conducts. By observing Fig. 2.34 we
may write that the conduction angle,

(2.81)

Fig. 2.33. A class C amplifier.

+ Vc<
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Fig. 2.34. Input voltage and output current of a class C amplifier. 6C

depends on V and FBB.

Input voltage

0.7 V

Output current'

2/r

where VBB is the bias voltage and V is the peak input voltage.
The efficiency of this amplifier is large because the transistor is cut-off

during most of every full cycle of the input, thus dissipating a very small
amount of power. In fact, as the conduction angle approaches zero, the
efficiency of the amplifier approaches 100%. But at the same time the
output power also tends toward zero. So a compromise between high
efficiency and large output power is made and a typical efficiency of 80%
can be achieved.

Worked example 2.12

The power supply voltage, bias voltage and the peak value of the
input voltage for the circuit of Fig. 2.33, are 28 V, 5 V and 8 V respectively.
Find the conduction angle. If C = 100 pF, find also the inductance necessary
to tune the amplifier to the frequency of 2 MHz.

Solution

From (2.81)

From (2.80)

Jo =

or

2nJ(LC)

L =
1 1

(2nfo)
2C (2n x 2 x 106)2 x 100 x 10

= 0.063 mH
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Fig. 2.35. {a) Transistor mounted on a heat sink in free air and (b)
the electrical analog of the thermal system.

Insulatoi function, 7j
Case, 7C

Ambient, \
Heat sink, Ts

{a)

(b)

2.4.4 Heat sinks
These are used to keep the power transistor junction below some

maximum specified operating temperature which is typically 100 °C for
germanium transistors and 150-200 °C for silicon transistors. The power
transistors are normally bolted to the metal heat sinks, sometimes
separated by insulators which provide very high insulation resistance and
high thermal conductivity. The heat is conducted outward to metal fins of
the heat sinks from which convection and radiation into the air take place,
see Fig. 2.35. For a power transistor mounted on a heat sink the junction
temperature is dependent on the power being dissipated by the transistor,
the thermal conductivity of the transistor case, the style of the heat sink and
also the ambient temperature. Usually manufacturers specify the maximum
junction temperature of a transistor along with the thermal resistance
between the collector junction and the exterior of the case. The thermal
resistance, 6, is defined as the ratio of the temperature rise to the power
dissipated. An increase in the junction temperature, Tp above the case
temperature, Tc, is related to the power dissipated, by the equation

where

and

T}- Tc = temperature rise in °C

p. = power dissipated at junction in watts

0jc = thermal resistance between junction and case in °C/watt

Similarly the case-to-heat sink (including insulator) thermal resistance in
°C/watt,

0C8=(rc-7;)/pj
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jx ^rr \mm±i

Fig. 2.36. Typical examples of heat sinks. (RS Components Ltd.)

Standard TO3 high dissipation
d.i.l. clip on

24 °C/W

d.i.l. bond-on

19 °C/W

TO3

W44.5 D. 31.7
H13.7
Semiconductor
mtg holedia, 4.8

14 °C/W

TO3
twisted vane

7.1 °C/W

Compact horizontal or vertical mounting

heat sink pre-drilled for TO3 devices.

Black anodised.

5.1 °C/W

High dissipation heat sinks pre-drilled
for TO3 devices. Black anodised.

TO5

4 8 Q C / W

Black finish heat sinks to push - fit or
TO5 and TO39 cases.

TO220 high dissipation

6.8 °C/W

and the heat sink-to-ambient thermal resistance in °C/watt,

The circuit shown in Fig. 2.35 represents an electrical analog of the thermal
system of a transistor mounted on a heat sink in free air. By examining the
figure we may write

r j = Pj(0jc + 0C8 + 0 J + r a (2.82)

where Ta is the ambient temperature in °C.
All power transistors are packaged in cases which permit good physical

contact with a heat sink. In most power transistors the case is connected to
the collector. The case-to-heat sink thermal resistance depends on the type
of package. The sink-to-ambient thermal resistance depends mainly on the
surface area of the heat sink. Figure 2.36 shows typical examples of heat
sinks and Table 2.2 gives the values of the thermal resistances.
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Table 2.2. High power finned heat sink. (RS Components Ltd.)

High power range

W. 235
H. 100

0.3 "C/W
L. 250
W. 300
H. 40

0.41 C/W
L. 250
W. 200 Will accept RS surface mounted solid state relays.

0.5 "C/W
L. I 15
W. 120
H. 120

1.1 C/W
L. 152

1.3 C/W
L. 87.5
W. 108
H. 58.7

1.7 °C/W
L. 100
W. 98.4
H. 53.2

2.1 °C/W
L. 124
W. 124
H. 26.7

[IIIl lIII]
Supplied with tour 4 B.A. nut

-K

0.65 C/W
L. 150
W. 163.5
H. 58.7

2.5 °C/W
L. 75
W. 104.8
H. 25.9

0.75 °C/W
L. KM)

0.9 C/W
L. 125
W. 200
H. 25

3.0 °C7W
and
3.5 °C/W

I I I I I I I I

L. 87.5 (3 °C/W) W. 108
L. 75 (3.5°C/W) W. 108

m UM

Worked example 2.13

The maximum collector dissipation for a push-pull amplifier is
32 W. What would be the junction temperature if the ambient temperature
is 38 °C and the thermal resistance of the heat sink used is 3.2 °C/W? Given,
0jc = 1.8 °C/W and 0CS = 0.3 °C/W.

Solution

Since a push-pull amplifier has two transistors, each of them will
have maximum collector dissipation of ̂ = 16 W. Now from (2.82)

Tj=^(0^ + ̂ +0 j + r a

= 16(1.8 -h 0.3 + 3.2) + 38

= 122.8 °C

Worked example 2.14

The maximum allowable junction temperature of the power
transistor 2N3055 is 200 °C and its junction-to-case thermal resistance is
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1.5°C/W. It is to be used in an ambient temperature of 30 °C. If the
maximum power dissipation of the transistor is 25 W, and the insulator
used between the heat sink and the transistor has a thermal resistance of
0.2 °C/W, what type of heat sink should be used?

Solution

Choose jfj = f x maximum allowable temperature. From (2.82) we
then have

rj=pj(0jc+0cg+ej+ra

or,

f x 200 = 25(1.5 + 0.2+ 0J +30

2x200
- 3 0

1.7 = 2.43 °C/W

Choose a heat sink (RS stock no 403-140) with 0sa = 2.5°C/W.

Summary
1. For a differential amplifier the common-mode rejection ratio

gives a qualitative measure of the ability of a circuit to respond to difference
signals while being insensitive to common-mode signals, such as noise. It is
the ratio of the differential-mode voltage gain to the common-mode voltage
gain. The differential-mode voltage gain is the ratio of the output voltage to
the difference between the two input voltages, whereas, the common-mode
voltage is the ratio of the output voltage to the voltage applied simulta-
neously to both input terminals.

2. In order to source current in integrated circuits current mirrors are
widely used. In integrated circuit operational amplifiers, as an example, the
operating current in the whole circuit can be set by a single resistor.

3. The Darlington connection of two transistors acts as a single
transistor with a very high gain and finds use mainly in power electronics. It
is also a high input impedance device and is used as an emitter follower.

4. The importance and design of level shifting circuits especially for IC
have been discussed.

5. An analysis of an amplifier with two stages in cascade has been made
in Section 2.2. Ways of choosing the right transistor amplifier configur-
ation for a particular stage have been discussed. The lower and upper cutoff
frequencies of a cascaded amplifier with n identical stages are given by
fjy/(2lln-l) a n d / u C y p ^ - l ) ] respectively, where/L and F y are the
lower and upper cutoff frequencies of a single stage amplifier.
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6. The maximum possible efficiency of a transformer-coupled class A
power amplifier is 50%, whereas, that of a class B push-pull power
amplifier is 78.5%. Another advantage of the class B amplifier is that it
eliminates distortion due to even harmonics.

7. Power transistors are usually mounted on heat sinks in order to avoid
overheating of their junctions. The overheating shortens the life of a
transistor. The right type of heat sink can be chosen using the expression,
Tj = Pj(#jc + 9CS + 9sa) + Ta where the parameters have the usual meanings.

Problems
2.1. What is the collector current of the ideal differential amplifier

shown in Fig. 2.1 if jRc = 2.2kQ, KE=1.5kQ and the common-mode
rejection ratio is 60? If the input terminal Bx is grounded and a sinusoidal
signal is applied to the input terminal B2, then which output terminal would
give a non-inverting gain? If the output voltage of the amplifier at that
terminal is 1.6 V peak-to-peak, what is the value of the input signal?
Assume that the circuit works in an environment having a temperature of
27 °C.

2.2. Transistors g i and Q2 of the circuit shown in Fig. ex.2.2 are matched
and each has /? equal to 90. The single ended differential voltage gain is 80
and the common-mode rejection ratio is 6400. Find (a) the double ended
differential gain, (b) the collector output resistance of Q3 and (c) the emitter
current of Q3. Assume that the circuit works at a temperature of 20 °C.

2.3. All the transistors in the circuit shown in Fig. ex.2.3 are identical, each
having a current gain of 100. Determine the collector current of the
transistors if R = 4.1kQ. The base-emitter 'on' voltage of the transistors is
0.7 volts.

2.4. Transistor Q3 of the circuit shown in Fig. P.2.4 has /?3 = 100. Assuming
that Q1 and Q2 are matched, find approximate values for (a) the emitter
currents in Qx and Q2, and (b) the d.c. output voltages Vol and Vo2. Assume

2.5. Transistors Ql9 Q2, Q3 and Q4 in the circuit of Fig. ex.2.4 are all
identical. Find the current gain of the transistors if the d.c. output voltage at
the terminals B1 and B2 is 6.8 volts. Assume VBE(ON) = 0JY.

2.6. Assuming perfectly matched transistors, find the approximate values
of Ic and VCE in each of transistors Ql9 Q2 and Q3 in Fig. P.2.6.

2.7. When three transistors are biased from a single current source, such as
shown in Fig. P.2.6, show that the ratio of the collector current / c to the
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Fig. P.2.4

15V

-15V

Fig. P.2.6

2.8 mA

+ 12V +15V

.1
3k 8.5k

-15V

6.4 k

source current / , is given by

where /? is the current gain. Assume that all transistors are perfectly
matched.

2.8. In the current mirror circuit shown in Fig. P.2.8, the transistors have a
VBE offset of 3 mV. If the /?s of both devices are 20, calculate the current
mirror ratio IJI^ at a temperature of 17 °C.
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Fig. P.2.10

0i

Qi

2.9. In a Darlington pair, the current gains of the two transistors are 60 and
80. Find the collector current if the effective input resistance of the
transistor is 200 kQ at a room temperature of 30 °C.

2.10. The gains of transistors Qx and Q2 in a Darlington power transistor
shown in Fig. P.2.10 are 120 and 80 respectively. Find the quiescent
collector current when the Darlington pair is on. Assume that the resistor
has a value of 100 Q and the base-emitter 'on' voltage for Q2 is 0.7 volt.

2.11. In the circuit of Fig. ex.2.7, Rx is 18 kQ. Find the d.c. level of the input
signal for output voltages having mean values of zero.

2.12. The parameters of the transistors in the two-stage amplifier shown in
Fig. 2.16, at the corresponding quiescent points are:

/ioc = 3 x l 0 - 5 S : / i f c = - 1 0 0 ; / z r c = l ; / i i c = 2kQ;

fcoc = 8x 10"5S: /ifc=100; hre = 3x 10~4; feie=1.5kQ

If the output resistance of the amplifier is 60 Q, what is the value of Rsl
Given RC = RE = 5.6 kQ.

2.13. In the circuit of Fig. 2.19, the effective Q is 50 and the bandwidth of
the amplifier is 20 kHz. If the output resistance of the transistor is 50 kQ,
L — 80/iH and /? = 85, find (a) the resonant frequency and (b) the Q-factor.

2.14. Find a suitable transistor for the circuit of Fig. 2.24, if Vcc= 12 volts
and RL = 3Q. What is the maximum possible a.c. power output?

2.15. The class-A amplifier in Fig. P.2.15 is biased at / c = 0.2A. The
transformer resistance is negligible, (a) What is the slope of the a.c. load
line? (b) At what value does the a.c. load line intersect the FCE-axis?
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Fig. P.2.15 Fig. P.2.17

20 V , f o 24 V

1.58 : 1 turns ratio
RL =500 Q

\RL = 20 Q

(c) What is the maximum peak-value of the collector voltage without
distortion? (d) What is the maximum power delivered to the load under the
conditions of (c)? (e) What is the amplifier efficiency under the conditions of
(c)?

2.16. The average power dissipated by each of transistors Q1 and Q2 of Fig.
2.28 is 16 watts and the efficiency of the amplifier is 40%. Calculate (a) the
peak collector voltage and (b) the peak collector current if Kcc = 24 volts.

2.17. The amplifier shown in Fig. P.2.17 is biased at /Q = 20mA. Find (a)
the a.c. power in the load resistance when the voltage swing is the maximum
possible without distortion and (b) the amplifier efficiency under the
conditions of (a).

2.18. The peak value of the input voltage and the conduction angle of a
class C amplifier are 6 volts and 90° respectively. Find the bias voltage, if
L = 60/iH. Find also the capacitance necessary to tune the amplifier to the
frequency of 1 MHz.

2.19. A push-pull amplifier has a junction temperature of 70 °C, what
would be the maximum collector dissipation for the amplifier if the thermal
resistance of the heat sink used is 2.6 °C/W and the ambient temperature is
30 °C? Given, 0jc = 2°C/W and 0CS = O.4°C/W.

2.20. The thermal resistance between a semiconductor device and its case is
0.8 °C/W. It is used with a heat sink whose thermal resistance to ambient is
0.5°C/W. If the device dissipates 10 W and the ambient temperature is
47 °C, what is the maximum permissable thermal resistance between the
case and the heat sink? The device temperature can not exceed 70 °C.
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2.21. A semiconductor device dissipates 25 W through its case and its heat
sink to the surrounding air. The thermal resistances are the following:
device-to-case, 1 °C/W; case-to-heat sink, 1.2°C/W; and heat sink-to-air,
0.7 °C/W. In what maximum air temperature can the device be operated if
its temperature can not exceed 100 °C?

2.22. What is the junction temperature of a power transistor if its junction-
to-case thermal resistance is 3.0 °C/W, the maximum power dissipation of
the transistor is 20 W, the insulator used between the heat sink and the
transistor has a thermal resistance of 0.8 °C/W, the ambient temperature is
30 °C and the heat sink-to-air thermal resistance is 2.2°C/W?



Operational amplifiers

Objectives
At the end of the study of this chapter the student should be:

1. familiar with the main imperfections in operational amplifiers,
able to describe their effects on the output and stability of various
circuits, and compensate for the errors due to them.

2. able to design several important linear and nonlinear circuits using
operational amplifiers: phase shifting circuits, instrumentation
amplifiers, comparators, precision rectifiers and logarithmic
amplifiers.

3. familiar with different methods of design of active filters and able to
choose the right design for a particular need.

4. able to describe the operating principles of multivibrators and
triangular wave generators, and design these circuits given the
specifications.

5. able to solve differential equations using summers, integrators and
potentiometers, and apply amplitude and time scaling if necessary.

6. familiar with the principles of inverse function generators and able
to design dividing, square rooting and RMS circuits using
multipliers and operational amplifiers.

The name operational amplifier is derived from the fact that the amplifier
was originally used to perform electronically various mathematical oper-
ations such as differentiation, integration, addition and subtraction.
However, due to its versatility its use has been extended to other types of
electronic circuits mainly in the fields of instrumentation and control
engineering. The availability of inexpensive high performance operational
amplifiers in the form of integrated circuits has obviously extended their use
especially in analogue electronic circuits and systems. In this chapter it will
be most appropriate for us to consider first the main imperfections in
operational amplifiers which affect the performance of a circuit and how to
deal with them. Later in the chapter various applications will be described
in some detail.
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3.1 Imperfections in operational amplifiers
Ideally an operational amplifier should have infinite gain, infinite

input impedance, zero output impedance and infinite bandwidth, but in
practice it does not have these characteristics due to the conservation of
energy in its internal circuitry. The main imperfections in an operational
amplifier which stop a circuit behaving ideally and may produce significant
errors and instability if not properly compensated are (a) slew rate, (b)
input offset voltage, (c) bias and offset currents and (d) frequency response
effects. We will consider these imperfections one by one and when the effect
of one is considered the effects of others will be ignored for simplicity.

3.1.1 Slew rate and its effect on full power bandwidth
An operational amplifier does not respond instantly to a sudden

change in the input voltage due to its internal capacitances (frequency
compensating or stray capacitances).* These can only be charged up at a
constant rate which is again limited by the current available, thus slowing
down the speed of response of the circuit. The slew rate is defined as the
maximum rate of change of output voltage an operational amplifier can
give per unit time and it is usually expressed in volts/microsecond.

S = slew rate = (At?o/A0max

Practical integrated circuit operational amplifiers have specified slew rate
ranging from 0.1 V//xs to

The slew rate is also a measure of the ability of an operational amplifier to
amplify a sinusoidal input signal without distortion. If an operational
amplifier is connected to power supplies such that its maximum output
voltage swing is ± Vop then for a sinusoidal signal of frequency, / , the
instantaneous output voltage, v, is given by

v=Vopsm2nft (3.1)

In order to obtain the slope of the output voltage we differentiate the
instantaneous value v

dv/dt = 2nfVop cos 2nft (3.2)

Now to find the maximum slope, we differentiate again and equate the
result to zero

-4n2f2Vopsm2nft = 0

* Frequency compensating capacitors are mainly used in order to obtain
stable circuits at relatively low gain, it will be discussed later in this
section.
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Fig. 3.1. Effect of slew rate on the output waveform for (a) a step
input signal and (b) a sinusoidal input signal having a frequency much
higher than S/2nVop.

Amplitude
Step input

/^Output

COt

Sinusoidal input

Distorted
output

COt

id) (h)

or,

2nft =

(since/and Vop have finite values). Substituting this in (3.2) we obtain

(dv/dt)max = 2nJVop (3.3)

This maximum slope should be equal to or less than the slew rate of the
operational amplifier to avoid any distortion occurring in the output
waveform. Therefore we may write

f< S/2n VO] (3.4)

where / i s the full power bandwidth of the circuit.
Figure 3.1 shows the effect of slew rate on the output waveforms for a step

input signal and also a sinusoidal input signal having a frequency much
higher than S/2nVop. High speed operational amplifiers (such as type
RS5539 with a slew rate of 600 V//is and unity gain-bandwidth of 1.2 GHz)
are used where high rates of output voltage change are required.

Worked example 3.1
An inverting amplifier has a gain of 100 and the operational

amplifier used in the circuit has a slew rate of 1.5 V//is. If a step input of
100 mV is fed to the circuit, calculate the time required for the output to
reach within 1% of its final value.

Solution

The output voltage = -100 x 100 mV= - 10 V
Since the output of the operational amplifier changes by an amount

1.5 V in ljusec, a change of (10 —0.1) = 9.9 V occurs in 6.6/xsec.
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Worked example 3.2

The slew rate of the 741 type operational amplifier is typically
0.5 V/JUS. If it is used in the circuit mentioned in Ex. 3.1 and the input is a
sinusoidal signal of 35 kHz, what is the maximum amplitude the output can
have without any distortion?

Solution

From (3.4)

Substituting for / = 35 kHz, 5 = 0.5 V/jusec and solving for V
op

__S__ 0.5 xlO6

op 2nf 2n x 35 x 103

= 2.275 V

Therefore the maximum amplitude of the input signal

F 2

3.1.2 Input offset voltage
In ideal operational amplifiers the output should be zero in the

absence of any input signal across the differential inputs as illustrated in
Fig. 3.2(a). However, in practice due to various imbalances (e.g., mismat-
ches in the VBEs of the transistors in the differential stages) in the internal
circuitry of the operational amplifier, there is always a voltage present at the
output even when both the input terminals are connected to ground.
This output voltage can be set to zero by applying a voltage across the input
terminals. This voltage known as the input offset voltage and denoted by
Vio may be either positive or negative. The typical value of Vio for the most
commonly used operational amplifier type 741 is 2mV.

A practical operational amplifier can be modelled as shown in Fig. 3.2(b).
The d.c. source representing the input offset voltage and connected in series
with either of the two input terminals with the correct polarity can be used
to find the unwanted output due to Vio. If we now consider an inverting
amplifier with an input resistor R1 and a feedback resistor R2

 a n d connect
terminal 'A' to ground as shown in Fig. 3.2(c), then it is apparent from
the diagram that the output offset voltage due to Vio at the noninverting
input is given by
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Fig. 3.2(a). Offset input voltage of a practical operational amplifier.

"DM + Vc

Slope/4 at d.c.
or low frequency

{a)

Fig. 3.2(fr). A model of a practical operational amplifier taking into
account of the offset input voltage.

Actual Actual

deal Ideal

(b)

Fig. 3.2(c). An inverting amplifier with a d.c. source representing the
input offset voltage in series with the noninverting terminal.
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Fig. 3.2(d). An inverting amplifier with a d.c. source representing the
input offset voltage in series with the inverting terminal.

id)

Therefore the circuit amplifies the input offset voltage by a factor equal to
the closed loop gain of the amplifier connected in the noninverting
configuration. It can be shown that (3.5) is also valid for an amplifier circuit
when the d.c. source representing the input offset voltage Vio is in series with
the inverting terminal (Fig. 3.2(d)).

We can compensate for the input offset voltage by using several
techniques. One of these is to connect a potentiometer between the offset
null terminals of the integrated circuit chip. The potentiometer wiper is then
connected to a d.c. supply voltage of required polarity. This type of
adjustment can be made in the 741 type operational amplifier as shown in
Fig. 3.3(a). Another way of setting the output offset voltage to zero is to
apply a voltage to one of the input terminals as shown in Fig. 33(b). This
voltage is magnified by a factor equal to the closed loop gain of the amplifier
and added to or subtracted from the output voltage depending on the
position of the wiper of the potentiometer.

Fig. 33(a). Compensation of input offset voltage by applying a
voltage between the null terminals of the IC chip.
(b). Compensation of input offset voltage by applying a voltage to
one of the input terminals.

(a)

(b)
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Worked example 3.3

The maximum input offset voltage for the operational amplifier in
the circuit of Fig. 3.2(c) is 7.5 mV. If R1 = 1 kQ and R2 = 47 kQ, what will be
the worst case offset voltage at the output?

Solution

From (3.5) we have

we substitute 7.5 mV for Vio and find

3.1.3

l x l O 3

Bias and offset currents
The input impedance of ideal operational amplifiers should be

infinite, thus disabling any current from flowing into the input terminals.
However, as we saw earlier, differential amplifiers form the input stage of
operational amplifiers, and base currents to the transistors are needed to
flow for proper circuit operation. The bias currents flowing into the
noninverting and inverting terminals are denoted by / b

+ and Ih~ respec-
tively. Two current generators connected from the inputs of an ideal
operational amplifier to ground can model bias currents / b

+ and Ih~ as
shown in Fig. 3.4(a). These currents may produce an unwanted voltage at
the output of an amplifier circuit.

Fig. 3A(a). A model of a practical operational amplifier taking into
account the bias currents.

Actual
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Fig. 3A(b). Introduction of the compensating resistor to reduce the
effect of bias currents on the output.

(b)

Let us consider an inverting amplifier as shown in Fig. 3A(b). In order to
find the effect of bias currents at the output we connect terminal 'A9 to
ground. Using Kirchhoff's current law at node X, we may write

or,

(3.6)

or,

since the differential mode voltage, Vx in this case, is negligible for an ideal
operational amplifier. Now if we introduce a compensating resistor Rc

between the noninverting terminal and ground, the voltage across the
resistor will be equal to / b

+ • Rc and therefore Vx will be equal to / b
+ • Rc.

Substituting this value in (3.6) we obtain

(3.7)

Since /b
 + is approximately equal to / b within 20%, (typical values of/b are

0.1 /xA and 0.1 nA for BJT and FET long-tail-pair respectively), in practice,
Vos can be made negligible by making Rc = RlR2/(Ri +R2)*

b I; manufacturers specify/b and / o



Imperfections in operational amplifiers

Fig. 3.4(c). A model showing the input offset current and the
compensating resistor.

67

The difference between the two bias currents is called the input offset
current and is denoted by /os. It can be modelled as shown in Fig. 3.4(c).
Thus the output offset voltage due to the offset current is given by

Typically the offset current is about one fifth of the bias current for an
operational amplifier. Therefore by introducing a compensating resistor
the output offset voltage due to bias currents can be reduced by a factor of
five.

Worked example 3.4

The operational amplifier in the circuit of Fig. 3.3(a) has the
following specifications: / b = 80 nA, Ios = 20 nA and Vio = 1 mV. If i ^ = 1 kQ
and R2 = 47 kQ then calculate the worst case value of the output offset
voltage (a) without bias current compensation and (b) with bias current
compensation. In case (b) what would be the value of the compensating
resistor?

Solution
(a) The output offset voltage due to Vio from (3.5)

47xlO3N

l x l O 3±Vio(l+R2/R1)=±lxl0'3[ 1 +

= ±48mV

Again Ib~ = ( 2 / b - / J / 2 = (2 x 80x 10"9-20x 10"9)/2 = 70nA. There-
fore the output offset voltage due to Jb~

=j- / b- JR2=±70xl0-9x47xl03

= +3.29mV
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Thus the worst case output offset voltage = ±48mV + 3.29mV

= ±51.29mV

(b) The output offset voltage due to /os

+ /osJR2 = + 2 0 x 1(T9 x 47 x 103

= ±0.94mV

Therefore the worst case output offset voltage = ±48mV±0.94mV

= ±48.94mV

The compensating resistance

R,R2 _ l x l 0 3 x 4 7 x l 0 3

c~ Rx+R2 " l x l 0 3 + 4 7 x l 0 3

= 979Q

The output offset voltage due to the input offset voltage and current of an
operational amplifier can be compensated almost completely using the
techniques described above. However, the input offset voltage and current
change with temperature and therefore the maximum compensation can be
achieved only at one temperature.

The VBE and /? of transistors decrease with increase in temperature and
the rates of decrease are not the same for all transistors. These give rise to
drifts in offset voltage and offset current respectively.

The input offset voltage and current-temperature coefficients AVio/AT
and A/os/Arare given in the manufacturers' specifications of operational
amplifiers. For a compensated inverting amplifier the error voltage due to a
temperature change can be given by

(3.8)

Usually the temperature coefficients vary with temperature and they are
specified at a particular temperature.

Worked example 3.5
Calculate the error voltage at the output of the circuit of Fig. 3.3(a)

due to a temperature change of 30 °C from room temperature. The input
offset voltage and current temperature coefficients for the operational
amplifier are 3.5/xV/°C and 1.2nA/°C respectively at room temperature.
Given that RX=2JkQ and R2 = 100kQ.
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Solution
From (3.8) we obtain

£ = 3.5iuK//
oCx30oCx 2.7kQ+100kQ

2.7 kQ

+ 1.2 nA/°C x 30 °C x 100 kQ

3.5x102.7x30
2.7 1.2x30x100 = 7.59mV

Commutating auto-zero operational amplifier
The commutating auto-zero (CAZ) operational amplifier has

exceptionally low input offset voltage and low long term input offset voltage
drift. It contains basically an oscillator, a counter, analogue switches and
two operational amplifiers. In addition to the regular two input terminals it
has an auto-zero input terminal. While one of the operational amplifiers
processes the input signal, the other is placed in an auto-zero mode and
charges a capacitor to a voltage equal to the input offset voltage. The
analogue switches reverse the roles of the internal operational amplifiers at
a rate designated as the commutation frequency and input offset voltages
due to drift with temperature or supply voltages are cancelled out. Figure
3.5 shows a simple noninverting CAZ operational amplifier circuit and the
input/output voltage waveform. The RS 76000 CAZ operational amplifier
has an input offset voltage of ±5/xV maximum and a temperature
coefficient of 0.1 juV/°C. The long term input offset voltage stability of this
amplifier is typically 0.2 //V/year.

Fig. 3.5. A simple noninverting CAZ operational amplifier circuit and
its input/output voltage waveforms.

A\
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3.1.4 Frequency response effects
The frequency response of an operational amplifier has an

important effect on the stability of practical operational amplifier circuits.
The stability of a circuit can be determined from the plots of its closed loop
gain against frequency and also the open loop gain of the operational
amplifier against frequency. Gain versus frequency plots are known as
Bode diagrams.

The voltage gain of an ideal operational amplifier should be independent
of frequency, but in reality the gain decreases as the frequency increases.
This is caused by the stray and semiconductor-junction capacitances
present in its circuitry. Operational amplifiers are made up of two or more
amplifying stages in cascade and in each stage the distributed capacitances
can be assumed to form a single capacitance which in conjunction with the
resistances in the circuit becomes responsible for the drop in voltage gain
with the increment in frequency.

Let us consider an operational amplifier which has three stages with
upper cutoff frequencies at say 200 kHz, 2 MHz and 20 MHz. The gain of
each stage reduces at a rate of — 20dB/decade aftet the cutoff frequency.*
The magnitude and phase response of the open loop gain for such an
operational amplifier is shown in Fig. 3.6. The magnitude response is
constant from low frequency (including d.c.) to 200 kHz, thus the
bandwidth is 200 kHz at 90 dB. At higher frequencies from 200 kHz to
2 MHz, the gain decreases at a rate of — 20dB/decade. From 2 MHz to
20 MHz the rate of roll off is -40dB/decade and above 20 MHz it is
— 60dB/decade. The unity-gain bandwidth of the operational amplifier
circuit is 63.1 MHz at which frequency the zero dB (gain) line intersects the
open loop gain curve of the operational amplifier.

In each stage the output voltage lags the input voltage by 90° and for
three stages the total phase lag is 270°. In Fig. 3.6 the phase response of the
operational amplifier shows that the phase difference between the input
and output voltages changes from 0 to — 90° for the corner frequency at
200 kHz, from - 90° to -180° for the corner frequency at 2 MHz and from
-180° to -270° for the corner frequency at 20 MHz.

Now if we connect up this particular amplifier to give an idealt closed

* Upper cutoff frequencies are known as corner frequencies in multistage
amplifiers. The gains of all stages are multiplied to give the overall gain.
Every corner frequency gives an additional rate of roll off of
-20dB/decade.

t Loop gain, AOLP(dB) = AOL(dB)-\/P(dB), thus the loop gain is the
difference in dB of the open loop gain and ideal closed loop gain; in the
example the feedback network is resistive, so 1//? is independent of
frequency and l//?dB is a straight line parallel to the frequency axis.
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Fig. 3.6. The magnitude and phase response of the open loop gain for
an operational amplifier.
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loop gain, 1//?, of 60 dB and superimpose the ideal closed loop gain curve on
the open loop gain curve of the operational amplifier then the two curves
meet each other at /c, the crossing frequency. At this frequency the
magnitude of the loop gain is zero in dB (i.e., unity)! and the phase of the
loop gain is 180°. Thus the conditions for oscillations are met and the
amplifier circuit is unstable.

By increasing the closed loop gain of the circuit to 70 dB, the phase shift
at unity gain can be reduced from —180° to —135° thus giving a phase
margin of 45° before the circuit breaks out into sustained oscillations. It is
the minimum amount of phase margin (positive) we should allow to keep
the circuit free from oscillations.* So we can say that if the ideal closed loop
gain, 1/jS, curve meets the open loop gain, AOL, curve at a rate of closure of
40dB/decade on one side and 20dB/decade on the other side of the
intersection, then the circuit is critically stable. Any closed loop gain above
this value will give a more stable amplifier circuit but at the expense of
bandwidth.

To use this particular operational amplifier at closed loop gains lower
than 70 dB, some phase compensation is necessary. Several amplifiers, such

t A circuit with negative feedback needs an excess phase shift of 180° only in
the feedback loop to turn itself into a positive feedback circuit. Therefore
oscillations will occur in such circuits if the phase shift in the loop gain
reaches 180° at a frequency at which the magnitude of the loop gain is
greater than unity.

* Phase margin = 180° - phase shift at unity gain.
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Fig. 3.7. Frequency compensation point for an operational amplifier.
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as the type 741, are phase compensated by the manufacturers. This causes
its open loop gain curve to roll off at a steady — 20 dB/decade rate from the
first corner frequency to the frequency at which the gain is unity. Therefore
the circuit is stable for any closed loop gain since the rate of closure between
the closed loop gain curve and the open loop gain curve of the operational
amplifier is always 20 dB/decade on both sides of the intersection and
consequently the phase margin is 90°. Uncompensated amplifiers are
provided with terminals to which external components may be connected
to stabilise a circuit at relatively low gains.

Lag compensation
Manufacturers usually provide access to an internal point of the

operational amplifier for frequency compensation as shown in Fig. 3.7. The
resistor R represents the output resistance of the amplifying stage chosen
for compensation. When a capacitor, C is connected to the point, P, the RC
network introduces a pole in the transfer function of the circuit and thus
provides an additional corner frequency. By examining the circuit we can
calculate the new open loop gain of the operational amplifier,

or,

or,

x 1/(1 +]2nfCR)

= 201ogAOL(old)dB-201og(l+j27c/CR)dB (3.9)

The second term on the right hand side of (3.9) thus introduces a pole at
fx=l/(2nCR). Figure 3.8 shows how the compensating network affects the
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open loop gain curve of an operational amplifier. The uncompensated
operational amplifier's open loop gain curve has corner frequencies at fl

and/2. From d.c. to the frequency^ the gain is constant, after that it drops
off at a rate of — 20dB/decade up to the second corner frequency f2 after
which the rate of roll off becomes — 40dB/decade. Now after the
introduction of the capacitor the open loop gain curve starts falling off at a
rate of — 20dB/decade from its constant gain value at the new corner
frequency /x. When the frequency/x is reached, the rate of roll off becomes
— 40dB/decade since, according to (3.9), the roll off rate of the com-
pensated operational amplifier will be the sum of that of the uncom-
pensated operational amplifier and the compensating network. The gain
will decrease at a rate of — 60dB/decade from/2 onwards.

In order to obtain a stable circuit having a maximum possible bandwidth
we choose the value of C in such a way that the open loop gain curve of the
compensated operational amplifier meets the closed loop gain curve with
rates of closure of 20dB/decade on one side of the intersection and
40dB/decade on the other side to provide a phase margin of at least 45°. If
the pole was chosen to occur at a lower frequency than/x then we would
have had a more stable circuit with larger phase margin, but with a smaller
bandwidth. If it was chosen to occur at a higher frequency than/x the circuit
would have then stayed unstable.

Worked example 3.6

The operational amplifier used in the circuit of Fig. 3.3(a) has a
low-frequency differential mode gain of 80 dB and corner frequencies at
20 kHz and 200 kHz. Examine the stability of the circuit and if necessary
apply lag frequency compensation, given that Rx = 1 kQ, R2 = 100kQ and
the output resistance of the preceding stage at the compensating point is
10 kQ.

Solution

See Fig. ex.3.6 and 3.7.
1 Z

The closed loop gain- - = 1 + — = 1 + 100= 101
P z i

201og-=201ogl01~40dB.
p

The — curve meets the AOL curve with 40 dB/decade rate of closure on both

sides of the crossing point. So the circuit is unstable. Choose/x so that the
second corner frequency of the compensated open loop gain curve sits on
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Fig. ex.3.6/3.7
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the — curve thus giving a 45° phase margin. From the diagram,/x = 200 Hz.

Again

/ , =

Therefore,

C =

1

2nCR

1 1
2nfxR In x 200 x 10 x 103 = 79.6nF

The above solution shows that the procedure for the lag frequency
compensation referring to Fig. 3.8 is as follows:

(i) draw a vertical line at/x.
(ii) from the crossing point of this line and the closed loop gain curve

draw a line with a slope of — 20 dB/decade toward the left of the
vertical line,

(iii) The new pole should be introduced at the frequency at which this
line meets the uncompensated open loop gain curve.

Limited lag compensation
If we add a resistor in serie's with the capacitor between point P and

ground as shown in Fig. 3.9 then a zero is introduced in addition to the pole
in the transfer function of the compensated operational amplifier open loop
gain curve. From Fig. 3.9 we observe that the new open loop gain of the
operational amplifier

, , ^ w . l+)2nfCR2

l+j2nfC(R + R2
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Fig. 3.8. Effect of introduction of a pole on the open loop gain curve
of an operational amplifier.
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Fig. 3.9. Addition of a resistor in series with the capacitor between
the compensating point and ground for limited lag frequency
compensation.
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now taking logarithms on both sides we obtain

20 log AOL dB - 20 log AOL(o\d) + 20 log(l + )2nfCR2)

(3.10)

The second and third terms on the right hand side of (3.10) will introduce

two corner frequencies one at fx = ——— and the other at
2TLC(R + iv2J

fy = . The magnitude response will fall off at a rate of 20 dB/decade
27rG/

from/x and from/y onwards it would be constant since the 4- 20 dB/decade
rise due to the zero at /y will cancel the —20 dB/decade fall.

0 dB/decade

-20 dB/decade

0 dB/decade

To use this method effectively, i.e., to have the optimum phase margin of
45°, we should make the value of/y the same as the first corner frequency of
the uncompensated operational amplifier and select a value for/x lower
than the first corner frequency of the uncompensated operational amplifier.
Figure 3.10 shows that the open loop gain curve of the compensated
operational amplifier has a constant gain from d.c. to/x , after which it falls
off at a rate of — 20 db/decade. The pole of the uncompensated operational
amplifier at fx is effectively cancelled by the zero of the compensating
network, thus letting the gain of the compensated operational amplifier
continue to fall at the same rate of — 20 dB/decade through the frequency ^
up to the frequency/2. From this frequency onwards the rate of roll off is
- 4 0 dB/decade.

The value of/x should be chosen in such a way that the intersection of the
closed loop gain curve of the amplifier and the compensated operational
amplifier open loop gain curve occurs at the frequency,/2. Thus the rate of
closure between the two curves will be 20 dB/decade on one side and
40 dB/decade on the other side of the point of intersection providing a
phase margin of 45°, and a conditionally stable circuit with maximum
possible bandwidth is obtained. Again as in the lag compensation method if
the new pole was chosen to occur at a lower frequency than '/x' then we
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Fig. 3.10. Open loop gain curve of the limited lag compensated
operational amplifier.
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would have had a more stable circuit but with smaller bandwidth. If it was
chosen to occur at a higher frequency than '/x' then we would have failed to
stabilise the circuit. From the following Worked example 3.7 the reader can
observe that the limited lag compensation gives a larger bandwidth than
that which could be obtained by using the lag compensation.

Worked example 3.7

Repeat Ex.3.6. Apply limited lag frequency compensation if
necessary. Comment on the useful bandwidth.

Solution

See Fig. ex.3.6 & 3.7.
In the solution of Ex. 3.6 it was found that the circuit needed to be
compensated.

Apply limited lag compensation to the circuit by making fy=f1 (where
pole-zero cancellation occurs) and choosing/x so that the second corner
frequency of the compensated open loop curve occurs at the crossing point
of the closed loop gain curve and the new open loop gain curve thus giving a
phase margin of 45°. From the diagram fx = 2 kHz and fy = 20 kHz.
Again

2 T T X 2 0 X 1 0 3
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Also

Therefore,

CR =
1 1

2n x 2 x 103 2% x 20 x 103= 71.6x10"

Now

7 L 6 x l O - = 7 1 6 n F

lOxlO3

1
In x 20 x l0 3 x 7.16x10 - 9 = 111212

In this case the limited lag compensation gives 1 decade larger bandwidth
than that obtained by lag compensation.

Worked example 3.8
Examine the frequency stability of the operational amplifier circuit

of Fig. ex.3.8 and if necessary apply limited lag frequency compensation.
The open loop gain of the operational amplifier is 100 dB at low frequency
and has corner frequencies at 1000 Hz and 100 000 Hz. A frequency
compensation point is provided with a self resistance of 4kQ.

Solution
1st step: Draw operational amplifier open loop gain curve
2nd step: Calculate 1/jff

Fig. ex.3.8
Gain, dB

1 10 100 Ik 10k 100k \ \10M
1 M N

Frequency, Hz (log scale)
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100xl03x I 1A_9
j27c/x 1 x 10 9

100xl034

Z l 10xl0 3 x T
J2TT/X100X10-9

1 0 x l 0 3 + -
J2TT/X100X10-9

_ ll(l+jO.OO577/)
~ (1 +J0.000628/)

So the frequency response of 1/jS has:

a pole at fp = 1/0.000628 = 1592 Hz

a zero at /x = 1/0.00577 = 173.3Hz

and

a low frequency gain of 201og10 11 =20.8dB

3rd step: Draw 1//?
The open loop and closed loop gain curves meet at 40 dB/decade rate of
closure on both sides of the intersection thus giving a phase margin of 0°. So
the circuit is unstable.
4th step: Choosefy=f1 where pole-zero cancellation occurs. Choose/x so
that the new open loop gain curve meets the 1//? curve at/2. From the
diagram we see that the phase margin is now 45° and/x = 100 Hz,/y = 1 kHz.

Jy 2nCR2
 2 2TTX1000

Again

Therefore

1 9
CR =

2TCX100 10

or

C = 2 7 r x l 0 0 0 x 4 x l 0 3 = 3 6 0 n F
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and

1
2TC x 1000 x 0.36 x 10- 6 = 442Q.

3.2 Applications

3.2.1 Instrumentation amplifiers
The main use of this type of amplifier is in instrumentation systems

where it amplifies small differential voltages riding on large unwanted
common-mode voltages. The differential-mode gain of an instrumentation
amplifier is often high, whereas, its common-mode gain is very low, thus
giving a very high common-mode rejection ratio. The input signal to the
instrumentation amplifier is usually the output voltage of a bridge circuit
with a variable resistance transducer in one of its arms as shown in Fig.
3.11. The bridge has to be provided with an excitation voltage. With a
constant excitation voltage V applied across A and B, the differential or
error voltage A V across C and D will be

AV=AR/4R
1

1 +
AR

If we can make 2R»AR, then

AV-AR/4RV (3.11)

Strain gauges, thermistors and photo-resistors are variable resistance
transducers. Active transducers such as thermocouples and piezoelectric
devices which generate voltage can be connected to the instrumentation
amplifier directly. The presence of a common-mode voltage and a

Fig. 3.11. A bridge circuit.

A
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Fig. 3.12. An instrumentation amplifier with high input impedances
and differential gain.

nRx

differential voltage is the characteristic of most transducers. The common-
mode voltage can be a d.c. level or a noise pick-up.

The circuit of an instrumentation amplifier is shown in Fig. 3.12. The
input pair of the operational amplifiers Ax and A2 provide high impedance
at both inputs and high differential gain. By matching input pairs, very low
drifts can be achieved. The third operational amplifier, A3 at the output
stage converts the differential signal from the input pair into a single-ended
output signal. It also provides a low output impedance. The gain can be
changed by the variable resistor RA.

Analysis

To analyse the circuit we will make use of the superposition
theorem. Let us first consider the output stage. If we assume that the voltage
applied to terminal 'J3' is zero, then the terminal can be effectively grounded
and the operational amplifier A3 will be connected in an inverting mode.
Therefore, if a voltage vA is applied to terminal 'A' the output voltage will be

Now if we make vA = 0, terminal 'A9 will be at ground potential and the
amplifier will be in the noninverting configuration. In this case the output
voltage will be

nR?
vB = nvB



82 Operational amplifiers

Using the superposition theorem the output voltage can be written in terms
of vA and vB

*W = "out + "out = n(vB - vA) (3.12)

Now let us consider the input stage of the instrumentation amplifier. When
the input voltage v2 is zero, it can be assumed that terminal '2' is connected
to ground. Then the operational amplifier Ax acts in the noninverting
mode, whereas, the other amplifier A2 works as an inverting amplifier to the
input signal v1 since the differential-mode voltage of the operational
amplifiers is zero, and the potential at nodes '3 ' and '4' are the same as those
at T and '2' respectively. Thus the output voltages at terminals 'A' and '£ '
are respectively given by

and

Using a similar argument it can be said that when vi=0, the operational
amplifiers Ax and A2 act in the inverting and nonin verting modes
respectively to the input voltage v2. Thus in this case, the output voltages at
terminals 'A' and \B' are

RA

and

V RAJ

respectively. Using the superposition theorem again we find the output
voltages at terminals 'A' and '£ ' for input voltages v1 and v2 to be

( ^ ) ^ (3-13)

and

( ^ ) ( ^ ) (3-14)

From (3.12), (3.13) and (3.14) we obtain the relationship between the
differential input voltage and the output voltage



Applications 83

Fig. 3.13. The schematic of an integrated circuit instrumentation
amplifier.

+ 15 V

Output

Common

2R

or

(3.15)

Therefore the gain of the instrumentation amplifier is given by

-nl 1 +
2R,

RA
. The negative sign indicates that the output is phase shifted

by 180°. By adjusting the variable resistor RA the gain can be changed over
a wide range. The component values are usually chosen so that the gain is
shared roughly equally by the two stages of the amplifier.

Figure 3.13 shows the schematic of an integrated circuit instrumentation
amplifier. These are generally balanced to produce zero output voltage for
zero input voltage when installed, or perhaps before a test run, but due to
changes in input offset current and voltage with time, temperature and
power supply variation and also due to any change in output noise voltage,
some offset error will be produced at the output. The total offset error
voltage can be calculated using the following equation,

~ (3.16)
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where ——p- is the output offset voltage drift with temperature, ——— is the

AE
output offset voltage drift with power supply, os is the output offset

voltage drift with time, —— is the offset current drift with temperature, AEn
AT

is the output noise voltage and Rs is the source resistance.

Worked example 3.9

The bridge shown in Fig. 3.11 has K=6V, R = S.2kQ and
AR = 60 Q. Calculate the differential voltage A V. Design a suitable circuit to
amplify this voltage by a factor of 1200.

or

1
2x8.2xlO3

Again from (3.15), the overall gain

2V
= 1200

say

n = 30, then

Choose Rl=R2 = RA=lkQ. Therefore

RB=19.5kQ

Worked example 3.10

An integrated circuit instrumentation amplifier has the following
specifications at a gain of 1000:

^ = ± 10mV/°C, ^ = ±50mV/V, ^ = ±5mV/24h,
AT AVS At

AT
= ± 1 nA/°C and AEn = 6 mV rmsAT
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If this amplifier is balanced to zero output for zero input before being
connected to the bridge described in Ex. 3.9 what would be the offset error
voltage after a week if the temperature change during this period is 19°C
and the variation in the power supply is 5%. The power supply needed for
the amplifier is + 15 V.

Solution

Substituting the given data in (3.16)

£o s= ±(10 x 10~3 x 19)±(50 x 10"3 x 15 x 0.05)±(5 x 1(T3 x 7)
± ( 8 . 2 x l 0 3 x l x 10" 9 x l9 )

± ( 6 x l O " 3 x 1.414)

= 271.2mV

The calculated offset error of ± 271.2 mV is a worst case maximum value
assuming all terms are additive.

3.2.2 Comparators
A comparator as its name implies compares the amplitude of a

varying signal either with that of another varying signal or with that of a
reference voltage. It is widely used in electronic systems to sense when an
input signal reaches some threshold value. By limiting the output voltage to
suitable levels it is possible for a comparator to drive digital logic circuits
directly. Figure 3.14 shows that an operational amplifier can be used
without any external circuitry to perform the function of a comparator. In
this case the input signal is applied to the inverting terminal of the amplifier
and a reference voltage to the nonin verting terminal. The amplifier output

Fig. 3.14. An operational amplifier as a basic comparator.

v\n

VL-

\]^^ sloP
\ l

l\

1 >

l>in

Kef
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Fig. 3.15(a). The regenerative comparator circuit and (b) its
input/output characteristic.

V. —

- Vu

Kef

AV

(b)

(a)

is VH if the signal exceeds the magnitude of the reference voltage by at least
1 mV typically, in other words vin — Kref is greater than 1 mV. Now if the
magnitude of the input signal is reduced gradually then at a certain instant
vin — Kref becomes less than — 1 mV and the output of the amplifier becomes
VL. Again the amplifier output changes state (KH) when the signal exceeds
the magnitude of the reference voltage. It is apparent from the figure that
the input should vary by an amount equal to (VH— VL)/ADM, i.e., 2mV in
this particular case, before any change of state occurs at the output.
Therefore for a slowly varying input signal it is necessary to speed up the
transition of the output.

