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FOREWORD

Since its, establishment in 1976, Acharya Nagarjuna University has been forging ahead in the path
of progress and dynamism, offering a variety of courses and research contributions. I am extremely
happy that by gaining a B++ (80-85) grade from the NAAC in the year 2003, the Acharya
Nagarjuna University is offering educational opportunities at the UG, PG levels apart from
research degrees to students from over 285 affiliated colleges spread over the three districts of
Guntur, Krishna and Prakasam.

The University has also started the Centre for Distance Education with the aim to bring
higher education within reach of all. The centre will be a great help to those who cannot join in
colleges, those who cannot afford the exorbitant fees as regular students, and even housewives
desirous of pursuing higher studies. With the goal of brining education to the doorstep of all such
people, Acharya Nagarjuna University has started offering B.A., and B.Com courses at the Degree
level and M A., MCom., M.Sc., M.B.A., and L.L. M., courses at the PG level from the academic year
2003-2004 onwards.

Ta facilitate easier understanding by students studying through the distance mode, these
self-instryction materials have been prepared by eminent and experienced teachers. The lessons
have been drafted with great care and expertise in the stipulated time by these teachers.
Constructive ideas and scholarly suggestions are welcome from students and teachers involved
respectivdly. Such ideas will be incorporated for the greater efficacy of this distance mode of
education, For clarification of doubts and feedback, weekly classes and contact classes will be
arranged ‘Pt the UG and PG levels respectively.

It is my aim that students getting higher education through the centre for Distance
Education should improve their qualification, have better employment opportunities and in turn
Jacilitate the country’s progress. It is my fond desire that in the years to come, the Centre for
Distance Education will go from strength to strength in the form of new courses and by catering to
larger number of people. My congratulations to all the Directors, Academic Coordinators, Editors
and Lesson-writers of the Centre who have helped in these endeavours.

Prof. P. Rajasekhar
Vice-Chancellor
Acharya Nagarjuna University
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B.SC Il YEAR ELECTRONICS PAPER - Il
SOLID STATE ELECTRONICS CIRCUITS AND DIGITAL ELECTRONICS

UNIT I

Rectifier and Power Supplies: (a) Rectifier: Half wave, Full wave and Bridge Rectifiers
and their efficiency . Ripple factor, regulation, harmonic components in rectifier output.
(b) Types of filters: Choke input filter (inductorj, Shunt capacitor filter,

L - section and P section filters. (c)Regulated power supplies: Series regulated power
supply. ' ' -

Power amplifier: Expression for power , harmonic distortion and efficiency . Push-pull

amplifiers , Class A, Class B and Class AB. Advantages and disadvantages

UNIT lI

Operational Amplifier« :Basic (emitter controlled) difference amplifier and its parameters
operational amplifier characteristics of 'n ideal Op Amp. Block diagram of an ideal Op
Amp Feedback arrangement Open loop gain, common mode voltage gain, common
mode rejection ratio (CMRR), slew rate, offset voltage and bias currents.

Op Amp analysis: Concgpt of virtual ground . Analysis of inverting amplifier summing
ampilifier, current and voltage followers Application: Op Amp as comparator, voltage
regulator, free running multivibrator and to solve a simple second order differential

equation.

UNIT I

Modulation and detection (Qualitative) : Need for modulation. Amplitude modulation aﬁd
“ detection : Analysis of amplitude modulated wave, side bands. Simple amplitude

modulator circuit and its working. Detection of AM wave (diode detector).

Frequency modulation and detection: Advantages of frequency modulation, side bands

(frequency components) Working of a simple frequency modulator. Detection of FM

waves.
Electromagnetic spectrum: Identification of areas where radio waves and microwaves

are applied. Radio broadcasting and reception , explanation of working of super
hetrodyne receiver (block diagram). Microwaves, their properties and applications.
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UNIT IV

Digital Electronics: (a) Number system Binary number system, converting binary to
decimal and vice versa, Binary addition and subtraction (1's and 2's compliment
methods). hexadecimal number system. Converting binary to hexadecimal and vice
versa, converting hexadecimal to decimal and vice versa. Binary coded decimal(8421)
and gray code, conversion between binary and gray codes ,The ASCII code (American
Standard Code for Information Interchange).

(b) Logic gates: OR, AND, NOT gates: Truth tables, realization of these gates using
diodes, resistors and transistor circuits. Positive and negative logic. Laws ‘of Boolean
algebra, Universal building blocks NAND and NOR gates, transistor - transistor logic
(TTL), complimentary metal oxide semiconductor (CMOS) logic.