This can be achieved with the help of a positive feedback circuit as shown
in Fig. 3.15(a). In this circuit, known as the regenerative comparator or
Schmitt trigger, positive feedback is applied via the potential divider Rx and
R2. The input signal is applied to the inverting terminal and the reference
voltage to the noninverting terminal via the resistor i ^ . Let us assume that
initially the input signal vin is much less than the reference voltage, Vre(, then
the differential mode voltage vDM will be negative and since the operational
amplifier is connected in the inverting mode the output will be equal to the
positive saturation voltage KH. Now let us suppose that the input voltage vin

rises. When it becomes equal to the potential at the noninverting terminal,
V+ = Kmax say, the output voltage VH falls slightly. The positive feedback
increases i?DM which in turn accelerates the drop in the output voltage until
the latter reaches the negative saturation voltage VL. The transition is
regenerative and takes typically less than 1 jus. It is independent of the rate
of change of the input voltage. Any further increment in vin will not cause
any change in the output.
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Now if the input voltage vin is decreased, the output voltage will stay at
VL until vin falls to the new value of V+ = Kmin, then the positive feedback
will force the output to rise to VH. Again this transition is both rapid and
regenerative. Any further reduction of the input voltage will not change the
output voltage.

The upper threshold voltage, when the input is rising, is given by

-v (3.17)

(a)

Similarly the lower threshold voltage, when the output is falling, is given by

(3.18)lin L Rx+R2
 2 F

(b)

Therefore the transition takes place at different values of the input signal
depending on whether it is increasing or decreasing. The difference between
Fmax and Vmin is the amount of hysteresis and is given by

AV= Vmax— Vmin = R1/(Rl + R2) - (VH— VL) (3-19)

From the above expression we may note that the amount of hysteresis is
proportional to the feedback factor. Figure 3.15(6) shows the variation in
the output voltage of the comparator with the variation in the input
voltage.

The upper and lower output voltage levels are often set by the power
supply voltages, they are typically 1 volt less than the power supply voltages
due to various voltage drops in the output circuit of the operational
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Fig. 3.16. A regenerative comparator circuit with output voltage levels
at —4.6 volts and 3.6 volts.

R

o = 4 V

V7A = 3 V

amplifier. However, for the use of comparators in conjunction with some
digital logic circuits the upper output voltage level must have a value in the
range of 2.4-5 volts and the lower output voltage level a value around zero.
Zener diodes are often used for this purpose as shown in Fig. 3.16.
Whatever the power supply voltages to the circuit are, the output voltage
levels are determined by the Zener voltages of the diodes neglecting the
voltage drop across the forward conducting Zener diode. The value of
resistor R is so chosen that the amplifier output current is limited to the
recommended bias current for the Zener diodes. In the circuit when the
input voltage vin is smaller than the reference voltage Fref, the output of the
operational amplifier assumes the positive state. Then the diode Zx

becomes reverse biased and the diode Z 2 goes forward biased. Hence the
output voltage becomes

Vout = reverse voltage drop of Z : + forward voltage drop of Z2

= 3 + 0.6 = 3.6 volts

Again when the input voltage is greater than the reference voltage
Kref, the output assumes the negative state. Now the Zener diode Zx

becomes forward biased and the diode Z2 goes reverse biased. The output
voltage will then become

Km = - (forward voltage drop of Zx + reverse voltage drop of Z2)

= - (0 .6 + 4)= - 4 . 6 volts

This comparator circuit converts a sine wave or triangular wave input to a
square wave output and hence is also referred to as a squaring circuit.

Worked example 3.11

In the circuit of Fig. 3A5(a)R1 = 1 kQ. Choose the values of R2 and
the reference voltage, Vre{ so that the maximum and minimum input
voltages required to switch over the output voltage levels of the circuit are
4.7 V and 1.5 V respectively. Given FH =12V and VL= - 1 2 V.
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Solution

Substituting 4.7 V, 12 V and 1 kQ for Fmax, KH and R1 respectively
in the expression (3.17) we get

4 . 7 = - ^ -
2 l x l 0 3

or

VTe(R2 - 4.1 R2 = 4.7 x 103 - 1 2 x 103

Similarly substituting 1.5V, - 1 2 V and lkQ for Fmin, VL and Kt

respectively in the expression (3.18) we get

1 5 ^ r e f ^ 2 - 1 2 x l XIQ3

or

VrefR2 -1.5R2 = 1.5 x 103 + 12 x 103

Solving the above two expressions

F r e f K 2 - 4 . 7 # 2 = - 7 . 3 x l 0 3

- KefRi + 1.5/^2 = -13.5 x 103

-7 .3x l0 3 + 4.7x6.5xl03_

Worked example 3.12

The operational amplifier used in the circuit of Fig. 3.15(a) has a
slew rate of 1.5 V//is. Draw the output voltage waveform when a triangular
wave of ± 5 V amplitude and frequency 10kHz is applied to the input.
Given K ^ l k Q , R2 = 10kQ, Kref = 2V, KH = 9Vand F L = - 9 V .

Solution
K ^ + K H * ! 2x IOX 103 + 9x 1 x 103

R + i ? (l + 10)103

= K^^H- KLJtt = 2 x 10 x 103-9 x 1 x 103
 =

min Rt+R2 (l + 10)103

1.5 V change in the output takes 1 (is
1 O

18 V change in the output takes —— = 12 ̂ s.



90 Operational amplifiers

Fig. ex.3.12

100 /zs

2.64 V + 5V
I V

- 5 V
Input

12jis

19.8 MS
56.2/IS

3.2.3 Precision rectifiers
Semiconductor diodes are used in rectifier circuits in order to

convert a.c. voltages to pulsating d.c. voltages and allow current to flow
in one direction only. A conventional rectifier circuit, as shown in Fig.
3.11 (a), however, does not rectify very small signals and also introduces
errors into large input signals due to the nonlinear characteristics of the
diodes. To overcome these problems an operational amplifier can be used
in conjunction with diodes and resistors as shown in Fig. 3.17(b). This
circuit works as a half wave rectifier and to understand the principle of
operation of the circuit we first consider the positive half of an alternating
voltage applied to the input terminal. Since the operational amplifier is
connected in the inverting mode, its output vA at terminal 'A' will be
negative. The diode D1 will be forward biased but the diode D2 will be

Fig. 3.17(a). A conventional half wave rectifier circuit.
(b). A precision half wave rectifier circuit.
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Fig. 3.18(a). Analysis of the circuit of Fig. 3.17(fc) for positive input
voltage.

(a)

reverse biased. The circuit can be redrawn as shown in Fig. 3.18(a) where
the diode D1 has been replaced by a d.c. source, ' £ O N ' of magnitude equal to
the forward voltage drop of a diode, say 0.6 volt for a silicon diode, and D2

has been replaced by a current source having a magnitude equal to the
leakage current flowing through D2 due to reverse biasing. Now assuming
that the operational amplifier behaves ideally, it can be said that the
terminal 'X' is grounded, therefore the output voltage vo is equal to the
voltage drop across the resistor R2 due to the leakage current /OFF flowing
through it. The rest of the current / will flow to the terminal 'A9 via the d.c.
source 'EON\ Thus we may write

(3.20)

and

Vx =

where Vf is the forward voltage drop of a silicon diode.
Let us now consider the negative half of the alternating input voltage.

The voltage vA at terminal 6A' will be positive due to the inverting mode.
The diode D2 will be forward biased and diode D1 will be reverse biased.
The circuit can be represented as shown in Fig. 3.18(b) by replacing diodes
Dx and D2 by a current generator and a d.c. source respectively. The output
voltage in this case will be

(3.21)
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Fig. 3.18(fr). Analysis of the circuit of Fig. 3A7(b) for negative input
voltage.

R2 _f-/off

Negative

Fig. 3.19(a). Input/output characteristic and the input and output
voltage waveforms for the precision half wave rectifier.

-0 .6 V

0.6 V

and

(a)

Figure 3.19(a) shows the variation of vo and vA with vin. A typical value of

/ O F F is 10 nA which if R2 is 1 kQ would give,



Applications 93

Fig. 3A9(b). Input/output characteristic and the input and output
voltage waveforms for a precision half wave rectifier with diodes
connected in opposite directions to those in the circuit of Fig.

(b)

So we may neglect the term IOFFR2 in (3.20) and (3.21) provided vin »10 //V,
and the resistors Rt and R2 are at least of the same order. Thus the output
voltage varies linearly with the input voltage when the latter is negative.
The output is approximately zero for positive input voltages.

By changing the direction of the diodes in the circuit of Fig. 3.17(b) the
output voltage can be made to vary with the input voltage in the manner as
shown in Fig. 3A9(b).

The full wave rectification can be obtained by using the half wave rectifier
described above in conjunction with a summer as shown in Fig. 3.20(a).
The gain of the half wave rectifier is unity, and the second operational
amplifier adds the output of the half wave rectifier, v2 to the input vin. We
can readily see from the figure that for a positive value of vin9 v2 = 0, hence
the output voltage is

vo=~vin

When the input voltage is negative the output voltage is

(3.22)

(3.23)
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Fig. 3.20(a). A precision full wave rectifier, (b) its input/output
characteristic and (c) its input and output voltage waveforms.

, R/2

Unity slope

(h)

v\n

The input-output characteristic of the full wave rectifier is shown in Fig.
3.20(b). The output can be smoothed out with the help of a capacitor C
connected across the feedback resistor of the second operational amplifier
circuit. The input-output waveforms are shown in Fig. 3.20(c). This circuit
is widely used in digital voltmeters.

Worked example 3.13

In the circuit of Fig. 3.17(fr) the silicon diodes have leakage
currents of 10//A, K ^ l k Q and R2 = 4JkQ. Draw the output voltage
waveform for a 50 Hz sinusoidal input of 2 VPTP amplitude.

Solution

When vin is positive,

*W= -Rihff= - 4 . 7 x 103 x 10 x 10"6

= -0.047 V
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Fig. ex.3.13

95

4.653 V -

When vin is negative,

4.7 x 103

If — i) y - 4 . 7 x l 0 3 x 10x10 - 6

= 4.7t?in- 0.047 V

Worked example 3.14
Design a full wave rectifier to deliver 15 V d.c. with 0.2 VPTP ripple

into a resistive load of 3 kQ. The input is the same as that given in Ex. 3.13.

Solution

or

or

c(

Fig. ex.3.14
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Therefore

C= 3 x l 0 3 x 2 x 50x0.2

Let us consider the full rectifier circuit of Fig. 3.20 and choose R = 1 kQ,
then by using (3.21) and putting Rl=R2 = R, the output of the first stage
(half rectifier) is given by

= 0.99 V

Therefore the value of the feedback resistor of the second stage (summer) is

1 5 x l x l 0 3 = 15kQ

and the resistor R/2 between the output of the first stage and the input of the
second stage is

103

3.2.4 Logarithmic amplifiers
Logarithmic amplifiers are nonlinear circuits and may be used to

provide very small input signals with large amplification and large input
signals with relatively small amplification. Logarithm circuits together with
antilogarithm circuits can perform analogue multiplication and division.

Logarithmic amplifiers use a diode or a transistor in the feedback path of
an operational amplifier circuit as shown in Fig. 3.21. The output voltage of

Fig. 3.21. A logarithmic amplifier using a diode in the feedback path
of an operational amplifier circuit.
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the circuit is proportional to the logarithm of the input voltage. The
current-voltage relationship for a diode is given by

ID = Is(e«v°/kT-l) (3.24)

where

/ s = reverse saturation current
JD = current through the diode
VD — voltage across the diode

q = electronic charge 1.6 x 10~19C
/c = Boltzmann's constant 1.38 x 10~23 J/K
T= Temperature in K

If we assume that FD is greater than 100 mV then

QqVo/kT»l at room temperature*

Therefore (3.24) can be written in the following form

ID = Ise
qV°/kTl (3.25)

Taking logarithms of both sides,

In ID/Is = qVD/kT

or

kT
K D = ~ l n / D / / s (3.26)

q

Now if we consider the operational amplifier to be ideal then its differential
mode voltage is equal to zero and therefore the output voltage vo is equal
but opposite to the voltage drop across the diode. Thus

kT
vo= ln /D / / s (3.27)

Again

ID = VJRX (3.28)

since no current flows into the input terminal due to the infinite input
impedance of the operational amplifier.

kT
* Thermal voltage — = 26 mV at T= 300 K.

q
t Here vin is positive, otherwise the diode is reverse biased and JD = - / s and

v0 is negative.
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Therefore we may write from (3.27) and (3.28),

= -lkT/qlnvin-kT/qlnIsR^ (3.29)

The second term on the right hand side of (3.29) is a constant so the log plot
of the output voltage versus the log vin is a straight line with a slope of
- 2.3 fc 774 m V/decade.

Connecting the diode in the reverse direction in the circuit of Fig. 3.21, a
positive output voltage can be obtained from a negative input signal.

An n-p-n transistor connected in a common base configuration can
replace the diode in the circuit of Fig. 3.21. If a positive voltage is applied to
the input then the output will be negative since the operational amplifier is
connected in the inverting mode. Thus the collector-base junction is zero
biased and the emitter-base junction is forward biased, i.e., the transistor is
in the forward active region and IC — IE- The collector current, therefore, for
a common-base transistor is

l) (3-30)

Again using the same argument as before, i.e., eqVe"/kT» 1 we obtain,

where

VEB = emitter-base voltage

and

/ES = emitter-base current under small reverse bias

Since the base of the transistor is grounded, the output voltage of the
amplifier vo is equal to the emitter-base voltage and we may write

vo= -kT/q\n^ = -kT/qln - ^ _ (3.31)
^ES ^M^ES

The output of a logarithmic amplifier is either positive or negative
depending on the type of bipolar junction transistors used. In order to
obtain a positive output from a negative input signal a p-n-p transistor has
to be employed. The slope of + 23kT/q gives an output voltage variation of
approximately 60 mV per decade of the input voltage change at room
temperature.

The circuits described above are simple but are limited in performance
due to the linear temperature dependance of the thermal voltage, kT/q and
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Fig. 3.22. A precision logarithmic amplifier giving an output voltage
variation of — 1 volt per decade of the input voltage.

Qx

I~Y1
^

R* = 15 kQ

R5 = 1 kQ

+ V

nonlinear temperature dependence of the quantities / s and /ES. The circuit
shown in Fig. 3.22 uses a transistor Q2 connected as a diode at the output of
the first operational amplifier for temperature compensation. Ideally the
constant current source Q3 sets the input current at which the output
voltage is zero. In order to obtain an output voltage variation of — 1 volt
per decade of the input voltage a noninverting amplifier is used with a
voltage gain of 1 V/60mV= 16. A temperature sensitive resistor (thermis-
tor) may be used in series with a resistor, instead of the resistor R5 to
compensate for variations in the thermal voltage kT/q.

The input voltage to the noninverting amplifier v[n is equal to the
difference between the emitter-base voltages of the transistors Qi and Q2

and we may write

Her vJR.l kT^ vin
v[n = vEBi-vEB2=- — In — = 1*——

L 4 7c2 J q RJc
(3.32)

By choosing suitable values for resistors R2, R3 and R4 we can make the

output of the constant current source IC2 equal to — amps.* Thus (3.32)

will become

v[n=-kT/q\nvin

/C2—/C3 since the bias current to the operational amplifier — 0.
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or

If R6 = 15 kQ and R5 = 1 kQ then,

A matched monolithic transistor pair should be used for Qx and Q2. Also in
order to obtain an accurate logarithmic operation, operational amplifiers
with low bias currents and offset voltages should be chosen.

By interchanging the diode and the resistor in the circuit of Fig. 3.21
a simple antilogarithm circuit can be obtained. It can be easily shown that
the output voltage in this case will be

^out= -# / s an t i log (qvJkT) (3.34)

Again a transistor can be used instead of the diode in the antilogarithm
circuit. As in the case of logarithmic amplifiers these circuits are also
unidirectional.

Worked example 3.15
Calculate the output voltage of the logarithmic amplifier circuit of

Fig. 3.21 if the input voltage is 100 mV. Given Rx = 100 kQ, /ES = 1 pA at an
ambient temperature of 22 °C. What would be the output if the input is
increased to 10 V?

Solution

From the expression (3.31), for i;in = 100mV,

Vni.t ^~ An

1.38 x ! Q - 2 3 x 295 100xl0~ 3

1.6xlO"19 X n i 0 0 x l 0 3 x l x l 0 ~ 1 2

= - 3 5 1 mV

for t;in = 10V

1.38 x l O " 2 3 x 295 10
Voui~ 1.6xlO"19 1 0 0 x l 0 3 x l x l 0 - 1 2

= -468mV
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So the increment is 117mV for 2 decades.
.'. increment per decade is approximately 60mV.

Worked example 3.16

In the circuit of Fig. 3.22, R5 = 1 kQ and R6 = 27 kQ. What would
be the change in the output voltage per decade change in the input voltage
at an ambient temperature of 55 °C?

Solution

Let the input voltage be initially vinl9 and the corresponding
output voltage uoutl.

Using (3.33)

( ^ ) (1)

Now increase the input voltage by a factor of 10 to vin2; then the
corresponding output voltage becomes vout2.

Again using (3.33)

^ g t ; l n 2 (2)

Subtracting (1) from (2),

^ 5

1.38 x lO~ 2 3 x 3 2 8 / 27xlO 3

= -1.82 volts

3.2.5 Analogue computation
At the beginning of this chapter it was mentioned that operational

amplifiers were at first used in analogue computation. In this section we will
discuss the principles of operation of analogue computers and some of their
applications. Operational amplifiers are normally used in analogue
computation as sign reversal amplifiers, integrators, summers and also
multipliers. In addition to these main components, potentiometers are used
for the multiplication of the coefficients. Although an analogue computer
solves differential equations and sometimes a need may arise for the use of a
differentiator, its use is avoided because it presents increased noise level,
risk of overloading and instability. The basic building blocks of analogue
computers are described in the following sections.
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Fig. 3.23. (a) A summer circuit and (b) its symbol.

V\

3.2.5.1 Summers
Figure 3.23(a) shows a typical circuit for a summer used in

analogue computation. By assuming that the operational amplifier is ideal
it can be shown easily that vo=—(Rl/R1

mv1+R1/R2'V2 + Ri/R3mv3).
Therefore a number of voltages can be multiplied by different constants and
added together, the constants being the ratio of the resistors. The symbol
for a summer which avoids drawing all the resistors is shown in Fig. 3.23(fr).
The number beside each input terminal indicates the multiplication
constant for that particular input. Any input not in use is grounded.

3.2.5.2 Integrators

The feedback component in an integrator is a capacitor/Figure
3.24(a) shows a typical integrator circuit used in analogue computation.
Again assuming ideal performances for the operational amplifier we may
write the output voltage v0 in terms of the input voltages as follows,

Thus a number of input voltages can be multiplied by different constants,
then added together and integrated with respect to time. The constant of
integration is the voltage at terminal 'A9 at t = 0. The potential divider
formed by R4 and R5 charges the capacitor C and sets the initial conditions
and then is disconnected as the integrator is set in the run mode. Often the
feedback capacitor of the integrator is chosen to be 1 /xF and the input
resistors 1 MQ or 100 kQ. The symbol for an integrator is shown in Fig.
3.24(fo). The gain for each input is specified in the small rectangle and the
initial condition, x0, is shown fed into the triangle. The circle represents a
resistive divider.
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Fig. 3.24. (a) A typical integrator circuit and (b) its symbol.

-\

(a) (h)

Fig. 3.25. The schematic of a multiplier circuit.

r^=^

r\y^ V{)

= Kv\ v2

3.2.5.3 Multipliers

Figure 3.25 shows the schematic of a multiplier circuit built with
two logarithm amplifiers and one antilogarithm amplifier. It is apparent
from the figure that this circuit is capable of multiplying two voltages.

3.2.5.4 Applications
One of the main uses of an analogue computer is to solve

differential equations which may simulate the behaviour of many mechan-
ical systems. As an example let us find the displacement, x of a vibrating ball
of mass, m on the end of a spring of stiffness, k in the presence of viscous
damping described by the damping factor,/, from its equilibrium position.
The equation of motion is given by

d2x

dt
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Fig. 3.26. Analogue computation circuit which solves the differential
equation:

d2x dx

or

dt2 m At m

We assume the value of —y and then using two integrators compute the

value of x. The value of — k/m • x is found by using a summer to reverse the
sign of x and a potentiometer to multiply it by k/m. Another potentiometer
is used to multiply the output of the first integrator to obtain —f/m • dx/dt.

d2x
These two terms together yield —y which was assumed in the first place.

Figure 3.26 shows the circuit which will solve this equation.
Now if we set both integrators of the circuit at run mode simultaneously

the voltages appearing at 'A' and 'B' will give the displacement and velocity
of the ball respectively. These can be recorded on an oscilloscope or an
XY~ploUer.

Another application of analogue computation is to realise a class of filter
circuit which will be described in the next section.

Worked example 3.17
Design an analogue computation circuit to solve the differential

equatior

dt

Solution
d2x _ 3 dx _ 5 9
~dT~7dt 7X+7
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Fig. ex.3.17
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3.2.5.5 Scaling

Sometimes the magnitudes and rates of change with respect to time
of the variables in the computer and the problem under study have real
limitations. Hence in order to ensure accurate computer solutions, the
corresponding variables in the computer and the system under study must
be related by magnitude and time scale factors.
Magnitude scaling: In general we assume s = amS where s is physical
variable, S is computer variable and am is magnitude scale factor.

Thus we have in the equation to be simulated

ds dns dnS
(3.36)

Time scaling: In order to transform from the real time, t, to computer time,
T, we use the time scale factor at as follows,

d

dt df
dn

dTn (3.37)

The following worked example shows the application of time and
magnitude scaling to a problem.

Worked example 3.18
A tank with a tap at its bottom is filled with water at a rate of

2 m3/s. The water flows out through the tap at a rate of x m3/s where x is the
height of the water level in the tank. If the area of the tank is 7200 m2, design
an analogue computer to indicate the height of the water level in the tank.

Solution

The physical equation is

7 2 0 0 ^ +x = 2
dt (1)
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Fig. ex. 3.18(a)

=0

(a)

dx
Substituting — =0 into the above expression yields the maximum value

at
of x,

Say the permissible computing voltage = 10 volts. Therefore using ampli-
tude scaling

Equation (1) becomes

or

7 2 0 0 ^ + X= 10
at

The initial rate of rise is obtained by putting x = 0.

/. 7200^=2
dr

(2)

or

dx 2
ck " 7 2 0 0

If this rate is maintained the final height (2 m) would be reached in 7200 s,
i.e. 2h. Let this be scaled to 10 s
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Fig. ex. 3.18(b)
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10 V -x 10 Vo-

(b)

.'. equation (2) becomes

720

or

1 1
RXC R2C 10

Choose C=l/iF.

3.2.6 Active filters
In low frequency filter circuits inductors are very bulky and their

usage can be avoided by using operational amplifiers in conjunction with
resistors and capacitors which can mimic the properties of inductors. Thus
it is possible to build inductorless filters of various types in integrated
circuit form with the ideal properties oiRLC filters. In this section we will
mainly consider low-pass and high-pass filters. The band-pass and band-
reject filters can be easily constructed by cascading low-pass and high-pass
filters. Figure 3.27 shows the ideal and practical gain responses of these
filters. The Butterworth response which gives 'maximally flat' response in
the pass band will be mostly used in this section. The rate of attenuation of
the output in the stop band depends on the order of polynomials of the
transfer function of the circuit. For example a first order transfer function
will produce an attenuation of — 20 dB/decade in the stop band whereas a
second order transfer function will give —40 dB/decade attenuation. Each
additional order gives —20 dB/decade steeper slope. Another well used
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Fig. 3.27. Ideal and practical gain responses of {a) low-pass, (b) high-
pass, (c) band-pass and (d) band-reject filters.

Gain, dB Gain, dB

3dB

- / . Hz - / . H/

(h)

Gain. dB Gain. dB

3dB

' /. Hz - /. Hz

Ideal

Practical

approximation gives the Chebyshev response in which the magnitude
response in the pass band may have ripples ranging typically from 0.1 dB to
3dB. Another commonly used approximation gives a maximally flat
response but with a delay. The response is known as the Bessel response.

3.2.6.1 First-order circuits

Low-pass filters. In the first place we must select an appropriate
transfer function for the filter synthesis and then design a circuit to yield
that transfer function. Let us consider the gain response of a simple low-
pass filter as shown in Fig. 3.28(a). The gain of the circuit, Ayo is constant
from d.c. to some specified cutoff frequency/o and then at higher frequencies
the gain falls off at a rate of 20 dB/decade. This characteristic can be realised
by a first-order transfer function given by

Ay(s) = AJ(l+s/w0)

Fig. 3.28(a). The gain response of a first order low-pass filter.

Av, dB

/, Hz
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or,

or,

^v(j/) = ^vo/(l +J/Z/o) (3.38)

Now the magnitude of the above function can be written as follows,

1 +
(3.39)

and its phase

' O-tan" 1f/fo= - t an" 1 -
Jo

(3.40)

The transfer function given by (3.38) can be achieved by the circuit shown in
Fig. 3.28(5), since the voltage gain of this circuit can be written as

A=--
1

, (l+)2nfGR2)
(3.41)

which is of the same form as (3.38). Now comparing the two equations
(3.38) and (3.41) we may write

or

and

\AJ = R2/Rl

fo=l/2nCR2

Fig. 3.28(Z>). A first-order low-pass filter circuit.

R2

(3.42)

(3.43)

(b)



110 Operational amplifiers

Fig. 3.29(a). The gain response of a first-order high-pass filter.

Av, dB

/« ^ /, Hz

{a)

Therefore the circuit works as a low-pass filter whose cutoff frequency is
determined by the circuit components in the feedback path of the
operational amplifier.
High-pass filters. This type of filter as the name implies, attenuates low
frequency and passes high frequency signals. The amplitude response of a
first-order circuit is shown in Fig. 3.29(a). By observing the characteristic
we can say that a zero in the transfer function of the gain curve occurs at
zero frequency and the gain curve rises at a rate of 20 dB/decade up to the
cutoff frequency f0 where a pole occurs to make the gain constant
(OdB/decade) from that frequency onwards. The transfer function for this
characteristic should therefore be of the form

Ay(s) = Ayos/(co0 + s) = AJ(1 + (D0/s)

or,

A A

Ay(jco)=-
o l-jcQ0/a>

or,

Now the magnitude of the above function can be written as follows,

(3.46)

and its phase
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Fig. 3.29(6). A first-order high-pass filter circuit.

R2

Now let us consider the circuit shown in Fig. 3.29(6). Its voltage gain is
given by

(3.47)
1

j2nfCRly

Equation (3.47) is of similar form to (3.44) and by comparing the two we
may write

Ayo=-R2/R1

or

\AJ = R2/R1 (3.48)

and

/ 0 =1 /2*0*! (3.49)

Therefore the circuit illustrated in Fig. 3.29(6) is a high-pass filter whose
cutoff frequency is determined by the circuit elements in the input path of
the operational amplifier.
Band-pass filters. A first-order band-pass filter can be obtained by
cascading a high-pass first-order filter section with a low-pass first-order
filter section. The cutoff frequency of the low-pass filter must be greater
than that of the high-pass filter and the difference between the frequencies at
3 dB point will determine the bandwidth of the band-pass filter.
Band-reject filters. A first-order band-reject filter can be obtained in a
similar fashion as above by cascading a low-pass filter section with a high-
pass filter section, but in this case the cutoff frequency of the low-pass filter
must be smaller than that of the high-pass filter and the difference between
the frequencies at 3 dB point will determine the bandwidth of the band-
reject filter.



112 Operational amplifiers

Fig. 3.30. A general infinite gain multiple feedback second-order
circuit.

3.2.6.2 Infinite gain multiple feedback (IGMF) second-order
circuits
Multiple feedback circuits have second-order voltage transfer

functions. A general circuit that may be used to realise voltage transfer
functions with a single pair of complex conjugate poles, and with zeros
located only at the origin of the complex frequency plane or at infinity is
shown in Fig. 3.30. In order to obtain the transfer function of the circuit we
shall use Y parameters for the passive elements in the circuit. Each of the
elements represents a single resistor or a single capacitor. By observing the
circuit we may write

11
(3.50)

Now let us assume that the input impedance and the differential mode gain
of the operational amplifier are both infinite, then we may write the
following expressions

and

I2=Y2v0

I3=Y3v0=-Y5v2 =

(3.51)

(3.52)

(3.53)

(3.54)

From (3.50)—(3.54), the voltage transfer function of the multiple feedback
circuit can be obtained

V2
(3.55)
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Fig. 3.31. A second-order low-pass filter circuit.
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=4= C 2 v2

1

The passive elements of the circuit can be readily chosen so as to obtain
voltage transfer functions for low-pass, high-pass or band-pass filters.
Low-pass filters. The voltage transfer function that will give the required
response is given by

(3.56)

where Ayo is a positive real constant which specifies the gain in the pass
band, i.e. the d.c. and low frequency gain in this case. The transfer function
has two complex conjugate poles which will cause the gain to fall at a rate of
40dB/decade in the stop band. Now to make the general circuit work as a
low-pass filter we must choose the passive elements such that the voltage
transfer function of (3.55) becomes similar in form to that shown in (3.56). It
is obvious from these equations that the elements Yl9 Y3 and Y4 must be
resistors whereas in order to generate an s2 term in the denominator Y2 and
Y5 must be capacitors. The circuit thus obtained is shown in Fig. 3.31.
Substituting Yx = l/Rl9 Y2 = sC2, Y3 = l/R3, Y4=l/R4 and Y5 = sCs in
(3.55) we obtain

1 1

1 / 1 1 1 1
(3.57)*

R3R4C2C5

By comparing (3.57) with (3.56) we get

12 _ (3.58)

* The negative sign in the equation means that the circuit produces a signal
inversion.
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and

1 / 1 1 1
02 \^1 ^3 ^

1

From (3.58) and (3.60)

(3.59)

(3.60)

(3.61)

The magnitude response of a second-order low-pass filter for several values
of a (where a/2 is the damping factor) is shown in Fig. 3.32. The gain of the
filter is unity and it has been plotted in dB against the normalised frequency
in a log scale. It can be noted that in the pass band the 'maximally flat'
Butterworth response occurs when a = ^Jl.

From (3.56),

s = [-co0ot±yJ(co0
2oc2-4a)0

2)']/2

Therefore we can say by observing the above expression that a should be
less than 2 in order to yield complex conjugate poles.

Worked example 3.19
Design a second-order, low-pass filter having a maximum gain of

10 and a 3 dB frequency of 1 kHz. The filter should have a maximally flat
response in the pass band and an input impedance of 10 kQ.

3.32. The gain response of a second-order low-pass filter for several
values of a where a/2 is the damping factor.

Av, dB

0.1 / , Hz
(log scale)
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Solution

Consider the circuit of Fig. 3.31, OL = ̂ /2 for maximally flat
response. For input impedance of 10kQ, Rx = 10kQ (say) therefore from
(3.61)

From (3.59), substituting for a, coo, Rx and ft4 we obtain,

2 x 2TC x 1000= — ( — — - T + — +
C 2 V10xl0 3 R3 100 xlO3

Choose C2 = 0.1 fiF and the above expression becomes

x 2TT x 1000 x 0.1 x 10"6 = 10~4+ — + 10~5

.". R3 = 1.285 kQ

From (3.60):

1

1
1.285 x 103 x 100 x 103 x 0.1 x 10"6 x 2n x 2n x 106

= 1.973 nF

If impractical values of R3 and C5 are obtained then we can revise the choice
of C2 and repeat the calculations.

Worked example 3.20

Design a fourth-order, low-pass, maximally flat response filter
with a gain of 20 and corner frequency 4 kHz.

Solution
From the table given in Appendix E, the transfer function for

fourth-order L.P.F. having corner frequency of 1 rad/s and gain of 1 is

1

(s2+ 0.765 s+ l ) ( s 2 + 1.848 s+1)

This transfer function can be achieved by cascading two second-order
filters having transfer functions

s2 + 0.765s + 1 a n d s2 + 1.848s + 1
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First consider

1

s2 + 0.765s +

From (3.61)

Choose

From (3.59):

1 / 1 1 1
C2 \RX R3 R

Choose

C2 = 0 . 1 x l ( T 2 F

or

From (3.60):

Cs = ~2s = 1.7 x 103 x 10 x 103 x 0.1 x 10

The frequency level is changed to coo = 2n x4 x 103 by dividing the
capacitor values by the new coo.

Thus

and

C5 = 59 x 10"6 -4-2TT x 4 x 103 = 2.3 nF

.". The first stage is as shown in Fig. ex.3.20(a).
Now consider

1

s2 +1.8485 + 1
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Fig. ex.3.20(«)

10k

10 k
0

0.039^=^=

JL2.3n

1.7k

r
(a)

From (3.61):

R4 = Rx = 10kQ (assuming # 4 = 10kQ)

From (3.59):

1.848 =—-i—

(assuming C2 =0 .1 x 10" 2 )

or

From (3.60):

1
607 x 10 x l 0 3 x 0 . 1 x 1 0 - 2 = O.165xlO"3F

For co0 = 2TT X 4 x 103 rad s x C2 becomes 0.039 /iF and C5 becomes 6.5 nF.
Therefore the second stage is as shown in Fig. ex.3.20(fr).

A gain of 20 is obtained by using an amplifier (here an inverting amplifier
has been used).

Fig. ex.3.20(fc)

•D
0.039 /i=t=

1
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Fig. ex.3.20(c)

20 k

vin 0.039fi

(c)

Figure ex.3.20(c) shows the complete low-pass filter circuit.
High-pass filters. The voltage transfer function that will give the required
response is given by

(3.62)

where Ayo is a positive real constant which specifies the gain in the pass
band, i.e. the high frequency gain in this case. The transfer function has two
zeros at the origin and two complex conjugate poles the vector of which
gives the cutoff frequency.

Now we must choose the passive elements of the general circuit in such a
way that the voltage transfer function of (3.55) becomes similar in form to
that shown in (3.62). Again it is obvious from the two equations that the
elements Yx and Y3 must be capacitors in order to generate an s2 term in the
numerator. After a close examination of the two equations we may also
conclude that the s2 term in the denominator can only be generated by
having a capacitor for Y4. The other two passive elements must be resistors.
The high-pass filter circuit thus obtained is shown in Fig. 3.33(a).
Substituting Yx=sCl9 Y2 = l/R29 Y3 = sC3, Y4 = sC4 and Y5 = l/R5 in
(3.55) gives

-s2CJC4

1
• + •

1
(3.63)

C3C4R5 C3C4_R2R5

Now comparing (3.62) with (3.63) we may write the following expressions

Ay0 — Lsi/Ls^

aew0 = (Cl + C 3 + C4)/C3C4R5

and

(On =

(3.64)

(3.65)

(3.66)
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Fig. 3.33(a). A second-order high-pass filter circuit and (b) its gain
response.
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The gain response of the high-pass filter circuit is shown in Fig. 3.33(fr). It
should be noted that at very high frequency (much above/H) the closed loop
gain curve meets the open loop gain curve of the operational amplifier and
follows the latter.

Worked example 3.21
Design a second-order, maximally flat, high-pass filter with a gain

of 6 in the pass band and a corner frequency of 8 kHz. A distorted 2 kHz
sinusoidal input has a third harmonic content of 1.2 VPTP, what would be its
amplitude at the output of the filter?

Solution

Consider the circuit of Fig. 3.33(a)
For 'maximally flat' response in the pass band a = yj2. Choose
C1 = C3 = 0.01 ,uF.

From (3.64)

From (3.65)

R =
5 C3C4aa;0

(0.01+0.01+0.0017) x 10"

0.01 x 10"6 x 0.0017 x 10"6 x 7 2 x 2TT x 8 x 10;• = 17.96 kQ
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From (3.66)

1

K 5 C 3 C W

1

17.96 x 103 x 0.01 x 10"6 x 0.0017 x 10"6 x (2n x 8 x 103)2

= 1.3kQ

The frequency of the 3rd harmonic is 6 kHz and gain

(0

V([l - K/co)2]2 + a2 K > 2 ) } Vt t 1 " (I)2]2 + 2 x (|)2}

= 2.95

Therefore 3rd harmonic output = 1.2 x 2.95 = 3.54 VPTP

Band-pass filters

In the voltage transfer function of this filter we must have a pair of
complex conjugate poles the vector of which is equal to the centre frequency
of the band-pass filter and a zero located at the origin. Therefore the
following expression will give the required response.

where Avo is a positive real constant and AyJoi = Mo is the magnitude of the
gain in the pass band. The magnitude response rises at a rate of
20 dB/decade from very low frequency to the centre frequency, f0 after
which, due to a pair of poles at f0, the gain drops at the rate of
— 20 dB/decade. In effect a —40 dB/decade slope has been added to the
+ 20dB/decade slope a t / 0 . Now if we choose Y1 = l/R1, Y2 = l/R2,
Y3 = sC3, Y4 = sC4 and Y5 = 1/R5 for the basic circuit and then substitute
these in (3.55) then the voltage transfer function becomes

R5\C3 C
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Fig. 3.34. A second-order band-pass filter circuit and its gain
response.
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which is similar to (3.67). Figure 3.34 shows the band pass filter circuit and
its magnitude response. By comparing (3.67) with (3.68) we get

1

R2

Ayo(D0 =

(3.69)

(3.70)

(3.71)

and

a= l /Q =

where Q is the quality factor. For band-pass filters it is an important
parameter and is given by the ratio of the centre frequency, coo to the 3 dB
bandwidth of the filter, Aco3dB. Filters with high Q (i.e. Q» 1, typical value
of Q is 10, it can be as high as 100) are referred to as narrow-band filters.

In practice the resistor R1 is very much larger than the resistor R2 and we
can use R2 to trim the Q factor. Then the centre frequency can be adjusted
by simultaneously varying R2 and R5 by the same percentage.

Worked example 3.22

Design a second-order infinite gain multiple feedback band-pass
filter with a centre frequency of 20 kHz and a Q of 5. The gain should be 2 at
the centre frequency.
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Solution

Given

' Q 5

Consider the circuit of Fig. 3.34(a). Choose C3 = C4 = 0.001 fiF.
From (3.70)

1 1
= 19.9kQ1 Ayoco0C4 f x 2TT x 20 x l 0 3 x 0.001 x l O " 6

From (3.71)

1 / 106 106 \
5 aco0 \C3 Cj i x 2TT X 20 x 103 VO.OOl 0.00V

= 79.6kQ

From (3.69)

1.6 x 103 x 0.001 x 10~6 x 0.001 x 10

= 829Q.

Sallen and Key circuits. Another configuration that can be used to construct
low-pass, high-pass and band-pass filters is the Sallen and Key (VCVS -
voltage controlled voltage source) circuit. Figure 3.35 shows a general

Fig. 3.35. A general noninverting configuration (Sallen and Key) that
can be used to construct second-order low-pass and high-pass filters.

Low pass

High pass

r, Y2 Y, YA Y, Yb

*, * c, c4 * ft

C | L i Â  A4 As Â ,
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Fig. 3.36. A biquad low-pass filter circuit.

noninverting configuration that can be used to construct second-order low-
pass and high-pass filters of both the Butterworth and Chebychev
responses. However, the IGMF (infinite gain multiple feedback) design is
more popular because it requires one less component than the VCVS
design, and it has low output impedance.
Multiple operational amplifier biquad circuits. A low-pass filter of the
popular biquad design is shown in Fig. 3.36. Although this design requires
three operational amplifiers, its gain and cutoff frequency can be easily
adjusted by varying the resistances Rx and R3 respectively. From the figure
it can be noticed that both inverted and noninverted outputs are available
from this circuit. The gain of the filter is given by the ratio of R5 to Rlm The
gain is changed by varying Rl9 whereas, both the gain and the cutoff
frequency are varied by adjusting R5.

3.2.6.3 Switched-capacitor filters

Switched-capacitor (SC) filters are analogue data sampling sys-
tems comprising high quality MOS capacitors, operational amplifiers and
switches. A capacitor and two switches simulate the circuit behaviour of a
resistor as shown in Fig. 3.37. The capacitor is switched between terminals

Fig. 3.37. A switched-capacitor circuit and the MOSFET gate pulses.

0 0
_L _L
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A and B by the two switches. When the capacitor is connected to terminal A
it charges to the input voltage Vl9 then when it is connected to the other
terminal B the capacitor discharges. The amount of charge which flows into
or from terminal B is therefore equal to C(V2— F J . If the switches are
operated at a clock frequency/c, then the average current flow from A to B
will be

C(V —V)
2
T ' =C{V2-Vv)fc (3.73)

-* c

where Tc is the switching period. By observing (3.73) we may say that the
circuit is equivalent to a 'resistor' having a value

K = 7 ^ (3.74)
We

This equivalence is only valid when the input signal frequency is much
lower than the clock frequency. If they are of the same order, then sampled
data techniques have to be used and the input signal should be band-limited
according to the sampling theorem. A switched-capacitor resistor of 1 MQ
value can be implemented by switching a 1 pF capacitor at a rate of 1 MHz.
This capacitor will need a silicon area of approximately 0.01 mm2, whereas,
to implement this resistor using a poly silicon line or diffusion, an area 100
times larger will be required. Another advantage of using SC techniques is
that the elimination of resistors reduces power consumption. Figure 3.38(a)
shows a simple first order RC low-pass passive filter. The transfer function
of the circuit is given by

1

V SC 1
1 ( 5 ) = = ( 3 7 5 )

Fig. 3.38. (a) A simple first-order RC low-pass passive filter and (b)
its switched-capacitor implementation.

TT

J i T T i
(b)
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Fig. 3.39. {a) A simple first-order RC high-pass passive filter and (b)
its switched-capacitor implementation.

t n
V] R \ \ V2

I V i

(a) (b)

and the 3-dB bandwidth of this filter is

/
(3.76)

The switched-capacitor implementation of this circuit is shown in Fig.
3.38(b). By substituting the effective resistance of the switched-capacitor C
from (3.74) into (3.76) we obtain the 3-dB bandwidth of the switched-
capacitor filter as

1 / r< \
(3.77)

It can be observed from (3.77) that the 3-dB bandwidth can be varied
simply by changing the clock frequency.

A simple first order RC high pass passive filter is shown in Fig. 3.39(a)
and the switched-capacitor implementation of this circuit is shown in Fig.

Switched-capacitor low-pass filters. A second-order switched-capacitor low-
pass filter will now be developed starting from a passive LC network. Fig.
3.40 shows a second-order low-pass passive filter network. Its transfer
function is

1

(3.78)*

* The values of the inductor and the capacitor for this passive prototype,
filter can be found from standard design tables for a normalized low pass
filter.
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Fig. 3.40. A second-order low-pass passive filter circuit.

/
** R Vy L

We can describe the network by equations containing integrations as
shown in (3.79). Switched-capacitor integrators which will be discussed in
the next section can then be used to realise the network. By observing the
network in Fig. 3.40 we may write

i=IL{Vl~VoJ

and Vout=—i

Since the operational amplifiers which will be used to realize this circuit are
voltage controlled voltage sources we multiply the current i of the
expressions (3.79) by a scaling resistance Rx to convert it into voltage,
V=iRx. Thus the expressions (3.79) become

(3.80)

1 I
and

These equations can be represented by the schematic arrangement shown in
Fig. 3.41 which has two integrators. The transfer functions of the
integrators are

V 1

and

% ( S ) = ^ (3.82)
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Fig. 3.41. The schematic diagram of low-pass filter circuit using active
integrators.

And they have unity-gain band widths RJL and l/RxC respectively in
radians/s.
Switched-capacitor integrators. The basic switched-capacitor concept can
be used to replace the resistor of an integrator circuit as shown in Fig.
3.42(a). The MOS switches turn on and off with the rise and fall of the clock
pulses. Let us assume that a step voltage is applied to the input terminal.
During the period TJ2 when capacitor C is connected to the input terminal
it charges toward the input voltage and the output voltage remains
constant. During the next half cycle of the clock when capacitor C is
connected to the inverting input terminal of the operational amplifier the
charge transfers from C to Cx immediately and the voltage Kout changes
accordingly. The output voltage is given by

out SC in (3.83)

and has the waveform shown in Fig. 3A2(b), the time constant being
CJCfc.

Fig. 3.42. (a) A switched-capacitor integrator circuit and (b) its output
voltage for a step input.

Vouxk

(a)
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Fig. 3.43. A switched-capacitor implementation of the schematic
diagram of Fig. 3.41. Here differential integrators have been used, the
first one acts as a subtracting integrator whereas the second one acts
as a single input integrator since one input is grounded.

Low pass

Band pass

A switched capacitor implementation of the schematic arrangement of
Fig. 3.41 is shown in Fig. 3.43. This circuit simultaneously provides second-
order low-pass and band-pass filtering, from different points in the circuit.

The RS Components RSMF10 is a dual switched capacitor filter
integrated circuit fabricated in CMOS technology. In each channel it has
two non-inverting switched capacitor integrators and other necessary
components to enable one to construct a complete second order state
variable type active filter capable of providing low-pass, band-pass, and
high-pass outputs simultaneously.

Worked example 3.23
Design a fourth-order low-pass filter with a gain of 45 dB and the

cutoff frequency at 1.5 kHz using a RS MF10 dual switched-capacitor filter
integrated circuit. (See Appendix for schematic diagram of RS MF10 and
the design equations.)

Solution

Let us choose a two-stage filter each stage having the same cutoff
frequency. From the information sheet of RS MF10 circuit,

/CLCutoff frequency =
100

or
clock frequency = 100 x cutoff frequency

= 100xl .5kHz=150kHz

Now the gain 45 dB = 177.8 = 12 x 14.7 (say), i.e. the first stage has a gain of
12 therefore if R1 = l kQ from the expression HOLP= —#2//^ we obtain

R1 = 1 2 x l k = 12kQ
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Output

Input ©

6V

innr
150 kHz

For maximally flat response assume Q= for the first stage, then
0.765

0.765
xl2k=15.7kQ

The second stage has a gain ot 14.7.
For this stage we may again choose R1 = \ kQ, then

t1 = 14.7xlk=14.7kQ

for the second stage
1

1.848

1

and assuming Q =

It should be noted that the first stage gives underdamped response whereas
the second stage gives overdamped response, thus overall frequency
response being the Butterworth one.

Figure ex.3.23 shows how the above components have to be connected to
the RS MF10 IC.

3.2.7 Pulse and waveform generators
3.2.7.1 Astable multivibrators
These circuits, also known as free running multivibrators, can be

used to produce square waves. It should be mentioned here that there are
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Fig. 3.44. An astable multivibrator circuit.
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digital ICs which are cheaper and much better in performance. An astable
multivibrator switches repetitively between two unstable states. In the
circuit of Fig. 3.44 the operational amplifier together with the positive
feedback resistors Rx and R2 form a basic comparator circuit. The output of
the circuit saturates at VH and VL. From the circuit it can be observed that
the output will switch states from positive to negative and vice versa when
the voltage at the inverting input terminal, vA becomes equal to /3VH and
PVL respectively where /? is the feedback factor and given by

(3.84)

Let us consider that the output voltage is at positive saturation VH at t = 0.
The capacitor C charges towards VH through R. When the potential at the
inverting input terminal, vA reaches the potential of the noninverting input
terminal, vB = PVH, the positive feedback forces regenerative switching. The
output changes from positive saturation to negative saturation VL. The
voltage across the capacitor falls exponentially towards VL as shown in the
diagram and when the potential vA reaches the potential, vB = pVL, the
output changes from negative saturation to positive saturation. The
process is repeated and a square wave is obtained at the output.

We can find the frequency of oscillations from the 'charging up' and
'charging down' times of the capacitor C. The time periods 7\ and T2 are
given by

T^CRln (3.85)
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and

, = C 7 U n - ^ (3.86)

respectively.
It is apparent from the expressions that if the positive saturation voltage

is equal in magnitude to that of the negative saturation voltage,

(3.87)

Thus the frequency of oscillations is

1 1
/ = • (3.88)

In the above circuit we have a 50% duty cycle, i.e. the mark-space ratio is
unity. By having different magnitudes of positive and negative supply
voltages we may have mark-space ratios other than unity. However, the
circuit shown in Fig. 3.45 is more commonly used where two diodes are
connected between the output of the circuit and the capacitor via the
potential divider, RM + Rs. Here when the output is positive the diode D1 is
forward biased and diode D2 is reverse biased. So the capacitor charges up
via the lower part of the potential divider with resistance RM until the circuit
switches over, and the output is at negative saturation. The diode D2 will
now be forward biased and diode Dx will be reverse biased, hence the
capacitor will discharge through the upper portion of the potential divider

Fig. 3.45. An astable multivibrator circuit with variable mark-space
ratio and its output waveform.

f o r IV',, I = IV
7 s = C 7 ? s In | ( 1 + /
r M = C 7 ? v , l n | ( 1 +
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with resistance Rs. By adjusting the potential divider the mark-space ratio
of the output waveform can be varied. It should be noted that since the total
resistance RM + RS remains constant at all conditions, the frequency of
oscillations will not change.

Worked example 3.24
Design a circuit which will provide a 10 kHz square wave signal of

±10 volts magnitude with a duty cycle of 40%.

Solution
Consider the circuit of Fig. 3.45

TM\Ts = 4:6 or, rM = 0.677s

also

r M +T s = 1/(10 xl03s)

From the above two expressions

Ts= 1.67xl0xl03

= 0.06xl0"3s

Choose

C = 0.01/iF, R ^ l k Q , R2

Then from (3.84)

P= _ Rl
n =-J-=0.09

R1-\-R2 11

From Fig. 3.45

T« 0.06 x 10"3

1 _i_ R 1 no
C\n-^- 0 . 0 1 x l 0 " 6 l n ^

= 33.2kQ

and

TM 0.06 x l O " 3 x 0.67
1 O

0 0 1 x l 0 " 6 1 n4 a9r
= 22.3kJ2
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Several zener diodes with total zener voltage of 9.4 V with forward
voltage of 0.6 V connected across the output terminal and ground back to
back will give ± 10 V amplitude. A resistor has to be inserted between the
output terminal of the operational amplifier and the zener diodes to limit
the current flowing through the diodes.

3.2.7.2 Monostable or one shot multivibrators
The monostable multivibrator circuit can produce a rectangular

pulse of predetermined duration when a trigger pulse is applied to the input
terminal. This circuit as shown in Fig. 3.46 is similar in form to that of the
astable multivibrator with the exception of a diode connected here in
parallel with the capacitor in such a way that the inverting input terminal
remains always positive at a potential equal to the forward voltage drop of
the diode. The network consisting of CT, RT and D2 provides a negative
trigger pulse to the noninverting input terminal whatever the duration of
the input pulse.

Let us consider that the amplifier output is held at positive saturation
voltage, VH. The potential divider Rx and R2 feeds back /?FH to the
noninverting terminal. The inverting terminal is clamped at approximately
0.6 V (forward voltage drop of the diode) by the diode Dx. Thus the
potential at the inverting input terminal is less than that at the noninverting
input terminal, and the output is held at VH. Now suppose a negative pulse,
vT, of a magnitude greater than fiVL is applied at X and the potential
becomes negative at the noninverting input terminal. Thus vA becomes
greater than vB and the output switches to the negative saturation voltage
VL. Now Rt and R2 feed back a negative voltage to the noninverting
terminal. The capacitor starts discharging from + 0.6V towards VL.
However, when the potential vA reaches the value fiVL the inverting input

Fig. 3.46. A monostable multivibrator circuit and the trigger and
output waveforms.
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terminal becomes more negative than the noninverting input terminal and
the output switches back to VH.

The time period T1 is given by,

K^k (389)

where

We may neglect the forward voltage drop of the diode, VD and the time
period of the rectangular pulse is

T1 = CR]n(l + ^ (3.90)

As soon as the output changes state to the positive value, the capacitor
starts charging towards VH. The time period T' is the time the capacitor
takes to charge to VD. During this period a negative trigger pulse, may not
initiate the circuit. Therefore in order to obtain a train of rectangular pulses
from a train of trigger pulses the time interval between two pulses should be
at least equal to the sum of the recovery time T' and the time period T1. The
recovery time T' is given by

V — BV
T' = CRln H H L (3.91)

A differentiating circuit formed by RT and CT blocks any d.c. voltage or
slowly varying signal and ensures that only rapidly varying pulses can
initiate the monostable circuit.

Worked example 3.25

Several trigger pulses are consecutively applied to the circuit of
Fig. 3.46. What should be the minimum time interval between any two of
these pulses so that the circuit functions properly? Given that C = 0.1 //F,
K = 470kQ, R1 = lkQ, K2 = 10kQ and the forward voltage drop of the
diodes is 0.6 volt. The output saturation voltages are +12 volts.

Solution

From (3.89)

i/ i/ 1 o c\ &

= 0.1xl0"6x470xl03ln-
VL-PVL -12 + 0.09x12

= 6.72 ms
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Fig. 3.47. (a) A triangular waveform generator made of a comparator
and an integrator and {b) their output voltage characteristic.

"min

Knax

VA~

1

and from (3.91),

l 0 1 n r ;
H D 12-0.6

= 6.46 ms

.'. time interval =T+T'= 13.18 ms.

3.2.7.3 Triangular wave generator
The circuit shown in Fig. 3.47 generates a triangular wave with the

help of a regenerative comparator and an integrator. Let us assume that at a
particular instant the output of the comparator is at negative saturation;
since the operational amplifier is connected in the inverting mode the
output of the integrator will rise linearly until the feedback voltage to the
noninverting terminal of the comparator becomes equal to VR. The positive
feedback immediately forces regenerative switching and the output of the
comparator goes to positive saturation. At this stage the output voltage of
the integrator vQ reaches Kmax(say) and starts decreasing. It will fall linearly
until at a value of v0 = Kmin, the feedback voltage to the comparator input
terminal is equal to VR.

Using the superposition theorem, from the figure we may write

Ri+R2

r max

Also

y —y —
R

7 x V ~ (3.92)

' min K2 K2
(3.93)
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It can be seen from (3.92) and (3.93) that if KR = 0, then

y = Ly ~
v max D A

K2

and

* min n A

When the comparator output reaches VA
+ the integrator output starts to

fall from Kmax at a rate - VJCR volts/s.
The time taken by the integrator to reach the voltage Vmin from Kmax is

A

V -V ) (
max Kmin7~ 1/ \

V A \

Therefore the frequency of oscillation is

(3.94)

Worked example 3.26
Draw the output waveform of the circuit of Fig. 3.47 if KR = 0,

, C^O.Ol^Fand VA
+ = - VA~ = 12 V.

Solution

From (3.94) the frequency,

/=i/2r=
4CRR1

lOxlO3

4 x 0.01 x 10~6 x 68 x 103 x 3.9 x 103

= 943 Hz

and
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Fig. ex. 3.26

— +4.68 V

4.68 V

3.2.8 Inverse function generators
It has been shown in the earlier section that two logarithmic

amplifiers in conjunction with one antilogarithmic amplifier can multiply
two quantities expressed as voltages or currents. Various inverse function
generators can be built by using such or any other multipliers in
conjunction with operational amplifiers. Let us first consider the basic
configuration of an inverse function generator which is shown in Fig. 3.48.
The rectangle in the feedback path of the circuit showing/( ) represents a
function generator whose inverse may be obtained at the output of the
circuit. Assuming ideal operational amplifier performance we may write

/ 1 + / 2 = 0

r f(Vout)

R

and

From the above three equations

or,

VOut=f H-Vin) (3.95)

Fig. 3.48. The basic configuration of an inverse function generator.

h
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Fig. 3.49. A divider circuit.

v2o

Thus the inverse of the function/( ) is obtained by using this circuit. It will
be shown now that by having a multiplier in the feedback path various
circuits which can perform division, square rooting and RMS operations
can be obtained.

3.2.8.1 Divider

In this circuit as shown in Fig. 3.49 the output is fed back to one of
the two input terminals of the multiplier and one of the two input signals is
applied to the other terminal of the multiplier. Thus the output of the
multiplier itself is

where A is the multiplier constant.
Now applying the KirchhofT's laws to the input terminals of the

operational amplifier we may write

or
Av-,

or
R7 1

where B is -. Therefore
R2

(3.96)
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Fig. 3.50. A square root circuit.

139

v2

vin > 0

Invert for v \ > 0

Thus a dividing circuit is obtained by using a multiplier in the feedback
path. If the signal v2 is negative, then positive feedback will take place and
the circuit may be unstable. So the input signal v2 must be positive, if not
then an inverter should be used after the multiplier to make the vm negative.

3.2.8.2 Square root circuit

In this circuit the output is fed back to the two input terminals of
the multiplier simultaneously as shown in Fig. 3.50. The multiplier output
is proportional to the square of the output voltage v0, i.e., vm = Avout

2.
Unless the polarity of vm is changed (assuming the input signal, vin is
positive) a positive feedback will occur and the circuit would be unstable.
Therefore an inverter must be placed after the multiplier. Now from the Fig.
3.50 we may write making usual assumptions for an ideal operational
amplifier performance

= -Avn (3.97)

and

From (3.97) and (3.98)

(3.98)

(3.99)

For this circuit to be stable vout should be negative and consequently the
input signal has to be positive.
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If the input signal is negative then the inverter following the multiplier is
not needed. In this case

and

V;n Vi

From (3.100) and (3.101) we get

(3.100)

(3.101)

(3.102)

This circuit yields the same expression as in the case of a positive input
signal. Thus we obtain the square root of a voltage by using a multiplier as a
squarer in the feedback path.

3.2.8.3 Root mean square circuit

The operational amplifier acts as a summer to the outputs of three
multipliers Ml9M2 and M3 which have multiplier constants Al9A2 and A3

respectively. The input signals v1 and v2 are applied to multipliers Mx and
M2 , whereas, the output vout is inputted to multiplier M3 as shown in Fig.
3.51. From the figure we can easily write, after making usual assumptions,

v6=-A3voui
2

Fig. 3.51. A root mean square circuit.
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and
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(3.103)

From the above equations we obtain, assuming Al = A2 =

or

The voltages at terminals '3 ' and '4' are positive, and vm is also positive,
whether the input signals are positive or not. Thus vout will always be
negative.

Worked example 3.27

Show how operational amplifiers can be used in conjunction with
multipliers to build a circuit which will provide the following function.

voutcc3/2yJ(v1
2 + v2)

Solution

A low cost integrated circuit analogue multiplier type RS 1495 can be used
for dividing, squaring and square rooting.

Fig. ex.3.27

Summary
1. The full bandwidth of an operational amplifier circuit can be

calculated from the formula

/ =
2itVm

where S is the slew rate of the operational amplifier and defined as the
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maximum change in the output voltage per unit of time and Vop is the peak-
to-peak output voltage.

2. Error voltages appear at the output of an operational amplifier circuit
due to the presence of input offset voltages and input bias currents. The
worst case error voltage at the output of an inverting amplifier due to the
input offset voltages and bias currents can be calculated using the formula

V -V Ri+R2 I I ~R
^os(total) v io n ' b ^ 2

In an inverting amplifier the input bias currents can be compensated by
adding a resistor at the noninverting input terminal. The worst case error
voltage at the output then becomes

Kos(total)~ y xo n ' ios i^2

where /os is the difference between / b
+ and /b~ and typically is one fifth of

the bias currents.
3. A circuit can be compensated for both the input offset voltage and the

bias current, but only at one temperature. Any change in temperature will
cause an error in the output voltage. The error is given by

4. The voltage gain of an ideal operational amplifier should be
independent of frequency, but in reality it decreases at a rate of
20dB/decade as the frequency increases due to the stray and junction
capacitances present in the circuit.

5. An operational amplifier circuit is unstable, i.e. produces oscillations,
if the loop gain of the circuit has a phase shift of 360° at unity gain. One can
determine whether a circuit is stable or not by using a Bode plot of the
operational amplifier's open loop gain curve and the closed loop gain curve
and examining the rate of closure at their crossing. A stable circuit has a rate
of closure of 20dB/decade on both sides of the crossing (here the loop gain
is unity since log A/l = \og A — log l//? = 0dB), whereas, a rate of closure of
40dB/decade on both sides of the crossing gives rise to an unstable circuit.
A circuit with a minimum allowable phase margin of 45° has a maximum
possible bandwidth and the rates of closure of 20 dB/decade on one side and
40dB/decade on the other side of the crossing.

6. An unstable circuit can be made conditionally stable by adding a
capacitor (lag compensation method) or a capacitor in series with a resistor
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(limited lag compensation method) to the operational amplifiers. The
limited lag compensation method gives larger bandwidth than the lag
compensation method.

7. Many operational amplifiers are internally compensated by the
manufacturers and can be used for any closed loop gain. However, their
useful bandwidth is very narrow.

8. The output of many transducers is a very small differential voltage
imposed on a large unwanted common-mode voltage which may be a d.c.
level or a noise pick-up. It is possible to amplify the differential voltage only
to an acceptable level with the help of an instrumentation amplifier which is
basically a precision differential amplifier with a very high input impedance
and gain.

9. An instrumentation amplifier may be balanced before its use to
produce zero output voltage for zero input voltage, various changes
produce an offset error voltage at the output. The error voltage is
determined using the following expression.

£ o s ( t o t a 1 ) = ± ^ r - A r ± — - A F S ±

where os, os, ——— are offset voltage drifts with temperature, power

supply variation and time,

—p is the offset current drift with temperature,

AEn is the output noise voltage
and

Rs is the source resistance.

10. Comparators are used to compare the magnitude of a signal with
that of a reference voltage which may be fixed or varying. Operational
amplifiers without any feedback act as comparators because of their very
large gain. Regenerative comparators which change states very rapidly but
at different input voltage levels (hysteresis) have many applications one of
which is to clean noisy digital signals.

11. Diodes or transistors are used in the feedback path of the operational
amplifier circuits to construct logarithmic amplifiers. For antilogarithmic
amplifiers they are placed in the input path. These are themselves used to
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build circuits to provide at the output various functions of one or more
input signals.

12. Another use of operational amplifiers is in analogue computers
which can be used to solve linear differential equations describing various
physical and electrical systems.

13. One of the most important applications of operational amplifiers is
in active filters which do not require any inductors. Low-pass, high-pass,
band-pass and band-reject filters mainly with Butterworth response have
been discussed in this text. The rate of decrease in gain in the stop band
depends on the order of the polynomials of the voltage transfer functions of
the filter circuits. Switched-capacitor filters have also been discussed, these
are available in integrated circuit form and the cutoff or centre frequencies
can be varied easily by varying the frequency of switching the capacitors
which act as resistors in the circuits.

15. Various waveform and function generator circuits employing oper-
ational amplifiers have been briefly discussed.

Problems
3.1. A 741 type operational amplifier has a slew rate of 0.5V//is

and is used in an inverting amplifier with a gain of 250. Calculate the time
required for the output to reach 50% of its steady state value if a step
voltage of 10 mV is inputted to the amplifier. If the input is a sinusoidal
signal of 100 kHz, what is the maximum amplitude of the output voltage
without distortion?

3.2. A step input of 60 mV is fed to an inverting amplifier which has a gain
of 80. If the time required for the output to reach within 0.05% of its final
value is 8 /is, calculate the slew rate of the operational amplifier used in the
circuit.

3.3. A sinusoidal signal is applied to the circuit mentioned in Problem 3.2.
The typical slew rate of the 741 type operational amplifier is 0.5 V//is.
Calculate the frequency of the signal if the maximum amplitude of the input
without having any distortion of the output is 20 mV.

3.4. The worst case offset voltage at the output of the operational amplifier
in the circuit of Fig. 3.2(c) is ±0.4 V. If Ri = 2.2 kQ and R2 = 56 kQ, what
will be the maximum input offset voltage?

3.5. In Fig. 3.2(c), the maximum input offset voltage is 2.5 mV. If the circuit
has a gain of unity, calculate the maximum output offset voltage. If the
operational amplifier has / b = 60nA and / o s = 15nA and the resistors Rx

and R2 are 1 kQ and 47 kQ respectively, estimate the total maximum output
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offset voltage without and with bias current compensation. What will be
the value of the compensating resistor?

3.6. The worst case values of the output offset voltage of the operational
amplifier in the circuit of Fig. 3.3(a), with and without bias current
compensation are 54 mV and 58 mV respectively. If the compensating
resistor is 2.117kQ, R1=2.2kQ and the input offset voltage is 2mV,
calculate the input offset current and the bias current of the operational
amplifier.

3.7. The error voltage at the output of the circuit of Fig. 33(a) due to a
temperature change of 20 °C from room temperature is 8 mV. Calculate the
input offset voltage temperature coefficient at room temperature given that
R1 = 2.2kQ, R2 = 100 kQ and A/o s/Ar= 1 nA/°C at room temperature.

3.8. The bridge circuit shown in Fig. 3.11 has a differential voltage
A V= 10 mV for V= 4.5 V and R = 10 kQ. Calculate AR. The output of the
bridge is connected to an instrumentation amplifier as shown in Fig. 3.12. If
n = 25, KB = 20kQ and K A = l k Q , what is the output voltage of the
amplifier?

3.9. An integrated circuit instrumentation amplifier has the following
specifications at a gain of 800: AEJAT= ± 8 mV/°C, AIJAT= ± 2 nA/°C,
A£os/Ar = ± 4 mV/24 h, AEn = 5 mV rms and A£os/A Vs = ± 50 mV/V. If this
amplifier is balanced to zero output for zero input before being connected
to the bridge described in Worked example 3.9 and the power suply needed
for the amplifier is ± 12 V, after what period of time, the offset error voltage
would be ±250mV? Assume that the temperature change during this
period of time is 20 °C and the variation in the power supply is 2%.

3.10. An instrumentation amplifier connected to a bridge circuit
with K = 8.2kQ and A.R = 800Q, has the following specifications at
a gain of 1500: AEJAT= ± 10mV/°C, A£OS/AKS= ±50mV/V,
A£0S/A;=±57.9nV/s, AIJAT= ± 1 nA/°C and A£n = 6mVrms. What
would be the output offset error voltage of the amplifier after 4 weeks
operation if the temperature fluctuation during this period is + 10 °C and
the ±15V power supply varies by ±5%?

3.11. The low frequency differential mode gain of the operational amplifier
used in the circuit of Fig. 33(a) is 100dB and has corner frequencies at
10 kHz and 100 kHz. What is the minimum gain the amplifier could have if
the circuit is lag compensated with the help of a capacitor of 1.592/xF and
the output resistance of the preceding stage at the compensating point is
lkQ?
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Fig. P.3.13

3.12. The limited lag frequency compensation is applied to the circuit of
Problem 3.11 to make it critically stable. Find the values of the compensat-
ing elements. What is the advantage of using this method of compensation
over the lag compensation method?

3.13. The operational amplifier used in the circuit shown in Fig. P.3.13 has
corner frequencies at 3 kHz and 30 kHz, and a low frequency differential
mode gain of 120 dB. Examine the stability of the circuit and if necessary
apply limited lag frequency compensation. The output resistance of the
preceding stage at the compensating point is 15 kQ.

3.14. What are the maximum and minimum input voltages required to
switch over the output voltage levels of the circuit of Fig. 3.15(a)? Given
that KH=15V, K L = - 1 5 V , K ^ l k Q , K2 = 6.8kQ and the reference
voltage, Kref = 4V.

3.15. A sinusoidal signal of +10V amplitude and frequency 1kHz is
applied to the input of the circuit of Fig. 3.15(a). Draw the output voltage
waveform if the operational amplifier has a slew rate of 1 V//is. Given:

Kref = 3V, F H =18Vand F L = - 1 8 V .

3.16. An operational amplifier has a slew rate of 2 V//xs and is connected as
a comparator circuit as shown in Fig. 3.15(a) with an input of + 5 V, 10 kHz
triangular wave. Draw the output voltage waveform.

3.17. Draw the output voltage waveform for a 100 Hz square wave input of
4FPTP amplitude applied to the circuit of Fig. 3.17(fr). The silicon diodes
have leakage currents of 100 nA and Rx = 1 kQ and R2 = 10 kQ.

3.18. Design a full wave rectifier to deliver 12 V d.c. with a 0.4 KPTP ripple
into a resistive load of 2 kQ, the input signal being the same as that given in
Worked example 3.13.

3.19. Two silicon diodes having leakage currents of 8 fiA are connected in a
circuit as shown in Fig. 3.17(6). If RJR2 has a ratio of 0.21, draw the output
voltage waveform for a 150 Hz sinusoidal input voltage of 0.707 V rms.
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Design a full wave rectifier to deliver 10 V d.c. with a ripple of 0.2 KPTP fed
into a resistive load of 3 kQ.

3.20. What should be the input voltage of the logarithmic amplifier circuit
of Fig. 3.21 to give an output voltage of —300mV. Given R = lOkQ and
/ s = 2pA at an ambient temperature of 27 °C.

3.21. The logarithmic amplifier shown in Fig. 3.21 has K=100kQ and
/ s = 1 pA at an ambient temperature of 19 °C. Calculate the output voltage
for an input voltage of 100 mV. If a voltage amplifier with a gain of 100 is
connected in between the input signal and the logarithmic amplifier, what
would be the output voltage of the logarithmic amplifier?

3.22. What is the value of resistor R5 in the circuit of Fig. 3.22, if the output
voltage is — 300 mV for an input voltage of 100 mV at an ambient
temperature of 27 °C? Given: # 6 = 33kQ.

3.23. Design an analogue computation circuit to solve the differential
equation

d3x

dt1" dt2 + 5
dx

3.24. The fuel consumption of a motor vehicle with a fuel tank having a
volume of 1.5 m3 and a height of 0.3 m is at a rate of 0.03 m3/s. Design an
analogue computer to indicate the level of fuel in the tank.

3.25. The low pass filter shown in Fig. 3.31 has a maximally flat response in
the pass band with a = x/ /2. Calculate the maximum gain, the 3-dB
frequency and the value of C5. Given: R^^ = 12 kQ, R3 = 1.2 kQ, K4 = 150 kQ
and C2 = 0.22 /JF .

3.26. The fourth order, low pass, maximally flat response filter shown in
Fig. P.3.26 has a gain of unity in the pass band. Find the cutoff frequency of
the filter and the values of capacitors C5 and C5.

Fig. P.3.26

10 kQ

0.022/iF=}=

1 MQ
10kQ|

R\ 1 MQ

9.09 nF=?=

i c ;
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3.27. Design a second-order low pass filter having an input impedance of
5 kQ, a maximum gain of 10 and a 3-dB frequency at 1 kHz. It should have a
maximally flat response in the pass band.

3.28. A distorted 3 kHz sinusoidal input having a second harmonic content
of 1.6 FpTP is applied to a second-order, maximally flat, high-pass filter
circuit as shown in Fig. 333(a). The filter has a corner frequency of 12 kHz.
If the amplitude of the third harmonic content at the output of the filter is
3.2FPTP, find the value of C3, C4 and R2. Assume C1 =0.022/iF and

3.29 Design a second-order, maximally flat, high-pass filter with a gain of
10 in the pass band and a corner frequency of 4 kHz. A distorted 1 kHz
sinusoidal voltage which has a 0.2KPTP third harmonic component is
inputted to the filter. What would be the amplitude of the third harmonic
component at the output of the filter?

3.30 A second-order infinite gain multiple feedback band pass filter circuit
as shown in Fig. 3.34(a) has a centre frequency of 10 kHz. Find the gain at
the centre frequency and the value of g, if # 2 = 980Q, K5 = 270kQ and

3.31. Design a second-order infinite gain multiple feedback band-pass filter
with a centre frequency of 100 kHz and a Q of 5. The gain at the centre
frequency is 1.25 dB. Use the circuit shown in Fig. 3.34(a).

3.32. Design a fourth-order, low-pass, switched capacitor filter using a RS
MF10 type integrated circuit. The filter should have a gain of 40 dB and the
cutoff frequency at 1 kHz. See the appendix for the data of the integrated
circuit.

3.33. The square wave signal generator shown in Fig. 3.45 has R1=2.2
R2 = 12 kQ, C = 0.022 juF, RM = 20 kQ and Rs = 33 kQ. Calculate the output
frequency.

3.34. Using the circuit shown in Fig. 3.45, design a generator which will
produce square-wave signals of + 10 V magnitude at 15 kHz with a duty
cycle of 30%.

3.35. In the circuit shown in Fig. 3.47, Rx = 3.9 kQ, R2 = 22 kQ, R = 51 kQ
and C=10nF . Draw the output waveform of this circuit if KR = 0 and

3.36. Design a circuit which will provide the following function:

VOut = k1J(av1+bv2
2)-k2v3

2

by using operational amplifiers in conjunction with multipliers.
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Oscillators

Objectives
At the end of the study of this chapter a student should be:

1. familiar with the conditions of sinusoidal oscillations
2. able to understand the principles of LC oscillators
3. familiar with the principle of operations of RC oscillators
4. able to construct crystal oscillators.

In electronics periodic signals of various shapes such as sinusoidal,
triangular, rectangular and pulses are often needed to perform different
types of operation. Although the term oscillator is generally referred to a
generator of sinusoidal signals, while a rectangular-wave generator is more
commonly known as a multivibrator, an oscillator generates an a.c. output
signal without requiring any form of input signal. Sinusoidal oscillators are
mainly used in radio frequency transmitters and receivers. Square-wave or
pulse generators are used in almost every type of digital equipment. In this
chapter we shall mainly concentrate on sinusoidal oscillators.

4.1 Criteria for oscillation
An oscillator circuit is basically an amplifier, but a positive

feedback from its output to the input enables it to sustain the output
without the need for an external signal. Fig. 4.1 illustrates an amplifier with
a gain of A and a feedback network having a feedback fraction of /?.

Fig. 4.1. An amplifier with a gain of A and a feedback network
having a feedback fraction of /?.

-o v0
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Firstly let us consider the amplifier on its own. Suppose an input signal v{

is applied to it, its output vo will be then given by,

vo = Av{ (4.1)

Now if we connect the feedback network to the amplifier as shown in the
figure and can somehow make the input v{ equal to the output of the
feedback network so that they have identical magnitude, phase and
frequency, then the circuit will not need any external signal. In other words,
the circuit will act as an oscillator if

v{ = Pvo (4.2)

Substituting for vo from (4.1) into (4.2) we obtain

AP=1 (4.3)

The above relationship is known as the Barkhausen criterion.
Thus the magnitude of the loop gain should be unity and the phase shift

of the loop gain should be 0° or a multiple of 360° at the frequency of
interest, since both the magnitude and phase shift of the loop gain are
functions of frequency.

If we substitute the value of the loop gain into the gain expression for a
closed loop circuit applying positive feedback

At = A/(l-AP) (4.4)

where A{ is the gain of the feedback circuit, then

Af = A/(l-l)=ao

A gain of infinity implies that there is an output voltage even when no input
signal is present, i.e., the circuit oscillates.

Worked example 4.1
In the circuit of Fig. 4.1 the gain of the forward amplifier A is

frequency dependent and given by A= — 9 x 106/j&>- If the feedback
fraction P is 6 x 103/(3 x 103 + jco)2 will the circuit oscillate? If so, at what
frequency oscillations occur?

Solution
The loop gain

- 9 x l 0 6 x 6 x l 0 3

jco(3xl03+jco)(3xl03+ja;)
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-54xlO 9

jcox9x 106-6xo;2x 103-ja
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(1)

So that the phase shift of the loop gain is 0, the imaginary part of the
denominator should be zero.

j(cox9xl06-co3) = 0

or

co = 3xl03rad/s

Substituting this in (1) we have

-54xlO 9

- 6 x l 0 3 x 9 x l 0 6 = 1

The conditions for oscillations are satisfied. The circuit will oscillate at
477.7 Hz.

4.2 LC oscillator
The most common oscillators are of the tuned radio frequency

type with inductance L and capacitance C. They produce a sinusoidal
output at the resonant frequency of the tuned LC circuit. If the tuned circuit
is placed in the feedback path of a feedback circuit, then the latter satisfies
the Barkhausen criterion at the resonant frequency of the tuned circuit.
Therefore, oscillations only occur at one frequency.

Figure 4.2 shows a general form of LC oscillator circuits. The active
device may be a bipolar transistor, a field effect transistor or an operational
amplifier. Let us assume that the device has an infinite input impedance, a
gain Ay and an output resistance Ro. The feedback network comprises a

Fig. 4.2. A general form of LC oscillator circuit.



152 Oscillators

capacitor C and an inductor L. From the diagram we may write, assuming
that there is no output current,

= vo + R0(vJ)coL + vo)coC)

= vo(l+Ro)(oC + RJjcoL) (4.5)

The loop gain of the feedback circuit is given by

Afi = Ay-vJv0' (4.6)

From (4.5) and (4.6) we may write

AP = AJiX + Ro]coC + RJjcoL)

= AJ(l+jRo(coC-l/coL)) (4.7)

In order to satisfy the phase shift condition for oscillation the imaginary
quantity in the denominator of (4.7) should be equal to zero. Equating Ro

the output resistance of the forward amplifier to zero in the imaginary part
makes the feedback network gain independent of frequency, and the circuit
oscillates at any frequency, therefore the quantity inside the bracket of the
imaginary part,

CDC-1/CDL = 0

or

f=l/2ny/(LC) (4.8)

Thus oscillation only takes place when the feedback circuit is at resonance.

Worked example 4.2

What value of L is needed with a C of 47 pF for a tuned radio
frequency oscillator frequency of 22.7 MHz?

Solution

From (4.8)

or

L = 1/4TT2/O
2C= 1/4TT2(22.7 X 106)2 x 47 x 10"1 2 = 1.

The Hartley oscillator
The Hartley oscillator has a tuned LC circuit with a tapped coil for

inductive feedback as shown in Fig. 4.3. The circuit oscillates at the
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Fig. 4.3. The Hartley oscillator.
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L = LM +L N

frequency 1/2TTX/(LC), C is a variable capacitor and can be adjusted to
produce oscillations of different frequencies.

Transistor Qx forms a common emitter amplifier with the resistors Rl9 R2

and R3 determining its d.c. bias. The tuned circuit forms the collector load
and C3 is the emitter bypass capacitor. The d.c. voltage is supplied to the
collector of the transistor via the tap at point A on the tuning inductor
LM + LN. The radio frequency choke L1 does not allow the oscillator
frequency to reach the d.c. power supply. Capacitor C4 bypasses the radio
frequency to ground. Therefore, for the oscillator signal the point A is
effectively at ground potential. Thus the voltage VMA is opposite in polarity
to the voltage KNA which is in fact the output of the circuit. Since there is a
phase shift of 180° between the base and the collector of the transistor, the
total phase shift of the complete loop is 360° or 0°. Therefore the circuit is an
oscillator that produces an a.c. output at the resonant frequency of the
tuned circuit. The feedback fraction of the circuit is given by KMA/FNA

which is usually of the order of 0.3.
The frequency range for this type of oscillator is from 100 kHz to a few

MHz. The restriction in the range is mainly due to the physical size of the
tuning capacitor and the tapped coil. At low frequency, a tuning capacitor
may be too large, whereas, in the very high frequency range it may be too
difficult to tap a very small coil.

The Colpitts oscillator

The principle of operation of this type of oscillator is similar to that
of the Hartley oscillator except that in this case capacitive feedback is used
instead of inductive feedback. So the mark of the Colpitts oscillator is a



154 Oscillators

Fig. 4.4- The Colpitts oscillator.

capacitive voltage divider as shown in Fig. 4.4. The capacitors CM and CN

connected across the inductor L form the resonant circuit. Since the
junction of CM and CN is grounded, FCN, the voltage developed across CN is
exactly opposite in phase to FCM, the voltage developed across CM. KCN is
fed back to the base of the transistor via the coupling capacitor C1. Lx is a
radio frequency choke providing a low-impedance path for the d.c. supply
but acting as an open circuit to the oscillator output.

The Colpitts oscillator is tuned usually by varying the value of L since the
capacitance of the resonant circuit is divided. This can be achieved by either
adjusting a variable inductor or switching in coils of different values. The
Colpitts oscillator is used for low radio frequencies and also for the very
high frequency band up to 300 MHz. Thus it covers the frequency ranges
which the Hartley oscillator can not for the reasons mentioned earlier.

Worked example 4.3

The transistor in the Colpitts oscillator of Fig. 4.4 has a mutual
conductance of 5 x 10" 3 Siemens, a base-emitter resistance of 1.5 kQ, a base
spreading resistance of 100 Q and an output impedance equal to 10 kQ.
Calculate the values for CM and CN which will just cause the circuit to
oscillate at 10/271 MHz. Given RB = R1//R2 = 1.3kQ and L = l m H .

Solution

The high frequency small signal equivalent circuit of the oscillator
is as shown in Fig. ex.4.3(a):
At radio frequency the RF choke has very high impedance, simplifying the
circuit of Fig. ex.4.3(a) to give Fig. ex.

where
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Fig. ex.4.3
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ja)L-co2LCNR + R

+ }coCNR - (O2LCM -)co3LCNCMR +ja>RCM

RO(R-CQ2LCNR+)(OL)

Ro- Roco2LCM + R- CO2LCNR+)(DRCNRO -jco3LCNCMRRo +)WRCMR0 + jcoL

Now, feedback fraction /?
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1

jcoCN
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R+jwL-co2CNLR
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Thus loop gain

Ro - R0co2LCM + R- co2LCNR +jcoCNRRo - }(O3LCNCMRRO +)coRCMRo +)coL

For a phase shift of 0° the imaginary part in the denominator should be
zero.

co[RRo(CM + CN) + L - (D2LCNCuRRo-\ = 0

or

or

LCNCM

/= —

Also

or

or

1 . 3 x l 0 3 x l . 6 x l 0 3

5 x l 0 " 3 x l 0 x l 0 3 x
2.9 x 103

^ - 3 . 5 9 ^ + 0 . 0 7 2 = 0

Q, = 3.59 + 7(12.88-0.288) =

CN 2
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Substituting the values of/and L into (1)

lOxlO6 _ 1
2TT ~ ~

or

157

27rVVlxl0~3CMCN

_inii

Let us take

— =3.57

then CN=12.8pF and CM = 45.7pF.

4.3 RC phase-shift oscillator
In order to obtain oscillation at audio frequencies from LC

oscillators the component values have to be very large, which may be rather
inconvenient for most applications. On the other hand RC oscillators use
resistors and capacitors of acceptable sizes to produce the required phase
shift at very low frequencies. Figure 4.5(a) shows a simple circuit which
satisfies the conditions for oscillation. The transistor Qx together with Rc,
RE, R3, R4 and CE form the forward amplifier. The voltage divider formed
by R3 and R4 supplies the forward bias to the base of the transistor Qx. The
oscillator output from the collector of the transistor is fed back to the base
of the transistor via the RC network. The forward amplifier causes a 180°

Fig. 4.5. {a) The RC phase-shift oscillator and

1
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Fig. 4.5(6) RC network.

(h)

phase shift to the input signal applied to it and the phase shift network
provides another 180° phase shift at the frequency of oscillation thus
fulfilling the phase shift condition for oscillation.

By making all the resistors equal to R and the capacitors to C in the RC
network, which has been shown separately in Fig. 4.5(b) for convenience,
we may write,

jcoC

(4.9)

-RI3=V{

Say a = 1/coCR, then the expressions (4.9) can be rewritten as

(4.10)

-I3=Vf/R

From the expressions (4.10) it can be shown that

vt i (4.11)
Vo - l + 5a2+j(6a-oc3)

The ratio is the feedback fraction p of the RC network. Since the phase shift
due to this network should be 180°, /? must be real. In other words the
imaginary part of the denominator must be equal to zero. So we may say,

6<x-a3 = 0

or
(4.12)
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or

wCR=

(4.13)

(4.14)

In order to satisfy the magnitude condition for oscillation \Af}\ = 1, it is
therefore required that \A\ should be at least 29.

Now substituting the value of a from (4.12) into (4.11),

j 8=K f /K o =l / ( - l + 5x6)

Worked example 4.4

Design an RC phase-shift oscillator to operate at a frequency of
250 Hz.

Solution

From (4.13)

/= j

Let Cbe 1 JIF, then R= l/2nfx 10"6 x 7 6
*Now from (4.14) fi= 1/29, so the gain of the forward amplifier has to be

at least 29. Let us use an operational amplifier as the active device instead of
the transistor as shown in Fig. ex.4.4. The gain is given by,

RJR, =29

If we choose Rx to be 10 kQ to prevent # x from loading the R of the RC
network then R7 = 29 x 10 x 103 = 290 kQ.

Fig. ex.4.4

Output

Since 259 Q would cause high currents from the op.amp. let us use 100 nF
and 2.59 kQ for C and R respectively.
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The value of the last resistor of the RC network has to be recalculated so
that this in parallel with R1 gives the required value of 2.59 kQ for exact
oscillation frequency. Say it is R' then

K'xlOxlO3

R'+10xl03 -2.59 xlO3

therefore

4.4 Wien-bridge oscillator
The Wien-bridge oscillator is another type of RC feedback

oscillator. It is very popular and most often uses an operational amplifier
for the forward amplification as shown in Fig. 4.6. Resistors Rx and R2

connected to the inverting input terminal of the operational amplifier
determine the gain of the amplifier and are selected so that the magnitude of
the loop gain is unity. The parallel combination of CA and RA and the series
combination of CB and RB form the feedback network which is connected to
the noninverting terminal of the operational amplifier. This positive
feedback gives rise to the oscillation. In order to determine the frequency of
oscillation let us first find the feedback fraction /?. From Fig. 4.6 we may
write

(4.15)

1 1

&A I

1

'(
In

A X • ^

1

^ A

hjcoCA/

)coRA

; A

^A

CB

1

jcoCB

+ i \

jcocBy

Fig. 4.6. The Wien-bridge oscillator.

+ )OJCARA)

© Output
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(4.16)
coCBRA + coCBRB + coCARA +)(w2CARACBRB - 1)

In order to meet the phase shift condition for oscillation {$ should be a real
quantity. Therefore the imaginary part of the denominator of (4.16) must be
zero. So we have

CD2CACBRARB- 1=0

or

In practice we make RA = RB = R and CA = CB = C.
Thus the frequency of'oscillation becomes

f=l/2nRC (4.17)

Substituting the value of/from (4.17) into (4.16) we get

0=1/3

Another condition to allow oscillation to occur is to make the magnitude of
the loop gain unity, i.e. \Af}\ = 1. This can be achieved by making

A = l+R2/R1 = 3

or

R2 = 2R, (4.18)

Continuous variation of frequency can be achieved by varying either one of
the capacitors only or both simultaneously. The frequency range is
normally changed by switching in different values for the two identical
resistors R.

Worked example 4.5
Design a Wien bridge-oscillator that oscillates at 25 kHz.

Solution

Let CA = CB = 1 nF, and RA = RB = R. Then,

1
/ = 2 5 x l O 3 =

2 T T # X 1 X 1 0 - 9

1

Let R1 = lOkQ. Then from (4.18),
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Note: Because of the component tolerances RA is not exactly equal to RB

and similarly CA is not exactly equal to CB. Therefore R( should be made
adjustable so that the loop gain can be set as necessary to sustain
oscillation.

Worked example 4.6

Design a Wien-bridge oscillator which would be able to operate
over a frequency range from 500 Hz to 50 kHz.

Solution

From (4.17),

1
/ =

2nRC

or

R =
2nfC

Using the upper value of a single turn trimmer capacitor of swing 6.5 pF
to 65 pF, for the lowest frequency, i.e., 500 Hz,

R =
1

In x 500 x 65 x 10 - 1 2 = 4.9MQ

When the capacitor is set at 6.5 pF the oscillator frequency will be 5 kHz.
Now for the frequency range of 5 kHz to 50 kHz,

R =
1

2TT x 5000 x 65 x 10 - 1 2 = 490kQ

At this value of R, when the capacitor is set at 6.5 pF, the oscillator
frequency will be 50 kHz.

Fig. ex.4.6

10k

20 k

Output

1
J- C
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Now for the gain assume

163

Then from (4.18),

For a closed loop gain of 3, at 50 kHz, an operational amplifier of the 741
type may be used.

Rs and Cs are ganged resistors and capacitors. R is switched from 4.9 MQ
to 490 kQ to change from one frequency range to another and C is varied
continuously from 6.5 pF to 65 pF to cover all the frequencies in these
ranges.

Amplitude stabilization of Wien-bridge oscillators
A modified Wien-bridge oscillator is shown in Fig. 4.7. This

provides a stable sinusoidal output, independent of any change in supply
voltage. The resistor R1 of the circuit of Fig. 4.6 is replaced by the FET Qx.
The output is fed back to the gate of the FET after rectification and
smoothing by the diode and the combination of R and C respectively. The
dynamic resistance of the FET varies linearly with VGS for small values of
drain-source voltage. Therefore any variation in supply voltage, which
apparently changes the output voltage, will change the dynamic resistance
of the FET thus keeping the output constant. The frequency of oscillation of
the circuit shown in Fig. 4.7 is

/ = l/2n x 4.7 x 103 x 6800 x 10"1 2 = 5 kHz

Fig. 4.7. An amplitude stabilized Wien-bridge oscillator.

120 k
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Variation in frequency of the circuit shown in Fig. 4.7 has been found to be
only 0.02% with a 30% change in supply voltage.

4.5 Crystal oscillator
A crystal oscillator provides a very stable frequency output. It uses

a piece of quartz which looks like frosted glass. It is cut and polished to
vibrate at a certain frequency. Quartz has a piezoelectric effect, i.e. a strain
generates a low voltage output at the surface of the crystal. Conversely if a
voltage is applied to the quartz, it will be distorted physically. Because of
this when a quartz crystal is properly mounted deformations take place
within the crystal and an electromechanical system is formed. If a voltage is
now applied to the electrodes plated on to its opposite surfaces then the
system will vibrate at a specific resonant frequency. The resonant frequency
and the Q (/o/A/3.dB, quality factor) depend on (a) the crystal dimension, (b)
the orientation of the crystal surfaces with respect to its axes and (c) the
method of mounting the crystal. A typical frequency range is 10 kHz to
30 MHz. Oscillators with very high Qs in the range 100O-100000 can be
obtained using quartz crystals.

Typical crystal length or width is 15-30 mm. A typical value for the
thickness is 4 mm. The frequency of oscillation of a crystal depends on its
thickness. The thinner it is the higher the frequency of oscillation.

A crystal can be represented as shown in Fig. 4.8. L, C and R are the
analogue equivalents of the mass, the compliance and the viscous damping
factor of the mechanical system, and C represents the electrostatic
capacitance between the two electrodes with the crystal as a dielectric. Thus
the equivalent circuit consists of two capacitors, giving a pair of closely
spaced series and parallel resonant frequencies. R which is of the order of a
few kQ is very small compared with the reactance of the capacitor C and
inductor L whose typical values can be 0.05 pF and 3H respectively.
Therefore if we ignore R the impedance of the crystal becomes a reactance
and from Fig. 4.8 we may write,

Fig. 4.8. The symbol of a quartz crystal and its equivalent circuit.

Symbol

C

C L R

Equivalent circuit
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]X =
jcoC LC

jcoL+ -
1 1 coC 1 / 1

p-

JcoC

1

4n2LC

2nfC f2-
1

4n2L [c + C

j P-f:
2nfC p-fJ

The above expression shows that the crystal can have both series and
parallel resonance. The series resonant frequency,/s= \/2nyJ(LC) and the

parallel resonant frequency, / p = \/2n \ — I — + -

Figure 4.9 shows that the reactance changes rapidly with frequency.
Since the value of C is very much greater than C,/p is approximately equal
to/s. A typical difference between the values of/p and/s is 0.3%. In practice a
crystal works as a parallel resonant circuit, therefore operates nearer to / p

than/s.
By examining Fig. 4.9 we can say that the reactance is inductive within

this frequency range. A crystal can therefore be used instead of the inductor
in a Colpitts oscillator as shown in Fig. 4.10. This circuit known as the
Pierce crystal oscillator is very popular since it provides highly stable
frequency and uses only a very few components. The circuit only oscillates
when the crystal behaves as an inductor and hence the oscillation frequency
has to lie somewhere between/s and/p. The crystals available on the market
have frequencies typically in the range from 32.768 kHz to 20.0 MHz. Their

Fig. 4.9. Reactance versus frequency characteristic of a quartz crystal.

X

Inductive

Capacitive
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Fig. 4.10. The Pierce crystal oscillator.

+ VCC

i

Crystal

typical tolerance at 25 °C is 20 ppm and temperature stability is 50 ppm
within the temperature range of —10 °C- + 60 °C. Doublers and triplers are
used to double or triple the frequency of a crystal oscillator output. Again
digital counters can be used to divide the frequencies in order to obtain
lower values of frequencies.

Worked example 4.7

A quartz crystal used in a Colpitts oscillator has the following
parameters: L = 3.3H, C = 0.065 pF, R = 10kQ and C = 4pF. What is the
frequency at which the oscillator will operate?

Solution

The resistance R is low compared to the reactance at RF and we
may ignore it. The series resonant frequency,

/ . =

1
2TTV(3.3X 0.065 x 10"12)

= 344 kHz
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The parallel resonant frequency,

1 / l ~ l / l 1

2TT V |_3.3 V0.065xl0 ' 1 2 4x10"

= 347 kHz.

The oscillator will operate at a frequency within the range 344 to
347 kHz, the percentage difference being ^ x 100 = 0.8%.

Summary
1. A feedback circuit produces oscillations provided the magni-

tude of the loop gain is at least unity and the phase shift of the loop gain is of
a multiple of 360° at the frequency of oscillation. The conditions are known
as the Barkhausen criterion.

2. LC oscillators provide radio frequencies needed for radio receivers
and transmitters. They oscillate at the resonant frequency of the LC tuned
circuit. Hartley and Colpitts oscillators are popular LC oscillators. In the
former one a tapped coil is used in the tuning circuit to provide the feedback
voltage from the output phase-shifted by 180°. This phase shift and the
phase shift due to the forward amplifier produces a total phase shift of 360°
or 0. The frequency range for this type of oscillator is from 100 kHz to a few
MHz. In Colpitts oscillators capacitive feedback is used. It operates at low
radio frequencies and also in the VHF band up to 300 MHz. The frequency
of oscillation is given by l/[2nyJ(LC)].

3. RC phase shift oscillators operate at audio frequencies. An RC ladder
network is used in order to obtain 180° phase shift. The frequency of
oscillation is \l\lityj6RC]. The feedback fraction for this circuit is 1/29,
therefore, in order to satisfy the magnitude condition of oscillations the
gain of the forward amplifier has to be at least 29.

4. A Wien-bridge oscillator can provide a wide range of low frequencies
using variable resistors and capacitors in the feedback path. Most often an
operational amplifier is used for the forward amplification. The amplitude
stabilization of Wien-bridge oscillator outputs has been discussed in this
chapter.

5. Very stable frequency is obtained from a crystal oscillator. It uses a
quartz crystal which has piezoelectric properties, and oscillates at the same
frequency as the frequency of vibration of the quartz crystal. If necessary,
frequencies can be increased by using doublers and triplers, or reduced with
the help of divider circuits.
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Problems
4.1. The gain of the forward amplifier, A in the circuit of Fig. 4.1 is

— 107/jco. If the circuit oscillates at 1 kHz find the feedback fraction /?.

4.2. In the circuit of Fig. 4.1, the gain of the forward amplifier is given by
A= - 4 x 107/jo;. If the feedback fraction j8 is 3.2 x 103/(4 x 103+jco)2 will
the circuit oscillate? If so, what is the frequency of oscillation?

4.3. The Hartley oscillator shown in Fig. 4.3 has LM = 3mH and
LN = 35/iH. Determine the range of capacitance values for the variable
capacitor C for the case where the frequency of oscillation is varied between
47 kHz and 2.5 MHz.

4.4. The Hartley oscillator shown in Fig. 4.3 has a fixed capacitance of
2pF. What will be the value of centre-tapped inductor to make the circuit
oscillate at 3.7kHz?