( ¢) Combinational logic circuits: Half, full and parallel adders, sequential logic circuits
flip-flops (RS, T, D, JK and Master slave JK) their working and truth tables, Binary and

decade counters and shift registers.

TEXT BOOKS

1. Integrated Electronics by Millman and Halkias

2. Electronic Communications by Kennedy

3. Principles of Digital Electronics by Malvino and Leach

4. Basic Electronics and Linear Circuits - Bhargava etc

REFERENCE BOOKS

1 A text lab manual in Electronics by ZBAR (Tata Mc graw Hill)
2. Electronics fundamentals by JD Ryder

3. Modern Electronics Communications by Gray and Miller

4. Digital Electronics by William H.Gothman

5. Op.Amp and linear integrated Circuits by Ramakant Gayakwad

6. Electronic Devices and Circuits by Samuel Seely
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B.SC Ill YEAR (ELECTRONICS)
(For the students admitted in 2004-05 & onwards )
Practical Paper Il
1. DC power supply and filters
a) Full wave rectifier with various filters
b) Transistor DC regulated power supply and 4fme| >
2a. Astable multivibrator (using OP AMP 741)
2b Astable Multivibrator using Transistors/opamps
3. Schmitt Trigger using OP AMP 741
4. Bistable Multivibrator using Transistors
5. Emitter follower
6. Verification of truth tables OR, AND, NOT, NAND, NOR, EX-OR gates and verification
of De Morgan'’s theorems
6a) IC logic gates 6b) Logic gates with Discrete components
6¢) De Morgan’s Theorems
7. Construction of other gates using NAND and NOR gates & construction of half-
adders and full adders, verifying their truth tables.
7a) Universal Logic gates
7b) Half-Adder & Full Adder
8.Tasting and verifying Flip-Flops (RS,D and JK)
9. Testing and verifying countérs — Binary (7493), BCD (7490)
Division module N (1 to 9) & shift registers using JK flip-Flops.
10.0P Amp characteristics —off set null voltage, bias currents, CMRR and slew rate
11. OP amp 741 as
(a) DC inverting Amplifier (b) Non-inverting Amplifier (DC and AC) © Summer
(d) Differenﬁal Amplifier Tr
12. OP.amp 741 as .
a) Integrator b) Differentiator
13. Op Amp Wein Bridge oscillator
14. Voltage regulator using IC 7805
15. Construction of Astable multivibrator using IC 555.

Any twelve experiments
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B.Sc. DEGREE EXAMINATION.
(Examination at the end of Third Year)
Part li - Electronics
Paper lll- SOLID STATE ELECTRONIC CIRCUITS AND DIGIGITAL ELECTRONICS
Time: There hours Maximum: 100 marks
PART A - (4 x 14 =56marks) -
Answer ALL questions.

Each question carries 14 marks.

1. (a) Draw the circuit diagram of a Class — B Push — pull. Amplifier and DiscussAits
working. Derive expressions for collector efficiency and Output Power. Give the
reasons for cross — over Distortion in Push — Pull Ampilifiers.

Or
(b) Draw a neat circuit diagram of Bridge Rectifier and describe its operation.
What are the advantages and disadvantages?

2. (a) What is an OP-AMP? Mention the characteristics of an ideal OP-AMP.
Explain the concept of Virtual ~ Ground in OP-AMP. Draw the circuit of an OP-
AMP Inverting- Amplifier and explain its action.

| 4 Or
(b) Draw the pin diagram of Timer IC 555. Draw the circuit of an Astable
Multivibrator using OP-AMP and describe its working.

3. (a) Explain how the FM waves are detected. Describe the principle and working

of a discriminator.
Or

(b) What are important properties of Microwaves and Mention their applications

in detail.

4. {a) What are sequential logic circuits? Describe the working of Maste: Stave JK
Flip Flop.
Or
(b) Draw the block diagram of a Decade Counter and Explain its Operation.
Sketch the timing diagram.
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PART B - (4 x § = 20 marks)
Answer any FOUR questions.
5. What are the advantages of Bridge Rectifier and Full Wave Rectifier?
6. Explam Cross-Over distortion? Explain how it can be eliminated.
7. Explain the working of OP-AMP summing Amplifiers.
8. Draw the circuit diagram of a OP-AMP to solve a Second Order Differential
equation.
9. Briefly explain how AM wave is detected.
10. Draw the full adder circuit,and explain its operation.
11. State and explain the basic laws of Boolean Algebra.
PART C - (4 x 6 = 24 marks)
. Answer any FOUR questions.
12. Define the terms:
(a) Ripple factor and
., (b) Regulation
(c) Rectifier Efflmency as related to Full Wave Rectifier.
13. When a smusmdal signal is fed to an Amplifier, the Output current'is given by.

i, =15sin400/+1.5sin 8001 +1.25sin1200¢+ 0.5sin1600¢. Calculate

(a) Second, Third and Fourth percentage Harmonic Distortions.
(b) Percehtage increase in power due to distortion.