4.5. A Colpitts oscillator is designed with CM = 4.7 nF and CN = 100 pF and
a variable inductor. Determine the range of inductance values if the
frequency of oscillation is to vary between 47 kHz and 2.5 MHz.

4.6. The transistor in the Colpitts oscillator of Fig. 4.4 has a mutual
conductance of 3 x 10 ~3 Siemens, a base-emitter resistance of 1 kQ, a base
spreading resistance of 75 Q and an output impedance equal to 12 kQ.
Given: RJ/R2 = lAkn, L = 2mH, CM = 75pF and CN = 22pF, find the
frequency at which the circuit oscillates.

4.7. Design an RC phase-shift oscillator incorporating an operational
amplifier to operate at a frequency of 1.5 kHz.

4.8. Design a Wien-bridge oscillator incorporating an operational
amplifier to operate at 20.5 kHz.

4.9. Design a Wien-bridge oscillator which would be able to oscillate over
a range of frequencies from 950 Hz to 20.5 kHz.

4.10. A quartz crystal used in a Colpitts oscillator has the following
parameters: L = 2.5 H, C = 0.047 pF, R = 15 kQ and C = 6.8 pF. What is the
range of frequencies over which the oscillator operates?



Phase-locked loops

Objectives
At the end of the study of this chapter a student should be:

1. familiar with three basic functional blocks of a phase-locked loop
2. familiar with the principle of operation of a phase-locked loop as a

whole
3. able to determine important PLL parameters such as lock range

and acquisition range
4. familiar with typical applications, both in electro-mechanical and

telecommunication systems.

The phase-locked loop (PLL) is a very useful and versatile building block
in the frequency domain. It is available from manufacturers as a single
integrated circuit. It helps to synchronise the output signal of an oscillator
with a reference signal in both frequency and phase. While synchronised in
frequency, the phase difference between the output signal and the input
signal is zero, or very small. It works in much the same way as a general
feedback loop which acts in most control systems, e.g., electronic,
mechanical, as shown in Fig. 5.1. Here the input is a function of the desired
output. If the output is different from the desired value, the mixer produces
an error signal which is then amplified and corrects the output. Although its
concept has been known since 1932, its application was restricted until the
1960s, when it first became available in an integrated circuit form.

Fig. 5.1. A general feedback loop.
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Fig. 5.2. Components of phase-locked loops.
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5.1 Components of phase-locked loops
The PLL contains a phase detector, a low-pass filter and a voltage-

controlled oscillator in an arrangement as shown in Fig. 5.2. It is similar to
the general feedback loop shown in Fig. 5.1. The PLL makes co2, the
frequency of the output signal v2 of the voltage-controlled oscillator equal
to co1? the frequency of the reference signal vl9 by negative feedback under
steady state conditions. Note: frequencies will be specified in rads" 1 for
convenience in this chapter. If the frequencies are not the same then the
voltage output of the low-pass filter acts on the voltage-controlled
oscillator so that the frequencies become identical. Once the two frequ-
encies are made equal, the error signal from the phase detector becomes a
function of the phase difference between the two signals, and the phase
difference is then controlled.

5.1.1 Phase detector
Various circuits can be used to build a phase detector. The one we

will discuss here is an analogue multiplier that forms the product of two
input signals. One of these signals is the reference signal and the other is the
output of a limiter circuit into which the output of the voltage-controlled
oscillator is fed. Figure 5.3(a) shows the block diagram of the phase
detector. Let us consider that the reference signal is given by

(5.1)

(5.2)

vx = V1 sin((os

and the output of the voltage-controlled oscillator is given by

v2 = V2 sin cost

where cos is the frequency in rad/s under steady state condition (i.e. the
frequency of the reference signal, col =the frequency of the output signal
from the VCO, (O2 = (os) and </> is the phase difference between the two
signals.
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Fig. 5.3. {a) Block diagram of a phase detector and {b) the input and
output voltage waveforms of a limiter circuit.
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A comparator with clamping diodes at the output and the reference
terminal connected to zero may be used as the limiter circuit yielding an
output of 4-1 V when v2 > 0, and — 1 V when v2 < 0. Figure 5.3(b) shows the
input and output voltages v2 and v2 respectively of such a circuit. Thus v2 is
a square wave with an amplitude of 2 V and can be expressed in a Fourier
series as follows,

v2=2x 2/n • sincost + 2 x 2/3n • sin 3a>st + ... (5.3)

Since the phase detector is followed by a low-pass filter which will attenuate
all the terms with higher harmonics than the fundamental, for simplicity we
may write (5.3) as,

v2=4/n - sin cost (5.4)

The reference signal vx and the limiter output v2 are put into the multiplier
and thus the output of the phase detector is given by

Vo^KnV^' (5.5)

where Km is the multiplier constant.
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Substitution of the values of vl and v2' from (5.1) and (5.4) into (5.5)
yields

4
vo

f = Km VY sin(cost + 0 ) • — sin cost
n

= X m F 1 - [ 2 sin (ay + (/>) sin cosi]
n

= Km Vx - [cos (/)- cos (2cost + (/>)] (5.6)
71

Therefore if the peak value of the reference voltage is constant then the
multiplier output can be made proportional to the cosine function of 4>
provided the higher frequency term cos (2cost + </>) is filtered out with the aid
of a low-pass filter.

The conversion gain of a phase detector is the ratio of the change in the
magnitude of its output to the change in the phase difference between the
two inputs, and therefore, it is expressed in volts rad"1.

5.1.2 Low-pass filter
The performance of a phase-locked loop is influenced not only by

the type of phase detector used, but also - to a certain extent - by the type of
the low-pass filter. Although there are different kinds of analogue filters
available, both active and passive, a simple RC first-order low-pass passive
filter as shown in Fig. 5.4 will be considered here because this type is quite
suitable for most applications.

The output of the phase detector vo
f is fed to the filter whose output vo can

now be expressed as

jcoC , 1
vn= —-vn =

)coC

(5.7)

Fig. 5.4. A first-order low-pass passive filter.

» o v0

r
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From (5.7) we may observe that the cutoff frequency coLP¥ is equal to \/CR.
The values of C and R should be chosen so that coLPF is considerably less
than 2cos, thus enabling the filter to attenuate the higher frequency
component, cos(2cosr + </>) of vo

r in accordance with (5.7). For the low
frequency component of the voltage vo, a> = c/>, and since (/><̂ cos (5.7) yields,

Substituting for v0' from (5.6) into (5.8) we obtain

vo = Km V^ljn • cos (j)=Vo cos (j>

(5.8)

(5.9)

where Ko = fcmK12/7c.
The output of the low-pass filter is therefore a cosine function with a peak

value of Vo which is, in turn, proportional to the input signal amplitude V1.

5.1.3 Voltage controlled oscillator
The voltage controlled oscillator is an essential part of a phase-

locked loop. It may generate either sinusoidal or square waves. Earlier we
assumed a sinusoidal function for v2, the output of the VCO. Here we will
consider an astable multivibrator as shown in Fig. 5.5(a) whose frequency
of oscillations can be controlled by a d.c. input, in this case, the output of
the low-pass filter. In the absence of any input, the oscillator runs at a free-
running frequency co0 as shown in the dynamic curve of the VCO in Fig.
5.5(b). As the output voltage of the low-pass filter vo increases, the coupling
capacitors charge up more rapidly and the frequency of oscillations a>2

increases; again with the reduction in the output voltage of the filter co2

drops. The VCO works over a limited range and its transfer curve is

Fig. 5.5. (a) A voltage controlled oscillator circuit and (b) its dynamic
curve.
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approximately linear. We may express the relationship between the
oscillatory frequency and the d.c. input to the voltage controlled oscillator
as follows:

co2 = a>0 + Kycovo (5.10)

where Xvco is the gain of conversion of the VCO and its unit is rad V~ *. The
output of the voltage controlled oscillator, v2 is fed to the phase detector to
complete the loop.

This particular circuit is linear over a small range and therefore, if
necessary, a more sophisticated circuit may be used. In integrated circuit
form some PLLs include a VCO such as type NE565, but it is common
practice to use a separate VCO integrated circuit chip such as type 4024
with a phase detector type 4044 to form a phase-locked loop.

A current controlled oscillator is used in some PLLs instead of the VCO.
In these cases the input signal is obtained from a current controlled source
rather than a voltage controlled source.

The conversion gain of a VCO is the ratio of the output frequency change
to the input magnitude change and is expressed in rad V" *. In the case of
current-controlled oscillators the unit is rad amp"1 .

5.2 Principles of operation
The plot of the output of a low-pass filter versus the phase

difference between the input signal frequency and the oscillator frequency is
shown in Fig. 5.6. It can be noted that the low-pass filter output is zero
when the phase difference is + 90°. It can also be observed that the former
has its maximum value when there is no phase difference between the
signals. Let us consider that the reference signal frequency and the

Fig. 5.6. Filter output vs. phase difference between the input signal
frequency and the oscillatory frequency.

VQ = VQ COS 0, VOlt

Non-zero value to correct a>>

PLL works in this
linear region under
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oscillator frequency are perfectly synchronised with the free-running
frequency of the VCO. This will make the output of the low-pass filter zero.
So we may write

vn = Vn cos 6 = 0

or,

= 90°

Hence a PLL normally operates in the region where the phase difference is
90°. This region may be considered to be linear. If the frequency of the
reference signal o1 now changes from co2 then, vo will adjust and settle to a
non-zero value thus making a>2 equal to the new value of col and
maintaining the frequency lock. It can be observed from the figure that (/>
will be shifted by an amount, Ac/>, from the reference phase angle of 90°. We
may redefine 0 as </> = 90° + Ac/) for simplicity and the output voltage then
becomes

2 , _ , . . „ 2 , .
~n n. ., (5.H)

Thus v0 becomes a negative sine function. Figure 5.7 shows the time
waveforms of v0 for small and large input signals. Let us first consider the
case when the input signal frequency a>l is equal to the VCO output signal
frequency a>2. v0 is negligible for both small and large input signals when

Fig. 5.7. Time waveforms of filter output for small and large input
signals and also small and large phase differences.

ft)] = (O2
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Fig. 5.8. A plot of filter output as a function of phase difference.
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A(j> ~ 0 , but, obviously, has a finite d.c. value when A<j> ^ 0 . The magnitude
of the d.c. voltage depends on the input signal magnitude Vx and A(j>.

Now suppose co1 is not equal to a>2, then A(/> is proportional to the
difference between the input signal frequency and the oscillator frequency
(A(j) = (a)2 — co1)t) and v0 becomes a sinusoidal quantity whose magnitude
and frequency depend on Vx and A(/> respectively.

A plot of v0 as a function of A(j> is shown in Fig. 5.8. Since a PLL normally
operates in the linear region (i.e., around A(/> = 0°) we may write,

v0 = slope at 0° x A</>

dv0
X A<Z) =

d '-KmVt-sinA<l>
n

= -KmF1-cosA</. b = oxA<l>=-KmVl-A<l> (5.12)

Therefore when a>1 and co2 are synchronised, the output of the VCO is
proportional to any shift in phase difference.

5.2.1 Lock range (coL)
The useful frequency range over which a PLL can track an input

signal is called the lock range or tracking range. A PLL can only stay locked
onto an incoming signal of frequency co^ over a finite range, as shown in
Fig. 5.8, i.e., from A</>= -90° to A(p= +90°. It can be observed from the
illustration that at A^= -90° , v0 is maximum and is given by

vOimax) = Km2VJn (5.13)

and at Ac/) = 90°, v0 is minimum and given by

vO{min)=-Km2VJn.

Under steady-state or locked condition

(5.14)

(5.15)



Principles of operation 177

By observing (5.13) and (5.15) we may say that the maximum value of the
frequency an input signal may have in order to stay in the locked condition,
is given by

^1(^^ = 0)0 +Kycov0imax) = (o0-\-KwcoKm2V1/n (5.16)

Similarly, the minimum frequency an incoming signal may have in order to
stay in the locked condition, is given by

^l(min) = ^ 0 + ^VCO^O(min) = ™0 ~ KycoKm2 VJit (5.17)

Therefore, according to the definition, the lock range of the PLL is,
4

^L = ^l(max)-^l(min) = 2X v c oKm2F 1 /7 l=- 'X v c oXmK 1 (5.18)
n

By observing (5.18) we can say that the lock range is determined primarily
by the maximum frequency swing possible in the voltage-controlled
oscillator.

5.2.2 Acquisition range
The frequency range over which a PLL can acquire an input signal

is denoted as the acquisition range or capture range. It is limited to a value
less than the lock range. Let us consider an input signal whose frequency col

varies with time as shown in Fig. 5.9. The oscillator frequency tracks the
incoming signal frequency as long as the latter is within the lock range coL,
however, as soon as the incoming signal frequency drifts outside the lock
range the oscillator frequency co2 fails to track it further and settles down to
<x>0, the free-running frequency of the oscillator. Thus the PLL becomes
unlocked and we may consider that the link between the VCO and the LPF

Fig. 5.9. Operation of a phase-locked loop over a period of time
during which the input signal frequency varies significantly.
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Fig. 5.10. The phase-locked loop may be assumed to be broken when
the input signal frequency is outside the lock range.

rads"1)

PD LPF „

vco

)() rad

is broken as shown in Fig. 5.10. The output of the phase detector due to the
input signal, V1 sinco^, and the oscillator signal, 4/TI sin coot, is then given
by

v0' = KmV1 s

= Km Vx (2/TI){COS(CO1 - co0)t r + co0)t} (5.19)

When the signal vo
r passes through the LPF the higher frequency term is

attenuated yielding,

v0 = KmVl(2/7r)cos (a)1—a>0)t = KmV1 (2/n)cosAcot (5.20)

where co1 — w0 = Aco.
Since co1 ^a>2, <\> does not exist.
Assuming that the LPF has a cutoff frequency coLPF we may write the

peak value of v0 as,

1
(5.21)

Now let us consider that the input signal frequency drifts back towards
the lock range. As it approaches the lock range Aco becomes smaller thus
making Vop larger. The output of the LPF sinusoidally modulate (frequ-
ency modulation) the VCO output according to (5.10). The acquisition
begins when the input signal frequency becomes equal to either co2(max), in
the case of drifting back from outside the upper limit of the lock range, or
cy2(min)» m t n e c a s e °f drifting back from outside the lower limit of the lock
range. We may now rightly assume that the link between the VCO and the
LPF has been reestablished. By using 5.10 we may find the expressions for
^2(max) and co2(min) as follows,

op
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and

op
(5.22)

The difference between these two limits of the oscillator frequency must give
the acquisition range which can be expressed as,

_ 4
n

2(max)

1 +f—Tl
(5.23)

Since — KwcoKmV1=(oL and Aco = a)AQ/2 when the acquisition begins,

(5.22) can be rewritten as

1 +
^LPF.

(5.24)

Equation (5.24) shows that the acquisition range for a particular lock range
is set by the LPF cutoff frequency coLPF= 1/CR. As the output of the LPF
brings the oscillator frequency closer to the input signal frequency, the error
signal frequency at the output of the phase detector varies more slowly as
shown in Fig. 5.11 and we have asymmetrical error waveforms during
acquisition. It produces a non-zero average, i.e. a d.c. component at the
LPF output which gradually shifts the oscillator frequency toward the
input signal frequency until the PLL is locked. The time required for the
PLL to capture the input signal is known as the acquisition or pull-in time
as shown in Fig. 5.9.

Fig. 5.11. Phase detector output as the input signal frequency
traverses from outside the lock range to inside the acquisition range.
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5.2.3 'No-lock' conditions and remedies
A lock cannot be established if the input signal magnitude is too

small to drive the VCO in order to produce the necessary deviation in the
oscillation frequency, or the input signal frequency is beyond the dynamic
range of the VCO. In order to obtain a lock, in the former case, V1 should
be increased internally by employing an additional amplifier in the loop
preferably after the LPF or, by adjusting upward the response of the LPF.
An amplifier external to the loop may also be used to increase the
magnitude of Vx. Next, considering frequency, the free-running frequency
of the VCO should be shifted closer to the input signal frequency by
adjusting the values of components of the VCO so that the maximum
possible frequency swing of the voltage controlled oscillator can embrace
the input signal frequency.

Worked example 5.1

A phase-locked loop comprises (a) a phase detector with an output
voltage equal to O.O318[cos0 — cos (2cot + (/>)] for an input signal having a
magnitude of 0.05 V, (b) a simple low-pass filter having a cutoff frequency of
750 Hz and (c) a voltage controlled oscillator with a free-running frequency
of 1.5 x 105 Hz and a conversion gain of 1.5 x 104 HzV~1. Calculate (i) the
lock range, (ii) the acquisition range and (iii) the steady-state phase error if
the input signal has a frequency of 1.5015 x 105 Hz.

Solution

Comparing (5.6) with the given output voltage of the phase
detector, we get,

or

_ O.O318X7C _
m " 2x0.05

From (5.18)

4

= - x 1 x 1.5 x 104 X2TCX 0.05 = 6000rads"1

n
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From (5.24)

^AQ =

or

coAQ
4 + 4coLPF

2a;AQ
2 - 4coLPF

2coL
2 = 0

The above is a quadratic equation for CL>AQ
2. So solving for coAQ

2 yields,

2 _ -4coLPF
2 ±7(16coLPF

4 + 4 x 4 x (oLPF
2(oL

2)

= -4(750 X2TT)2 ±716(750 X2TI)4

-h4x4x(750x27i)2x(6000)2

2

= +27.8xlO6 or - 1 1 6 x l O 6

taking the positive value for the solution,

CL>AQ = 5273rads~1

From (5.11) the steady state error

Acf) = s i n " 1 1 — v0 J (a)

but

from (5.10). At steady state

so

_ (»! -co o _ 2TT(1 .5015-1 .5 ) x 105

V°= ^vco 2TCX1.5X10 4

= 0.01 volt

Substituting this value into (a) above
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Worked example 5.2
Data for the phase-locked loop in Fig. 5.2 is:

co1 = 1.1 x 10 6 rads" \ coLPF= 105rads"1

(i) The amplitude of the input signal Vx is relatively strong initially, then it
gradually fades to zero, and after a while it returns to full strength again. At
what values of Vx is lock lost and then regained?
(ii) Under steady state, calculate v0 and the phase error if the input signal
has a magnitude of 10 V.

Solution

Figure 5.9 shows that the lock is lost when co1— co0 is about to

become larger than —^, i.e., from the point of view of Vu when Vx is small

coLenough to make co1 — co0= -—.

4
From (5.18), ooL= -KmKYCOV1 or

n

_ 7lWL _71X2((D1-(DO)

4KmKwco 4KmKYCO

TCX 2(1.1 - l ) x l O 6

4 x n/2 x 105

= 1 volt

Therefore at Kx = 1 volt, the lock is lost.
Again Fig. 5.9 shows that the lock is reacquired when V1 becomes large

enough to make

or

= 2 x l 0 5 r a d s " 1

but according to (5.24)
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COj COj CO

CO\n=—;=

so

coL = ̂ /2(oAQ = ̂ /2x2x 105 = 2.8x l

N o w with the help of (5.18) we can find the corresponding input voltage as
follows:

7icoL n x 2.8 x 105

1 = 4KmKwco
 = 4 x n/2 x 105

= 1.414 volts

Therefore the lock is regained when Vx becomes equal to 1.414 volts. Under
steady state

or

From (5.11) the steady state error

Now substituting for v0 we have

= s i n - 1 - — = -5.7°
10

A ^ s i n s i n
^ 2 x n/2 x 10 10

5.3 Applications
DC motor speed control
Many electro-mechanical systems, such as magnetic tape drives,

require precise speed control, particularly during start and stop operations.
This can be achieved by incorporating the motor within a phase-locked
loop as shown in Fig. 5.12. When the motor rotates, the tachogenerator
produces an a.c. signal whose frequency, a>2 is proportional to the speed of
the motor. This signal is then fed to the phase detector together with the
control signal with a frequency cox where co1 is proportional to the desired
speed of the motor. The phase-locked loop detects any difference between
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Fig. 5.12. Control of motor speed with the help of a phase locked
loop.
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cox and co2 and drives the motor so that there is a cycle-for-cycle correlation
between the control frequency and the speed of the motor.

A slotted opto-switch comprising an infra-red source and sensor may be
used in order to obtain an a.c. signal proportional to the speed of the motor.
In this case a low-inertia disc with evenly spaced holes along its
circumference is mounted on the shaft of the motor as shown in Fig. 5.13.
The switch is so placed that the edge of the disc passes through the slots and
the holes are aligned with the path of the infra-red beam. As the disc rotates
the disc-holes combination alternately breaks and transmits the infra-red
beam, and produces a train of pulses whose frequency is directly
proportional to the speed of the motor. A Schmitt trigger is commonly used
after this stage to obtain a clean square wave, the frequency of which is then
compared with the desired frequency of the input signal in the phase
detector. Any difference between these frequencies gives an error signal
which after filtering yields a d.c. voltage. The latter is amplified to boost the
power for the motor so that the speed can be corrected. Eventually the
system settles at zero-velocity error.

The accuracy of this system depends mainly on the quality of the device
which converts the speed of the motor into an a.c. signal. With the help of a
microprocessor and a suitable program a system can be set up so that a

Fig. 5.13. A slotted opto-switch.
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Fig. 5.14. Block diagram of a frequency synthesizer.
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motor can be run at several speeds during different time intervals over a
period of time.

Frequency synthesizer

Frequency synthesizer is another important application of the
PLL. Discrete frequencies can be generated from a single stable source,
these being fractional multiples of the frequency of the source. Figure 5.14
shows a block diagram of a frequency synthesizer. Here a quartz crystal
osillator has been used as the reference source. Its frequency is divided by N
with the help of a divide-by-counter, before the signal is fed to the phase
detector. It is compared with the fractional multiple of the output signal
frequency which is obtained by dividing the output frequency by another
divide-by-counter. In this case the output of the VCO is the output of the
synthesizer. Under steady state conditions the frequencies of the two inputs
to the phase detectors must be the same, i.e.

N
Jout

~~ ~M

or,

f = - J

we may obtain various frequencies by varying N in powers of 10 and M in
steps of 1. In order to obtain a frequency multiplier (integral), we set N= 1,
in other words, we feed the input straight to the phase detector. With the
help of a computer the values of M and N can be chosen and using
programmable counters any of a large number of frequencies fractionally
related to /R can be synthesized, each having the stability of the single
reference source. Frequency synthesizers are used in FM radios and TV
receivers. Crystal oscillators, in the range of 1-10 MHz are commonly used
as the reference source.
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Fig. 5.15. Block diagram of a frequency modulator.
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Frequency modulator and demodulator
The PLL is inherently a frequency modulator or demodulator. In

order to generate a frequency modulated signal, part of a phase-locked loop
may be used. In this case, the free-running frequency of the voltage
controlled oscillator is the carrier frequency. The modulating signal is
encoded on to the carrier as shown in Fig. 5.15. Here the VCO acts as a
frequency modulator and the phase detector as a buffer amplifier. The value
of the d.c. bias determines the gain of the amplifier.

One of the methods of recovering the modulating signal from the
modulated signal using a phase-locked loop is shown in Fig. 5.16. Here the
PLL is brought into lock with the input signal according to the PLL
dynamics already discussed. Thus the control voltage of the VCO is the
desired demodulated signal. The cutoff frequency of the LPF should be
close to the range of the frequency of the demodulated signal.

Fig. 5.16. Block diagram of a frequency demodulator.
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AM detector
A synchronous amplitude-modulator detector can be designed

using phase-locked loops as illustrated in Fig. 5.17. The synchronous
detection needs a reference signal whose frequency and phase are identical
to those of the amplitude modulated signal. The first PLL is used to obtain
the required reference signal. It locks onto the carrier frequency of the
modulated signal. Its output has an inherent 90° phase-shift with respect to
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AM
signal

Fig. 5.17. Block diagram of an amplitude modulation detector circuit.
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the input as discussed in the theory of PLLs in Section 5.2. In order to
ensure that both inputs to the phase detector of the second PLL are in
phase, so that no phase errors occur, an intentional 90° phase-shift is
provided to the AM input before being inputted to the second PLL. The
phase detector of the second PLL multiplies the two inputs. The low-pass
filter removes the sum frequency component from the output of the phase
detector and the difference frequency component remains as the de-
modulated AM signal. Thus a signal directly proportional to the amplitude
of the input signal is obtained as shown in Fig. 5.18. Note that only the
phase detector and the LPF of the second PLL has been used and the loop
need not be completed. AM detection with PLLs offer a higher degree of
noise immunity than can be obtained by using conventional peak detector
type AM detectors.

The RS NE565 Phase-Locked Loop is a self-contained, adaptable filter
and demodulator for the frequency range from 0.001 Hz to 500 kHz. The
circuit comprises a phase comparator, an amplifier, a low-pass filter and a

Fig. 5.18. Time waveforms at various stages of the amplitude
modulation detector circuit.
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Fig. 5.19. Block diagram of phase locked loop type RS NE565.
(RS Components Ltd.)

_n_r

Fig. 5.20. VCO characteristics of the PLL type RS NE565.
(RS Components Ltd.)
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Fig. 5.21. Lock range as a function of input voltage for the PLL type
RS NE565. (RS Components Ltd.)
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voltage-controlled oscillator of exceptional stability and linearity as shown
in schematic form in Fig. 5.19. The free-running frequency of the VCO can
be adjusted externally with a resistor or a capacitor. The low-pass filter,
which determines the acquisition characteristics of the PLL, is formed by
an internal resistor and an external capacitor. Typical performance
characteristics are shown in Figs. 5.20 and 5.21.

Summary
1. Phase-locked loops are available in integrated circuit form and

are used as versatile building blocks in the frequency-domain.
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2. The main elements of a phase-locked loop are the phase detector, the
low-pass filter and the voltage controlled oscillator. If necessary an
amplifier may be included in the loop.

3. The phase-locked loop forces the frequency of the voltage controlled
oscillator to be synchronous with the input signal frequency. Under this
(steady state) condition the output of the low-pass filter is proportional to
the phase difference between the input signal and the VCO output and thus
the phase is controlled.

4. The frequency range over which a PLL can track an input signal is
called the lock or tracking range. This range is determined by the maximum
frequency swing possible in the voltage controlled oscillator.

5. The range of input signal frequencies over which the PLL can acquire
a lock from an unlocked condition is somewhat smaller than the lock range.
The time required to acquire a signal is known as pull-in or acquisition
time.

6. A lock cannot be established if (a) the input signal magnitude is too
small to produce the necessary deviation in the VCO frequency, or (b) the
input signal frequency is beyond the dynamic range of the VCO. In order to
achieve a lock, an amplification of the input signal is required in the case of
(a), and the free-running frequency of the VCO should be shifted closer to
the input signal frequency in the case of (b) by adjusting the components of
the VCO.

7. Major applications of PLLs are in the fields of motor speed control
and telecommunications.

Problems
5.1. A sinusoidal signal having a magnitude of 5 volt peak is fed

into a phase-locked loop comprising a multiplier with a constant of one and
a voltage controlled oscillator having a conversion gain of 104 rad s "* V " 1 .
Find the lock range.

5.2. A phase-locked loop comprises (a) a multiplier with a constant of 1.54,
(b) a voltage controlled oscillator which has a frequency-voltage character-
istic given by (O2 = co0 + 1.1 x 103t;orads~1 and (c) a low-pass filter. Find
the lock range for the phase-locked loop if the input voltage is 1 volt.

5.3. If the low-pass filter of the phase-locked loop of Problem 5.1 has a
characteristic

G(jco)= ^ -

1500

find the acquisition range of the phase-locked loop.
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5.4. The multiplier of the phase-locked loop shown in Fig. 5.2 has a

constant of 0.95 and the voltage controlled oscillator has a characteristic

co2 = 106 + 105?;orads"1. The phase-locked loop is under steady state

condition when a signal with a frequency of 1.1 x 10 6 rads - 1 is fed to it.

Suppose the amplitude of the signal gradually fades to zero. Determine the

amplitude of the signal at which the lock-in is lost.

5.5. The low-pass filter of the phase-locked loop of Problem 5.1 has a

characteristic

G(ico)=—i-r-

If the magnitude of the input signal is gradually decreased, the lock is lost.

Find the magnitude of the signal at which the lock would be regained?

5.6. Calculate the phase-error under steady state condition for the phase

locked loop of Problem 5.4, when the input signal is 5 sin 1.1 x 106t.

5.7. A phase-locked loop comprises (a) a phase detector with output

voltage equal to 0.0636[cos </> — cos (2cot + (/>)] for an input signal having a

magnitude of 0.01 volt, (b) a low-pass filter with a cutoff frequency of 1 kHz

and (c) a voltage controlled oscillator with a free-running frequency of

105 Hz and conversion gain of 104 Hz V " *. Calculate (i) the lock range, (ii)

the acquisition range and (iii) the steady state phase-error if the input signal

has a frequency of 1.0015 x 105 Hz.

5.8. Examine whether an input signal with a frequency of 105 Hz can be

tracked by a phase-locked loop comprising a voltage controlled oscillator

which has a frequency-voltage characteristic given by

The output of the low pass filter in this case is 4.75 volt.

5.9. For the phase-locked loop shown in Fig. P.5.9, the input voltage has a

peak value of 0.5 volt and the oscillator has a peak voltage of 1 volt. The

0.005 ̂ F=j=
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amplifier gain is 1000. The frequency-voltage characteristic of the voltage
controlled oscillator is a>2 = a)0 + 200v0. The low-pass filter is of the form
shown in the figure. Determine the lock range and the acquisition range.

5.10. Design a phase-locked loop whose acquisition range is 9 kHz and
lock range is 10 kHz.



Modulation in
communication systems

Objectives
At the end of the study of this chapter students should be:

1. familiar with radio frequency carrier waves and low frequency
information signals

2. familiar with the principles of different types of modulation
3. able to choose a suitable method of modulation for transmission of

a particular signal.

In a communication system radio frequencies are used to carry
information which is most often of low frequencies from one place to
another mainly because of the ease with which the high frequency waves can
propagate around the world by multiple reflections from the ionosphere
and at very high frequencies antennae of modest size can form narrow
beams. Ranging from roughly 3 kHz to 300 GHz radio frequencies are
widely used in telephone systems, radio and television broadcasting,
satellite communications and also in radio detection and ranging. Usually
the information is at audio frequency and is transposed onto the radio
frequency to be carried from one point to another. The process of
transposition is known as modulation. There are several ways to modulate
a radio wave. In this chapter we will discuss different types of modulators
and also demodulators. The latter are used to recover information from
modulated waves at the receiving point.

6.1 Amplitude modulation
In this type of commonly used modulator a sinusoidal carrier wave

is made to vary in amplitude in sympathy with the magnitude of the low
frequency information signal. The information signal is also called the
baseband signal or the modulating signal. Let us consider that a simple
sinusoid carrier wave c(t) of a constant amplitude Ac is modulated by a
composite baseband signal m(t). The carrier wave and the baseband signal
are expressed as follows,

c(t) = Ac cos (Dct (6.1)
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Fig. 6.1. Amplitude modulation.

Modulating signal

Carrier

Modulated signal

and

m(t) = Bl cos to^t + B2 cos co2t + #3 cos co3t (6.2)

where Ac, B1,B2 and B3 are the peak amplitudes of the respective frequency
components, coc is the carrier frequency and a>1, co2

 a n d co3 are the
frequencies of the sinusoid components which make up the baseband or
modulating signal.

Figure 6.1 shows an example of amplitude modulation. It can be
observed that in accordance with the amplitude of the modulating signal
the modulated signal magnitude varies between two curves. These are
called the envelope of modulation and in fact show the shape of the
modulating signal. Let us assume that the modulated output is given by
v(t). Then it follows from the principle of amplitude modulation that

v(t) = \_AC cos (Dct

= Ac cos coct + m(t) cos coct

— Ac COS (Dct + Bi COS CD^t COS (Dct + B2 COS (D2t COS O)ct

+ B3 cos co3t cos co ct (6.3)

Now using the trigonometric relations for the product of cosines, we have

) = Accoscoct+
B,
-—cos (coc —co x)

cos(coc

—-cos(coc

~-cos(coc

(6.4)
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Fig. 6.2. Frequency spectra of modulating signal and amplitude
modulated signal.
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Equation (6.4) shows that the output consists of an unmodulated carrier
and two groups of frequencies each of three components symmetrically
positioned about the carrier frequency coc. The 'sum frequency' compo-
nents constitute the upper sideband (USB) and the group containing the
'difference frequency' components is called the lower sideband (LSB). The
bandwidth of the modulated signal is thus given by [(coc + co3) — (coc — a;3)]
with a centre frequency at coc. It should be noted that information is
contained in the sideband components only. Figure 6.2 shows the
frequency spectra of the modulating signal m(t) and the modulated signal
v(t).

Index of modulation

The index of modulation for a sinusoidal modulating signal is
given by the ratio of the maximum deviation of amplitude from the
unmodulated value to the amplitude of the unmodulated signal. For
instance if the modulating signal is B cos cot and the carrier is Ac cos ooct as
shown in Fig. 6.3 then using the principle of the amplitude modulation as
before the modulated output can be given by

v(t) = (Ac + B cos cot)cos coct = Ac(\ + B/Ac cos cot)cos coct (6.5)

From (6.5) we observe that the index of modulation is B/Ac. The percent
modulation of an amplitude modulated wave is obtained by multiplying the
index of modulation by 100. In practice modulation is maintained close to
100% thus allowing most of the baseband signal to be recovered by the
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Fig. 6.3. Index of amplitude modulation.
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detector circuit at the receiving point. However, overmodulation, i.e.
percent modulation greater than 100% switches off the carrier signal for
part of the time as shown in Fig. 6.3(c) and hence distorts the modulating
signal.

6.1.1 Modulation circuits
Modulation can be carried out at low power level or high power

level. Both methods have their own advantages and disadvantages. In the
former case relatively small modulating power is needed but the recovered
information signal may be badly distorted. In high level modulation the
baseband signal is amplified and the modulation takes place at the final
stage. The method is efficient and there is little distortion in the recovered
signal, but appreciable modulating power is necessary in order to achieve
near 100% modulation.

Figure 6.4 shows a block diagram of low level amplitude modulation. A
stable carrier frequency is provided by the oscillator which is isolated by a
buffer so that any loading effect on the stability of the oscillator frequency is
reduced. The intermediate power amplifier supplies the power gain needed

Fig. 6.4. Block diagram of low level amplitude modulation.
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Fig. 6.5(a). A plate modulator for high power amplitude modulation.
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to drive the final power amplifier. In order to obtain highest efficiency, class
C amplifiers are used in the final stage. Figure 6.5(a) shows a plate
modulator for high power modulation. The circuit works as a class C
amplifier. The modulating voltage vm(t) appears across the secondary of
transformer T and thus is in series with the d.c. power supply Vcc. The
effective power supply voltage vcc is then the sum of vm(t) and Vcc. Let us
consider that vm(t) = B cos cot, then

vcc —Vcc-\-B cos cot (6.6)

The output will be proportional to the effective power supply and since the
input is at carrier frequency we can write

vo(t)cc(Vcc + B cos cot) cos coct (6.7)

where v0 is the instantaneous output voltage of the modulator. Triode tubes
are used for modulation in the kilowatt range. For an output of up to 100
watts, transistors are generally used. Figure 6.5(b) shows a collector
modulator. The circuit works as a class C amplifier thus giving highest
efficiency.

Worked example 6.1
An amplitude modulated waveform has a carrier frequency of

71.867 kHz and an upper sideband which extends from 72.2 kHz to 75 kHz.
What is the frequency range of the lower sideband? If the modulated
waveform has to be amplified what would be the bandwidth of the
amplifier?
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Fig. 6.5(b). A collector amplitude modulator.
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RF input o

To antenna

Solution

/ c + / i = 72 200
fc =71867

fx = 333 Hz

fc =71867
/ 3 = 3133 Hz

/ c _ / 1 = 71 867-333 = 71.534 kHz
/ c - / 3 = 71 867-3133 = 68.734 kHz
Therefore the lower sideband ranges
from 68.734 to 71.534kHz.
Bandwidth of the amplifier:
75 000-68 734 = 6.266 kHz.

6.1.2 Demodulation circuits
The modulated signal obtained from the antenna at the receiving

end is usually of the order of a few microvolts in magnitude and less than a
milliwatt in power. So the signal is first amplified with the help of a few
stages of tuned radiofrequency amplifiers as shown in Fig. 6.6. The diode D

Fig. 6.6. An AM demodulator circuit.
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rectifies the amplified modulated signal. Assuming the diode to be ideal,
only the positive halves of the modulated signal appear at the input of the
low-pass filter as shown in the diagram. The rectified signal now contains a
d.c. component, a slowly varying component corresponding to the
modulating or baseband signal and also the carrier frequency. The low-pass
filter has a cutoff frequency much smaller than the carrier frequency, but
considerably higher than the modulating signal frequency. The diagram
does not truly demonstrate the difference between the carrier and the
modulating signal. In practice coc is at least several hundred times larger
than a*!, a>2 and co3. The low-pass filter thus filters out the carrier frequency.
Its output is then coupled to an amplifier by a capacitor which removes the
d.c. components of the demodulated signal from the input to the amplifier.

6.1.3 Frequency division multiplexing
In communication systems very often several signals are combined

together for simultaneous transmission over a single channel. This can be
achieved by sharing an allocated bandwidth between a number of
independent channels. The method is known as frequency division
multiplexing (FDM). Figure 6J(a) shows a FDM system where inputs
from 12 channels are fed to a single outgoing channel. The information
presented at various channels is amplitude modulated onto different carrier
frequencies and the modulated signals are added together to form a
composite signal which is then transmitted via a single channel. The
separation between two adjacent carrier frequencies should be large

Fig. 6.1(a). Frequency division multiplexing.
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Fig. 6.1(b). Spectral occupancy of various amplitude modulated
signals in the bandwidth (from cocl to cocl2) after FDM.

Relative
amplitude Ao>| = Aah = ... = L

0)c\ -Aft),

(h)

enough so that the upper sideband of one modulated signal does not
overlap with the lower sideband of another modulated signal. Since the
information can be retrieved from either of the upper and lower sidebands it
is usual practice to filter out one sideband from each modulated signal as
shown in the diagram, thus using less bandwidth per modulating signal.
Figure 6.1(b) shows the spectral occupancy of various amplitude modu-
lated signals in the bandwidth. Frequency division multiplexing is widely
used for line communications (telephone systems) and also radio systems.

Worked example 6.2
Twenty speech signals concentrated in the band 300 Hz to 3.4 kHz

are to be combined using frequency division multiplexing for transmission
over a single communication channel. Estimate the bandwidth of the
channel.

Solution

Allow a 4 kHz wide sideband for each speech signal. For double
sideband transmission the channel should have:

20 x 4 kHz x 2 = 160 kHz wide bandwidth

For single sideband transmission the channel should have
20 x 4 kHz = 80 kHz wide bandwidth.

6.2 Frequency modulation
In this method of modulation the frequency of the carrier wave

changes in accordance with the amplitude of the modulating signal, but its
amplitude remains constant, which is just the opposite of what happens in
amplitude modulation. Although frequency modulation can be affected by
relatively high frequency noise it is practically free from most types of low
frequency noise which badly affects amplitude modulation.
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Fig. 6.8. Frequency modulation.
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Figure 6.8 shows how a carrier wave is frequency modulated by an
information signal. Let us suppose that the frequency of the carrier is
50 kHz, then at the instant when the amplitude of the modulating signal is
zero, the modulated carrier frequency is 50 kHz and hence is called the
centre frequency. With an increment of amplitude of the modulating signal
the frequency of the carrier increases. Say the carrier frequency reaches
75 kHz when the modulating signal is at its positive peak. If the modulating
signal is sinusoidal then at its negative peak the modulated signal frequency
decreases to 25 kHz. Thus the frequency deviation from the centre
frequency is 25 kHz for this particular modulating signal. The amount of
deviation depends on the amplitude of the modulating signal.

The instantaneous frequency of a modulated signal is given by

co = coc + k{B cos comt (6.8)

where coc is the carrier frequency, k{ is a constant which determines the
maximum frequency swing and Bcoscomt is the modulating signal. The
total deviation of the modulated signal above and below the centre
frequency is called the frequency swing. From Fig. 6.8 it can be observed
that the bandwidth required by a communication channel to pass a
frequency modulated signal is the sum of the maximum frequency swing
and twice the frequency of the modulating signal. So we may write

Bandwidth = 2[(co - coc)max + <»m]

= 2[mf+l]G)m (6.9)

where mf, known as the index of modulation, is the ratio of the maximum
frequency deviation (co —coc)max produced by the modulating voltage B to
the modulating frequency com. From (6.8) and (6.9) we may write

mf = (co - coc)max/com = kfB/com

The above expression gives the relationship between the constant, k{ and
the modulation factor, mf.
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Worked example 6.3
An FM signal has a frequency deviation of 30 kHz produced by a

3 V audio signal at 3 kHz. Calculate the modulation index and the required
channel bandwidth.

Solution

mf =

30 x 103

= 10
3 x l 0 3

Bandwidth = 2[mf + l ] /m

= 2[10+l]x3xl03

= 66 kHz

6.2.1 Modulation and demodulation circuits
A modified tuned collector oscillator can be used in order to

achieve frequency modulation. The modulating signal is made to control
the inductance or effective capacitance of the resonant circuit and thereby
determine the instantaneous frequency. Figure 6.9 shows how a tuned
circuit is formed with an L and C in conjunction with a varactor diode Dl.
The latter connected in parallel with the capacitor C effectively control the
frequency of oscillations. In the absence of any input signal to the circuit the
oscillation frequency is the frequency of the transmitted carrier. However,
when an audio (modulating) signal is applied to the input the capacitance of
the varactor diode changes with its amplitude. The variation in the
capacitance changes the frequency of oscillations thus in effect modulating
the transmitted carrier.

The unmodulated resonant frequency / 0 of the LC circuit of Fig. 6.9 is
given by

fo=l/2nJ(LC) (6.10)

Fig. 6.9. A frequency modulation circuit.
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If the varactor capacitance has a maximum change of + AC then

V (6.11)

and

(6.12)

From (6.10) and (6.11) we find the peak frequency deviation on the lower
side of the centre frequency as follows

/o -fmin =/o - V2n^lL(C + AC)] =f0 - l/2nJlLC(l + AC/C)]

(6.13)

Similarly, the peak frequency deviation on the upper side of the centre
frequency is,

/max - / o = l/27rV[L(C - AC)] - / 0 = 1/2TTV[LC(1 - AC/C)] -f0

(6.14)

Therefore the peak frequency deviation is directly proportional to the
change in capacitance of the varactor diode, which in turn changes in
accordance with the amplitude of the modulating voltage. Now from the
definition of the frequency swing we may write

Jmax Jmin = I/max JO) ' I/O Jmin)

Substituting from (6.13) and (6.14)

(6.15)

Equation (6.15) enables us to find the bandwidth of the modulated signal as
mentioned earlier in this section.

A simple demodulation circuit employing a phase-locked loop has
already been described in Chapter 5 and shown in Fig. 5.16. In order to
remove any amplitude variations on the FM signals caused by various low
frequency noises, a limiting circuit may be used preceding the FM
demodulation circuit.

6.3 Pulse modulation
In pulse modulation systems, a train of pulses is used as the carrier

to transmit a modulating signal from one point to another. The mark-
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space ratio of the pulses is considerably less than one, and this particular
characteristic of the system enables a transmitter to deliver high values of
peak power, the level of which can be several times larger than the average
output power rating of the transmitter. There are several types of pulse
modulation systems depending on the characteristics of the pulses, such as
the amplitude, frequency, spacing or width, which are made to vary in
accordance with the magnitude of the modulating signal.

Pulse amplitude modulation

Pulse amplitude modulation (PAM) is achieved by sampling the
modulating signal by a train of pulses of constant amplitude as shown in
Fig. 6.10. It can be noted that the signal is usually band limited with the help
of sharp cutoff low-pass filters before being sampled by the train of pulses in
order to avoid distortions (aliasing errors) in the recovered signals.
Shannon sampling theorem states that a band limited signal m(t) is fully
described by sampling its amplitude at a rate equal to twice the highest
frequency present in the signal. This can be easily explained with the aid of
the diagrams in Fig. 6.11 which shows a sinusoidal signal the frequency of
which we may assume to be the highest frequency appearing in a
modulating signal. In Fig. 6.11 (a) the sampling points are at intervals of
greater than l/2/max, and joining these points we obtain a trace which is not
at all representative of the true curve. On the other hand in Fig. 6.1 l(b) the
sampling points are at intervals of l/2/max, and the line joining these points
produces a trace which roughly describes the sinusoid.

Fig. 6.10. Pulse amplitude modulation.
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Therefore it can be said that it is quite unnecessary to transmit a
modulating signal for all of the time, it can be present for only part of the
time as a series of pulses. The original modulating signal can be
reconstructed faithfully provided the sampling frequency is at least twice
the highest frequency present in the modulating signal. A low-pass filter
similar to one used prior to the sampling of the modulating signal can be
used at the receiving end to reconstruct the signal.

Pulse frequency modulation

As the name implies pulse frequency modulation (PFM) is
analogous to frequency modulation of a sinusoidal carrier. The repetition
frequency of fixed-amplitude pulses is made to vary in accordance with the
magnitude of the modulating signal. Figure 6.12(a) shows the form of pulse
frequency modulation. The signal can be recovered using a similar
technique to that used for frequency modulation of a sinusoidal carrier.

Pulse width modulation

In pulse width modulation (PWM) the width of the fixed-
amplitude pulses is made to vary with the modulating signal as shown in
Fig. 6.12(b). Low-pass filters can be used in this case in order to recover the
information signal by taking the average of the modulated signal.

Fig. 6.12(a). Pulse frequency modulation, (b). Pulse width
modulation, (c). Pulse position modulation.
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Modulating signal
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Illllll
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Pulse position modulation
In pulse position modulation (PPM) the pulses are of constant

width and amplitude. Each of the pulses is advanced or delayed relative to a
point within a time slot according to the amplitude of the modulating
signal. Figure 6.12(c) shows the form of this type of modulation.

6.4 Pulse coded modulation
In the last section all the different types of pulse modulation we

have discussed are analogue types, whereas pulse coded modulation is of a
digital form. At regular intervals the amplitude of the modulating signal is
sampled and then converted to a digital code made up of binary digits 0 and
1. Usually groups of four binary digits represent the amplitudes of a signal.
Thus 24 or 16 levels of amplitude can be transmitted by a serial string of
binary digits. In a group the absence of a pulse denotes binary digit 0,
whereas the presence of a pulse represents binary digit 1. Figure 6.13 shows
an example of pulse coded modulation. Since the train of pulses has only
two distinct levels of magnitude, i.e. ' 1 ' and '0', this system can provide
virtually error-free transmission in very noisy channels. In order to change
between analogue and digital signal, A-to-D and D-to-A converters are
used. Pulse coded modulation is widely used in transcontinental telephone
systems, where the signal is amplified many times along the way. Each time
before amplification, binary codes are reconstructed correctly, thus
avoiding any possibility of generating errors.

6.5 Time division multiplexing
In frequency division multiplexing, discussed earlier in this

chapter, an allocated bandwidth is shared by a number of independent
signals at all time. On the other hand, in time division multiplexing the
total bandwidth is available to all signals, but the time is shared by them.

Fig. 6.13. Pulse coded modulation.

Amplitude

12

,, -^ Modulating
signal

-0

0101 1001 0110 1100 0011

^ 4-bit groups

• t



206 Modulation in communication systems

Fig. 6.14. Time division multiplexing.

Amplitude

_J

i

t

i

ll

\ I

lii
I

llt

~1

y

\

1

1
1

•i

Signal 1

Signal 2

Signal 3

Signal 4

PAM

TDM
- t

Figure 6.14 shows how a composite time division multiplexed signal for a
single channel can be obtained from four independent modulating signals
using an analogue multiplexer which can connect several input channels
sequentially onto a single channel with the help of a control circuit. The
principles of multiplexers will be discussed in detail in the next chapter.

Summary
1. Low frequency information signals are carried from one place

to another by radio frequency waves. Various types of modulation are used
to transpose low frequency information signals onto the carrier waves.

2. In amplitude modulation the amplitude of the information signal,
also called the modulating signal, determines the instantaneous amplitude
of the radio frequency carrier waves. The modulating frequency determines
the rate of amplitude changes in the carrier waves.

3. An amplitude modulated carrier has two groups of frequencies
symmetrically positioned about the carrier frequency. They are the sums
and differences of the carrier and modulating frequencies and are known as
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the upper sideband (USB) and lower sideband (LSB) respectively. Inform-
ation signals can be recovered at the receiving end from either of these
sidebands.

4. Index of modulation for amplitude modulation is defined as the ratio
of the maximum deviation of amplitude from the unmodulated value to the
amplitude of the unmodulated signal. For good quality transmission it
should be maintained close to one. However it should not be larger than
one otherwise overmodulation takes place thus giving rise to partial loss of
information.

5. The instantaneous output voltage of an amplitude modulator is
proportional to (Vcc + B cos cot) cos coct, where Vcc is the d.c. power supply,
B and co are the amplitude and frequency of the modulating signal
respectively and coc is the carrier frequency.

6. A low-pass filter in conjunction with a diode acts as a simple
demodulator for an amplitude modulated wave.

7. Frequency division multiplexing allows several signals to share an
allocated bandwidth and to be transmitted all at the same time.

8. In frequency modulation the amplitude of the modulating signal
determines the instantaneous carrier frequency, whereas the frequency of
the modulating signal determines the rate of frequency deviations in the
carrier.

9. In frequency modulation, the index of modulation is the ratio of the
maximum frequency deviation produced by the modulating voltage to the
modulating frequency.

10. A tuned collector oscillator can perform frequency modulation when
a varactor diode is added to the LC tuning circuit.

11. In pulse modulation systems, a train of pulses is used as the carrier to
transmit an information signal from one place to another. The pulse
modulation enables a transmitter to deliver high values of peak power
which may be several times larger than the average output power rating of
the transmitter.

12. There are several types of pulse modulation systems depending on
the characteristics of the pulses such as the amplitude, frequency, spacing
and width which are made to vary in sympathy with the amplitude of the
information signal.

13. Pulse coded modulation uses digital codes made up of binary digits 0
and 1. It provides error-free transmission in noisy communication channels
and is extensively used in transcontinental telephone systems.

14. In time division multiplexing the total allocated bandwidth is
available to all signals, but the time is shared by them.
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Problems
6.1. An amplitude modulator is driven by an 810 kHz carrier and

has an audio signal input containing frequency components between
150 Hz and 10 kHz. What frequency components are in the lower sideband
of the AM output and also in the upper sideband?

6.2. An amplitude modulated waveform has a carrier frequency of 290 kHz
and an upper sideband which extends from 291.2 kHz to 292.5 kHz. What is
the frequency range of the lower sideband? What range of frequencies must
be included in the passband of an amplifier that will be used to amplify the
modulated signal?

6.3. A 10 volt RMS, 230 kHz carrier drives an amplitude modulator and is
modulated by a 2.5 volt RMS, 6 kHz sinusoidal signal. What is the
expression for the modulated output?

6.4. A signal 0.9sin27rl03£ modulates a carrier of 10sin27i310x 103t in
amplitude. What is the index of modulation as a percentage? Suggest a way
by which the index of modulation can be increased to 100%.

6.5. Eight speech signals concentrated in the band 250 Hz to 3 kHz, and ten
50 Hz distorted signals having up to 9th harmonic components are to be
combined using frequency division multiplexing for transmission over a
single communication channel. Estimate the bandwidth of the channel for
(a) single sideband and (b) double sideband transmission.

6.6. A communication channel with a band ranging from 20 kHz to 65 kHz
is available to transmit audio signals from one point to another. There are
six signals which have to be transmitted and their frequency ranges are as
follows: 300-3400Hz, 300-7500Hz, 300-3400Hz, 300-5000Hz, 300-
10 000 Hz and 300-3400 Hz. Design a suitable frequency division multiplex
system.

6.7. Show, how a tuned collector oscillator, can perform frequency
modulation with the help of a varactor diode.

6.8. A frequency modulated signal has a frequency deviation of 25 kHz
produced by a 2 volt peak audio signal at 3.5 kHz. Calculate the
modulation index and the required channel bandwidth.

6.9. A modulating signal has an amplitude of 3 volt peak and frequency of
2 kHz. The carrier wave has an amplitude of 4 volt peak and frequency of
50 kHz. If the frequency modulation is used for transmission of the signal
write an expression for the modulated wave. The frequency deviation
produced by the modulating signal is 20 kHz.
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6.10. The pulse-width modulator in Fig. P.6.10 is driven by 150 Hz
sawtooth. When vin is +2 volts the modulator output is a series of pulses
having widths equal to 1.5/is. What are the pulse widths when vin is +4.5
volts?
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Objectives
At the end of the study of this chapter a student should:

1. be able to design different types of digital-to-analogue (D-to-A)
converters

2. be familiar with various kinds of analogue-to-digital (A-to-D)
converters; their advantages and disadvantages and be able to
construct them

3. be familiar with the errors in the converters
4. be conversant with the design of discrete multiplexers and

demultiplexers and be familiar with their limitations and errors
5. be familiar with the principles of sample-and-hold circuit and be

able to design them
6. be able to develop a suitable data acquisition or distribution

system for a particular need and find the accuracy of such a system.

In order to process analogue signals which are continuous and of varying
magnitude over a period of time, with the aid of computers, conversion of
analogue currents or voltages into digital codes is essential. Again,
conversely, in order to control machines with the help of computers, digital
signals have to be converted into analogue currents and voltages. A typical
system is shown in Fig. 7.1. Here the analogue sensors measure physical
quantities such as temperatures, pressures, etc., and the analogue controls
switch on (or off) heaters, pumps and so on.

Sometimes it is necessary to acquire or distribute more than one signal
simultaneously. This can be achieved by using the time-sharing techniques.
The time required for acquiring data from many sources, or distributing
data to many controls can be reduced dramatically if a single channel is
time-shared for transferring data. In this chapter different types of circuits,
which are necessary to build a data acquisition or distribution system will
be discussed.
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Fig. 7.1. A typical data acquisition and distribution system.
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7.1 Digital-to-analogue (D-to-A) converters
A D-to-A converter is in fact a decoder. It converts a digital

(coded) signal Xd into an analogue signal Vx according to the expression

Vx=VRXRXd
(7.1)

where VR is an analogue reference voltage. This is the basic transfer function
for a D-to-A converter. Figure 7.2 shows the transfer characteristic of a 4-
bit binary D-to-A converter. For such a converter, (7.1) can be rewritten in
the form,

= VRI -ax + ^ a 2 + (7.2)

Fig. 7.2. Transfer characteristic of a 4-bit D-to-A converter.
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»—< i—1 O O '~H ^^
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5 :r : r o ©~-.-. Binary input code, Xd
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where al9 a2, a3 and a4 represent the binary number '0' or T . For instance,
if ax = a2 = a3 = a4 = 1, then we will have the maximum analogue voltage,

x(max)'
1 1 1 1

(7.3)

Thus VR determines the full-scale reading (FSR) of the device. In this case,
for the 4-bit converter, the least significant bit (LSB) in the binary code is
1/24. For an n-bit converter the LSB will be 1/2". By observing (7.3) we may
say that the analogue voltage which is equivalent to one LSB in the binary
code is given by 1/2" • FSR.

7.1.1. Weighted-resistor D-to-A converter
This is the simplest and most straightforward of all D-to-A

converters. Figure 7.3 shows the circuit of an 8-bit converter which has the
same number of electronic switches (S1 — Ss) as the number of bits. The
resistors connected to the switches have values in an increasing binary
weighted sequence. Each of eight electronic switches is controlled by one bit
line. When the bit corresponding to a switch is a T , then the switch
connects the reference voltage — VR to the respective resistor, the other end
of which forms the summing point of an operational amplifier, and a
current flows through the resistor. If the bit is a '0' then the switch connects
the resistor to the ground and hence no current flows through that
particular resistor to the summing point. If all the switches are on, currents
with magnitudes of

Fig. 7.3. An 8-bit weighted-resistor D-to-A converter.

-VR

(Input)

(LSB)
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2R ' 22R ' 23R ' " " 28R

are generated. The operational amplifier has high input impedance and
very large gain, therefore, the two usual assumptions, i.e., no current flow
into the input terminals of the operational amplifier and zero differential-
mode voltage, can be used to obtain the analogue voltage Vx as follows,

2 (7.4)

where R2 is the feedback resistor of the amplifier.
Since the operational amplifier is being connected in the inverting mode,

a negative reference voltage — VR has been used in order to obtain a positive
analogue voltage at the output. By adjusting the factor VR/R • R2 we can
adjust the FSR of the device. The resistor corresponding to the most
significant bit (MSB) has a value 2R and that corresponding to the LSB has
a value 28R.

The overall accuracy of this converter depends on (i) the input offset
current and voltage of the operational amplifier, (ii) the tolerance of the
reference voltage supply, (iii) the tolerance of ratios of the resistor values
and also (iv) the error due to the 'on' resistance ron of the FET used in the
electronic switches.

The speed of conversion depends on the slew rate of the operational
amplifier and also the turn-on and turn-off times of the switches. The main
drawback of this type of converter is that it needs a very wide range of
resistor values. For an 8-bit converter the ratio of the largest to the smallest
resistor would be 28R/2R = 27 = 128. In discrete circuits this may not cause
any problems, but in thin-film, or monolithic integrated circuits where
fabrication is carried out with material of one resistivity, it is difficult to
manufacture such a wide range of resistor. Therefore, this type of D-to-A
converter is used only for a relatively small number of bits. If the number of
bits is large, then a different type of D-to-A converter which will be
discussed in the next section should be used.

The electronic switches of the converter can be operated by connecting
two N type MOSFETs as shown in Fig. 7.4. When the digital input is a T ,
the FET 7\ is on and the FET T2 is off since the NOT gate inverts the signal
to T2. Thus the reference voltage, VR is applied to the resistor, 2nR. On
the other hand, if the binary input is a '0', then Tl is off and T2 is on. Thus
the resistor, 2nR is grounded. The FETs have finite 'on' resistances which
give rise to errors; however, the value of 2R is, in practice, much larger than
ron and thus makes the error negligible.
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Fig. 7.4. Electronic switches for the converters.
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2nR

Worked example 7.1
The reference voltage for a 6-bit weighted-resistor D-to-A conver-

ter is obtained by using the breakdown voltage of a Zener diode. If the FSR
of the converter is 12 volts, the smallest weighted resistor has a value of
20 kQ and the feedback resistance is 40 kQ, what is the breakdown voltage
of the Zener diode? If the converter has a binary input 101101, what would
be the output?

Solution

Assuming all the switches are on,

1 1

2 x l 0 x l 0 3 22x

or

l \ 4 0 x ! 0 3

V10xl03"12

ner^¥=3 VOltS

1 1 1
R\2 x 10 x 103 ̂  23 x 10 x 103 ' 24 x 10 x 103

1
40 x 103

2 6 x l0x l0 3 y
^ ) x 4 = 8.4375 volts

Worked example 7.2

In the circuit of Fig. 7.3 the value of the smallest weighted resistor
is 25 kQ. What should be the maximum allowable FET 'on' resistance for
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an error of only 1%? Neglect the other factors which may also affect the
accuracy.

Solution

| x l 0 0 = 1 0 0 + 1

\

or,

ron = 0 .01x25x l0 3 =

7.1.2. R-2R ladder D-to-A converter
In order to understand the operation of this type of converter, it is

essential to be familiar with the basic principle of the resistor-ladder
network as shown in Fig. 7.5. The main characteristic of this network is that
the resistance seen by any of the voltage sources is equal to 3R. Thus the
current flowing out from any source is equal to V/3R. By close examination
it can also be found that a current at each node divides equally into two
components. Current / 4 becomes IJ2 on either side of node N4 and
subsequently becomes IJ22 after node N3 and so on. Therefore, at each
node the current decreases in a binary weighted sequence. The total current
in the load resistor RL is as shown in the figure.

Fig. 7.5. Resistor-ladder network.

/V 4 , R , i V a , R , N 2 , * , /V,

f / i I I / 4 / 2 4 + / , / 2 ' + / 2 / 2 2 + / | / 2

here /, = /2 = /-, = U = —
3/?

A D-to-A converter circuit which uses this property of the R-2R ladder
network is shown in Fig. 7.6. The circuit consists of eight electronic switches
which are controlled by the binary input signal in a similar manner to that
in the weighted-resistor type. However, in contrast to the weighted-resistor
D-to-A converter, the precision resistors in the R-2R ladder D-to-A
converter have only two values, R and 2R. In practice, a value of 20 kQ is
chosen for R in thin-film fabrication, the reason mainly being the size and
the availability of the material.
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Fig. 7.6. R-2R ladder D-to-A converter.

(LSB) (MSB)

(Input)

When a binary bit is a T , the corresponding switch is on and the
reference voltage is connected to the respective resistor, thus providing a
current /„= — KR/3K through it. This current is divided equally into two
components at node WB\ The component which flows towards the
summing point of the operational amplifier becomes divided equally again
at node iV,,^. For instance, when the input terminal a82~8 has a '1 ' the
current /8 = VR/3R is split into two equal components eight times, once at
each node, by the time it reaches the summing point of the operational
amplifier. Similarly, the current due to a T at the binary input terminal
a72~7 is split into two equal components seven times. By using the
superposition theorem we can express the total current flowing into the
summing point of the operational amplifier,

IT=y-
3R

1 1 1
(7.5)

Since an operational amplifier has a very high input impedance, all of the
current passes through the feedback resistor R2 thus yielding an analogue
voltage at the output of the operational amplifier,

3R
1 1

(7.6)

Again an operational amplifier has a very high gain and we may assume,
Vx» Vt; then (7.6) can be rewritten as follows

_ VK-R2ri 1 1 1
i~^R~l2 + ¥ + --- + ¥]

(7.7)
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Fig. 7.7. Inverted ladder D-to-A converter.
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The FSR can be easily changed by varying the feedback resistor R2. The
scale factor error can also be reduced by varying R2 as will be discussed
later in this chapter. Errors due to the input offset voltage and current of the
operational amplifier can be minimised by using standard operational
amplifier offset correction methods as discussed in Chapter 3. The main
advantage of this type of converter is that the ratio of the largest to the
smallest resistor required is only 2 which can be easily implemented by the
thin-film or monolithic integrated-circuit technology.

An inverted ladder D-to-A converter is shown in Fig. 7.7. Here the
reference voltage is connected to what is normally the output of a ladder
network, and the terminals used normally as the inputs are grounded. By
examining Fig. 7.7 we can see that this arrangement causes currents to flow
in a binary weighted sequence through the 2R resistors. Switches select the
appropriate binary fractions of currents according to a binary input code,
and these currents are then added together at the summing point of an
operational amplifier. Due to the high input impedance of the operational
amplifier, all of the total current flows through the feedback resistor thus
developing an analogue voltage equivalent to the binary input code. In the
circuit of Fig. 7.7 the reference voltage is — 9 V and the full-scale output
current is given by

- V28] = 9/20 x 103 x 255/256 A
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Fig. 7.8. Block diagram of RS DAC0800 type D-to-A converter. (RS
Components Ltd.)

MSB LSB
V+ VLC Bx B2 B, B4 B5 B6 B7 B,

l ?5 ?6 J7 ?8 ?9 ?10 ?11 ?

KefH<

network | •— It It It It It It It
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Fig. 7.9. Low input impedance output circuit for RS DAC0800 type
converter. (RS Components Ltd.)

±-vf
(0 to + /F S RL where /F S = Io +1()

make R\ 5 = RREF^O cancel bias currents

The RS DAC0800 type D-to-A converter works on this principle. It is an
8-bit high speed current output D-to-A converter. The digital inputs are
directly TTL compatible but simple circuitry enables the device to interface
with most common logic families. Figure 7.8 shows the block diagram of
the RS DAC0800. By adding an operational amplifier to its output as
shown in Fig. 7.9, a low impedance analogue output can be obtained. The
relationship between the output currents and related circuit variables for
the positive output operation is as follows,

' F S

where

and

/ F S - - ^REF/^REF x 255/256 mA

RREF is the reference resistance in kQ
FREF is the reference voltage in volts

(7.8)

(7.9)

/Fc is the full-scale current
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The output voltage swing can be adjusted by varying RL to suit individual
requirements.

The D-to-A converter output takes a finite time, known as its settling
time, to reach a final output value and settle out within a specified band of
error whenever there is a change in the binary input code. The specified
band of errors is usually + |LSB. The worst case settling time is the
duration during which the output of a D-to-A converter changes from zero
to maximum value. The RS DAC0800 has a typical settling time of 100 ns.

Large switching transients, commonly known as glitches, occur at the
output even when the binary input code changes by only 1 bit, e.g. from
1000 to 0111. It happens, due to the fact that the switches' turn on and turn
off times are always unequal. For this particular example, if the MSB
changes from ' 1 ' to '0' before the other bits change to T s from '0's, then the
output of the D-to-A converter will momentarily drop to zero (0000) before
becoming equivalent to 0111 which is nearly the half of the FSR, thus
producing a very large transient.

Worked example 7.3

The output of the circuit of Fig. 7.6 is connected to an analogue
meter having a FSR of 10 volts. What is the maximum value the lR2' can
have if the resistors used for the ladder network are of 15kQ and 30 kQ
values and the reference voltage is — 9 V?

Solution

Maximum Vx is 10 V. From (7.7)

11

Fig. ex.7.3

15 k

- 9 V
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or

R 2 [ 1 1

Therefore, the maximum value of R2 is

Worked example 7.4

The digital input 11011011 applied to a RS DAC0800 causes it to
produce an output current / 0 = 4.275 mA. Find the value of the D-to-A
converter reference current and the value of the complementary output
current /0 . Determine also the values of Io and / 0 for the digital inputs
10000001, and 01111110.

Solution

1 1 1 1 1 1
2

 + 22 + ¥ + 25 + 27 + 28
_ 219
" 2 5 6 W

Given / 0 = 4.275 mA.

4.275 x 256
W = 219

o : £ k W = 0.703 mA

Digital input 10000001 gives:

i + ^- = 2.52mA

and

To = 5 x l O " 3 x i f f = 2 . 4 6 m A

Digital input 01111110 gives:

1

= 2.46 mA

and
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Fig. 7.10. Transfer characteristic of a 4-bit A-to-D converter.
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7.2 Analogue-to-digital (A-to-D) converter
An A-to-D converter is in essence an encoder. It converts an

analogue signal Vx into a binary code Xd. They are related by the expression

Xd = ̂  (7.10)

where VR is an analogue reference voltage and Xd represents a fractional

binary number Xd = a1- + a2-^ + «„—

The transfer characteristic of a 4-bit A-to-D converter is shown in Fig.
7.10 from which we may note that the analogue signal can be approximated
with the digital output Xd only to the smallest increment AVX where
AFX = 1/2" • VR since AXd = 1/2".

There are a great many circuits that can perform the A-to-D conversion.
In this section we shall discuss only a few types, some of which are very
simple to design and construct but not so accurate, whereas the others are
of complex nature but meet the demands of high accuracy.

7.2.1 Parallel A-to-D converter
This type of A-to-D converter is the simplest of all as can be seen

from Fig. 7.11. In this circuit the analogue voltage is fed simultaneously to
one input of each of several comparators, the number of which depends on
the desired number of bits in the binary output code.

The other inputs of the comparators are connected to equally spaced
reference voltages which may be obtained by connecting a series of resistors
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Fig. 7.11. Parallel A-to-D converter.

\2R

\2R

\2R

74148

> 3-bit

to a reference voltage VR as shown in the figure. For this particular circuit
the reference voltages applied to the comparators starting from the top are
15KR/16, 13K R /16 , 11KR/16... FR/16. The output of a comparator will be a
T when the analogue input voltage is greater than the reference voltage
applied to that comparator, otherwise it will be a '0'. The outputs from the
eight comparators are fed to a logic circuit in order to obtain the desired
binary coded output in three bits. A 74148 type encoder may be used as the
logic circuit as shown in the diagram. Very high conversion speeds can be
achieved with this type of converter by choosing extremely fast
comparators.

Worked example 7.5
What would be the resolution of the parallel A-to-D converter

shown in Fig. 7.11 if the number of comparators in the circuit is 16 and the
reference voltage is 10 volts?
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Solution

The difference between reference voltages applied to any two
adjacent comparators is

Therefore, the resolution in volts is {§ = 0.625 volts.

7.2.2. Servo A-to-D converter
The servo A-to-D converter is the simpler of the two very popular

parallel feedback A-to-D converters which use D-to-A converters in their
feedback paths. It has a moderate speed of conversion and is a compromise
between the two for continuously changing analogue signals. The device
has three basic circuits: (i) a comparator, (b) an up and down counter and
(c) a D-to-A converter, as shown in Fig. 7.12. The comparator compares
Vx9 the analogue input voltage with Vi9 the analogue output voltage of the
D-to-A converter. R/2R ladder type D-to-A converters are commonly used
by the manufacturers in the feedback path. The input of the D-to-A
converter is, in fact, the binary coded output, Xd of the whole device. The
output of the comparator is connected to the up and down counter as
shown in the diagram. Suppose at an instant, Vx is larger than Vi9 i.e., the
binary coded output represents an analogue voltage smaller than the input
analogue voltage Vx9 then the output of the comparator produces a T . This
makes the counter count up. It counts up until Xd correctly represents the
analogue input voltage Vx. Then, of course, V{ will be equal to Vx within
1/2" of the analogue FSR of the device which is equivalent to the LSB of the
binary code.

If Vx now decreases, Vi becomes greater than Vx and the comparator

Fig. 7.12. Servo A-to-D converter.
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output produces a '0'. It is converted to a ' 1 ' by the inverter in order to make
the counter count down until Xd again becomes equivalent to Vx.

The conversion time of the converter is directly proportional to the input
voltage change. Only one clock pulse is required to record a change in
analogue input voltage equivalent to one LSB, whereas, 2n~1 clock pulses
would be needed to record a full-scale change.

The output of the D-to-A converter can be incremented or decremented
by only a LSB during a single clock period. Therefore, its input should not
change by more than an amount equivalent to the LSB in one clock period.
Otherwise, errors will occur at the output of the D-to-A converter and
hence the output of the A-to-D converter. In other words we may say:

maximum rate of change in full scale input signal < 1/2" FSR fc

d/dt (FSR/2sm2nft)max<l/2n FSR/C

(7.H)

A finite time is required by the comparator to change state due to the slew
of the output of the operational amplifier used in the comparator, and thus
the slew rate of the operational amplifier imposes a limit on the clock
frequency applied to the counter. With high speed operational amplifiers,
clock frequency as high as several MHz can be used, but then the
propagation delay of the cascaded AND gates in the counter, and the ron of
the switches and the parasitic reactances of the ladder network become the
limiting factors on the speed.

Worked example 7.6

The FSR of a 6-bit servo type A-to-D converter is 10 volts. A
sinusoidal signal of ±2 volts amplitude is applied to its input. What is the
maximum frequency the input signal can have if the clock frequency is
1MHz?

Solution

Maximum rate of change in the input signal = ——/c,

or

^|2sin27r/f |m a x=^xl06
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or

7.2.3 Successive approximation A-to-D converter
The successive approximation A-to-D converter is also a parallel

feedback type A-to-D converter. Nearly all the A-to-D converters manu-
factured nowadays use the successive approximation technique. It is a
compromise between cost and accuracy. Here again the output binary code
is converted back to an equivalent analogue voltage, with the aid of a D-to-
A converter, to be compared with the input analogue voltage. The binary
code is made approximately equivalent to the input analogue voltage in a
sequence of successive steps the number of which depends on the number of
bits of the device. The method of conversion by this converter is similar to
the process of weighing on an ordinary chemist's balance where in order to
find the weight of a substance all the reference weights are tried on the
balance one by one. First the heaviest weight is tried. If the substance
weighs more than this then the heaviest weight is left on the balance and the
next heaviest weight which is usually one half of the heaviest weight is put
on the balance. It is left on the balance or taken off depending on whether
the substance is heavier or lighter than these two weights added together.
Then the next heaviest weight, i.e., one quarter of the heaviest is tried. The
process is continued until all the available reference weights have been tried.
The sum of the reference weights left on the balance then represents the
closest approximate weight of the substance.

Similarly in a successive approximation A-to-D converter the most
significant bit is tried first during the first clock period. It is left in or taken
out from the storage circuit depending on whether the input voltage is
greater than the analogue equivalent of the output binary code or not. Then
during the next clock period the next most significant bit is tried. The
process is repeated until all the bits have been dealt with.

Let us now consider that an analogue voltage of 7.12 volts has been
applied to a 4-bit converter. Suppose the R-2R ladder D-to-A converter's
reference voltage VK is —10 volts, then the feedback voltage from the D-to-
A converter for each of the four bits starting from the MSB is equivalent to
5, 2.5, 1.25 and 0.625 volts respectively. At first we try the most significant
bit. This means that the MSB is set to ' 1 ' and all the other three bits are set
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Fig. 7.13. Successive approximation A-to-D converter.
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to '0' which is equivalent to an analogue voltage of (5 + 0 + 0 + 0) = 5 V. The
input voltage is greater than this, so the MSB remains at T and the next
MSB is made T , i.e., we try 1100 during the next clock period. Now the
feedback voltage is (5+ 2.5) = 7.5 volts which is greater than the input
voltage. So this bit is made '0' again (analogous to a reference weight taken
off the chemist's balance). Now we make the next MSB equal to ' 1 ' and the
binary output consequently becomes 1010. This gives us a feedback voltage
of the magnitude (5 + 0 + 1.25 + 0) = 6.25 volts. This is less than the input
voltage and hence the third bit remains at T . We try now with the LSB
equal to T . The feedback voltage is now (5 + 0 + 1.25 + 0.625) = 6.875 volts
which is smaller than the input voltage and the LSB remains at T . Since we
have no more bits to try the output binary code is 1011. It should be noted
that the difference in the analogue input voltage and the analogue
equivalent of the binary coded output is 7.12 — 6.875 = 0.245 volts. This
difference, i.e., the quantisation error which will be discussed later in this
chapter can be reduced by using a converter with a larger number of bits.

A typical successive approximation circuit consists of a comparator, a
timing generator, a sequence control and storage circuit, a D-to-A
converter and an output gating logic as shown in Fig. 7.13. The clock pulses
control and synchronise the operation of the circuit. The comparator
compares the feedback signal Vi from the D-to-A converter with the input
analogue voltage Vx.

When the analogue voltage Vx is greater than the feedback voltage Vf, the
output of the comparator VA is a '0'. When Vx is smaller than Vf then VA is a
'1 ' . The timing generator produces mutually exclusive n + 2 timing intervals
of constant periods for an n-bit converter. It can be implemented by n + 2
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flip-flops interconnected as a shift register, and with an AND gate to set the
first stage to T , when all other stages are '0'.

The sequence control circuit is made of NAND gates. It produces SET
and RESET signals for the storage circuits. The SET signals are generated
by gating the/'c with the timing intervals tx to tn, whereas, the RESET
signals are set by gating the VA-f'c with the timing intervals tx to tn.

For storage circuits, bistable latches (cross coupled NAND gates) can be
used. Whenever any of the SET inputs is '0', the output is '1 ' . When any of
the RESET inputs is '0', the output is '0'. The outputs of the storage circuits
are inputted to the D-to-A converter and at the same time fed to the output
gating logic.

There are n NAND gates which connect the outputs of the storage
circuits to the output of the whole device during the timing interval tn + 1,
i.e., during the clock period just after the one when the LSB has been tried.
It is there to ensure that the output is obtained from the storage circuits
only after the end of conversion, but before the storage circuits are RESET
by the timing pulse tn + 2, since the outputs of the storage circuits are
incomplete, or even in error, during all other times. The timing pulse tn + 2 is
fed simultaneously to the auxiliary reset inputs of the bistable latches in
order to start the next conversion.

The switches in the R/2R ladder D-to-A converter are driven by the
outputs of the storage circuits. The D-to-A converter's output is fed back to
the comparator, thus closing the loop.

Usually clock pulses are differentiated digitally in order to obtain narrow
pulses which are then gated with VA and timing pulses to produce SET and
RESET pulses. Unlike the servo type A-to-D converter the successive
approximation type A-to-D converter requires n clock periods to complete
a conversion, regardless of the magnitude of the analogue input voltage, the
conversion process is not continuous as for the servo type A-to-D
converter. In this case the input voltage must remain constant during the
conversion process, otherwise there will be an error in the binary output
code at the end of the conversion. Because of this, it is a common practice to
precede a successive approximation type converter with a sample and hold
circuit, thereby holding the analogue input at a constant value during the
conversion period.

The RS 427 is an 8-bit successive approximation A-to-D converter I.C.
Three resistors and one capacitor are required to construct an accurate
high speed A-to-D converter circuit suitable for many applications. The
internal block diagram of the I.C. is shown in Fig. 7.14. Conversion is
initiated by a Start Conversion (SC) pulse which sets the MSB to T and all
other bits to '0'. The output data is valid when End of Conversion (EOC)



228 Data acquisition and distribution

Fig. 7.14. Block diagrams of RS 427 type SA A-to-D converter. (RS
Components Ltd.)

Clocked
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conversion
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Fig. 7.15. Connection of external components for basic operation of RS
427 converter. (RS Components Ltd.)

LSB <* Digital outputs *> MSB VCc
Bit 8 7 6 5 4 3 2 Bit 1 (+5 V)

18 17 16 15 14 13 12 11 10

EOC Clock SC V- Ai nVr e fIn 0 V
Output (-5V) vref Out
enable

Nominal Ain range = 0 to Vref In

goes HIGH and remains latched until the next SC pulse. Figure 7.15 shows
the connection of external components for basic operation.

Worked example 7.7
A 4-bit successive approximation type A-to-D converter has a FSR

of 10 volts. What are the bit values? If an analogue input signal of 8.3 volts is
applied to the converter, what will be the binary output code? What will be
the error? Draw a timing diagram for the conversion sequence.
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MSB 1

2 .

3 •

LSB4

Solution

Next

Next

M S B = | f = 1.25 V

and

= ^ r =0.625 V.

The O/P code is 1101 which is equivalent to 8.125 V

8.3-8.125
error = — x 100%

8.3

= 2.11%0

Worked example 7.8

Calculate the time required by (i) a successive approximation type
A-to-D converter and (ii) a servo type A-to-D converter to record a change
in analogue voltage of 6.25 V. The frequencies of the clock pulses applied to
the converters are 200 kHz and 500 kHz respectively. Both of them are 8-bit
converters with FSRs of 10 V.
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Solution

(i) The conversion time for the S.A. type of A-to-D converter is

(ii) The servo type A-to-D converter takes — to record a change of 1 LSB
Jc

equivalent, i.e.

Therefore to record a change of 6.25 V it will take

1256 1 256
6.25 x — x - =6.25 x — x10 10 500 x 103 =320/is

7.2.4 Dual slope A-to-D converter
This type of converter may be built at low cost for applications

where speed of conversion is not an important factor. It is extensively used
in precision digital voltmeters. Figure 7.16 shows the block diagram of a
dual slope A-to-D converter. The switch S2 resets the integrator prior to the
start of each conversion. The input voltage may be kept constant with a
sample and hold circuit during each conversion period. With the Start
Conversion signal from the logic circuitry the switch S2 opens and the
switch Sx connects the input analogue voltage to the integrator. The
capacitor charges up linearly and at the end of a fixed period of time 7\,
which can be set by the counter and control logic circuitry, the output
voltage of the integrator becomes,

(7.12)Vo(T1)=-l/RC\ Vxdt= - VJJRC

Fig. 7.16. Block diagram of dual slope A-to-D converter.

Start conversion
h
End of conversion
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Fig. 7.17. Timing waveforms of dual slope A-to-D converter.
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Figure 7.17 shows the variation in the output voltage of the integrator with
time for three different input voltages. By examining (7.12) we can see that
the integrator output is directly proportional to the magnitude of the input
voltage since Tl9 R and C are constant. The integrator output is fed to a
comparator whose reference voltage is zero. Thus as soon as the capacitor
starts charging up the comparator produces a T , and this after being gated
with the clock pulses enables the counter to start counting. At the end of T1

the logic circuitry makes the switch Sx connect the integrator input to the
reference voltage VR which is of opposite polarity to that of the analogue
signal input. Now the capacitor steadily discharges until the integrator
output reaches zero. As soon as it does so, the comparator changes its
output state and the logic circuitry stops the counter from counting.
Suppose it takes T2 seconds for the output voltage of the integrator to reach
zero. From Fig. 7.17 we may write

-Vudt (7.13)

where V^T^ is the integrator output voltage at time 7\ and V0(T2) is the
integrator output voltage at time T2.
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Now substituting for Fo(7\) from (7.12) and making K0(r2) = 0, we get
from (7.13)

0= - V^JRC+VJRCi^-T,)

or

T^T.-T^VJV^, (7.14)

Thus the time TX = (T2—T1) is proportional to the analogue input voltage.
Usually the count representing T1 is chosen to be the full scale of the
counter, therefore by reading the final output we can determine Vx. Again it
may be possible to make the counter read Vx directly by choosing a proper
value for FR.

With moderately stable components the dual-slope A-to-D converter
achieves very good accuracy which does not depend on the tolerances of the
values of C and R since the RC product does not influence the counting
time, as can be seen in (7.14). The input analogue signal is averaged during
the measuring time, so any fluctuations in mains supply frequency or any
high frequency noises are averaged out, which is of course another
advantage.

Worked example 7.9
An 8-bit dual slope A-to-D converter has a clock frequency of

50 kHz. What is the conversion time for an input signal of 7.2 volts if the
reference voltage is 10 volts? Assume that it takes 1.5 ms to zero the
integrator.

Solution

conversion time = T1 + Tx + time to zero the integrator

= Ti + VJVKTI + time to zero the integrator

= (1+7.2/10)^ +1.5 ms

but

7\ is the time required to count full scale

or

therefore the conversion time = 1.72 x 256/50 x 103 + 1.5 ms

= 8.81 +1.5 ms= 10.31ms
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Fig. 7.18. Quantisation error.
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7.3 Errors in D-to-A and A-to-D converters
As mentioned in previous sections, various factors such as the

offset input current and voltage of the operational amplifiers acting as a
comparator, the imperfect resistance ratios in D-to-A converters and other
component imperfections give rise to errors and cause deviations from the
ideal transfer characteristics of the converters shown in Figs. 7.2 and 7.10.
In the following section different types of common errors are discussed.

(a) Quantisation error
If an analogue voltage is fed to an A-to-D converter and the output

is subsequently inputted to a D-to-A converter, then ideally the latter will
produce an analogue voltage exactly equal to the input analogue voltage.
However, in practice the output analogue voltage may have a maximum
deviation of + ^FSR/2" from the input analogue voltage due to the fact that
for an A-to-D converter each of the output binary codes represents a unique
band of input voltage which is determined by the FSR and the number of
bits of the device. By examining Fig. 7.18 it can be said that this type of error
arises because the output of an A-to-D converter is only correct when the
analogue input voltage is precisely equal to the analogue equivalent of the
binary output code, and the maximum variation possible in input voltage
without changing the binary code is ± ^FSR/2" which is equal to + \ the
LSB weighting. This type of error known as the quantisation error is
applicable to A-to-D converters but not to D-to-A converters. It is
expressed as a percentage, e.g., ±0.02 per cent FSR.
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Fig. 7.19. Offset error.
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(b) Offset error
This, also called zero error, occurs in converters due mainly to the

input offset current and voltage of the operational amplifiers used in the
converters. In the case of D-to-A converters it is the value of the output
analogue voltage when all the bits of the input binary code are zero.
Conversely, in the case of A-to-D converters the offset error occurs when a
zero input produces a binary output code other than the lowest, which is of
course 00.. . 0. Figures 7.19(a) and 1 A9(b) show the transfer characteristics
of D-to-A and A-to-D converters respectively with offset errors. Manu-
facturers often provide facilities to zero offset errors in high-resolution
converters.

(c) Gain or scale-factor error
The gain or scale-factor determines the slope of the transfer

characteristic of a converter. The gain or scale-factor error is, therefore, the
difference between the slopes of the actual and ideal transfer characteristics
of a converter when the offset error is zero. Figure 7.20 shows the transfer
characteristics of A-to-D and D-to-A converters with gain errors.

Fig. 7.20. Gain or scale-factor error.
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The reference voltage used in a converter partly determines its gain or
scale-factor. In D-to-A converters and feedback type A-to-D converters the
feedback resistor of the output operational amplifier contributes to the gain
as well, whereas, in single-slope or dual-slope A-to-D converters the input
resistor of the integrators does so. By adjusting all these variables the gain
or scale-factor can be set to any desired value. The adjustment must be
carried out after the offset error has been zeroed. This type of error is
usually expressed as a percentage deviation from the ideal value.

(d) Linearity error
Ideally the transfer characteristics of converters are linear. For an

ideal D-to-A converter a straight line may be drawn through all the D-to-A
converter's output analogue voltages. For an ideal A-to-D converter the
midpoints of each analogue voltage band may be joined together yielding a
straight line. The linearity error occurs when the actual transfer character-
istic of a converter deviates from the ideal characteristic as shown in Fig.
7.21. It is defined as the maximum deviation of the transfer characteristic
from a straight line joining the zero and the full scale value, when the offset
and gain errors have been reduced to zero. Unlike offset and gain errors
which can be nulled to zero, linearity errors can not be adjusted, therefore
its specification is quite important to the designer. This error is expressed in
LSB or as a percentage of the FSR.

(e) Monotonicity error
This error occurs when the slope of the transfer characteristic of

a D-to-A converter or feedback A-to-D converter changes sign as shown in
Fig. 7.22 due to errors in the weighting of the bit current increments. It is the
difference between the two adjacent output values of a converter at the step
where the slope changes its sign.

Of the five types of errors mentioned above, the gain, offset and linearity
errors are dependent on ambient temperature and power supply voltage.

Fig. 7.21. Linearity error.
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Fig. 7.22. Monotonicity error.
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The values of these parameters also change as a function of time. How these
various types of error contribute to the error of a total system, and hence
affect its accuracy will be discussed later in this chapter.

Worked example 7.10
The RS DAC0800 used in the basic voltage output DAC system

of Fig. 7.9 has the following error data: zero scale current (all
bits off, Izs) = 2fiA; non-linearity = ±0.19% FS; full-scale temperature
coefficient (TCIFS)= ±50ppm/°C; power supply sensitivity (PSSIFS + ,
PSSIFS_) = 0.01 %/%. The 777 type operational amplifier has the following
data: Fio = 5mV; AKio/Ar=30/xV/°C; /os = 40nA and
A/os/Ar=10.3nA/°C. The reference voltage of 10V has a tolerance of
± 1 % and a temperature coefficient (TCVref) of ± 25 ppm/°C. The resistors
have tolerances of 0.5% and both RL and RREF are 4.7 kQ. Calculate the
worst case errors before and after calibration. Assume that the maximum
change in temperature is from 25 °C to 70 °C.

Solution
FSR

TZ 255FREF 10x4.7xl03

X /vj^ —W 4.7 xlO3

Worst case initial offset error

= ±Vio±IosRL±IzsRL

= ±5 x 10~3 ±40 x 10"9 x 4.7 x 103 ±2 x 10"6 x 4.7 x 103

= ±14.6mV

The gain or scale factor is given by the ratio of the output voltage to the
numerical fraction determined by digital input code.

\ 255
2 •• '28/ 256

= 255 FREF R 2 5 6 = F R E F R

256 KREF
 L 255 RREF

 L'

Thus the initial gain error comprises KREFs tolerance, ± 1 %, #REFs and RLs
tolerances of ± 0.5% each, thus giving a worst case initial gain error ± 2%.
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Linearity error is specified as ±0.19% of FS. Thus the worst case error
without calibration

- ±0.146±2±0.19 = ±2.34%.

After initial offset and gain errors are nulled to zero, the offset drift over the
maximum temperature change of 45 °C (70° — 25°) [note: no data available
for zero scale current-variation with temperature]

= ± 30 x 10"6 x 45 ± 10.3 x 10"9 x 4.7 x 103 x 45 = ±0.00352 V

-±0.035% FS

The gain error over temperature change

± TCIFS x 100 x 45 ± TC Kref x 100 x 45

= ± y ^ x 100 x 45 ± ^ x 100 x 45 ~ ± 0.34%

Linearity over temperature remains constant at 0.19%. Error over
power supply variation = ±0.01 ±0.01 =0.02%. Thus the total worst case
error after calibration

= ±0.035% ±0.34% ±0.19% ±0.02% =0.59%.

7.4 Multiplexers
An analogue multiplexer is a device which switches a number of

different analogue input signals onto a single channel in a prescribed
orderly fashion. The input channels can be accessed in a sequence or
randomly by applying a proper digital address to the digital inputs. This
device helps to time-share a single channel for many signals thus reducing
the number of A-to-D converters, D-to-A converters and sample and hold
circuits which otherwise may be needed for a particular data acquisition or
distribution system. A multiplexer is basically an array of a number of
analogue switches. At any particular instant only one switch is closed thus
allowing the corresponding input signal to pass on to the single output
channel. A 2n channel multiplexer has 2n input lines, one output channel
and n control inputs. Figure 7.23 shows a simple 8 channel multiplexer. It
needs a 3-bit (23 = 8) channel address. Channel addresses are inputed to the
decoder from the counter in a cyclic order. The timing waveforms show the
input and output waveforms for the multiplexer. The clock frequency must
be chosen so that an input channel remains switched on to the output
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Fig. 7.23. (a) A simple 8-channel multiplexer and {b) its input/output
timing waveforms.
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Fig. 7.24. Block diagram of a 16-channel multiplexer.
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channel for a sufficient period in order to allow an A-to-D converter (which
usually follows a multiplexer in a system) to complete the data conversion.

The block diagram of a 16 channel multiplexer is shown in Fig. 7.24. The
4-bit address (Ao-A3) allows an access of 24, or 16 channels. The additional
digital input known as the enable input, En, allows 'on-off' control of all
the switches of the multiplexer. In systems where more than one multiplexer
is required this enable input is essential. The address input buffer has four
inverters and the decoder has sixteen 5-input NAND gates. These NAND
gates are so connected that they produce a '0' (positive logic) at the outputs
in a desired sequence. If Ao = A1=A2 = A3 = i0" and En = T then the first
NAND gate will produce a '0'. All the other NAND gates will produce a T
at their outputs. These will all simultaneously be applied to the respective
switches.

Although there are several types of switches that are suitable for use in a
multiplexer made of BJTs, JFETs or MOSFETs, the most commonly used
one is the complementary MOSFET switch which is extremely small and
inexpensive. The MOSFET is preferred to the JFET because the insulated
gate of the MOSFET prevents the control voltage used to change the
device's output state from entering the signal path. Since the 'on' resistance
of a MOSFET changes as a function of the input voltage, switches with a
complementary pair of MOSFETs as shown in Fig. 7.25 are used in the

Fig. 7.25. A complementary pair MOSFET switch.

Control N-channel

Output
(Connected to

outputs ol
other switches)

Input
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Fig. 7.26(a). FG S-/D and KDS-/D characteristics of a P channel
MOSFET.
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Fig. 1.26(b). VGS-ID and KDS-/D characteristics of an N channel
MOSFET.
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multiplexer. Figure 7.26(a) shows the VGS against /D and the KDS against /D

characteristics of a P-channel MOSFET. It can be noted that the drain
current of the device is enhanced by negative gate voltage and a negative
gate-to-source threshold voltage is required for switching on the device.
The KGS-/D and KDS//D characteristics of an N-channel MOSFET are
shown in Fig. 7.26(fo). In this case a positive gate-to-source threshold
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Fig. 7.27. Truth table for 16-channel multiplexer.
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voltage is required to switch on the FET. Thus the channel resistance of
each FET is a function of the polarity and amplitude of the input signal.
However, because of the complementary action of the circuit, when the
channel resistance of one FET decreases, the resistance of the other FET
increases. Thus the effective resistance of the switch remains relatively
constant for bipolar input signals of any amplitude. By examining the
characteristics of the FETs we may say that large positive signals will pass
through PMOS, whereas, large negative signals will pass through NMOS
FETs. The 'on' resistance of the switch is typically 500 Q and when the
switch is off it presents a typical resistance of 50 MQ.

The '0' from the output of the first NAND gate of the decoder is applied
to the gate of the P-channel MOSFET thus switching it on. At the same
time the '0' output is inverted to a T and applied to the gate of the N
channel MOSFET thus switching it on as well. Thus both the P- and N-
channel MOSFETs are turned 'on' simultaneously producing very low
resistances between the drains and the sources and in effect connecting the
input of Channel 1 of the multiplexer to the single output channel. All other
complementary MOSFET (CMOSFET) switches are off during this
period. A truth table for a 16-channel multiplexer is shown in Fig. 7.27.

7.5 Demultiplexers
A demultiplexer takes an input and connects it to one of several

possible outputs, according to an input digital address, while the other
outputs are left open-circuited. The bilateral property of CMOSFET
switches allows us to use them in demultiplexers as shown in Fig. 7.28. As in
the case with multiplexers, in this case also the digital address can connect
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Fig. 7.28. A basic 8-channel demultiplexer.
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the input to the outputs in a cyclic order, or at random one at a time. When
the input is not connected to an output channel, the output on that channel
falls to zero. Therefore a sample-and-hold circuit is needed on each channel
to hold up the voltage until replenished with the input voltage on the next
cycle.

7.6. Errors in multiplexers
There are mainly two types of error which are generated in

multiplexers. One is the static error and the other the dynamic error.

Static error

The static error in a multiplexer is caused principally by the 'on'
resistance of the closed switch and the leakage currents which flow through
all the other switches which remain open. Let us consider that at an instant
the switch for the first channel is closed and the input voltage for that
channel is Vin. The equivalent circuit for the multiplexer is shown in Fig.
7.29. It is apparent from the circuit diagram that the output voltage Vo will
not be the same as Kin, but differ by an amount (N — 1)/D(oforon where JV,
D̂(off) a n d ron a r e the total number of channels of the multiplexer, the

leakage current through the open switches and the 'on' resistance of the
closed switch respectively. This difference between the input and output
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Fig. 7.29. Equivalent circuit of a multiplexer in order to obtain the
static error.
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voltages is the static error of the multiplexer. If we take into account the bias
current of the buffer which may be part of the next stage and assume that the
bias current and the leakage currents are flowing in the same direction then
the worst case static error can be obtained as follows,

(N-l)/D(o f f )ron (7.15)

where Jb is the bias current of the buffer.
So far we have not taken into account the voltage drop due to the channel

on leakage current /D(on) from driver into the switch. Also if we consider the
source resistance Rs then we may write the final expression for the static
error as follows,

-1 )/D(off) + /D(off) + /D(on) b] (Rs + ron) (7.16)

where /D(on) is the 'channel ON leakage current' flowing from driver into the
'on' switch.

Dynamic error

The dynamic error occurs in a multiplexer due to the 'on'
resistance of a closed switch and the various nodal and interelectrode
capacitances which are present in the multiplexer. If we have an input which
suddenly changes, then the output would be unable to follow the input
instantaneously, but have an exponential rise with a time constant, T
determined by these capacitances and the 'on' resistance.

The magnitude of the dynamic error depends on the access time allowed
for each input channel. The access time for a channel comprises an
intentional delay time td which is introduced to avoid momentary shorting
between two input channels and the exponential rise time te which is
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Fig. 7.30. Access time for a channel of a multiplexer.

Output ,

Input

proportional to T as illustrated in Fig. 7.30. The dynamic error is the
difference between the magnitude of the input signal to be multiplexed and
the maximum value transferred to the output of the device at the end of the
access time.