14. 5mV, 1 kHz sine wave is applied at the input of the OP-AMP as shown in fig.

Find the output voltage. : m[:
Ve
oK l \J\ ¢ L
T :
Input : //] Output
5Mv, 1 kHz Ve P
o— e

15. Calculate the modulation index of an FM wave which has carrier swing of 160
kHz and has been modulzted by a signal 10 kHz.
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16. Prove the following Boolean identity
ABC+ ABC + ABC = A(B+C).
17. Multiply :
(a) 1100 x 101

(b) 1110 x 111
18. Explain the working of Super Heterodyne Receiver.
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Solid State Electronic Circuits and Digital Electronics

CONTENTS
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Lesson 1: Half-wave and full - wave rectifiers
Lesson 2: D.C. Power supply with various filters
Lesson 3: .Regulated D.C .Power supplies

Lesson 4: Power Amplifiers

UNIT Il
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Lesson 6: Operational Amplifiers - Il
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Lesson 10: Amplitude modulation and detection
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UNITI LESSON |

HALF-WAVE AND FULL - WAVE RECTIFIERS

OBJECTIVES OF THE LESSON

To know the working of half-wave and full-wave rectifiers

STRUCTURE OF THE LESSON

1.1 Introduction
1.2 Unregulated D.C. power supply using half wave rectifier
1.3 Half-wave rectifier
1.3.1 Average current and voltage components
1.3.2 Harmonic components of rectified output
1.3.3 Other important parameters
1.4 Full - wave rectifier
1.4.1. Using a center- tapped transformer
1.4.2. Average current and vdltage components
1.4.3 Harmonic components of rectified output
1.4.4 Other parameters
1.5 Full-wave rectifier using diode bridge (Bridge rectifier)
1.5.1 Average current and voltage components of a full-wave bridge rectifier
1. 5.2 Advantages and disadvantages of bridge rectifier
1.5.3 Peak loss |
1.5.4 Comparison of half-wave and full-wave rectifier
1.6 Summary
1.7 Key Terminology
1.8. Self assessment Questions
1.9 Text and Reference B_ooks'

. 1.1 INTRODUCTION

Most of the electronic circuits nged D.C. voltage supply. Even though we
plug a8 comouter or T.V. to A.C mains, in side it, there will be a circuit which
converts the Mains A.C voitage to D.C. voltage. This D.C. voitage is used to
power the slectronic circuit with transistors and ICs. So, it is very essantial to
know how to build a D.C voltage source from A.C mains supply. Altqmately
Batteries car be used to provide required D.C. voltage, but they are very
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HALF-WAVE AND FULL - WAVE RECTIFIERS

OBJECTIVES OF THE LESSON
To know the working of half-wave and full-wave rectifiers

STRUCTURE OF THE LESSON
1.1 introduction
1.2 Unregulated D.C. power supply using half wave rectifier
1.3 Half-wave rectifier
1.3.1 Average current and voltage components
1.3.2 Harmonic components of rectified output
1.3.3 Other important parameters
1.4 Full - wave rectifier
1.4.1. Using a center- tapped transformer
1.4.2. Average current and vdltage components
1.4.3 Harmonic components of rectified output
1.4.4 Other parameters
1.5 Full-wave rectifier using diode bridge (Bridge rectifier)
1.5.1 Average current and voltage ccmponents of a full-wave bridge rectifier
1. 5.2 Advantages and disadvantages of bridge rectifier
1.5.3 Peak loss
1.5.4 Comparison of half-wave and full-wave rectifier
1.6 Summary
1.7 Key Terminology
1.8. Self assessment Questions
1.9 Text and Reference Booké

1.1 INTRODUCTION

Most of the electronic circuits nged D.C. voltage supply. Even though we
plug a comouter or T.V. to AC mains, in side it, there will be a circuit which
converts the Mains A.C voitage to D.C. voltage. This D.C. voltage is used to
power the slectronic circuit with transistors and /Cs. So, it is very essantial to
know how 10 bufld a D.C voltage source from A.C mains supply. Altqmateiy
Batteries car: be used to provide required D.C. voltage, but they are very




111 B.Sc ELECTRONICS PAPER Il 1.2 RECTIFIERS AND POWER SUPPLIES

expensive and need regular charging, maintenance and increase the weight and
size of the gadget. in this lesson we learn how to assemble a D.C voltage source
from A.C mains using rectifier circuits.