Firstly let us consider the capacitances present in a multiplexer in order
to understand fully the cause of the dynamic error. When a switch is open it
can be represented by a network of capacitances as shown in Fig. 7.31. The
source-body capacitance of each CMOSFET forms the channel input
capacitance Cs(off). It is the capacitance to ground looking into an 'off'
switch. The drain-body capacitances of all the MOSFETs give rise to the
multiplexer output capacitance CD(off) which is the capacitance seen
looking into the output of the multiplexer. The drain-body capacitance of a
single CMOSFET is typically 3 pF and since the output capacitance CD(off)

is directly proportional to the number of analogue channels (off) of the
multiplexer; for a 16-channel multiplexer it is typically 45 pF. The
capacitance between the source and drain of a 'turned-ofT switch is denoted
by CDS(off). Its typical value is 1 pF and, therefore, smaller than the channel

Fig. 7.31. Capacitances across terminals and grounds for an open
switch of a multiplexer.
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Fig. 7.32. Equivalent circuit of a multiplexer in which the open
switches are replaced by capacitances.
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Fig. 7.33. Simplified equivalent circuit of a multiplexer.
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input capacitance and of course the multiplexer output capacitance. Figure

7.32 illustrates the equivalent circuit of a multiplexer in which the open

switches have been replaced by the capacitive networks. The circuit can be

simplified as displayed in Fig. 7.33 by neglecting the CS(off) and CDS(off).*

The time constant is, therefore, given by

The time constant is directly proportional to the effective capacitance
between the 'on' resistance terminal and the ground. The capacitances
Q(off) a n d CDS(off) form series circuits which are then in parallel with the
CD(off). Considering the typical values of the capacitances we can ignore
the channel input capacitances and the source-drain capacitances.
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where CTot is the sum of CAmp, the input capacitance of the buffer and CD(off),
the multiplexer output capacitance.

So far we have not taken the source resistance into account. If the source
resistance is given by Rs then the time constant becomes

The source-body and body-drain capacitances also give rise to the
crosstalk between 'off' channels and an 'on' channel. The magnitude of the
crosstalk is a function of the frequency and also the magnitude of the signal
applied to the 'off' channel. It is given by the ratio of the magnitude of a test
signal appearing at the output to the magnitude of the test signal applied at
the input of an 'off' channel. The ratio is more commonly known as 'off
isolation' and specified in decibels. The RS HI506 type multiplexer has an
'off isolation' of 75 dB.

Worked example 7.11

A multiplexer is part of a 12-bit, 10-volt system. The CMOSFET
switches have leakage currents of 45 nA and 'on' resistances of 450 Q. The
multiplexer output capacitance is 44 pF. All inputs are scanned sequenti-
ally, (i) Calculate the number of input channels that the multiplexer has if
the maximum static error is one-eighth of a least-significant-bit (|LSB). (ii)
Find the maximum sampling rate per channel for a dynamic error equal to
the static error. In addition to the settling time, a further 0.05 //sec must be
allowed to avoid momentary shorting between input channels.

Solution

= - x 4 i x 10 = 0.000305 volts

8 2

Say N is the number of channels, then the static error,

ron(N-l leakage = 0.000305

or

4 5 0 ( N - l ) x 45 x l O ' 9 = 0.000305

or

N = 1 6
Now the settling time is given by
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0.000305 V

te = RCln
10-0

10-(1O-O.OOO3O5)

= 450x44x l0" 1 2 x ln32786

= 205.8 nsec

The access time is given by

tA = td + te = (50 + 205.8) x l O " 9 = 255.8 nsec

For 16 channels the access time is given by

rA = 255.8 x 10"9 x 16 = 4092.8 nsec

Therefore

sampling rate/channel = 4 Q 9 2 . 8 x 1 Q - 9

= 244300 samples per sec

Worked example 7.12

In a data acquisition system 64 signals are scanned sequentially
and are connected to an analogue-to-digital converter via nine multiplexers
as shown in Fig. ex.7.12(a). Each one has eight input channels. The leakage

Fig. ex.7.12(tf)

8

9 =
16 —
17 =

24 —

Ml

Ml

A/3

57 =

64 —
M8

M9
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current is 10 nA when a switch is at 'off' state. The 'on' resistance of the
switch ron is 250 Q. The output capacitance of each multiplexer is 50 pF.
Calculate the static error and approximate settling time if a dynamic error
of 0.1% is allowed.

Solution

At any particular moment only one channel of the multiplexer
among the first eight is on in conjunction with one channel of the ninth
multiplexer as shown in Fig. ex.7.12(fo).

Fig. ex.7.12(fc)

7/leal

From the diagram,

Static error = ron x 7/leakage + 2ron x 3/ leakage

= 1 3 x 2 5 0 x l 0 x l 0 - 9 = 0.

In order to find the settling time the capacitances have to be taken into
account as shown in Fig. ex.7.12(c).

Fig. ex.7.12(c)

The time constant for this circuit is approximately 3ronCT. Therefore

100-0
U - 3ronCT In 1 0 0 _ ( 1 0 0 _ 0 1 )

= 3x250x50xl0"12x6.9

= 0.259 /xsec
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Worked example 7.13
Sixteen 16-channel multiplexers are used in a data acquisition

system as shown in Fig. ex.7.13(a). The 'on' resistance of the switch is 270Q
the capacitance across the open switch is 1 pF and the output capacitance of
each multiplexer is 50 pF. To achieve an accuracy of 0.1% what would be
the maximum channel frequency that can be processed with all channels
having the same frequency bound? Also calculate the off isolation for the
multiplexer at 250 kHz. The access time for each multiplexer is 300nsec.

Fig. ex

16 —

17 zd
32 —

241 ^

256 —

7.13

i
i

—1

r

(a)

Solution

The delay time is given by

= 300x 1 0 " 9 - 2 7 0 x 5 0 x 10~1 2xln

= 207nsec

Therefore the total access time

100-0

100-(100-0.1)

m-9 u r i 100~°
10 +r o n x l6C D ( o f f ) l n i 0 0 _ ( l ( ) ( ) _ 0 l )

= 207 x 10"9 + 270 x 16 x 50 x 10"12 x 6.9

= 1697 ns

Therefore the maximum sampling rate per channel is

1 1
256 x*A 256 x 1697 xl0~9 = 2302
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According to the Nyquist sampling theorem a waveform is fully described
by sampling its amplitude at a rate equal to twice the highest frequency
present.

Therefore

2x/m a x = 2302

or

/m a x=1151Hz

In order to find the off isolation, we consider the circuit shown.

'off Ch. 2 f-

I

(c)

16CD(O

I

1

id)

jcol6CD(off)

1
jcol6CD(off)

1

jcol6CD(off)

20 log ' o u t

vin

= 20 log
1 +jcoron[CDS(of f )+ 16CD(off)]

= 201ogrona;CDS(off)

since

1 »coron[CDS(of f ) + 16CD(off)]

.*. off isolation

= 20 log 270 x 2TT x 250 x 103 x 1 x 10 " x 2

= - 6 7 d B
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7.7 Sample-and-hold circuits
In earlier sections of this chapter the need of using a sample-and-

hold circuit had been mentioned. Some A-to-D converters, such as the
successive approximation type, should have their input voltages constant
during the conversion periods otherwise erroneous results will occur. For a
12-bit 10-volt converter the variation in input during the conversion time
should not be more than +\ 10/212 for a conversion uncertainty of less
than +\ LSB. If the conversion time for this particular A-to-D converter is
3 //sec then the maximum gradient of the input signal should be

10
: 2 1 2 3xl<T6 Vs - i (7.18)

If we consider a sinusoid of ± 5 V as an input signal, then its maximum
slope is given by

substituting for dV/dt\max from (7.18) we ge t /<26Hz.
Thus a sample-and-hold circuit is needed in front of the A-to-D converter

in order to maintain + \ LSB accuracy for a signal frequency higher than
26 Hz.

The output of a sample-and-hold circuit faithfully follows the signal
present at the input upon command to 'sample', and upon a 'hold'
command stores the input signal at the instant the 'hold' command is given.
The sample and hold command signals are usually the logic '0' and logic '1 ' .
The simplest form of sample-and-hold circuit is a switch and a capacitor as
shown in Fig. 7.34(a). When the switch is closed the capacitor charges
towards the applied input voltage at a rate determined by the time constant
of the capacitor and the sum of switch resistance and the source resistance.

The simple circuit of Fig. 7.34(a) has a drawback that any load on the
output will tend to discharge the capacitor. Therefore in practice a buffer is
used after the capacitor as shown in Fig. 7.34(fr). During the 'hold' period

Fig. 7.34(a). Simplest form of sample-and-hold circuit.
(b). Practical sample-and-hold circuit.

Input C 4= Output Input Output

(a)
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the output still may droop because of a finite bias current flowing into the
operational amplifier. An Af-channel MOSFET is used as the switch which
can be operated electronically at a very high speed. The ^-channel
MOSFET needs a positive logic T to be turned on, thus connecting the
capacitor to the input. The capacitor charging rate is determined by the
time constant C(RS + ron) where Rs is the source resistance and ron is the 'on'
resistance of the MOSFET. When the MOSFET is on during the 'sample'
period, the capacitor may cause a loading effect on the signal source by
drawing a large current to charge itself. A buffer amplifier with sufficient
output current may be used at the input to deliver a high charging current
to the capacitor and also at the same time to provide a high impedance to
the signal source. If the maximum current that the input buffer can supply is
/max, then the charging rate of the capacitor is given by

dKc
+/d* = (/m a x- /b) /C (7.19)

where /b is the bias current for the operational amplifier. Generally /b <̂  Jmax

and we may write

dVc
+/dt = ImJC (7.20)

The circuit can be further modified by feeding the output of the device, in
other words, the output of the second buffer back to the input buffer as
illustrated in Fig. 7.35. It eliminates the offset error produced at the output
of the previous circuit due to any offsets in the switch, input or output buffer
amplifiers. In the modified circuit the feedback forces the capacitor to
charge up at high speed to make the output of the sample-and-hold circuit
equal to the input voltage. The input buffer amplifier is usually a high
performance operational amplifier having an excellent slew rate. The

Fig. 7.35. Sample-and-hold circuit with MOSFET switch.

Output

Sample-and-hold signal
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output buffer amplifier has very high input impedance and needs extremely
low bias current.

During the 'sample' period the MOSFET switch is on and the 'on'
resistance of the MOSFET switch, ron forms a low-pass filter in combin-
ation with the capacitor. So if high speed signals are to be followed
accurately the capacitor has to have a small value. The maximum slew rate
of the input voltage is determined by the maximum charging rate of the
capacitor given by (7.20). Thus the slew rate of the whole sample-and-hold
circuit depends on both 7max and ron. During the 'hold' period when the
sample-and-hold circuit is off, the bias current of the output buffer amplifier
and the leakage currents of both the MOSFET switch and the capacitor
cause the capacitor's voltage droop according to the expression

leakage(sw)"+" Meakage(C))/^ (7.21)

Therefore, the capacitor must be a precision capacitor, as large as possible,
with a very low leakage current to minimise the droop.

Instead of using a single MOSFET as a switch in the circuit a
complementary MOSFET switch can be used. This provides a low and
constant 'on' resistance during the 'sample' period whatever the polarity
and magnitude of the input signal is.

The MOSFET switches can also be replaced by a diode-bridge switch
driven by a pulse transformer as shown in Fig. 7.36. The diode-bridge
switches can be switched in a few hundred picoseconds. When the switch is
enabled, all the four diodes are on and the 'on' resistance is that of a single
diode usually of the order of tens of ohms. Typical sample-and-hold circuits
using this type of switch have sampling rates of 1 MHz, sample-mode
bandwidths of 45 MHz and output slew rates of 500 V/is"1 .

Fig. 7.36. Sample-and-hold circuit with diode-bridge switch.

Input
Output

Sample-and-hold
control
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Fig. 7.37. Ideal sample-and-hold operation.

S I H I S I H fTl H
Switch closed
Switch open

Amplitude

Performance parameters
Figure 7.37 illustrates the perfect sample-and-hold operation, but

in reality there are some limitations in the performance of the sample-and-
hold circuits as we will discuss now.
Input impedance. This is the impedance presented to the analogue input
signal and depends greatly on the type of circuit used. In circuits with input
buffer amplifiers the input impedances are of the order of tens of MQ, but in
very high speed sample-and-hold circuits where input bufferings are
omitted, the input impedance has one value when the switch is closed and
another value when it is open.
Acquisition time. This is the time required, after the sampling switch is
closed, for the capacitor to charge to a full-scale voltage change and then
remain within a specified error band around the final value. It is mainly a
function of capacitor charging currents, time constants of the charging
circuit and the slew rates of the buffer amplifiers. Typical values are 50 ns-
10,us.
Aperture time. This consists of two parts: (i) the aperture delay time and (ii)
the aperture uncertainty time. The former is the period between the receipt
of the hold command and the opening of the sampling switch. It is typically
lOnsec. Due to sampling switch characteristics, the aperture time contains
a small amount of uncertainty, i.e. the actual point in time of the opening of
the sampling switch varies from sample to sample. This time variation, or
jitter, specified as the aperture uncertainty time is typically 30-200 psec.
Droop. This is caused by the discharge of the capacitor during the hold
period. The droop rate depends on the leakage currents in the sampling
switch, the bias currents of the buffer amplifiers and the leakage of the
capacitor itself. A typical value for the droop rate is 50 JJM S ~1.
Feedthrough. This is a phenomenon that occurs after the switch has been
opened and the signal is being held. A small fraction of the input signal feeds
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Fig. 7.38. Practical sample-and-hold operation and performance
parameters.

Control Sample Hold

Amplitude,
Input

Ideal output

Feed through

Charge transfer

Actual output

I I I
Time

Acquisition time Aperture time

through the open-switch interelement capacitance. Since the coupling is
capacitive, it is a function of frequency and expressed in terms of dB over a
band of frequencies. A typical value is — 50 dB at 10 MHz.
Charge transfer. When the switch is opened a small charge due to the
capacitance of the switch terminal is transferred to the output terminal
together with the charge of the capacitor. It causes the output to drop as
illustrated in Fig. 7.38.
Gain. This is the ratio of the output voltage to the input voltage at the
instant the switch opens. It is usually less than unity because of the feedback
in the circuits. A typical value is 0.95.
Linearity. This is the maximum amount by which the input-output
characteristic of the sample-and-hold circuit deviates from a straight line
during the sample period. The linearity error is normally specified as a
percentage of the full-scale, a typical value being ±0.25% maximum for
input signal changes of + 1.25 V.
Offset. This is defined as the amount of output voltage when the sampled
input voltage is zero. It is expressed in millivolts or as a percentage of full-
scale. However, since the d.c. offset can be adjusted to zero, manufacturers
do not specify it in data sheets, but the variation in offset with temperature
is an important factor and a typical value for output offset voltage drift is
50//V7°C.

Figure 7.38 shows the effects of dynamic parameters in exaggerated form.
Effects of all these are expected to be less than j LSB of the A-to-D converter
to which it may be connected, otherwise the main purpose of using a
sample-and-hold circuit would not be served.



256 Data acquisition and distribution

Worked example 7.14

The circuit in Fig. ex.7.14 is connected to a source with an output
impedance of 600 Q. The 'on' resistance of the FET switch is 250 Q. The bias
current of the operational amplifier is 50 pA. Find the acquisition time to
1 % for a 10 V change in the output if the value of the capacitor is 0.01 //F.
Find also the droop rate of the output voltage when the circuit is in hold
mode.

Fig. ex.7.14

600 250

1—czb-c^

= 0.01 fi¥

Solution

1 - (600 +250) x 0.01 x 10- 6 ln l00

= 39.1//sec

When the switch is open

Worked example 7.15

The sample-and-hold circuit in Fig. ex.7.15 has the following data:
C = 0.1/iF, maximum output current of the operational
amplifiers = 100 mA, amplifier bias currents = 10 nA. It is used in a 10 V, 10-

Fig. ex.7.15

Input
Output
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bit system. Calculate the acquisition time and the droop rate. If the sample-
and-hold circuit is connected to an A-to-D converter what must be the
ADC's maximum permitted conversion time; the largest permissible error
being less than 1/8 LSB?

Solution

From (7.19)

dVc
+

 = / m a x - / b

dt C

f io 1 - 1 Ct2

dvc=
imax ib

Jo c Jn
neglecting Ih since Ih<Imax

C 0 . 1 x l 0 " 6 x l 0
t2~h~T^x

x 100 xio-3

From (7.21) ignoring Jlcak(sw) + /leak(c) droop rate

dV~ Ih lOxlO" 9

= ^ i - F S R = ^ ~ 10 = 0.00122 V

100mV drops in Is.

1.22 mV drops in 0.0122 s

so, the maximum conversion time is 12.2 ms.

7.8 System error analysis
The total accuracy of a data acquisition or distribution system is a

function of all the different error sources within it. These error sources
confine themselves to the elements in the system. If the inaccuracies or error
contributions of each stage in the system are considered separately, their
peculiar error sources would not seem particularly difficult, however,
studying the combined effect of all these individual sources can be very
complex. Hence a practical approach for error analysis must be adopted.

Two methods which are usually employed to analyse the errors in data
acquisition systems are the worst-case method and the total-statistical
approach. The first method assumes that all errors occur at their maximum,
worst-case value, in the same direction and at the same time; so the total
error is the algebraic sum of the worst-case values. However, the above
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assumption is highly improbable, since the error sources are affected by a
number of independent factors. The second method assumes that all system
parameters are statistically independent and behave randomly with respect
to one another. It further assumes that each parameter is a normally
distributed random variable. The total error due to all parameters
calculated using the second method is given by

11/2

Total errors I Y sn
2 (7.22)

where en is the individual error source.
In order to calculate the system error it is appropriate to categorise the

different types of error encountered in the system into three classes:

(i) average errors: these are the nominal values of parameters such as
offset, bias and leakage. These are added algebraically.

(ii) systematic errors: these always vary as some definite function of
the system operating conditions such as temperature and power
supply. All systematic errors due to specific causes are added
algebraically to form parametric error functions.

(iii) random errors: these are mainly due to a random selection of a
manufacturer's components. All the random errors are added
according to (7.22).

The total system error can be obtained by combining the above three errors
in the following manner:

k r i m ni/2

Total error = £ £at + £ £ P ' 2 + I e™2 (7.23)
| =1 Jfc=l | _ ' = 1

where

£ak is the average error due to cause /c,
spl is the parametric error due to cause /

and

erm is the random error due to cause m.

Although the quantisation error due to a converter is considered as a
random error, it is usually shown as a separate factor together with (7.23).

Worked example 7.16
In order to analyse a complex waveform the data acquisition

system shown in Fig. ex.7.16 is used. The error sources and average errors
in percentage are given in Table 7.1. The systematic errors due to
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Table 7.1

Elements

Systematic error
Average Random
errors errors Temperature Power supply
% % A=±25°C A=±5%

1 Amplifier Ax:
Bias current +0.005 ±0.01 ±0.01 ±0.01
Offset voltage +0.05 ±0.01
Noise +0.048
Amplitude error +1.9 ± 0.04 ± 0.005
Gain non-linearity +0.437

2 RC LPF:
Amplitude error 0.5 ±0.05 ±0.01

3 Multiplexer:
Leakage current -0.0015 ±0.02 ±0.02 ±0.005
Offset voltage 0.0014 ±0.01

4 Amplifier A2:
Bias current 0.001 ±0.01 ±0.01
Offset voltage 0.001 ±0.01 ±0.01
Noise 0.001
Amplitude error 1.3 ±0.01 ±0.01
Gain non-linearity 0.0052

5 Band-pass filter:
Amplitude error 1.7 ±0.01 ±0.01
Crosstalk 0.006
Feedthrough 0.002

6 A-to-D converter:
Bias current 0.007 ±0.01 ±0.01 ±0.01
Offset voltage -0.03 ±0.01
Non-linearity 0.39
Quantization error 0.2

Fig.

Ay>

ex.7.16

LPF

LPF MnX

LPF

BPF ADC
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temperature change and power supply variation can be neglected. Assum-
ing that the random errors are approximately 10% of the average errors,
compute the system accuracy and express it in the form of (7.23).

Solution

Add the average errors algebraically.

0.005 + 0.05 + 0.048 + 1.9 + 0.437 + 0.5-0.0015 + 0.0014 + 0.001

+ 0.001+0.001 + 1.3 + 0.0052 + 1.7 + 0.006 + 0.002 + 0.007

-0.03 + 0.39 = 6.32%

Add all systematic errors due to specific causes algebraically.
Due to temperature: -

ePT= +0.01+0.005 + 0.01+0.02 + 0.01+0.01+0.01 +0.01

= +0.085%

Due to power supply variation:

£pps= +0.01+0.005 + 0.01+0.01 = +0.035%

Root sum square all random errors with the parametric systematic errors: -

7[(0.085)2 + (0.035)2 + (0.01 )2 + (0.01 )2 + (0.04)2 + (0.05)2

+ (0.02)2 + (0.01)2 + (0.01)2 + (0.01)2 + (0.01)2 + (0.01)2

+ (0.01)2 + (0.01)2]

= ^[0.01385] =0.117%

Total error = 6.32% ±0.117% ±0.2%
T T T
average random quantisation

and
systematic

Summary
1. Two types of D-to-A converters have been discussed. The R-2R

ladder type is preferred to the weighted-resistor type for thin film or
monolithic IC technology.

2. Principles of operation of several types of A-to-D converters, some
simple and inexpensive, and some not so accurate but fast have been
described. The parallel type is easy to construct and can be made very fast
using comparators with large slew rates, but suffers from poor resolution,
whereas the successive approximation type is of complex nature and takes a
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finite time for conversion whatever the magnitude of the change of input
signal, but has a very good accuracy. For continuously but slowly varying
signals the servo type is the best in respect of cost, resolution and
conversion time. Another type which has been discussed in this chapter is
the dual slope A-to-D converter. It is rather slow, but converts the average
of an input signal thus removing any low frequency noises from the input.

3. The digital code consists of several bits which have weightings in a
binary sequence. The bit having the smallest weighting is called the least
significant bit. It is related to the analogue voltage reading as follows:

where n is the number of bits in the digital code.
4. Among various types of error which occur in converters, the gain,

offset and linearity errors are dependent on ambient temperature and
power supply voltage. The first two types of error can be nulled to zero,
whereas the linearity error cannot be adjusted. The errors are expressed in
terms of a least significant bit (LSB) or percentage of the full-scale reading
(FSR). Since the errors are mostly less than + |LSB, the converters with
larger numbers of bits produce smaller errors.

5. Multiplexers are arrays of electronic switches (made of complemen-
tary MOSFETs) which connect a number of different analogue input
signals onto a single channel in a sequence or at random thus reducing the
requirements of other devices in a data acquisition or distribution system.
Due to the bilateral property of complementary MOSFET switches the
multiplexers can also be used as demultiplexers which connect one input to
several output channels in a sequence or at random.

6. The sampling rate of the multiplexers and demultiplexers depends on
the time required to access the input signals. The access time in turn
depends on the 'on' resistance of the switches and the capacitances between
the terminals of the 'off' switches and the ground.

7. In order to keep the input of some converters, such as the successive
type A-to-D converter, constant during the conversion period to avoid any
error, sample-and-hold circuits are absolutely necessary. Sample-and-hold
circuits are also used as deglitchers. Among many parameters the most
important ones are the settling time and droop rate. These should be as
small as possible and determine the component values of a circuit.

8. The total error in a system comprising various circuits can be
determined using two methods. One is the worst case method and the other
the total statistical approach. The accuracy for a system incorporating
most of the devices described in this chapter has been determined in an
example.
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Problems
7.1. A six-bit weighted-resistor D-to-A converter uses a Zener

diode having a breakdown voltage of 2.5 volts. If the smallest weighted-
resistor has a value of 15 kQ and the feedback resistance is 30 kQ, what is the
FSR of the converter? What would be the output of the converter if the
binary input is 100110?

7.2. The smallest resistor in the weighted-resistor D-to-A converter is
20 kQ with a tolerance of ± 1 % . The 'on' resistance of the FETs acting as
switches is 350 Q. Calculate the accuracy of the converter. Neglect the other
factors which may also affect the accuracy.

7.3. The output of the ladder type digital-to-analogue converter shown in
Fig. 7.6 is connected to an analogue meter having a FSR of 15 volts. What is
the value of R2 if the resistors used in the ladder network are of 10 kQ and
20 kQ values? The reference voltage for the circuit is —10 volts.

7.4. A digital input 10011001 is applied to an 8-bit RSDAC0800 type D-to-
A converter. Find the output current if the reference current of the
converter is 5 mA. What is the value of the complementary output current
/"o?

7.5. A sinusoidal signal, 1.5 sin 2TCX 15 X 103r is applied to the input of an 8-
bit servo type analogue-to-digital converter having a FSR of 12 volts. What
is the minimum frequency of the clock pulses?

7.6. For a 12-bit servo type A-to-D converter, the full-scale voltage is 10
volts and the clock frequency is 1 MHz. What is the largest permitted rate of
change of the input voltage?

7.7. The FSR of a 6-bit successive approximation type A-to-D converter is
9 volts. What are the bit values? If an analogue input of 6.9 volts is applied
to the converter, what will be the error at the output? Draw a timing
diagram for the conversion sequence.

7.8. Which of the two, (i) a successive approximation type or (ii) a servo
type A-to-D converter, will be faster to record a change in analogue voltage
of 3.79 volts? The frequency of the clock pulses applied to the converters are
100 kHz and 250 kHz respectively. Both of them are 6-bit converters with
FSR of 9 volts.

7.9. A 10-bit dual slope A-to-D converter has a reference voltage of 9 volts
and a clock frequency of 100 kHz. What is the conversion time for an input
signal of 6 volts assuming that it takes 1 ms to zero the integrator?
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7.10. A D-to-A converter used in the system shown in Fig. 7.9 has the
following error data: zero scale current = 1 /iA; non-linearity = ± 0 . 1 % FS;
full scale temperature coefficient = 30 ppm/°C; power supply sensitivity =
0.01%/%. The associated operational amplifier has the following data:
Fio = 3mV; AVJAT=25juV/°C; /os = 45nA and MOJAT= 12nA/°C. The
reference voltage of 10 V has a tolerance of ±0.5% and both RL and RREF

are 6.8 kQ. Calculate the worst case errors before and after calibration.
Assume that the maximum change in temperature is from 15 °C to 60 °C.

7.11. The CMOSFET switches of a 12-bit, 9 V full-scale multiplexer have
leakage currents of 30 nA and 'on' resistances of 250 Q. If the number of
input channels of the multiplexer is eight, calculate the static error.

7.12. The output capacitance of the multiplexer of Prob. 7.11 is 35 pF. Find
the maximum sampling rate per channel for a dynamic error of 0.25 mV. All
inputs are scanned sequentially. In addition to the settling time, a further
0.03 fis must be allowed to avoid momentary shorting between input
channels.

7.13. In a data acquisition system thirty-two signals are scanned sequenti-
ally and are connected to an analogue-to-digital converter via five
multiplexers as shown in Fig. P.7.13. The leakage current is 8nA when a
switch is at 'off' state. The 'on' resistance of the switch is 350 Q. The output
capacitance of each multiplexer is 35 pF. Calculate the static error and the
settling time if a dynamic error of 0.25% is allowed.

to ADC

17 ^
24 —

25 =

32 —

A/3

MA

1.14. Twelve 8-channel multiplexers are used in a data acquisition system
as shown in Fig. P.7.14. The 'on' resistance of each switch is 300 Q, the
capacitance across the open switch is 1 pF and the output capacitance of
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each multiplexer is 35 pF. In order to achieve an accuracy of 0.2%, what
would be the maximum channel frequency that can be processed with all
channels having the same frequency bound? The access time for each
multiplexer is 250 ns.

7.15. A 10-bit successive approximation type A-to-D converter with
conversion time of 20 fis is used on a signal, fin = 2(1 -\-cos lot) volts,
(a) = 2nf,f= 100 Hz). The full-scale input voltage is 10 volts. Is a sample-
and-hold circuit needed before the ADC?

7.16 A sample-and-hold circuit is connected to a source with an output
impedance of 600 Q as shown in Fig. P.7.16. The 'on' resistance of the FET
switch is 370 Q. The bias current of the operational amplifier is 80 pA. Find
the acquisition time to 0.5% for a 9 V change in the output if the value of the
capacitor is 22 nF. What would be the droop rate of the output voltage in
'hold' mode?

7.17. The sample-and-hold circuit shown in Fig. ex.7.15 is used in a 9 V, 12-
bit system and has the following data: C = 47 nF, maximum output current
of the operational amplifiers = 150mA and the amplifier bias
currents = 40 nA. Calculate the acquisition time and the droop rate. If the

Fig. P.7.16

600 370
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circuit is connected to an A-to-D converter, what must be its maximum
conversion time, the largest permissible error being less than |LSB?

7.18 The sample-and-hold circuit in Fig. P.7.18 is connected to the input of
a 12-bit, 9 V FSR successive-approximation type A-to-D converter which
has got a conversion time of 60/is. The circuit has the following data:
maximum output current of the operational amplifiers = 100 mA, amplifier
bias currents = 10 nA, leakage current of the switch = 40 nA. The acqui-
sition time is to be ^ 1 //s. All other effects are negligible. Calculate the
maximum and minimum values for C which ensure satisfactory operation.

Fig. P.7.18

Input
Output



8
Computer aided circuit
design

Objectives
At the end of the study of this chapter a student should be:

1. familiar with the modelling of different types of active devices
2. able to develop a suitable model of a device for a particular

computer analysis
3. familiar with nonlinear d.c. analysis, small-signal a.c. analysis and

large-signal transient analysis of simple electronic circuits
4. familiar with the Newton-Raphson algorithms and be able to

determine the d.c. operating points of circuits for further analysis,
and

5. familiar with the applications of some computer programs.

In recent years computational methods have been very popular for
analysing and designing electronic circuits. It is now possible to design
integrated circuits having thousands of transistors on a single chip. Such
designs cannot be carried out experimentally at the bench. As very large
scale integrated circuits make the fabrication of faster and cheaper
computers possible, computer aided design is being used more and more to
build such circuits. In this chapter, we will discuss various transistor models
and parameters needed for computer analysis, different types of analysis
and computer programs.

8.1. Computer aided design models
Renewed interest in transistor modelling took place in the sixties

and seventies with the advent of computer aided design. Various models
which had been developed during this period fell into two main categories,
the first being single lump models in which transistor terminal currents are
described in terms of quantities determined from terminal measurements;
the second category of models is completely described by five basic
transistor equations (two continuity equations, two current density
equations and Poisson's equation) derived from the donor and acceptor
concentration pattern. One has to be careful in choosing the right model for
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computer aided design, because an over-simplified model may produce
inaccurate results, whereas, use of a model more complicated than
necessary will obviously increase computer time. In this chapter we will
consider mainly the most popular Ebers-Moll model which has been
modified over the years to include various effects. One of the advantages of
using this particular model is that the parameters describing the model can
be easily measured.

8.1.1 Ebers-Moll models of bipolar transistors
The physical configuration of a junction transistor is that of two

p-n junction diodes back-to-back, with a thin n-type or p-type region
between them. Figure 8.1 shows the physical structure of an n-p-n
transistor made by diffusing p-type and n-type impurities into the n-type
material. The thin p-type region separating the two n-type regions, is
referred to as the base, whereas the n-type regions are referred to as the
emitter and collector.

Each of the emitter and collector currents is made up of two independent
components. One component of the emitter current corresponds to
minority-carrier injection or extraction at the emitter junction and is
controlled by the base-emitter voltage. The other component of the emitter
current is due to the transport of the minority-carriers across the base and is
controlled by the base-collector voltage. These two components of the
emitter current can be expressed as follows:

pqVBE/kT_ • (8.1)

(8.2)

where

/ES is the emitter-base saturation current,
VBE is the base-emitter voltage,
aR is the common-base reverse current gain

Fig. 8.1. Physical structure of an n-p-n transistor.

Base
contact

Emitter
contact

Emitter
region

Collector contact
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and

q, k and Tare electron charge, Boltzmann's constant and absolute
temperature respectively. % may vary from near unity to very
much less than unity.

Similarly one component of the collector current corresponds to
minority-carrier injection or extraction at the collector junction and is
controlled by the base-collector voltage, whereas, the other component
results from transport of the minority-carriers across the base and is
controlled by the base-emitter voltage. These two components of the
collector current are given by:

l) ( 8 3 )

/CF = M E F (8-4)

where

/ c s is the collector-base saturation current,
VBC is the base-collector voltage

and

aF is the common-base forward current gain. aF usually lies in the
range 0.9 to 0.995.

The subscripts F and R refer to the forward and reverse components of
currents controlled by the base-emitter and base-collector voltages respec-
tively. We may combine (8.1)—(8.4) in order to obtain the total emitter and
collector currents of an n-p-n transistor as follows,

JE= - / E F + /ER= -IES(^
kT-l) + aRIcs(^

kT-l) (8.5)

Ic = + /CF " 'CR = a F / E S ( e ^ r - 1 ) - ICs(eqV°c/kT- 1) (8.6)

These equations have been derived by assuming an ideal transistor of
uniform cross-sectional area and neglecting the recombination of carriers
in the base region. The Ebers-Moll model shown in Fig. 8.2 represents
these expressions with the aid of idealised junction diodes and dependent
current sources. The diodes have saturation currents /ES and / c s , and
account for the processes of injection or extraction of minority-carriers at
either junction. The current sources account for the processes of transport
of minority-carriers across the base region.

In this chapter analyses have been carried out considering only n-p-n
transistors, however, similar treatments can be applied to p-n-p trans-
istors. For a p-n-p transistor the relationships between the voltages and
the currents are given by
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Fig. 8.2. Ebers-Moll model of an n-p-n transistor controlled by
diode currents or terminal voltages.

«R /R aF IF

h = (8.7)

(8.8)

Sometimes it is desirable to transform the Ebers-Moll model to a form
where the dependent sources are controlled by 'terminal currents' instead of
'diode currents'. The required expressions for an n-p-n transistor can be
obtained from (8.5) and (8.6) and are given by,

lT-l) (8.9)

c r - l ) (8.10)

where /EO is the reverse-biased emitter current measured with the collector
terminal open and can be expressed as

/EO = /ES(1—aFaR). (8.11)

Similarly, / c o is the reverse-biased collector current with the emitter
terminal open and can be expressed as

/ c o = / c s ( l -a F a R ) . (8.12)

Figure 8.3 shows a model which is controlled by terminal currents. It is
completely interchangeable with the one controlled by diode currents or
terminal voltages shown in Fig. 8.2.

Fig. 8.3. Ebers-Moll model of an n-p-n transistor controlled by
terminal currents.

a*, k a¥lE

OCh 'c
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Fig. 8.4. Transport version of the Ebers-Moll model for an n-p-n
transistor.

Development of the model
DC model. There are two versions of the Ebers-Moll model: the

Injection version and the Transport version. In the former case, which we
have just discussed, the reference currents used in the representation of the
dependent parameters are the diode currents injected at the junctions,
whereas, in the latter case the reference currents are those traversing the
base region. Since the functional dependence of the model parameters in the
latter version are more realistic from the physical point of view and at the
same time simplify the measurement techniques of the parameters, we will
use this version to develop the model.

The transport version of the Ebers-Moll model for an n-p-n transistor is
shown in Fig. 8.4. The reference current at the collector for this model is
given by

(8.13)

(8.14)

(8.15)

and the reference current at the emitter is given by

and

where the transistor saturation current,

/ s = aF/ES = aR/cs

pF and pR are the common-emitter large-signal forward and reverse current
gains respectively and are given by /?F = a F / ( l - a F ) and j5R = a R / ( l -a R ) .
From Fig. 8.4 we may find expressions for the terminal currents for the
transport model,
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h=

Now substituting for Jcc, /EC and / s into (8.16):

-
a F

= -IES(e^kT- l) + a R / c s ( e ^ r - 1 ) (8.17)

Similarly,

lc= - ^ - / E C + / C C = -hc( 1 + j-) + / C C
PR V PRJ

^ 1 ) (8.18)

The emitter and collector currents given in (8.17) and (8.18) are identical to
those given in (8.5) and (8.6). Therefore the terminal currents for both the
transport version and the injection version of the Ebers-Moll model are the
same.

The transistor saturation current /s changes with temperature and can be
expressed as follows

(8.19)
V^nom/ L \ nom/_|

where

r is the analysis temperature in Kelvin,
Tnom is the nominal temperature in Kelvin at which the transistor
data is obtained

and

Eg is the energy gap of the semiconductor material of the transistor
in ev.

A second-order mechanism requires a modification of this model. The
mechanism, known as the base-width modulation, results from a voltage
dependence of the width of the collector junction space-charge region. This
causes the effective base width to be voltage dependent. We find the change
in base-width, W, due to change in the base-collector voltage, VBC, by using
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the Taylor series expansion of the equation W=f{VBC) as follows,

r dW

U KBC

where W(0) is the base-width at zero base-collector voltage, or,

W(VBC) — 1
W(0) W(0) dVBC

Again

kT 1 <\W

(8.20)

q W(0) dVBC
= rj (8.21)

where r\ is the dimensionless base-width modulation factor. From (8.20)
and (8.21) we may write

W(VBC) q VBC

~^W BCY]'kT^1^ VA

or,

( ^ \ (8.22)

VA is known as the Early Voltage. It is proportional to the reciprocal of the
rate of change in base-width.

The saturation current / s and the common-emitter forward current gain
j8F are both inversely proportional to the base-width and using (8.22) we
can express them as follows,

F B C / F A ) (8.23)

VBC/VA) (8.24)

The effect of base-width modulation is accounted for in the model by
adding an output resistance r0 and replacing the parameters / s and /?F by
(8.23) and (8.24) respectively. The output resistance r0 is given by the ratio
of the Early Voltage VA to the collector current Jc,

ro=VJIc (8.25)

Resistances r'b, r'c and r'e have been included in the transistor model to
take into account the effects of bulk material in the base, collector and
emitter respectively as shown in Fig. 8.4. These are dependent on the
operating conditions, but for simplicity, we consider them constant.
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Fig. 8.5. (a) Ebers-Moll model and {b) its simplified form in the
forward active region.

273

Simplified Ebers-Moll models

The regions of operation of a transistor are defined by the bias
voltage on the two p-n junctions. Because each p-n junction may be either
forward-biased or reverse-biased, four conditions of operation are possible.
Simplified Ebers-Moll models can be derived for each of these regions. The
n-p-n transistor model controlled by terminal currents as shown in Fig. 8.3
will be considered for this purpose.
The forward active region. The transistor is said to be operating in this
region when the emitter junction is forward-biased and the collector
junction is reverse-biased. In this case, if the collector junction voltage
exceeds a few kT/q, the expression for the collector current given by (8.10)
reduces to

J c = - a F / E + J c o (8.26)

The model shown in Fig. 8.5(a) represents the above equation together
with the expression for the emitter current given by (8.5). The current
source in parallel with the diode may be neglected since it is small compared
to the typical value of the emitter current for this region. This will result in a
model shown in Fig. 8.5(b).
The cutoff region. If both the emitter and collector junctions are reverse-
biased, the transistor operates in the cutoff region. Examination of (8.5) and
(8.6) shows that the terminal currents become independent of the voltages
and remain constant when the voltages are in excess of a few kT/q. The
Ebers-Moll model of the transistor for this case is drawn as shown in Fig.
8.6(a).

Fig. 8.6(a). Simplified Ebers-Moll model in cut-off region.

(l-aF)/ES (l-aR)/cs

(a)
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Fig. 8.6(fr). Simplified Ebers-Moll model in saturation region.

h /c

-w-
/co

• o C

The saturation region. The transistor operates in the saturation region when
both the emitter and collector junctions are forward-biased. The Ebers-
Moll model for this region is the same as that shown in Fig. 8.3. If we neglect
the current sources in parallel with the idealised diodes because of their
comparatively small values, then the model is simplified to the form shown
in Fig. 8.6(ft).
The reverse active region. As the name implies, the transistor operates in this
region when the junctions are biased in the opposite way to the one in the
forward active region, i.e., the collector junction is forward-biased and the
emitter junction is reverse-biased. The Ebers-Moll model for this case is
shown in Fig. SJ(a). Again if we ignore the current source in parallel with
the idealised diode for the reason specified earlier the simplified model is as
shown in Fig. 8.1 (b). Designers most often avoid this operating region
because the base-emitter junction cannot stand very high reverse-bias
voltage (typically it can stand only — 5 V). The area of the collector junction
is greater than the area of the emitter junction to make the forward current
gain aF as large as possible, consequently making the reverse current gain aR

substantially lower than aF.
The models we obtained above are nonlinear and the aid of a computer is

essential for the analysis of a circuit. It is, however, possible to analyse a
circuit even by hand computation if instead of using exponential V-I
characteristics for the diodes in the models shown in Figs. 8.5-8.7 we use

Fig. 8.7. (a) Ebers-Moll model and (b) its simplified form in reverse
active region.

/cs

(a)

OCR / C - /

-w- -oC

B

(h)
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Fig. 8.8. Actual and piecewise linear V-l characteristic of a diode.

/ E , / c
mA

Linear V-l _
characteristic

IjuA

- Actual

volts

piecewise linear V-l characteristics as shown in Fig. 8.8. It can be observed
that the diode current lE (/c) is greater than zero only when VBE (VEC)
becomes equal to KBE(ON) (^BC(ON))- Thus it is possible to replace a
conducting diode by a battery having voltage equal to the forward voltage
drop of the diode. The linear approximation Ebers-Moll models in all the
regions of operation have been shown in Fig. 8.9. The current sources
represent the reverse biased junctions. The following examples illustrate
how these models can be used to obtain the quiescent values of voltages and
currents.

Fig. 8.9. Linear approximation Ebers-Moll models in various regions
of operation.

h
E

Forward active region

C\
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Fig. 8.9. (com.)

Cutoff region

C

= B*

^BH(on)

c

B<K± B

= X ^CH(sat)

Saturated region

Co

aR/c

Reverse active region

Worked example 8.1
The transistor in the circuit of Fig. ex.8.1 has the following values

of some parameters: j3F=100, VCB(SAJ) = ̂ A V and KBE(ON) = 0.6 V. Deter-
mine the values of the output voltages when the transistor is cutoff and
saturated, and also the value of the input voltages at which the cutoff and
saturation take place.

Fig. ex.8.1

10 V
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Solution

When the transistor is cutoff the circuit can be drawn as in Fig.
ex.8.1(a):

Fig. ex.8.1(fl)

10 V

| 2kQ

10 kQ t o^out

Fig. ex.8.1

10V

{a)

Since no current flows through the 2 kQ resistor, there is no voltage drop
across it and Kout=10 volts.

When the transistor is saturated, the circuit can be drawn as shown in
Fig. ex.8.1(fe):

NowFo u t=FC E ( S A T ) = 0.1V.
In order to find the input voltages at which the cutoff and saturation

occur, let us consider that the transistor is in the forward active region. The
circuit is then as shown in Fig. ex.8.1(c).

Fig. ex.8.1(c)

10kQ.

10 V

(c)

From the diagram we obtain

K i - 0 6
BlOxlO 3 B (1)



(2)

(3)

278 Computer aided circuit design

and also

K o u t = 1 0 - 2 x l 0 3 x £ / B

Since p= 100, from (1) and (2) we get

V =22 — 20 K-
v out — ^"^ ^ w Y in

When the transistor is cut off,

Vout= 10 volts

Therefore from (3) we can write

10 = 22-20F i n

or

Fin = 0.6V

When the transistor becomes saturated,

Fout = 0.1V

therefore from (3) we can write

0.1=22-20K i n

or
Vin = 1.095 V

Worked example 8.2
Plot and dimension the output waveform for the circuit shown in

Fig. ex.8.2(tf). The input is a symmetrical triangular waveform of ±0.3 V
magnitude having a frequency of 1 kHz. Given FBE(ON) = 0.2 V and j?F = 100.

Fig. ex.8.2(fl)

v
+ 0.3 V in

-0.3VAA1

o-15 V

(a)
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Fig. ex.8.2(fc)

279

t>-15 V

Solution

For instance suppose that the transistor is in the forward active
region, then it can be replaced by Ebers-Moll model as shown in Fig.
ex.8.2(ft).

From the figure,

VCE=-15 + 5 x l O 3 / c = - 1 5 + 5 x l0 3 x l00 / B

but,

iB=r-r
Ki n-( -0 .2)

750 xlO3 lOxlO3

14.8 Vin 0.2

750 x 103 104 104

Therefore

K C E =-15 + 5
14.8 0.2

750 xlO3 104

= -15.13-50Fi r (1)

From (1) we can say when Kin = 0.3V, VCE = -30.13 V, however as the plot
shown in Fig. ex.8.2(c) shows, VCE cannot be less than the negative power
supply voltage. So VCE= —15 V.

Again from (1), when

Ki n=-0.3V, VCE= -0.13V
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Fig. ex.8.2(c)

-15V

(c)

When the transistor is in the cutoff region,

F C E = - 1 5 V

and from (1) we can say that

0.13
Vin=-

50
• = -0.0026 V

Dynamic behaviour. There are two types of charge storage in a transistor:
the mobile charge in transit (current dependent) and the fixed charge in the
depletion region (voltage dependent). The mobile charge has two compo-
nents, one linked with the reference current at the collector, J c c and the
other linked with the reference current at the emitter /EC. Their effects are
included in the model by adding diffusion capacitances across each
junction. They are given by

and

where

(8.27)

QDC and QDE are the mobile charges,
TF and TR are the forward and reverse transit times of the charges

The fixed charge can be modelled by junction capacitances which are
approximately related to the junction voltages by the following
expressions,
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Fig. 8.10. Variation of junction capacitance with bias voltage.

Actual curve
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Straight line
approximation

-4 - 3 - 2 - 1 0 1 2 3
Reverse-bias Forward-bias
voltage (V) voltage (V)

= CJXO/(l-VBX/(l>rfor VBX«j)/2

= 2m • CJXO[2m(VBX/ct>) + (1 - m)] for VBX > 0/2 (8.28)

where

and

X is either E for the emitter or C for the collector junction,
CJXO is the zero-bias junction capacitance,
m is the gradient factor of the junction

</> is the barrier potential

Equation (8.28) shows that the junction capacitance is generally deter-
mined from zero-bias junction capacitance CJXO and the barrier potential
0, and is exponentially dependent on the junction voltage VBX. A typical
plot of the variation of the junction capacitance with the bias voltage is
shown in Fig. 8.10. The straight line approximation of the curve for
VBX>4>/2 is valid in this case, since the diffusion capacitances are more
prominent than the junction capacitances when the junctions are forward
biased. The total capacitance across each junction is given by the sum of the
respective diffusion and junction capacitances.

Apart from the diffusion and junction capacitances mentioned above,
there is a substrate capacitance Csub which is important in integrated
circuits. Epitaxial layer substrate junctions are reverse biased for isolation
purposes and according to the plot shown in Fig. 8.10 the substrate
capacitance can be modelled as a constant value capacitor. Figure 8.11
shows the large-signal bipolar transistor model.
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Fig. 8.11. Large-signal n-p-n transistor model.

C

Fig. 8.12. Small-signal n-p-n transistor model.

ri B>

Vu, r*\ dp

HI *—t—C=l

—t ' -gmR^BC

=T= C-sub

AC small-signal model. The small-signal circuit model of the transistor for
a.c. analyses is shown in Fig. 8.12. The new elements in this model are
governed by the following relations

= PF_ __PK_
n ' * \i —

9mF 9mR

where gmF is the forward transconductance given by

d / cc

(8.29)

(8.30)

dV,BE
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and gmR is the reverse transconductance given by

283

dVR

£EC

kT

These are computed after d.c. operating points are determined. In the
forward active region of operation, the reverse transconductance gmR is
essentially zero since IEC is negligible. Thus resistance rM can be regarded as
infinite and capacitance CM becomes nearly equal to CJC. This leads to the
well-used linear hybrid n model.

The parameters mentioned above for the three models completely
describe the behaviour of a transistor in all the regions of operation and
they can be determined from the measurements made at the device
terminals as discussed in the following section.

The Ebers-Moll model can be used in several well-known computer
aided design programs where the program may generate response equ-
ations involving nonlinear terms and solve by some iterative method, or, it
may make a piecewise-linear approximation to the equations itself to
simplify the response calculations. Some programs store the Ebers-Moll
model as the prime model and needs certain parameters only to analyse
transistor circuit problems as illustrated in the following example.

Worked example 8.3
Find the variations in current and voltage gains and also the input

admittance of the amplifier circuit shown in Fig. ex.8.3 with frequency. The
Ebers-Moll model of the transistor BCY70 is available as the prime model.

Fig. ex.8.3

1 mA

VrF.=4.5V
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Solution

AUDIO AMPLIFIER. BASAK.

Rl 1273 0 2 ;
R2 2.573 2 0 ;
R3 73 0 4 ;
R4 510 3 0 ;
Cl 0.01 7-6 1 2 ;
C2 1007-6 3 0 ;

DB1 PNP 'MULLARD® 'BCY70@ 4.5 1 7-3 NODES 3 2 4

PORTS 10 4 0 ;
OUTPUT(IG2, YI1, VG2) ;
STEP LOG 100 10?4 5 ;

T T T
REPEAT ; Hz
END ; Start Step Step

Input Output
ports ports

FREQUENCY

HZ
100.000
158.489
251.189
398.107
630.957
1000.00
1584.89
2511.89
3981.07
6309.57
10000.0
15848.9
25118.9
39810.7
63095.7
100000

INPUT ADMITTANCE
PARALLEL FORM

REAL
6.5827-08
1.6057-07
3.9747-07
9.9117-07
2.4777-06
6.1787-06
1.5287-05
3.6957-05
8.4957-05
1.7597-04
3.0687-04
4.3587-04
5.2357-04
5.6937-04
5.9057-04
6.0097-04

IMAG
6.2757-06
9.9437-06
1.5757-05
2.4947-05
3.9437-05
6.2127-05
9.6987-05
1.4827-04
2.1547-04
2.8317-04
3.1567-04
2.9257-04
2.3997-04
1.9607-04
1.7977-04
1.9807-04

VOLTAGE
GAIN

I/P-O/P
MOD
.3327
.5604
.9118
1.460
2.322
3.675
5.784
8.999
13.65
19.64
25.94
30.91
33.88
35.32
35.94
36.20

PHASE
293.6
285.0
278.8
274.6
270.4
266.8
262.5
256.7
248.6
237.7
224.7
211.8
201.2
193.4
188.1
184.3

CURRENT
GAIN

I/P-O/P
DB
-65.51
-64.98
-64.75
-64.66
-64.62
-64.60
-64.60
-64.59
-64.59
-64.59
-64.59
-64.60
-64.61
-64.63
-64.70
-64.85

PHASE
24.16
15.93
10.22
6.468
4.040
2.467
1.421
.6817
.0890
359.5
358.8
357.9
356.5
354.4
351.1
346.1

END

Note: Here small signal analysis has been used to obtain the frequency response
together with the input admittances.
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8.1.2 Models for field effect transistors
Field effect transistors have three terminals like bipolar trans-

istors; but detailed modelling requires inclusion of the substrate as a
terminal. In this section we will consider only the metal-oxide semi-
conductor type FET. The characteristics of these FETs, especially the high
circuit packing density and low power dissipation, have made the large
scale integration possible.

The electrical characteristics of MOS transistors can be much more
easily described and modelled in terms of the physical device parameters
than those of the bipolar transistors. MOS devices do not show any charge
storage effects comparable to bipolar transistors and the distributed gate-
channel capacitance can be represented by a constant average value
without much loss of accuracy. Also, due to the high impedance nature of
these devices, the parasitic bulk series resistance associated with both the
source and the drain terminals may be neglected.

The symbol and the model for an n-channel MOSFET is shown in Fig.
8.13. The model applies before saturation and also in the saturation region.
Before saturation the effect of electric field, normal or parallel to the surface,
on mobility is considered. For the saturation region the effect of mobile
carriers on the drain-channel space-charge layer width is taken into
account using an approximate analysis of two-dimensional effects. It can be
shown, after making assumptions and approximations for the sake of
simplicity, that when the drain-source voltage is less than the drain-source
saturation voltage, that is before saturation, the current is given by

Note: A =
HoCoxZ

L(\+evGy

(8.31)

its unit is A • V 2, where A is the amplification

Fig. 8.13. The symbol and model of an /i-channel MOSFET.

Go-

S B



286 Computer aided circuit design

factor. It is a function of the carrier mobility /i0, the thin-oxide capacitance
per unit area Cox> the channel width Z, the source-drain spacing L, the
coefficient of the effect of electric field on mobility 0 and the effective gate-
source voltage VG.

VG, the effective gate-source voltage is the difference between FGS, the
gate-source voltage of the device and Vs, the threshold voltage. The
threshold voltage lies between 0 and 1.5 volts and is a constant for a given
technology, and VDS is the drain-source voltage in volts.

At the pinchoff point, when the drain-source voltage becomes equal to
the drain-source saturation voltage, the saturation current can be expressed
as

DSS-^DSS72] (8.32)

where FDSS, the drain-source saturation voltage is given by

VDss=VG + vc-LVG
2 + vc

2y2 (8.33)

and vc is a function of the electric field at pinchoff and the drain-source
channel length. For large values of channel length, vc P VG, and from (8.32)
and (8.33) we may write

'DSS = ^ * G / 2 (8.34)

The access resistances to the source and the drain, RG and RD can be
obtained from the expressions:

RS~RWS/2ZS + RC (8.35)

RD~RWD/2ZD + RC (8.36)

where

R is the diffusion sheet resistivity in ohms
WD and Ws are the diffusion widths in m
Z s and ZD are the channel widths in m

and

Rc is the metal-diffusion contact resistance

The bulk-drain and bulk-source diode currents are given by

/BD' = W [ e x p ( « K B D 7 k r ) - l ] (8.37)

and

/Bs' = /ss'[exp(<7FBSy/cr)-1] (8.38)

where JSD' and J^' are the respective diode saturation currents.



Computer aided design models 287

The capacitances which depend mainly on the geometry and technology
may be assumed to be independent of bias voltages and reference currents
as mentioned earlier. Thus,

(8.39)
IOX

where

a is the area in m2

e0 is the permittivity of free space in Fm ~*
% is the dielectric constant
Tox is the oxide thickness in m

and

C o x is the thin-oxide capacitance per unit area

8.1.3. Macromodels
The idea and use of macromodels in designing electronic circuit are

very common at the system level. They characterise the terminal behaviour
of functional blocks such as operational amplifiers, gates, modulators,
demodulators, etc. with sufficient accuracy.

A typical operational amplifier may contain twenty transistors in
addition to resistors and capacitors, and use of the twelve-component
Ebers-Moll model shown in Fig. 8.11 would lead to nearly three hundred
components in the operational amplifier representation. Therefore analysis
of a system with many operational amplifiers at the device level will create a
very large analysis problem. On the other hand macromodels which
provide adequate pin-to-pin representations of functional blocks may
simplify the analysis of a system built with several functional blocks,
typically by a factor of five.

A macromodel may be developed from the physical properties of the
devices, measured data, manufacturers' specifications, or a combination
thereof. In this section an operational amplifier is considered for developing
a model since it is the most commonly used functional block in analogue
integrated circuitry.

The circuit of an operational amplifier can be divided into three stages:
input, intermediate and output. In the input stage the active load, the
balance-to-unbalance converter and the circuitry employed for biasing can
be replaced with ideal elements. A simple differential stage consisting of
ideal transistors Qx and Q2 can substitute for the composite transistors in
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Fig. 8.14. Circuit diagram of the operational amplifier macromodel
(after G. R. Boyle et al. ©197-IEEE).

7(VCc)

4(-VEE)

Input stage Interstage Output stage

the input stage as shown in Fig. 8.14. Each of these transistors can now be
represented by the simplest Ebers-Moll model having two ideal p-n
junctions and two dependent current sources. Capacitors CE and Cx are
used to introduce second order effects for the slew rate and the phase
response respectively.

The differential-mode and common-mode voltage gains are provided by
the intermediate and output stage elements, Gcm, Ga, R2, Gb and #02. In
order to provide the necessary a.c. output resistance change with frequency,
a feedback capacitor C2 is used in the model.

In the output stage, the elements Dl9 D2, Rc, Gc and R01 provide the
desired maximum short-circuit current. The elements D3, D4, Vc and VE

comprise the output bounding circuits and determine the maximum output
voltage swing.
Design equations for the operational amplifier macromodel. The slew rate of
an operational amplifier is an important parameter in high-speed circuits
and can be used to determine the collector currents of the transistors Qx and
Q2. For unity gain amplifiers Solomon et al. have shown that the positive
going slew rate S+ =2 / c l /C 2 . Now if it is assumed that the quiescent
collector currents are equal for the transistors Qx and Q2, then,

/ c l = / c 2 = iC 2 S + (8.40)



Computer aided design models 289

The charge-storage effects in the input stage makes the negative going
slew rate S~ smaller than the positive going slew rate and is modelled by the
capacitor CE. From

we get

CE = 2Icl/S--C2 (8.41)

The current gains of the transistors gx and Q2 are given by the ratios of
the collector currents to the base currents. The latter can be determined
from the specifications for the average input bias current and the input
offset current. The offset voltage of the operational amplifier can be
modelled by specifying the saturation currents for the transistors.

Since

Hence

Is2 = Isi^qVJkT=I.i[.l+qVJkT] (8.42)

since

qVJkT<\

The value of collector resistors in the input stage is obtained from/T, the
required unity gain bandwidth of the operational amplifier which is the
product of the differential-mode voltage gain ADM and the corner frequency
of the frequency response/0. By using a Miller-effect approximation in the
intermediate stage the corner frequency can be found in terms of the circuit
elements as follows,

Jo 2nR2C2(l + GbR02) 2nR2C2GbR02 ' '

Again the low frequency differential-mode voltage gain is given by

^ D M = - - — ^GaR2GbRO2l = GaGbR2RO2 (8.44)

Therefore,

fj = ADMf0 = GJ2nC2 (8.45)

For convenience Ga may be chosen to be 1/Rcl and this yields

flcl and Rc2 = l/2nfTC2 (8.46)
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The resistors RE1 and RE2 are introduced in the model to simulate better the
operational amplifiers which use emitter resistors to increase the slew rate.
These can be found from the differential-mode voltage gain of the input
stage

V IV. =
a/ in

Since this stage has a gain of unity and 7cl = / c 2 , we may write

R^=R^T^h(R^—~) (8-48)

Since Icl=Ic2

and the value of the d.c. current source in the input stage is given by

The resistance RE is the output resistance of the transistor which acts as the
current source. It is the ratio of the 'early voltage' VA of the transistor to its
collector current which is approximately equal to IEE.

The capacitor Cx introduces excess phase effects in the differential-mode
amplifier response by generating another pole at

/ 2 = - 1 / 2 ^ 2 ^ ^ (8.50)

The excess phase at unity gain bandwidth due to this pole can then be found
from (8.46) and (8.50) to be

f 2C
A^tan-^-tan-1—^ (8.51)

1/21 C 2

from which we get Cl = (C2/2)tanA(/>.
The common-mode voltage gain in the input stage from vin to ve is

approximately unity since RE is large (of the order of one hundred kQ). The
common-mode voltage gain from the input to vb is then

and the differential-mode voltage gain from the input to vh is

^bdmMndm = G
aR2 = R2/

Rcl

We chose Ga = —— for convenience earlier ((8.45) and 8.46)).
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Since the common-mode rejection ratio is the ratio of the above two
gains we may write

Gcm=l/(CMRR)tfcl (8.52)

Thus by choosing the appropriate value for Gcm we can model the CMRR
of the operational amplifier.

The output resistance Roxit of the model at very low frequencies for the
quiescent state is given by R01 + R02. However at high frequencies, R02 is
shorted out by the capacitor C2 and the output resistance becomes equal to
R01. Thus R0l models the a.c. output resistance of the operational amplifier
Ro. The difference between the d.c. output resistance Rout and the a.c.
output resistance gives the value of R02.

By substituting an appropriate value for R2 in (8.44) Gb can be
computed,

Gb = ADMRGl/R2R02 (8.53)

The output voltage V6 appears across Rc, since the RC-GCV6 combi-
nation is an equivalent to a voltage-controlled source. When both
the voltage-clamping diodes D3 and D4 are off, the maximum output
current is

(8.54)

where

1 ^ ^ (8.55)

/D(max) is the maximum current through D± and D2 and /SD is the saturation
current of diodes Dx and D2.

The maximum voltage drop across R01 is IO(max)ROi which is also the
maximum voltage drop across Dx. Therefore,

D̂(max) = 'SO exp[^/O(max)/?Ol A ^ l (8-56)

Again it can be observed from Fig. 8.14 that the maximum current available
from the Ghvh is

Anax = ^D(max) + ^O(max) ~ GhVh

= GaGbivR2 = GhvaR2/Rcl = 2IclR2Gh (8.57)

From (8.56) we obtain

r^g^l (8.58)
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We must make Rc very small so that we have a good approximation to
the voltage-controlled voltage source. If we assume that the voltage across
Rc is only one percent of VD1 or FD2, then it can be shown that

kT
^(VXADI) (8.59)

D ( m a x )

The required value for the coefficient of the voltage controlled current
source Gcv6 is then l/Rc.

The d.c. voltage sources Vc and VE and the diodes D3 and D4 limit the
output voltage swing. When the output is large and positive the diode D3

conducts and the output voltage is

kT I +

VOM
+ = Vcc- Vc+ Vm=Vcc- Vc+ — I n - ° ^ (8.60)

Q iSD3

Therefore the value of the positive d.c. voltage source is

Vc= ^ c c - Voul
+ + ~In [/o,max,+//SD3] (8-61)

Similarly,

kT
VE= ^ E E - ^out" + — l n [ / 0 ( m . x ) 7 W I (8-62)

Resistor Rp is introduced to model the actual d.c. power dissipation Pd in
the operational amplifier. From Fig. 8.14 we may write

or,

p _

v
The design equations for the parameters and element values of a

macromodel of an operational amplifier have been derived above, The
model accurately represents the circuit behaviour for non-linear d.c, small
signal a.c. and large signal transient responses.

Worked example 8.4
Develop a macromodel for the operational amplifier LM118 using

the data given in Table ex.8.4.
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Table ex.

c2

SR~

h

CMMR

%A.DataofLM118

5 p F
100V/^s
71V//ZS
120 nA
6nA
2mV
40°
100 dB
75 Q

j +
1 O(max)
^O(max)

v+

v~

at 1 kHz

32 Q
25 mA
25 mA
13V
-13V
80 mW

16xlO3

2xlO5

Solution

Let us consider the model shown in Fig. 8.14. Collector currents

/ c l and Jc2 are found by considering the positive going slew rate. From

(8.40)

hi = iC2SR
+ = ̂ x5x 10" 1 2 x lOOx 106 =

Charge storage effects can be modelled by CE. Using (8.41)

2/cl 2x250x10-"
C E - ~ - C 2 - 7 1 x l Q 6 5x10 -2.04pF

Base currents

= / B + y = 120 + 3 = 123 nA

= / B - ^ i = 120-3 = 117nA

Therefore the current gains are

. 250 xlO"6 ^ n J O 250 xlO"6 ^ ^

^ = i237To^ = 2 0 3 0 and »>~ T m a o ^ = 2 1 3 7

Now from (8.49)

_ / 2 0 3 0 + l 2137 +
/EE-V^o3o" + ̂ i 3 r

Therefore the output resistance of the current source,

RE =
200200

E = ——-—g = 400 kQ assuming VA = 200 volts
JUU X 1U
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For a small n-p-n IC transistor / s l = 5x 10"16A, say, then from (8.42)

/s2 = 5xl (T 1 6 ( l + ^ ) = 5 .38xl(r 1 6A

The unity gain bandwidth is obtained from (8.45)

fT = ADMf0 = 16 x 103 x 1 x 103 = 16 MHz

For convenience choose

Therefore from (8.46)

1

2njTC2

1
27cx l6x l0 6 x5x l (T 1 2

= 1.99kQ

The transconductance gml = ^ = * = 9.62mU. From (8.48)
K J- ZX5 X 1U

b-B
2»3° + 2 1 " . (1990_,04)

2030 + 2137 + 2

= 1.89kQ

Using (8.51) to model the excess phase shift

5 ^y 5 ^ x0.8391 =2.1 pF

To model the CMMR of the operational amplifier we use (8.52)

G c m = (CMRR)flcl
 = 10 5xl .99xl0 3

Given RO1=RO = 32Q. Therefore

^02 = ^om "~ ^01 = 43 Q

From (8.53)

G A D M R c l 2xl05x 1990

100xl03x43
0

3
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(For the interstage we assumed R2 = 100kQ.) Now from (8.57)

* D(max) = 2 / c i / v 2 ( j b — / O(max)

= 2 x 250 x 10"6 x 100 x 103 x 92.5-25 x 10~3

= 4624.9 A

(8.58) gives

-25xlO" 3 x32
e 26x10-3

= 200.5 pA

(8.59) gives

kT
R

26xlO"3
 1 4624.1
-In

100x4624.r"200.5xl0"12

= 1.73mQ

Therefore the value of

Now from (8.61) and (8.62)

25 x 10~3

Kc=15-13 + 26x l0- 3 ln c 1 A_1 6 =2.82 volts
5x10 16

25 x 10~3

KE=15-13 + 26xl0-3ln =2.82 volts
3 X 1U

Lastly (8.63) gives

(VCc+VEE)2

Pd-Vcc2Ic-VEEIEE

(15 + 15)2

8 0 x l 0 - 3 - 1 5 x 2 x 2 5 0 x l 0 - 6 - 1 5 x 5 0 0 x l 0 " 6

= 13.8kQ



296 Computer aided circuit design

8.2. Analysis of circuits
The initial evaluation or testing of a circuit is essentially carried out

to ensure that it meets the specification. From the computational point of
view, the breadboarding and circuit testing stages may be replaced by the
analysis of the circuit using the models mentioned in the preceding sections.
The circuit analysis techniques which are employed fall mainly in three
categories: (a) d.c. analysis, (b) a.c. small signal analysis and (c) transient
analysis.

8.2.1 D.C. analysis
D.C. analysis is concerned with the computation of the bias

conditions of a circuit. It is accomplished by the solution of a set of
nonlinear circuit equations based on the algebraic characteristic of the
circuit elements. The solution is obtained using iterative numerical
techniques.

As mentioned earlier, the first step in the analysis of nonlinear networks
is to determine the d.c. operating point which is then used to compute
linearised model parameters for the a.c. small-signal analysis and initial
conditions for the transient analysis. For d.c. analysis, all the capacitors are
removed from the circuit and each nonlinear element is linearised about a
presumed operating point. Then we may solve the linearised circuit for
fixed values of d.c. sources to produce a new operating point with the help
of the well known Newton-Raphson algorithm. The parameters of each
transistor and diode are updated and the process is repeated until the node
voltage on successive iterations converge to within specified tolerance. This
widely used algorithm has fast convergence (quadratic if the initial estimate
is close to the solution). The theoretical background is available in books
on numerical analysis.

Let us now consider an example of a simple common-emitter amplifier
circuit as shown in Fig. S.15(a), to see how we can derive a set of equations
for a circuit. The amplifier circuit may be modified to that shown in Fig.

Fig. 8.15. (a) Simple and (b) modified common-emitter amplifier
circuit.
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Fig. 8.16. Model of the common emitter amplifier circuit.

CD - i n

8.15(fo) since the capacitors will behave as an open circuit for d.c. currents
and voltages. The voltage source gives rise to difficulties in formulating
equations and the most straightforward way of dealing with this is to
convert the voltage source to a current source by using Norton's theorem.
Figure 8.16 shows how the voltage source has been converted to current
source by introducing two resistances of equal but opposite values in the
circuit. This produces an extra node but simplifies the analysis. The n-p-n
transistor has been replaced by the Ebers-Moll model. The resistance R6 is
the base-spreading resistance of the transistor. There are six nodes in the
circuit as can be seen in the figure and we may write six nodal equations as
follows:

Vl-V2 Vi-V6 = 0

- 1 'cc

— +/ E S (e^ 6 " F 5 ) / ' i : r - l ) -a R
K4

v')lkT -1)=0

>(8.64)
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Equations (8.64) are in the form

I=Y(V) (8.65)

where Y(V) is a matrix whose entries are functions of Vl... V6. In this
example

r o -i
o
0

0

0

where Jo has the value of Vcc.
Equation (8.65) may be written in the following form

(8.66)

(8.67)

or in more concise form

F(V) = 0

The Newton-Raphson technique may be used to solve systems of
equations like these.

Newton-Raphson method
Let us now consider for simplicity two non-linear equations/i and

f2 in two variables x t and x2.

f2(xux2) = 0

The equations (8.68) are in matrix form

F(X) = 0

(8.68)

(8.69)

where x1 and x2 are the components of matrix X. Assume that the set of
equations has a solution which we denote by X*. Now expanding (8.68) in
terms of (X* — X) by Taylor's theorem, and neglecting the second-order
terms (if X* is close to X, then we may neglect the higher order terms)
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and

f2(x*)=f2(x)+- (8.70)

Equating expressions (8.70) to zero and writing in matrix form

dx^ dx2

dx1 dx2

or

where [ J ] is the Jacobian matrix of the set of equations. Now if we say that
an estimate of a solution is obtained after k iterations then we can indicate
the iteration sequence by writing /cs as superscripts as follows.

[Xk + 1- Xk] = - [ J ]

or,

(8.71)

(8.71) is a special fixed-point algorithm for solving a set of equations
F(X) = 0. It is called the Newton-Raphson algorithm.

Worked example 8.5
In order to determine the d.c. conditions of the circuit of Fig.

ex.8.5(a) obtain a set of general equations in matrix form which can be
solved using the Newton-Raphson algorithm. Compute the d.c. voltages at
the nodes of the circuit if the transistor is in forward active region. The

Fig. ex.8.5(fl)

82 kQ

33 kQ

-•10 V

100/IF

{a)
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saturation currents of the diodes are 0.1 pA, the base-spreading resistance is
200 Q and the common-base forward and reverse gains are 0.98 and 0.05
respectively. An initial guess may be obtained by assuming VBE(ON) = ®-7 V
and no base current is flowing.

Solution
After replacing the transistor by Ebers-Moll model (Fig.

ex.8.5(b)), R6 is the base-spreading resistance.

Fig. ex.8.5(&)

82 kQ

33 kQ \R,

atnodel ^

V2-Vx V2-V3
at node 2 - ^ — - + ~—-+

- 1
=0

at node 3

at node 4 vA

at node 5 — + /E S (e ( K 6" Vs)q/kT -1)

at node 6 " Vi)9lkT 6" Vi)qlkT) -

- 1 ) + aF/ES(e (V6 - Vs)<«kT) - 1 ) = 0
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Since the transistor is in the forward active region, we may remove the
current source aR/c and also replace the reverse biased base-collector diode
by a resistor of say 22 kQ or convenience. Then the circuit can be redrawn as
shown in Fig. ex.8.5(c):

Fig. ex.8.5(c)

© -lfl

Initial values of all the node potentials are determined by assuming
VBE = 0J and K16 = OV. With the help of the following program; node
potentials have been computed as shown in the print out.

10 REM SOLVING NODE VOLTAGE USING JACOBIAN MATRIX
[dX] = INV[A]*-[F]

20 DIM F(6,1),A(6,6),V(6,1),C(6,6),D(6,1)
30 PRINT"ENTER RESISTANCE VALUE R1,R2,R3,R4,R6,R7"
40 INPUT R1,R2,R3,R4,R6,R7
50 K1 = (1/R1) + (1/R2) + (1/R6)
60 K2 = (l/R2) + (1/R3)-1
70 PRINT'ENTER INITIAL NODE VOLTAGES

V1,V2,V3,V4,V5,V6"
80 INPUT V1,V2,V3,V4,V5,V6
90 PRINT"ENTER SUPPLY VOLTAGE Vcc"
100 INPUT V7
110 PRINT"ENTER NUMBER OF ITERATION"
120 INPUT I
130 E=1E-13
140 G = 0.98
150 FOR S = l to I
160 GOSUB 500
170 MATC = ZER(6.6)
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180 MATD = ZER(6,1)
190 MATC = INV(A)
200 MATD = C*F
210 V1=V1-D(1,1)
212 V2 = V2-D(2,1)
214 V3 = V3-D(3,1)
216 V4 = V4-D(4,1)
218 V5 = V5-D(5,1)
220 V6 = V6-D(6,1)
230 PRINT"ITERATION = ";S
240 PRINT"V1 = ";V1,"V2= ";V2
250 PRINT"V3 = ";V3,"V4 = ";V4
260 PRINT"V5 = ";V5,"V6= ";V6
270 PRINT"Vlerror= ";D(l,l),"V2error =
280 PRINT"V3error = ";D(3,l),"V4error= ";D(4,1)
290 PRINT"V5error = ";D(5,l),"V6error- ";D(6,1)
300 NEXT S
310 STOP
500 REM FORMING -[F] MATRIX
510 F(U) = (V1*K1)-(V2/R2)-(V6/R6)
520 F(2,l) = (-V1/R2) + (K2*V2)-(V3/R3) + V4
530 F(3,l) = (-V2/R3) + (((1/R3) + (1/R7))*V3)- (V6/R7)- (G*E*((EXP

((V6-V5)/.026))-l))
540 F(4,l) = (-V4) + V4 + V2-V7
550 F(5,l) = (V5/R4) + (E«((EXP((V6-V5)/.026))-l))
560 F(6,1) = (-V1/R6)-(V3/R7) + (((1/R6) + (1/R7))«V6) + (E«(G-1)«

((EXP((V6-V5)/.026))-l))
590 REM FORMING MATRIX [A]
600 A(1,1) = K1
610 A(l,2)=l/R2
620 A(l,3) = 0
630 A(l,4) = 0
640 A(l,5) = 0
650 A(l,6)=l/R6
670 A(2,l)=-1/R2
680 A(2,2) = K2
690 A(2,3)=-l/R3
700 A(2,4)=l
710 A(2,5) = 0
720 A(2,6) = 0
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730 A(3,l) = 0
740 A(3,2)=-l/R3
750 A(3,3) = (l/R3) + (1/R7)
760 A(3,4) = 0
770 A(3,5) = G*E*38.4615*(EXP((V6-V5)/.O26))
780 A(3,6) = (-G*E*38.4615*(EXP((V6-V5)/.026)))-(l/R7)
790 A(4,l) = 0
800 A(4,2)=l
810 A(4,3) = 0
820 A(4,4) = 0
830 A(4,5) = 0
840 A(4,6) = 0
850 A(5,l) = 0
860 A(5,2) = 0
870 A(5,3) = 0
880 A(5,4) = 0
890 A(5,5) = (1/R4)- (E*38.4615*(EXP((V6-V5)/.O26)))
900 A(5,6) = E*38.4615*(EXP((V6-V5)/.O26))
910 A(6,l)=-1/R6
920 A(6,2) = 0
930 A(6,3)=-l/R7
940 A(6,4) = 0
950 A(6,5)= -E*(G-l)*38.4615*(EXP((V6-V5)/.026))
960 A(6,6) = (1/R6) + (1/R7) + (E*(G-1)*38.4615*

(EXP((V6-V5)/.O26)))
970 RETURN
980 END

basic jacob.basic
ENTER RESISTANCE VALUE R1,R2,R3,R4,R6,R7
? 33e3,82e3,3.9e3,2.2e3,200,22e3
ENTER INITIAL NODE VOLTAGES V1,V2,V3,V4,V5,V6
? 2.8,10,5.5,10,2,2.7
ENTER SUPPLY VOLTAGE Vcc
? 10
ENTER NUMBER OF ITERATION
?5
ITERATION = 1
VI = 2.68817 V2= 10
V3= 5.89262 V4= 9.99886
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V5 = 2.03986 V6 =
Vlerror= 0.111826
V3error= -0.392624
V5error = -0.039857
ITERATION = 2
VI = 2.70184 V2 =
V3= 5.83505 V4 =
V5= 2.08019 V6 =
Vlerror= -1.36668 E-
V3error= 0.057575
V5error = -4.03346 E-
ITERATION = 3
Vl = 2.71511 V2 =
V3 = 5.77412 V4 =
V5 = 2.12276 V6 =
Vlerror= -1.32685 E-
V3error= 6.09304 E-
V5error = -4.25669 E-
ITERATION = 4
VI = 2.72801 V2 =
V3= 5.7004 V4 =
V5 = 2.17394 V6 =
Vlerror= -1.29049 E
V3error = 7.37176 E-
V5error= -5.11828 E-
ITERATION = 5
VI = 2.74079 V2 =
V3= 5.55575 V4 =
V5= 2.2731 V6 =
Vlerror= -1.27764 E-
V3error= 0.144648
V5error= -9.91624 E

2.71337

10
9.99884
2.72632
2

2

10
9.99883
2.73884
2
2
2

10
9.99881
2.75088
2
2
2

10
9.99877
2.76206
2

2

1 2error =
V4error =
V6error =

V2error =
V4error =
V6error =

V2error =
V4error =
V6error =

V2error =
V4error =
V6error =

V2error =
V4error =
V6error =

0
1.14225

-1.33677

0
1.45252

-1.29524

0
1.54907

-1.25234

0
1.87807

-1.20322

0
3.67981

-1.11795

E-3
E-2

E-5
E-2

E-5
E-2

E-5
E-2

E-5
E-2

8.2.2 A.C. small-signal analysis
We may use a.c. small-signal analysis to evaluate the performance

of a circuit under various a.c. excitations. In this analysis, the non-linear
elements are replaced by linearised equivalents which are computed after
d.c. analysis. The voltage sources are short-circuited, the current sources in
transistor models are open-circuited and the capacitors are replaced by
complex frequency-dependent conductances

Yc=jcoC
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Due to short-circuiting of voltage sources the number of nodes decreases
and they have to be renumbered to form a new complex F-matrix. This
matrix is solved at sequential frequency points by the 'most efficient' all-
round method, the Gaussian elimination algorithm. This method is based
on the extremely elementary idea of eliminating the variables one at a time
until there is only one equation in one variable left. This equation is then
solved to give the solution for this one variable, say xn. The value of xn is
then substituted back into the preceding equation to obtain the remaining
solutions.

8.2.3 Transient analysis
The above two analysis techniques provide sufficient detail of the

performance for many circuits; but in some cases where large-signal
excursions are experienced, transient analysis is applied. For this, nonlinear
time-domain differential equations which describe the circuit behaviour,
are solved. The solution for the circuit is obtained at successive time
intervals. The initial conditions are obtained from the d.c. analysis. The
source excitation vector, / is now a function of time. The current through
the capacitor is given by

ic(t) = C-dV/dt

where V is the capacitor branch voltage. The linear capacitor may be
replaced as shown in Fig. 8.17 by an equivalent conductance,

G = 2C/t

in parallel with two current sources,

V1-1 and i""1

where t is the time interval, Vn~ * is the capacitor branch voltage and in~1 is
current through it at the previous time interval. The diode capacitance is
assumed to be linear at a given time interval and its value is calculated by
using the voltage across the diode and the current through it at the
preceding time interval.

Fig. 8.17. Model of a linear capacitor (after N. D. Arora et al).
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Thus the differential equations at the source are replaced by algebraic
equations and the circuit becomes resistive. So the F-matrix is real and
formed in the same way as for d.c. analysis. In order to obtain good results it
is important that accurate time intervals are used to solve the 7-matrix
starting from a given time.

8.3 Programs
Electronic circuit simulator programs can perform d.c, a.c. and

transient analysis. In the process of circuit designs these programs are used
to perform repeated analysis of the circuit. These include the equation
compilers, which generate the necessary equations from the node and
element description of the circuit. The circuit description input allows
considerable freedom in the description of the numerical values, the order
of inputs, and the numbering of nodes. Some examples of these type of
programs are SCEPTRE and ECAP. The general features of each are
similar, and the reasons for choosing one program rather than the other are
normally based on individual analysis needs and computer facilities.

Electronic Circuit Analysis Program (ECAP), which was developed by
IBM and the Norden Division of United Aircraft uses the piecewise linear
approach for the analysis of nonlinear circuits. It is an integrated analysis
system consisting of four related programs. These are the input language
program, the d.c. analysis program, the a.c. analysis program and the
transient analysis program.

The first program is the communication link between the user and the
other three programs. With the help of input statements made in simple
formats, the circuit arrangement of components can be described, and the
type of analysis as well as the desired output can be chosen. An important
feature of an input language program is the use of an English-language style
and a simple format for the input. Six input statements are used to define the
circuit topology, the circuit element values, the type of analysis described,
the circuit excitation, and the desired outputs in ECAP. The three other
progams allow one to obtain respective solutions for the circuit.

Figure 8.18 shows the typical branch configurations. A circuit does not
have to be restricted to a single dependent current source, and may have
more than one in the same branch.

The initial step of the circuit analysis using ECAP is the preparation of a
preliminary circuit schematic that may perform a desired function. The
analysis ensures that the circuit will perform as expected. Next the physical
components are replaced by their models. The nodes are then identified by
circled numbers and the branch numbers are enclosed in squares. The
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Fig. 8.18. ECAP branch configuration: (a) d.c. analysis, (b) a.c.
analysis, (c) transient analysis (after M. F. Hordeski).

r

<E>—i

(b)

r

I or I(t)

—<8> 1
R,L, C E or E(t)

^
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The types of circuit elements used in the programs are summarised
below:

Circuit
Element
Resistor
Capacitor
Inductor
Mutual inductor
Voltage source, fixed
Voltage source, time-dependent
Current source, fixed
Current source, time-dependent
Switch

DC
X

X

X

Analysis
AC

X

X

X

X

X

X

Transient
X

X

X

X

X

X

X

X



Read & check input data
(giving circuit description)

Perform d.c. analysis
taking capacitor mode

NO
•a 1

Print d.c. solution

|

A.C. analysis

i YES

Freq. = Freq. + H

Solve complex matrix
using quiescent conditions

from d.c. analysis

|

Print output data

^ ^ ^ ^
*^^ All freq. step over ^ ^ > -

[NO

(STOP)

Transient
analysis?

Fig. 8.19. Flow chart of CAIC (after N. D. Arora et al).
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topology of the circuit is defined next and the component values are
specified using the data statements:

# = 100, £=12
#=10
L = 0.15
C = 0.47£-6

These are written after the appropriate branch as shown below:

Bl. N = (0,l), # = 100, £=12: Branch 1 is bounded by node 0 and
node 1 and contains a resistor of nominal value 100 ohms and a
voltage source of 12 V.

B2. JV = (1, 2), # = 10: Branch 2 is bounded by node 1 and node 2 and
contains a resistor of nominal value 10 ohms.

B3. N = (2,3), L = 0.15: Branch 3 is bounded by node 2 and node 3 and
contains an inductor of nominal value 0.15 H.

B4. N = (3,0), C = 0.47E-6: Branch 4 is bounded by node 3 and node 0
and contains a capacitor with nominal value 0.47//F.
Frequency =1000; the frequency of the a.c. source is set to
1000 Hz.

The control statements define the type of analysis that is to be carried out.
First the data and control statements are fed into the computer. The

program uses the data to set up the circuit equations and determines which
solutions of the equations to perform. The initial design can be altered if the
analysis indicates the need for such changes and the new circuit is again
analysed. This can be repeated until acceptable performance characteristics
are obtained and then the circuit construction can begin.

Figure 8.19 shows the basic flow chart of a program for the Computer
Analysis of Integrated Circuits (CAIC) developed by Arora et al. It can
perform nonlinear d.c. analysis, small-signal a.c. analysis and large-signal
transient analysis with automatic time-step adjustment. The circuit models
for diodes and transistors are predefined and one has to specify only the
electrical parameters characterising the device. For transistors a modified
version of Ebers-Moll model is used. The model used for junction diodes is
shown in Fig. 8.20.

The computer output for the d.c. analysis of an IC operational amplifier
CA 3015 is shown in Fig. 8.21 together with measured d.c. voltages at
various nodes; see Table 8.1. The computed magnitude response and the
phase response of the operational amplifier are shown in Figs. 8.22 and 8.23
respectively. The circuit diagram of an emitter-coupled astable multi-
vibrator and its computed transient response are shown in Figs. 8.24 and
8.25 respectively.
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Fig. 8.20. Nonlinear model for a junction diode (after N. D. Arora et
alX

Fig. 8.21. Schematic diagram of CA 3015 operational amplifier.
o Vcc (+)

Non-inverting

Inverting ©

Fig. 8.22. Magnitude response for the circuit of Fig. 8.21 using CAIC
(after N. D. Arora et al).
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Table 8.1. Computed and measured d.c. voltages of CA 3015 operational amplifier
(after N. D. Arora et al.).

Node no.

1
2
3
4
5
6
7
8

10
11
12
13
14
15
16
17
18
19
20
21
22
23

Computed
voltage (V)

0.0003
0.0003
0.876
0.875
2.874
0.072

-6.730
-4.578
-5.210
-5.210

0.202
-0.390
-2.964
-3.596
-3.677

3.009
3.009
2.375
0.722

-3.598
6.00

-6 .00

Measured
voltage (V)

0.0
0.0
0.8
0.902
2.85
0.082

-0.674
-4.238
-4.931
-4.932

0.183
-0.432
-3.144
-3.598
-3.71

3.36
3.160
2.405
0.734

-3.500
6.00

-6 .00

Fig. 8.23. Phase response for the circuit of Fig. 8.21 using CAIC (after
N. D. Arora et al.).

10 100 1000
Frequency (kc) -

10000
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Fig. 8.24. Circuit diagram of an emitter-coupled astable multivibrator.

©

I) 10 V

Fig. 8.25. Transient response of the circuit of Fig. 8.24 using CAIC
(after N. D. Arora et al.).
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200 300

In order to establish the performance characteristics of operational
amplifiers, a program known as Simulation Program with Integrated Circuit
Emphasis (SPICE) can be used (Boyle et al.). Table 8.2 compares the
performance characteristics of the 8741 type operational amplifier obtained
by using this program with that obtained from the Manufacturer's data
sheet. These values may be used to determine the element and parameter
values of the macromodel of the operational amplifier.

Another computer program IM AGII worked out by Merckel et al. at the
Applied Mathematics Institute at Grenoble, France, was used to simulate
electronic circuits with FETs. Stray capacitances and resistances in the
measuring equipment were taken into account. The d.c. transfer curve and
also a transient curve for a circuit are shown in Fig. 8.26.

MICRO-CAP II is another well used analogue circuit design and
analysis tool. With MICRO-CAP II, one can outline a circuit diagram on a
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Table 8.2. Operational amplifier performance characteristics obtained by using
SPICE {after G. R. Boyle, ©197-IEEE).

C2 (pF)
V (V/AIS)
SR- (V//is)
h (nA)
/BOS (nA)
^os (mV)
aYD

a V D ( lkHz)
A</>(°)
CMRR (dB)
*out (0)
^o-ac (Q)
/ s c

+ (mA)
/ s c - (mA)
K+ (V)
v- (V)
Pd (mW)

8741
Device-level
model

30
0.9
0.72

256
0.7
0.299
4.17 -105

1.219 103

16.8
106
566
76.8
25.9
25.9
14.2

-12.7
59.4

8741
macromodel

30
0.899
0.718

255
< 1

0.298
4.16 105

1.217-103

16.3
106
566
76.8
26.2
26.2
14.2

-12.7
59.4

LM741
data
sheet

30
0.67
0.62

80
20

1
2 105

103

20
90
75

—
25
25
14.0

-13.5
—

Fig. 8.26. DC transfer curve and transient curve obtained by using
IMAG II (after G. Merckel et a/., ©197-IEEE).

V, volts

-15

-10

-5
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Fig. 8.27. Simplified flow diagram for the MICRO-CAP II.

Boot

Designer

I

Transient
analysis

A.C.
analysis

D.C.
analysis

Fourier
analysis

video display monitor. The program automatically creates a netlist suitable
for simulation or analysis directly from the graphics image using device
models that one defines. MICRO-CAP II then can be used to perform a.c,
d.c, transient, or Fourier analysis. The circuit schematic and analysis run
may be recorded on a printer in graphic or tabular form.

MICRO-CAP II is supplied with a program diskette and a data diskette.
The latter contains several sample circuit files. They are provided as guides
to help one learn the system. The data diskette also contains a library file of
standard components. In order to use this program one will require an IBM
pc, XT or AT computer or equivalent with at least 256k installed random
access memory.

Figure 8.27 shows a simplified flow diagram. When the program disk is
booted the first program that comes up is the DESIGNER. This is the main
program. It allows one to draw circuit diagrams, save and retrieve them
from the data diskette, manage the component library and select analysis
options.

MICRO-CAP II allows networks to consist of the following types of
components. Components 1-6 are specified with a single parametric value
such as 1000. Components 7-13 are called Standard Components and are
specified by a type number or type label. This type number refers to a
library which contains the parameters defining the component.

1. Batteries
3. Capacitors
5. User Sources
7. Diodes
9. MOS Devices

11. Sinusoidal Voltage Sources

13. Polynomial Sources

2. Resistors
4. Inductors
6. Switches
8. Bipolar Transistors

10. Operational Amplifiers
12. Programmable Voltage

Sources
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Fig. 8.28. A tuned amplifier circuit and its a.c. analysis obtained by
using the MICRO-CAP II.
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10 M

Figure 8.28 shows a tuned amplifier circuit built with an n-p-n type
transistor. The a.c. analysis obtained by using the MICRO-CAP II is also
shown for a sinusoidal input. The transistor model which has been used for
the analysis is shown in Fig. 8.29 and can be compared with the model
developed in Section 8.1.1 (see Fig. 8.11).

As another example the frequency response of an infinite gain multiple
feedback low-pass filter circuit with the same specification as given in
Worked example 3.19 has been obtained with the help of MICRO-CAP II.
It is shown in Fig. 8.30 along with the circuit itself.
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Fig. 8.29. The bipolar transistor model used for the MICRO-CAP II.
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Fig. 8.30. A second-order low-pass filter circuit and its frequency
response obtained by using MICRO-CAP II.
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Summary
1. The most widely used model for a transistor is based on the

Ebers-Moll model. This replaces the transistors in a circuit enabling one to
acquire a set of nonlinear equations in terms of voltages, currents and
passive element values. By using correct computation methods for the
solution of these equations one can obtain the nonlinear d.c. analysis,
small-signal a.c. analysis and large-signal transient analysis of the circuit.

2. The regions of operation of a transistor are defined by the bias voltage
on its base-emitter and base-collector junctions. Simplified Ebers-Moll
models can be derived for each of these regions and used for machine, or
even hand computation.

3. A model for metal-oxide semiconductor type FETs has been derived.
These transistors can be more easily modelled in terms of the physical
device parameters than those of the bipolar junction transistors. The
capacitances in this case may be assumed to be independent of voltages
without much loss of accuracy and the bulk series resistances associated
with both the source and the drain terminals may be neglected.

4. A model has been described which can accurately simulate the input,
intermediate and output stages of an operational amplifier circuit. The
parameters of the model may be calculated from the specifications of the
operational amplifier supplied by the manufacturers or can be computed
from the parameters of discrete components. The design equations for the
parameters and element values of the model have been derived. These have
been used to the full extent in an example.

5. The circuit analysis techniques are of three categories: d.c. analysis,
small-signal a.c. analysis and large-signal transient analysis. The d.c.
analysis may be obtained using an iterative numerical method, e.g.,
Newton-Raphson Method. In this method an initial guess is made of the
circuit d.c. values which are then updated. The process continues until the
d.c. values on successive iterations converge to within specified tolerance.
This algorithm converges rapidly but the disadvantage is that the Jacobean
matrix of the set of equations describing the circuit has to be evaluated.

6. The d.c. operating points are used to compute linearised model
parameters for the a.c. small signal analysis and initial conditions for the
transient analysis.

7. In the process of circuit designs, programs are used to perform
repeated d.c, a.c. and transient analysis of a circuit. These include the
equation compilers, which generate the necessary equations from the node
and element description of the circuit. A few programs and their applic-
ations have been mentioned. The selection of a program depends on a
particular analysis requirement and computer facilities available to the
designer.



318 Computer aided circuit design

Problems
8.1. The transistor in the circuit of Fig. P.8.1 has the following

values of some parameters: /?F=125, KCE(sat) = 0.15 V and B̂E(on) = 0.5 V.
Determine the values of the input voltages at which the cutoff and
saturation take place.

Fig. P.8.1
,12 V

8.2. Plot and dimension the output waveform for the circuit shown in Fig.
ex.8.2. The input is a sinusoidal wave of ±0.25 V magnitude having a
frequency of 10kHz. Given: KBE(on) = 0.3 V, FCE(sat) = 0.1 V and £F=110.

8.3. The amplifier shown in Fig. P.8.3.(a) is in the forward active mode and
the transistor can be replaced by the network shown in Fig. P.8.3(ft). Derive
a system of equations in matrix form which can be solved to obtain the d.c.
conditions with the aid of a computer using the Newton-Raphson
technique. The 220 Q resistor is the base-spreading resistor of the transistor.

Fig. P.8.3

220 Q

(a)

8.4. Describe with the aid of diagrams, suitable models for a bipolar
junction transistor which can be used to compute non-linear d.c, large
signal transient and small signal a.c. values of a circuit comprising such
transistors.
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Table Al.

Parameter

K
K
h,
K

Typical h-parameter values for

Common collector <

1.1 kQ
0.99

- 5 1
25/zA/V

a transistor at IE

Common-base

2.16Q
2.9xlO~4

-0.98
0.49 fiA/Y

= 1.3 mA

Common-emitter

1.1 kQ
2.5xlO~4

50
24/zA/V
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Table Al.

Parameter

K
K
h,
K

Typical h-parameter values for

Common collector <

1.1 kQ
0.99

- 5 1
25/zA/V

a transistor at IE

Common-base

2.16Q
2.9xlO~4

-0.98
0.49 fiA/Y

= 1.3 mA

Common-emitter

1.1 kQ
2.5xlO~4

50
24/zA/V
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HI506 16-channel CMOS multiplexer.

Table Bl. Electrical characteristics

rA = 25 °C, F + = 15 V, F ~ = - 1 5 V, GND = 0 (Conditions in brackets are for DG
508 only)

Parameter Symbol

Drain-Source ON ^son1

resistance

Source OFF leakage
current /Soff

Drain OFF leakage
current /Doff

Channel ON leakage
current /Don

2

Input-transition voltage VT
3

Input (address) current / i n H (/AH)
(Input voltage high)

Peak input (address) 7in PEAK
current for ('APEAK)
transition

Input (address) current
(Input voltage low) inL

Turn ON time (EN) ton (EN)

Turn OFF time (EN) *off (EN)

Source OFF capacitanceCSoff

Drain OFF capacitance CDoff

Channel ON
capacitance CDon + CSon

OFF isolation

Conditions

FD=10V, Kin = 0.8V
VD= - 1 0 V , Fin = 0.8V

K D =+14V (+10V)

K S =±14V (+10V)

KD=Ks±14V±10V)

Kin = 2.4V (FA = 2.4V)
Kin=15V (KA=15V)

Vin= 1.45 V (VA= 1.45 V)
± 10%

i n " E N -

Ks = 0, Kin = 5 V

|/D = 0, Kin = 5 V

vD=vs=vw=o

HI 506

Typ. Max.

270 400
270 400

0.03 —

1.0 —

1.0 —

0.8/2.4

— —
0.001 5

— —

0 001 S
KJ .\J\J I J

0.3 —

0.3 —

4 —

44 —

— —

75 —

Units

Q

O

nA

nA

nA

V

AiA
fiA

fiA

/*

Its

flS

pF

pF

pF

dB

Multiplexer switching t
time tran 0.3 — / is



HI 506 16-channel CMOS multiplexer 321

Table Bl. (cont).

Parameter

Break before Make
time

Operational supply
current

Standby supply
current

Symbol

^open

T
1 operational

^standby

Conditions

FIN = 0
(KA = 0, FEN = 5V)

All channels Off

(W^OV)

HI 506

Typ.

0.08

+ 3.4
-0 .8

+ 3.4
-0 .8

Max.

—

+ 5.0
-2 .0

+ 5.0
- 2 . 0

Units

/IS

mA

Notes: 1 rDSon is quoted at /D = 1 mA except for DE 508 = 200/zA and DG 303 = 10mA.
2 Leakage from driver into ON switch.
3 Where two values are quoted, these are the input Low and High threshold levels.

Table B2. Absolute maximum ratings

Parameter

Power dissipation (Package)1

Supply voltage
Vs or VD Positive
Vs or VD Negative
Pin. Pref, A or EN to Gnd

Current any terminal except S or D
Continuous current S or D
Peak current S or D2

Operating temperature
Storage temperature

Units

mW
V
V
V
V

mA
mA
mA
°C

°c

HI 506

1200
+ 20
V + +2V
V~+2V
V" 4Vto
V + + 4 V
—
—
50
0to75
- 6 5 to +150

Notes:1 IC soldered into PCB, DG types derate by 6.5 mW/°C above 25 °C. HI 506,
derate by 8mW/°C.

2 Pulsed 1 mS, 10% duty cycle maximum.
(RS Components Ltd.)
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MA741
FREQUENCY-COMPENSATED OPERATIONAL AMPLIFIER

FAIRCHILD LINEAR INTEGRATED CIRCUITS

GENERAL DESCRIPTION - The jiA741 if a high perfo ms'ica monolithic Operational Amplifier
constructed using the Fairchild Planar* epitaxial process. Ir is intended for a wide range of analog
applications. High common mode voltage range and absence of latch-up tendencies make the /iA741
ideal for use as a voltage follower. The high gain and wide range of operating voltage provides superior
performance in integrator, summing amplifier, and general feedback applications.

NO FREQUENCY COMPENSATKDN REQUIRED

SHORT CIRCUIT PROTECTION

OFFSET VOLTAGE NULL CAPABILITY

LARGE COMMON MODE AND DIFFERENTIAL \

LOW POWER CONSUMPTION

NO LATCH-UP

ABSOLUTE MAXIMUM RATINGS

Supply Voltage

MA741A, >iA741, >iA741E

MA741C

Internal Power Dissipation (Note 1)

Metal Can

Molded and,Hermetic OIP

Mini DIP

Flatpek

Differentia! Input Voltage

Input Voltage (Note 2)

Storage Temperature Range

Metal Can, Hermetic DIP. and Flatpak

Mini DIP. Molded DIP

Operating Temperature Ranpe

Military (^A741 A, yA741)

Commercial (J IA741E, jiA741C)

Pin Temperature (Soldering)

Metal Can. Hermetic DIP*, and Flatpak (60 s)

Molded DIPs (10 s)

Output Short Circuit Duration (Note 3)

500 mW

670 mW

310 mW

570 mW

±30 V

±15 V

-65" C to+150°C

-55°Cto+125oC

-55°Cto+125°C

0°C to +70°C

300° C
260° C

Indefinite

8-PIN MINI DIP

(TOP VIEW)

PACKAGE OUTLINES 6T 9T

PACKAGE CODES =1 T

10-PIN FLATPAK

(TOP VIEW)

PACKAGE OUTLINE 3F
PACKAGE COOE F

J our

ORDER INFORMATION
TYPE PART NO.
>iA741C ^A7^1TC

ORDER INFORMATION

TYPE PART NO.

CONNECTION DIAGRAMS

8-PIN METAL CAN

(TOP VIEW)

PACKAGE OUTLINE 5B

PACKAGE CODE H

ORDER INFORMATION
TYPE PART NO.
MA741A MA741AHM
;iA741 jiA741HM
>iA741E >iA741EHC

14-PIN DIP

(TOP VIEW)

PACKAGE OUTLINES 6A, 9A

PACKAGE CODES D P

• IN I "

v r—

ORDER INFORMATION

TYPE

MA741A
jiA741
HA741E

MA741C
MA741C

ART NO.
A741ADM
A741DM
A741EDC
A74^
A741I

DC
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FAIRCHILD- juA741

ELECTRICAL CHARACTERISTICS: V-

^A74^A

115 V, T . * 25° C unless otherwise specified.

CHARACTERISTICS see definitions)

Input Offset Voltage

Average Input Offset Voltage Drift

Input Offset Current

Average Input Offset Current Drift

Input Bias Current

Power Supply Rejection Ratio

Output Short Circuit Current

Power Dissipation

Input Impedance

Large Signal Voltage Gain

Transient Response

(Unity Gain)

Rise Time

Overshoot

Bandwidth (Note 4)

Slew Rate (Unity Gain)

Input Offset Voltage

Input Offset Current

Input Bias Current

Common Mode Rejection Ratio

Adjustment For Input Offset Voltage

Output Short Circuit Current

Power Dissipation

Input Impedance

Output Voltage Swing

Large Signal Voltage Gain

CONDITIONS

Rs < 500

VS - +20. - 2 0 ; VS - - 2 0 . +10V. RS - 50«

V s - ± 2 0 V

V s - ±20V

Vs - t20V, RL •= 2kn. V 0 UT - *15V

V | N - ± 1 0 V ,

VS - ±20V, V | N - ±15V, RS - 50n

V S - ±20V

V S -±2OV

V S -±2OV

VS - ±20V.

-55° C

+ 125°C

F:L - lOkn

RL - 2kn

VS - ±20V. RL - 2kn. V 0 U T - ±15V

VS - *5V, RL - 2kn, V 0 U T - ±2 V

M I N

10

1.0

50

.437

0.3

80

10

10

0.5

±16

±15

32

10

TYP

0.8

3.0

30

15

:>5

80

6.0

0.25

6.0

1.5

0.7

95

MAX

3.0

T5

30

0.5

80

50

40

150

0.8

20

4.0

70

210

40

165

135

UNITS

mV

pV/°C

nA

nA/«C

nA

MV/V

mA

mW

Mn

V/mV

MS

%

MHz

V/jiS

mV

nA

nA

dB

mV

mA

mW

mW

Mn

V

V

V/mV

V/mV

NOTES
1. Rating applies to ambiant temperati

the DIP and 7.1mW/°C for tha Flatpi
2. For supply voltaga* last than ±15V, tha absolute maximum inpu
3. Short circuit may ba to ground or either supply. Rating appliei

to 70 C. Abo»e 70 C amblant darata linearly at 6.3mW/°C for tha r

a or 75 C ambiir

4. Calculate > a'uafrom: BWIMK:) -
Ri*e Tin i (Mi)

, 8.3mW/°C for



324 Appendix C

FAIRCHILD. MA741

ELECTRICAL CHARACTERISTICS: V_

/ iA741

:15 V, T - 25° C unless otherwise specified.

CHARACTERISTICS (see definitions)

Input Offset Voltage

Input Offset Current

Input Bias Current

Input Resistance

Input Capacitance

Offset Voltage Adjustment Range

Large Signal Voltage Gain

Output Resistance

Output Short Circuit Current

Supply Current

Power Consumption

Transient Response
(Unity Gain)

Rise time

Over-,hoot

Slew Rate

CONDITIONS

RS < 10 kn

R L > 2 kfl . VOUT " *10 V

V I N - 20 mV, RL - 2 kn.Ci_ < 100 pF

RL > 2 kfi

M IN

0.3

50.000

TYP

1.0

20

80

2.0

1.4

±15

200,000

75

25

1.7

50

0.3

5.0

0.5

MAX

5.0

200

5CG

2.8

85

UNITS

mV

nA

nA

M n

pF

mV

n

mA

mA

mW

Mi

%

V/MS

The following specifications apply

Input Offset Voltage

Input Offset Current

Input Bias Current

Input Voltage Range

Common Mode Rejection Ratio

Supply Voltage Rejection Ratio

Large Signal Voltage Gain

Output Voltage Swing

Supply Current

Power Consumption

or -55°C < T A < +125 C:

RS < 10kO

T A - +125°C

T A » -55° C

T A = +125°C

T A - -55"C

Rs < 10 kn

Rs < 10 kfl

R L > 2 kn, V Q U T * t 1 0 V

R L > 10 kn

RL > 2 kn

TA -+125°C

TA - -55° C

TA -+125°C

TA - -55°C

±12

70

25,000

±12

±10

1.0

7.0

85

0.03

0.3

±13

90

30

±14

±13

1.5

2.0

45

60

6.0

200

500

0.5

1.5

150

2.5

3.3

75

100

mV

nA

nA

MA

»A

V

dB

f/V/V

V

V

mA

mA

mW

mW

TYPICAL PERFORMANCE CURVES FOR J J A 7 4 1 A AND M A 7 4 1

OPEN LOOP VOLTAGE GAIN
AS A FUNCTION OF
SUPPLY VOLTAGE

OUTPUT VOLTAGE SWING
AS A FUNCTION OF
SUPPLY VOLTAGE

INPUT COMMON MODE
VOLTAGE RANGE AS A V

FUNCTION OF SUPPLY VOLTAGE,

1

r -- A

— —

•«'V«

/

/
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FAIRCHILD. /JA741

ELECTRICAL CHARACTERISTICS. V $

CHARACTERISTICS (see definitions)

Input Offset Voltage

Average Input Offset Voltage Drift

Input Offset Current

Average Input Offset Current Drift

Input Bias Current

Power Supply Rejection Retio

Output Short Circuit Current

Power Dissipation

Input Impedance

Large Signal Voltage Gain

Transient Response

(Unity Gain)

Rise Time

Overshoot

Bandwidth (Note 4)

Slew Rate (Unity Gain)

Tha followinf specifications apply

Input Offset Voltage

Input Offset Current

Input Bias Currant

Common Mode Rejection Ratio

Adjustment For Input Offset Voltage

Output Short Circuit Current

Power Dissipation

Input Impedance

Output Voltage Swing

Large Signal Voltage Gain

- ±15 V, T . - 25 C unless otherwise specified.

CONDITIONS

Rs < 50n

VS - +10, - 2 0 ; VS - +20, -10V, RS - 50fl

V s - ± 2 0 V

V S - * 2 O V

V S - ±2OV, R L - 2kn, V O U T - ±15V

V , N - t 1 0 V

orO°C < TA < 70°C

VS - ±20V. V,N - ±15N/, RS - 50n

VS-±2OV

VS-±20V

VS-±20V

VS - t20V,
Rj_ " lOkfl

RL-2kf1

Vs - ±20V, RL - 2kO, V 0 U T - ±15V

MIN

10

1.0

50

437

0.3

80

10

10

0.5

116

115

32

10

TYP

0.8

3.0

30

15

25

80

6.0

0.25

6.0

1.5

0.7

95

MAX

3.0

15

30

0.5

80

50

40

150

0.8

20

4.0

70

210

40

150

UNITS

mV

MV/»C

nA

nA/"C

nA

jiV/V

mA

mW

Mn
V/mV

M*

%

MHz

V/Ms

mV

nA

nA

dB

mV

mA

mW

M H

V

V

V/mV

V/mV

EQUIVALENT CIRCUIT
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FAIRCHILD. MA741

ELECTRICAL CHARACTERISTICS: V-

/iA741C

:15 V, T A - 25° C unless otherwise specified.

CHARACTERISTICS (tee definitions)

Input Offset Voltage
Input Offset Current
Input Bis* Current
.Input Resistance
Input Capacitance
Offset Voltage Adjustment Range
Input Voltage Range
Common Mode Rejection Ratio
Supply Voltage Rejection Ratio
Large Signal Voltage Gain

Output Voltage Swing

Output Resistance
Output Short Circuit Current
Supply Current
Power Consumption

Transient Response
(Unity Gain)

Rise time
Overshoot

Slew Rate

CONDITIONS

R§ < 10 kn

RS < 10kn
RS < 10 kn
R|_> 2k f i , V Q U T - * 1 0 V
R|_ > 10 kn
flj_> 2 kn

V , N - 20 mV, RL - 2 kn. CL < 100 pF

R(_ > 2 kn

MIN

0.3

±12

70

20,000
112

H O

TYP

2.0

20

80

2.0

1.4

±15

±13

90

30

200,000
±14

±13

75

25

1.7

50

0.3

5.0

0.5

MAX

6.0

200

500

150

2.8

85

UNITS

mV

nA

nA

L Mn
pF

mV

V

dB

/iV/V

V

V

n
mA

mA

mW

m
%
V/MI

The following specifications apply for 0'C < T A < +70°C:

Input Offset Voltage
Input Offset Current
Input Bias Currant
Large Signal Voltage Gain
Output Voltage Swing

RL > 2 kn, V Q U T - *10 V

RL > 2 k n
15,000

no 113

7.5

300

800

mV

nA

nA

V

TYPICAL PERFORMANCE CURVES FOR /iA741E AND /iA741C

OPEN LOOP VOLTAGE GAIN
AS A FUNCTION OF
SUPPLY VOLTAGE

OUTPUT VOLTAGE SWING
AS A FUNCTION OF
SUPPLY VOLTAGE

INPUT COMMON MODE
VOLTAGE RANGE AS A

FUNCTION OF SUPPLY VOLTAGE

t

5 '

/

/

/

<4TC

I.

i

«"ttTAt«irc

/

/

/
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FAIRCHILD. MA741

TYPICAL PERFORMANCE CURVES FOR /iA741A. /iA741. ^A741E AND pA741C

POWER CONSUMPTION
AS A FUNCTION OF
SUPPLY VOLTAGE

OPEN LOOP VOLTAGE GAIN
AS A FUNCTION OF

FREQUENCY

OPEN LOOP PHASE RESPONSE
AS A FUNCTION OF

FREQUENCY

/
/

1
Ill"

< ,*>

i

\

\

\

_ \

V

\

V -
\

INPUT OFFSET CURRENT
AS A FUNCTION OF
SUPf LY VOLTAGE

INPUT RESISTANCE AND
INPUT CAPACITANCE AS A
FUNCTION OF FREQUENCY

OUTPUT RESISTANCE
AS A FUNCTION OF

FREQUENCY

...

-- •

- -

_ . .

-

u-
•',L

c

OUTPUT VOLTAGE SWING
AS A FUNCTION OF
LOAO RESISTANCE

OUTPUT VOLTAGE SWING
AS A FUNCTION OF

FREQUENCY

ABSOLUTE MAXIMUM POWER
DISSIPATION AS A FUNCTION
OF AMBIENT TEMPERATURE

M O

\

• A

I

41A»ND

- 1—

INPUT NOISE VOLTAGE
AS A FUNCTION OF

FREQUENCY

INPUT NOISE CURRENT
AS A FUNCTION OF

FREQUENCY

-

=

e

•s,

i

r-

= • . :
i z

: —

-

-
=

-

I

!
•

s
i

BROADBAND NOISE FOR
VARIOUS BANDWIDTHS

- -

T

Z

--

_.

::: ':-

,/

i ^

: :
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FAIRCHILD. /*A741

TYPICAL PERFORMANCE CURVES FOR /JA741A AND /iA741

INPUT BIAS CURRENT
AS A FUNCTION OF

AMBIENT TEMPERATURE

INPUT RESISTANCE
ASA FUNCTION OF

AMBIENT TEMPERATURE

OUTPUT SHORT^IRCUIT CURRENT
AS A FUNCTION OF

AMBIENT TEMPERATURE

3 '

If
« . . .
r

. . . v

. . .

INPUT OFFSET CURRENT
AS A FUNCTION OF

AMBIENT TEMPERATURE

POWER CONSUMPTION
ASA FUNCTION OF

AMBIENT TEMPERATURE

FREQUENCY CHARACTERISTICS
ASA FUNCTION OF

AMBIENT TEMPERATURE

\

\

s.
—.

?

\

1

^̂  -

— —

_. I "

v

•gsfr-

w

TYPICAL PERFORMANCE CURVES FOR /uA741E AND A«A741C

INPUT BIAS CURRENT
AS A FUNCTION OF

AMBIENT TEMPERATURE

INPUT RESISTANCE
AS A FUNCTION OF

AMBIENT TEMPERATURE

INPUT OFFSET CURRENT
ASA FUNCTION OF

-

—

M
il 

i

•—1—
-

-

—

_

—

—

_
—

—

i

i»

——
• —

POWER CONSUMPTION
AS A FUNCTION OF

AMBIENT TEMPERATURE

OUTPUT SHORT CIRCUIT CURRENT
AS A FUNCTION OF

AMBIENT TEMPERATURE

FREQUENCY CHARACTERISTICS
AS A FUNCTION OF

AMBIENT TEMPERATURE

—

—

- -

—

_ . — _ .

.1-
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—
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FAIRCHILD. /iA741

TRANSIENT RESPONSE

/

/

/
LSI

FREQUENCY CHARACTERISTICS
AS A FUNCTION OF
SUPPLY VOLTAGE

TRANSIENT RESPONSE
TEST CIRCUIT

VOLTAGE OFFSET
NULL CIRCUIT

COMMON MODE REJECTION
RATIO AS A FUNCTION OF

FREQUENCY

-_. —
\
—

'*

\

• ISV

11 L

- -5 „ Zv-

1
1

PUT

mn-
\ -

\
\

\ -

—

(National Semiconductors Ltd.)



Appendix D

National Operational Amplifiers/Buffers
Semiconductor

LM118/LM218/LM318 Operational Amplifiers
General Description
The LM118 series are precision high speed Opera-
tional amplifiers designed for applications requiring
wide bandwidth and high slew rate. They feature
a factor of ten increase in speed over general pur-
pose devices without sacrificing DC performance.

Fsatures
15 MHz small signal bandwidth
Guaranteed 50V/^s slew rate
Maximum bias current oi 250 nA
Operates from supplies of ±5V to ±20V
Internal frequency compensation
Input and output overload protected
Pin compatible with general purpose op amps

The LM118 series has internal unity gain frequency
compensation. This considerably simplifies its appli-
cation since no external components are necessary
for operation. However, unlike most internally

compensatec amplifiers, external frequency com
ponsation may be added for optimum performance
For inverting applications, feedforward compen
sation will boost the slew rate to over 150V/f/s
and almost double the bandwidth. Overcompensa-
tjon can be used with the amplifier for greater
stability when maximum bandwidth is not needed.
Further, a single capacitor can be added to reduce
the 0.1% settling time to under 1 /us.

The high speed and fast settling time of these op
amps make -hem useful in A/D converters, oscil-
lators, active filters, sample and hold circuits, or
general purpose amplifiers. These devices are easy
to apply anc offer an order of magnitude better
AC performance than industry standards such as
the LM709.

The LM218 rs identical to the LM118 except that
the LM218 nas its performance specified over a
-25°C to+8!>°C temperature range. The LM318 is
specified from 0°C to +70°C.

Schematic and Connection Diagrams

Dual-ln-Line Package

Order Number LM118J, LM218J
or LM318J

Soe NS Package J14A

Metal Can Package* Dual-ln-Line Package

Pin connections shown on schematic diagram
and typical applicat ons are for TO-5 packagn.

Ordir Number LM118H. LM218H
or I.M318M

See NS Piickage H08C

Order Number LM118J8.
LM218J-Bor LM318J 8
Sou NS Pnckngo J08A

Orrinr Number LM318N
S«e NS Package N08B
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Absolute Maximum Ratings
Supply Voltage ±20V

Power Dissipation (Note 1) 500 mW

Differential Input Current (Note 2) ±10 mA

Input Voltage (Note 3) ±15V

Output Short-Circuit Duration Indefinite

Operating Temperature Range

LM118 -55°Cto+125°C

LM218 -25°Cto+85°C

LM318 0°Cto+7O°C

Storage Temperature Range ~65°C to +150°C
Lead Temperature (Soldering, 10 seconds) 300° C

Electrical Characteristics <Note4i

PARAMPTPRrAnAIVit 1 tn

Input Offset Voltage

Input Offset Current

Input Bias Current

Input Resistance

Supply Current

Large Signal Voltage Gain

Slew Rate

Small Signal Bandwidth

Input Offset Voltage

Input Offset Current

Input Bias Current

Supply Current

Large Signal Voltage Gain

Output Voltage Swing

Input Voltage Range

Common-Mode Rejection Ratio

Supply Voltage Rejection Ratio

T A - 25°C

T A * 25°C

T A - 25°C

T A -• 25°C

T A - 25°C

T A = 2 5 ° C , V S = ±15V

V Q U T = --10V, R|_ > 2 k H

T A = 25°C, Vs = ±15V, A v = 1

T A = 25°C, Vs = ±15V

T A = 125°C

Vs = ±15V, V Q U T = i 10V

R|_ > 2 kS2

Vs = +15V, RL * 2 kH

V S = ±15V

LM118/LM218

MIN

1

50

50

25

±12

±11.5

80

70

TYP

2

6

120

3

5

200

70

15

4.5

±13

100

80

Not* 1: Tim maximum junction tttmpurniwm nl tint I M11R is 150°C. tho LM218 is 110°C, nnc
temperatures, devices in the TO-S package must bo dorntud based on a thermal resistance
to case. The thermal resistance of the dual-in-line package is 100°C/W, junction to ambient

MAX

4

50

250

8

6

100

500

7

the LM.118
o( 150"C/W, |u->ct

Note 2: The inputs are shunted with back-to-back dicdes for overvoltage protection. Therefore,
voltage in excess of 1V is applied between the inputs unless some limiting resistance is used
Note 3: For supply voltages less than ±15V, the absolute maximum input voltage is equal o the su

MIN

0.5

25

50

20

±12

±11.E

70

65

LM318

TYP

4

30

150

3

5

200

70

15

±13

100

80

MAX

10

200

500

10

15

300

750

UNITS

mV

nA

nA

Mil

mA

V/mV

V/JII

MHz

mV

nA

nA

V/mV

V

V

dB

dB

is 110°C. For operating at sltvtttd
on to

excessive current v

pply voltag*
Note 4: These specifications apply for ±5V < V s < ±20V and-55°C < T A < +125°C,(LM118),-25SC < T A

< +70°C (LM318). Also, power supplies must"be bypassed with 0.1<iF disc capacitors.

I.

amblunt, o 45"C/W,junctio«

vill flow if a differential input

<+85"C(LM21JJ),»ndO°C< TA



332 Appendix D

Typical Performance Characteristics LMHB, LM2T8

Power Supply Rejection
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s
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P
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Typical Performance Characteristics LMHB, LM2IS (continued)

Large Signal Frequency

Response

Open Loop Frequency

Response

Voltage Follower Pulse
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Typical Performance Characteristics LM318
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Typical Performance Characteristics LM318 (continued)

Closed Loop Output Impedance
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Appendix E

Polynomials for low-pass filters.

Butterworth Low - Pass Filters

Polynomial

1 5+1

2 s2 + / 2 s + l

3 s3+2s2 + 2s+l = (s+l)(

4 s4 + 2.613s3 + 3.414s2 + 2.6135+ l = (s2 + 0.765s + I)(s2 + 1.8485+1)

0
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Bessel (or Thompson) Low-Pass Filters

Polynomial

1 5+1

2 2

3 ( )( )

4 s4 + 10s3 + 45s2 + 105s +105 = (s2 +5.792s + 9.140)(s2 +4.208s + 11.488)

Gain responses for Thompson (Bessel) filters for n < 10.
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Chebychev Low - Pass Filters

Polynomial

1/2-dB ripple (e= 0.3493)

1 5 + 2.863

2 s2 + 1.4255+ 1.516

3 s3 + 1.253s2 + 1.535s + 0.716 = (s + 0.626)(s2+0.626s + 1.142)

4 54+ 1.19753 + 1.71752 +1.0255 +0.379 = (52+ 0.3515+1.064)(52 +0.8455+ 0.356)

1-dB ripple (e=0.5088)

1 5+1.965

2 52 +1.0985+1.103

3 s3 + 0.988s2 + 1.238s + 0.491 = (s + 0.494)(s2 + 0.490s + 0.994)

4 54 + 0.95353 + 1.454a2 + 0.7435 + 0.276 = (52 + 0.2795 + 0.987)(52 + 0.6745 + 0.279)

2-dB ripple (e=0.7648)
1 5+1.308

2 52 +0.8045+ 0.637

3 s3 + 0.738s2 + 1.022s + 0.327 = (s + 0.402)(s2 + 0.396s + 0.886)

4 s4 + 0.716s3 + 1.256s2 + 0.517s + 0.206 = (s2 + 0.210s + 0.928)(s2+0.506s + 0.221)
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Standard

Table Fl.

design table for low pass filters.

L and C values for normalised low pass filters. R = 1Q,

&R

Butterworth

1.4142 F
0.7071 H

Rcoco

Chebyshev
0.1 dB ripple
1.3911 F
0.8191 H

&>co=lrad.s i

Bessel

1.3617F
0.4539 H
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MFlO-type switched capacitor filters

Connection diagram

2

3
N/AP/HPA —

4_

5
S 1 A -

SA/B " "

+ 7_

8

v-
LSh~

CLKA^

19
— BPB

- N / A P / H P B

-J-7INVfe
16
— S1 B

i^AGND
14

13
•"• Vp

— 50/100/CL

H C L K B

Top view

Pin description
LP, BP, These are the lowpass, bandpass, notch or allpass or
N/AP/HP highpass outputs of each 2nd order section. The LP and

BP outputs can sink typically 1 mA and source 3 mA. The
N/AP/HP output can typically sink and source 1.5 mA
and 3 mA, respectively.

INV This is the inverting input of the summing op amp of each
filter. The pin has static discharge protection.

SI SI is a signal input pin used in the allpass filter configur-
ations (see modes of operation 4 and 5). The pin should be
driven with a source impedance of less than 1 kQ.
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3A/B

LSh

CLK (A or B)

50/100/CL

It activates a switch connecting one of the inputs of the
filter's 2nd summer either to analog ground (SA/B low to
VA~) or to the lowpass output of the circuit (SA/B high to
VA

 + ). This allows flexibility in the various modes of
operation of the IC. SA/B is protected against static
discharge.
Analog positive supply and digital positive supply. These
pins are internally connected through the IC substrate
and therefore VA

 + and VD
+ should be derived from the

same power supply source. They have been brought out
separately so they can be bypassed by separate capacitors,
if desired. They can be externally tied together and
bypassed by a single capacitor.
Analog and digital negative supply respectively. The same
comments as for VA

 + and VD
+ apply here.

Level shift pin; it accommodates various clock levels with
dual or single supply operation. With dual ± 5 V supplies,
the MF10 can be driven with CMOS clock levels (± 5 V)
and the L Sh pin should be tied either to the system
ground or to the negative supply pin. If the same supplies
as above are used but TTL clock levels, derived from 0 V
to 5 V supply, are only available, the L Sh pin should be
tied to the system ground. For single supply operation
(0 V and 10 V) the FD~, VA~ pins should be connected to
the system ground, the AGND pin should be biased at 5 V
and the L Sh pin should also be tied to the system ground.
This will accommodate both CMOS and TTL clock
levels.
Clock inputs for each switched capacitor filter building
block. They should both be of the same level (TTL or
CMOS). The level shift (L Sh) pin description discusses
how to accommodate their levels. The duty cycle of the
clock should preferably be close to 50% especially when
clock frequencies above 200 kHz are used. This allows the
maximum time for the op amps to settle which yields
optimum filter operation.
By tying the pin high a 50:1 clock to filter centre frequency
operation is obtained. Tying the pin at mid supplies (i.e.,
analog ground with dual supplies) allows the filter to
operate at a 100:1 clock to centre frequency ratio. When
the pin is tied low, a simple current limiting circuitry is
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triggered to limit the overall supply of current down to
about 2.5 mA. The filtering action is then aborted.

AGND Analog ground pin; it should be connected to the system
ground for dual supply operation or biased at mid supply
for single supply operation. The positive inputs of the
filter op amps are connected to the AGND pin so 'clean'
ground is mandatory. The AGND pin is protected against
static discharge.

Definition of terms

/CLK: t n e switched capacitor filter external clock frequency.
/ 0 : centre of frequency of the second order function complex pole pair./0

is measured at the bandpass output of each 1/2 MFIO, and it is the
frequency of the bandpass peak occurrence (Fig. G-l).

Gain (V/V)

0.707
HQBP

Bandpass Q = -J°.— ; j
output fa ~/o

/ I /o fu
f (log scale)

Q: quality factor of the 2nd order function complex pole pair. Q is also
measured at the bandpass output of each 1/2 MFIO and it is the ratio of/0

over the — 3 dB bandwidth of the 2nd order bandpass filter, Fig. G-l. The
value of Q is not measured at the lowpass or highpass outputs of the filter,
but its value relates to the possible amplitude peaking at the above outputs.

HOBP: the gain in (V/V) of the bandpass output a t / = / 0 .
HOLP: the gain in (V/V) of the lowpass output of each 1/2 MFIO at

/ - •0 Hz, Fig. G-2.

Gain (V/V)

0.707

Lowpass
output

\

fo h
f (log scale)

/ p = / o l l - ^

//op —
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Gain (V/V)

0.707

/» /P
/ (log scale)

w-^Wt1-^1

i/OHp- the gain in (V/V) of the highpass output of each 1/2 MF10 as
/ - / C L K A Fig. G-3.

gz: the quality factor of the 2nd order function complex zero pair, if any.
(Qz is a parameter used when an allpass output is sought and unlike Q it
cannot be directly measured.)

/z: the centre frequency of the 2nd order function complex zero pair, if
any. If/Z is different from/0, and if the Qz is quite high it can be observed as a
notch frequency at the allpass output.

/notch: ^ e notch frequency observed at the notch output(s) of the MF10.
ifONl: the notch output gain as/->0Hz.
HON2: the notch output gain as/->/CLK/2.

Mode 1a
A configuration that gives good output dynamics together with the

provision for high Q in bandpass designs. The notch output features equal
gain above and below the notch frequency.

Design equations
Outputs—Notch

Bandpass
Lowpass

/ 0 = centre frequency of the complex pole pair

_JCLK JCLK

~ 100 50

/notch = centre frequency of the imaginary zero pair

=/o
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BPA

2(19)

Mode la.

HOLP = Lowpass gain (as/-»0)= — —-

HOBP = Bandpass gain ( a s /= / 0 )= —^

Circuit dynamics

^ O B P = ^ O L P x Q —
x Q

ak) = Q x ^OLP (If the DC gain of LP output is too high, a high Q
value could cause clipping at the lowpass output resulting in gain non-
linearity and distortion at the bandpass output.)

Mode 3a
The most versatile mode of operation, this configuration is the

classical state variable filter implemented with only 4 external resistors.
Clock to centre frequency ratio can be externally tuned either above or

below the 100:1 or 50:1 values and thus make it suitable for multiple stage
Chebyshev filters controlled by a single clock.
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Design Equations
Outputs—Highpass

Bandpass
Lowpass

f _ / c L K

50

Q = quality factor of the complex pole pair

R*

( f \ R
HOHP = Highpass gain as l / - * - ^ 1 1 = -

\ 2 / Rx

HOBP = Bandpass gain ( a t / = / 0 ) = -

^OLP = Lowpass gain (as/->0)=

Circuit dynamics

) = 2 x ^OLP (for high Qs)

) = G x ^OHP (for high Qs)

(RS Components Ltd)



Glossary of symbols

AOL = open-loop gain of operational amplifier
i4d(s) = single-ended differential voltage gain
Ad(d) = double-ended differential voltage gain
Ax = current gain of an amplifier
Ay = voltage gain of an amplifier
aF = common-base forward current gain
aR = common-base reverse current gain

/? = feedback fraction, feedback factor, common-emitter current gain
BW = bandwidth

CS(OFF) = channel input capacitance
CD(OFF) = channel output capacitance
CDS(OFF)

 = capacitance between 'OFF' switch terminals
c(t) = sinusoidal carrier wave
CDC, CDE = diffusion capacitances
CJX= junction capacitance
Csub = substrate capacitance
Cox = thin-oxide capacitance per unit area
CMMR = common-mode rejection ratio

en = individual error source
Eg = energy gap of semiconductor material
A£o s /Ar= offset voltage drift with temperature
A£OS/AKS = offset voltage drift with power supply variation
AEoJAt = offset voltage drift with time

/ c = clock frequency
/L = lower cutoff frequency
/u = upper cutoff frequency
f0 = centre frequency
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A/3 dB = 3 dB bandwidth
FSR = full-scale reading
c/> = barrier potential

gm = transconductance
gmF = forward transconductance
0mR = reverse transconductance
G = conductance

h{, hT9 /if, ho = hybrid parameters of a two-port device

ic = total instantaneous collector current
Ic = quiescent collector current
iCQ = instantaneous variation of collector current from the quiescent value
iB = total instantaneous base current
/B = quiescent base current
iBQ = instantaneous variation of base current from the quiescent value
/OFF = diode leakage current
ID = diode current
/ s = diode reverse saturation current
/o = output current
To = complementary output current
l̂eakage? AX)FF = leakage current through open switches

/DON = channel 'ON' leakage current flowing from driver into 'ON' switch
/ES = emitter-base saturation current
j c s = collector-base saturation current
IE = emitter current
Ic = collector current
/EO = reverse biased emitter current with collector terminal open
/ c o = reverse biased collector current with emitter terminal open
/os = input offset current
/b = bias current at inverting/noninverting terminal
A/OS/AT= offset current drift with temperature
/DS = drain-source current
/DSS = drain-source saturation current
/o(max) = maximum output current
/D(max)= maximum diode current

k = Boltzmann's constant
Km = multiplier constant
X v c o = gain of conversion of VCO
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LSB = least significant bit

m = gradient factor of p-n junction
mf = index of frequency modulation
MSB = most significant bit
fi0 = carrier mobility

coLPF = cutoff frequency of low-pass filter
coL = lock range
coAQ = acquisition range
coc = carrier frequency

Pd = power dissipation

q = electron charge
Q = quality factor
Qef{ = effective 6

8 D O 6DE = m°bile charges

rin = effective input resistance of a Darlington pair
re = effective output resistance of a Darlington pair
rn = base-emitter resistance
rx = base spreading resistance
r0 = output resistance
ron = resistance of switches when 'ON'

s = a complex variable having the form a+jco
S = slew rate

tA = access time
tt = settling time
td = intentional delay time
T= absolute temperature in K
Ta = ambient temperature
Tj = junction temperature
9C = conduction angle
6CS = thermal resistance between case and sink
0sa = thermal resistance between sink and ambient
0jc = thermal resistance between junction and case
TF> TR = forward and reverse transit time of charges
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VA = Early voltage
vc = total instantaneous collector voltage
Vc = quiescent collector voltage
vCQ = instantaneous variation of collector voltage from the quiescent value
VD = diode voltage
KBB = d.c. biasing voltage
KBE(ON) = base-emitter 'ON' voltage
VBE = base-emitter voltage
VBC = base-collector voltage
Vcc = positive d.c. power supply
VEE = negative d.c. power supply
VH = positive saturation voltage of comparator
VL = negative saturation voltage of comparator
Vx = analogue voltage
VR = analogue reference voltage
Kio = input offset voltage
VG = effective gate-source voltage
VDS = drain-source voltage
FDSS = drain-source saturation voltage

width

Xd = binary code

Yo = output admittance

Z = channel width
Zj = input impedance



Answers to problems

Chapter 2

2.1. 1.035 mA; terminal Cx; 36.36mV.

2.2. -160 ; 319.8 kQ; 0.997 mA.

2.3. 1.682mA.

2.4. 0.5mA; 10V.

2.5. 54.

2.6. 2.8mA; 2.8mA; 2.8mA; 18.6V; 6.2V; 12.08V.

2.8. 0.806 or 1.024.

2.9. 1.25 mA.

2.10. The answer is not unique.

2.11. 5.02V.

2.12. 765.1 Q.

2.13. 1MHz; 100.52.

2.14. The transistor should be able to dissipate 12W; 6W.

2.15. -0 .02; 30V; 10V peak; 1 W; 25%.

2.16. 11.78V; 3.4A.

2.17. 0.1 W; 20.8%.

2.18. 4.94V; 422pF.

2.19. 16W.

2.20. 1°C/W.

2.21. 27.5 °C.

2.22. 150 °C.
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Chapter 3

3.1. 2.5/zs; 0.8 V.

3.2. 0.5997 V/jus.

3.3. 49.736kHz.

3.4. ±15.12mV.

3.5. 5mV; 7.47mV; 5.71 mV; 979 Q.

3.6. ± 19.64 nA; ± 100.89 nA.

3.7. 6.46 fN/°C.

3.8. 89.28 Q; 10.25 V.

3.9. 423.6 hrs.

3.10. ±286mV.

3.11. 2.2MQ.

3.12. 0.143//F; 1110.

3.13. 0.35/xF; 150O.

3.14. 5.41V; 1.564 V.

3.18. 150juF; 2.2kQ; 2.2kQ; 2.2 kQ; 1.1 kQ; 26.4 kQ.

3.19. 55.6/xF; lkQ; lkQ; lkQ; 500Q; 10kO.

3.20. 2.169 mV.

3.21. -0.348V; -0.464V.

3.22. 8.17 kQ.

3.25. 12.5; 472Hz; 2.86nF.

3.26. 1.9 kHz; 31.8 pF; 76.9 pF.

3.27. 5kQ; 0.1/xF; 1.5 kQ; 50kQ; 3.37nF.

3.28. 113nF; 2.67nF; 854.7kQ.

3.29. 0.01 /xF; 2.67kQ; 0.01 fi¥; 1 nF; 59.1 kQ; 0.98 VP_P.

3.30. 6.14; 8.48.

3.31. 6.89kQ; 163Q; l n F ; l n F ; 15.9kQ.

3.32. First stage: lkQ; lOkQ; 7.65kQ; second stage: lkQ; lOkQ;

18.48 kQ.
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3.33. 2.747kHz.

3.34. C = 0.01 fiF; R1 = 1 kQ; JR2 = lOkQ; Rs = 25.6kQ; RM= 11 kQ.

Chapter 4

4.1. 4.95 x 104/(-co2 +J12.56 x 103co + 39.4 x 106).

4.2. 636.9 Hz.

4.3. 1.33 pF to 3.78 nF.

4.4. 925 fiH.

4.5. 41.4/xH to 117mH.

4.7. C=100nF;# = 433.2Q;K' = 452.8Q.

4.8. C = 0.01 fiF; R = 776 Q; ^ = 10kQ; R2 = 20 kQ.

4.9. C = 6.5PFto65pF;^ =

4.10. 464.3 to 465.9 kHz.

Chapter 5

5.1. 6.37xl04rad.s-1.

5.2. 2.16xl03rad.s"1.

5.3. 13.662 xlO^ad.s"1.

5.4. 1.65 volts.

5.5. 2.34 volts.

5.6. -19.3°.

5.7. -13.6°.

5.9. 50000rad.s"1; HOOOrad.s

Chapter 6

6.1. 800 to 809.85 kHz; 810.15 to 820kHz.

6.2. 287.5 to 288.8kHz; passband: 287.5 to 292.5kHz.

6.3. 14.14cos 1445 x 103* + 3.535 cos 37.7 x 103£cos 1445 x 103t.

6.4. 9%.

6.5. (a) 37 kHz, (b) 74kHz.

6.8. 7.14; 57kHz.
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6.9. co = 50xl03 + 20xl03cos47rxl03£.

6.10. 3.375 JIS.

Chapter 7

7.1. 10 volts, 5.94 volts.

7.2. 98.28%.

7.3. 45.18kQ.

7.4. 2.9882mA, 1.9921mA.

7.5. 3.0159 MHz.

7.6. 2441.4 V.s ' 1 .

7.7. MSB = 4.5 volts, LSB = 0.140625 volts, 110001, 0.136%.

7.8. Successive approximation type.

7.9. 18.07ms.

7.11. O.O53mV.

7.12. 1026000 samples per second.

7.13. 0.036mV, 0.22 jus.

7.14. 10763 samples per second.

7.15. yes.

7.16. 113.06/is; 3.64mV.s'1.

7.17. 2.82/is; 851mV.s"1; 1.29ms.

7.18. l l . l l n F ; 1.36nF.

Chapter 8
8.1. 0.5V; 1.027V.
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Index

a.c. small signal analysis, 282, 304
acquisition time, 254
active filters, see filters
amplifiers

antilog, 100
bandwidth, 37
bridge, 80
cascaded, 24
class A, 38
capacitor-coupled, 41
transformer-coupled, 41

class B push-pull, 42
class C, 48
collector efficiency, 40, 47
common base configuration, 25
common collector configuration,

25
common emitter configuration, 25
differential, see differential

amplifiers
feedback, see feedback amplifiers
frequency response, 30
instrumentation, 80
logarithmic, 96
multistage, 26
operational, see operational

amplifiers
power, 37^9
quality factor, 34
tuned, 34

amplitude modulator dectector, 186
amplitude

modulation, 192
stabilization, 163

analogue computation, 101
analogue-to-digital converters,

221-33
dual slope, 230
parallel, 221
servo, 223
successive approximation, 225

antilog amplifier, 100
aperture time, 254
astable multivibrator, 129

band-reject filter, see filters
band-pass filter, see filters
bandwidth, 37
Barkhausen criterion, 150
bias

current, 65
forward, 88
reverse, 88

Bode plots, 70
Boltzmann's constant, 97
bridge amplifier, 80
Butterworth filters, 114

CAIC, 309
capacitor

coupled, 41
switched, 123

cascaded amplifiers, see amplifiers
input impedance, 26
output impedance, 27
overall current gain, 28
overall voltage gain, 28

Chebyshev response, 108
clamping circuits, 171
Colpitts oscillator, 153
common mode rejection ratio, 8,

291
common mode voltage, 80
comparator

digital, 85
regenerative, 86

compensating resistor, 66
compensation

lag, 72
limited lag, 74
operational amplifier, 64
phase, 72
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complementary MOS FET, 239
computer aided design, 266
conduction angle, 48
constant current sources, 11
converters

analogue-to-digital, 221
digital-to-analogue, 211
dual slope A-to-D, 230
errors, 233
inverted ladder D-to-A, 217
parallel A-to-D, 221
R-2R ladder D-to-A, 215
servo A-to-D, 223
successive approximation A-to-D,

225
weighted resistor D-to-A, 212

crystal oscillator, 164
crossover distortion, 44
current mirrors, 12
current sources, 11
cutoff frequency, 30

Darlington circuit, 17
data aquisition, 210
D.C. analysis, 296
D.C. motor speed control, 183
demodulator, 186, 197, 201
demultiplexer, 241
differential amplifiers

common-mode rejection ratio, 8
common-mode gain, 7
single-ended, 6
double-ended, 6
voltage gain, 5

digital-to-analogue converters,
211-20

diffusion, isolation, 4
distortion, crossover, 44
divider, 138
droop, 254

Early Voltage, 272
ECAP, 306
Ebers-Moll model of transistors,

267
injection version, 270
transport version, 270

efficiency, conversion, 40
electronic charge, 97
errors

D-to-A and A-to-D converters,
233-7

dynamic, 243

gain, 234
linearity, 235
monotonicity, 235
multiplexer, 242-50
off isolation, 246
offset, 234
quantization, 233
scale factor, 234
static, 242

feedback amplifiers
factor, 87
lower 3dB frequency, 30
multiple, 112
oscillator, 151
positive, 86
upper 3dB frequency, 30

feedthrough, 254
field effect transistor model, 285
filters

active, 107
band-pass, 111, 120
band-reject, 111
Bessel response, 108
biquad, 123
Butterworth response, 107
Chebyshev response, 108
first-order circuits, 108, 110, 111,

124
high-pass, 110, 118
IGMF second-order circuits, 112,

118, 120
low-pass, 108, 113, 125, 172
Sallen and Key, 122
switched capacitor, 123-9

Fourier series, 171
frequency

cutoff, 30, 70
carrier, 192
corner, 70
crossing, 71
demodulator, 186, 201
free running, 173
lower 3dB, 30
modulator, 186, 199, 201
resonant, 34, 48
response
op. amp. 70-80
transistor 30-1

upper 3dB, 30
frequency division multiplexing,

198
Full power bandwidth, 61
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gain
common-mode, 7
differential voltage, 5
response, 110

gain-bandwidth product, 70

Hartley oscillator, 152
heat sinks, 50
high-pass filter, 110, 118
hybrid parameters, 24
hysteresis, 87

IMAGII, 312
index of modulation, 194
instrumentation amplifier, 80
input

impedance, 25
offset voltage, 62
resistance, 24
step, 61

integrator, 102, 127
inverse function generators, 137
inverted ladder D-to-A converter,

217

Jacobian matrix, 299

lag compensation, 72
level shifting circuits, 21-4
linear integrated circuits, 4
limited lag compensation, 74
load line, 39
logarithmic amplifier, 96
long tailed pair, 5
loop gain, 70
low-pass filter, 108, 113, 125, 172

macromodel, 287
mark-space ratio, 131
Micro-Cap II, 312
modulation

amplitude, 192
circuits, 195
frequency, 199
index of, 194
pulse, 202
pulse amplitude, 203
pulse coded, 205
pulse frequency, 204
pulse position, 205
pulse width, 204

monolithic transistor, 100

MOSFET, 239
multiple repeater circuit, 15
multiplexer, 237
multiplier, 103
multivibrator

astable, 129
monostable, 133

NAND, 227
Newton-Raphson algorithm, 299
Nyquist sampling theorem, 250

offset current, 65
one shot multivibrator, 133
operational amplifiers

adder, 102
analog computation, 101
antilog, 100
applications, 80
bias current, 65
common-mode rejection ratio,

80
comparator, 85
compensation, 64
commutating auto zero, 69
crossing frequency, 71
differential equation, 104
divider, 138
filter, 107
frequency response, 70-80
full power bandwidth, 61
gain, 64
integrator, 102
inverting, 63
logarithmic, 96
loop gain, 70
multiplier, 103
noninverting, 62
offset current, 65
offset voltage
input, 62
output, 68

oscillator, 160
phase compensation, 71
phase margin, 71
precision rectifier, 90
pusle generator, 129
scaling, 105
magnitude, 105
time, 105

slew rate, 60
square root circuit, 139
step response, 61
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operational amplifier (cont.)
summer, 102
unity gain bandwidth, 70
waveform generator, 129-36

oscillators
amplitude stabilized Wien bridge,

163
Barkhausen criterion, 150
Colpitts, 153
crystal, 164
Hartley, 152
LC 151,
RC phase shift, 157
Wien bridge, 160
voltage controlled, 173

output admittance, 25
output conductance, 24
output offset voltage drift

with power supply, 84
with temperature, 84

phase detector, 170
phase-locked loops, 169

applications, 183-8
aquisition range, 177
lock range, 176
low-pass filter, 172
no lock conditions and remedies,

180
phase detector, 170
principles of operation, 174
voltage controlled oscillator, 173

phase margin, 71
phase-shift oscillator, 157
photo resistor, 80
pole-zero compensation, 77
power amplifiers

class A, 38
class B, 42
class C, 48
efficiency, 40, 47, 49
effective load resistance, 41
push-pull, 42

power supply
heat sink, 50
rectifier, 90-93

programs, 306
pulse generator, 129
push-pull amplifier, 43

quiescent point, 39
quiescent current, 14

R-2R ladder D-to-A converter, 215
rate of closure, 72
RC phase shift, 157
rectifiers

current, 46
precision full-wave, 93
precision half-wave, 90

resonant frequency, 34, 165
reverse open-circuit voltage gain, 24
reverse saturation current, 97
root mean square circuit, 140

sample-and hold-circuits, 251
acquisition time, 254
aperture time, 254
charge transfer, 255
droop, 254
feedthrough, 254
gain, 255
linearity, 255
offset, 255

scaling, 105
Schrnitt trigger, 86
second-order circuit, 112
Short circuit current gain, 24
slew rate 60, 288
small scale integration, 4
small signal analysis, 25
SPICE, 312
square root circuit, 139
square wave generator, 129
stages

input, 29
intermediate, 29
output, 30

summer, 102
superposition theorem, 82, 135
switched capacitor

filters, 123-9
integrators, 127

system error analysis, 257
average, 258
random, 258
systematic, 258

thermal resistance, heat sinks, 50
thermistor, 80, 99
threshold voltage, 87
time division multiplexing, 205
transconductance, 6

forward, 282
reverse, 283

transducer, 80
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transformer coupled, 41
transistor

cutoff region, 273
forward active region, 273
frequency response, 30
reverse active region, 274
saturation region, 274

transient analysis, 305
triangular wave generator, 135
tuned amplifier, 34
two-port device, 24

voltage
common-mode, 80
differential-mode, 82, 86

saturation, 86
thermal, 97

voltage controlled oscillator, 173
voltage programmable current

source, 12

waveform generator
triangular, 135
inverse function, 137

weighted-resistor D-to-A converter,
212

Wien bridge oscillator, 160

Zener diodes, 12, 88
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