~ A. D.C. power supply provides a certain amount of constant current at a given
constant D.C. voltage here, constant means, there will be no variation in their
values with time. Transistor based circuits need a constant operating voltage in
the range between 0 to £30VD.C. Linear IC based circuits need about +15V D.C*
Digital 1.C based circuits need +5V D.C. The current rating for the transistor and
Linear |.C circuits and simple digital ci}cuits is usually between 10 to 500mA D.C.
For Microprocessor ar:wd other high power circuits it will be up to 5 Amps. So, we
confine our discussion to Power circuits of this category.

To construct a D.C. power supply, we usually draw power from mains supply,
which is provided as Single phase 220V -A.C. with 5A A.C. current at a frequency
of 50Hz. We can have a D.C. power supply constructed in three ways.

1. Simple unregulated power supply with filter circuit.

2. Transistor or IC based Regulated power supply

3. Switching Mode Powe - Supply

We consider the first two types in detail as per the syllabus.

1.2 Unregulated D.C. Power supply

An unregulated power supply is one that simply converts the A.C. voltage
taken from the A.C supply into required D.C. voltage supply at the required current. It
consists of the following parts:

1. Step down transformer

2. Rectifier

3. Filter circuit
1.2.1 Transformer ;

- A transformer consists of two sets of inductance coils wound on a common core.
In a power transformer, the first coil called Primary coil or simply Primary is so
designed to draw the needed power from A.C mains supply. The other coil even
though wound on the same former, is electrically insulated from primary but is
magnetically coupled. Whenever there is a change in primary current, a voltage is
induced in the secondary coil.

Whatever is the,gurrent and voltage' requirement, to construct a D.C.’ power
‘ éﬁpply, we have to select a power transformer that takes A.C electrical power in its
primary coil from electrical mains and provides the required A.C voltage in its
seCondary coil. A transformer enables us to step up or step down the A.C. voltage to
the reduired level and also provides electrical isolation from A.C. mains. As you
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studied in detail about transformers, coils, capacitors, chokes, in your 1% year course,
that knowledge is assumed here.

Transformers that provide A.C output voltage less than that of primary voltage are
called Step-down transformers. The secondary to primary voltage ratio depends
upon the turns ratio of the transformer. A transformer designed to handle low power
will be small in size when compared to a transformer that delivers larger current at
the same voltage as it is provided with thicker wires and good quality core.

1.2.2 Rectifier
A Rectifier is device that converts alternating current into unidirectional current.
The process of converting A.C to D C is called Rectification. A diode acis as a
rectifier. The unidirectional conducting property of diode is used to remove either
positive or negative half of the sinusoidal signal applied to it. Time average of a sine
wave over a cycle is zero. By removing either the positive or negative half cycle from
it, we can mathematically show that the output of a rectifier consists of certain
amount of D.C voitage, and superposed on it, various sine waves, whose frequencies
are multiples of the frequency of applied A.C voltage. This alternating A.C.
component is called Ripple. Ripple component is filtered out using a filter circuit to
obtain pure D.C.

For high voltage rectification vacuum tube diodes-are preferred.: For voltages
needed in transistor and 1.C circuits, semiconductor diodes are preferred. For:low
voltage high current applications, Selenium bridge rectifiers are used. A diode has
two electrodes called Anode and Cathode. Current flows through the diode when
anode is. more positive than cathode. In a semiconductor p-n junction diode, the p-
terminal is identical to anode and n-regfon is the equivalent of cathode.

1.2.3 Filter circuit

Most rectifier circuits use a reservoir capacitor at the output terminal to smooth the
rectified voltage in to D.C. voltage. It is important to note that the presence of the
reservoir capacitor substantially changes the rectified voltage waveform and often
affects the diode current and voltage requirements. A large capacitance whose
reactance is negligible when compared to the R, will serve the purpose. it has the
further advantage that the capacitor stores the charge and retains the potential
during the off-period of the diode, thereby improving the amplitude of D.C voltage.

If we use a single rectifier to rectify A.C. it 1s taliéd a hdlf-wave rectifier as

we are using only half of the sinusoidal input wave. See Fig 1.1
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1.3 HALF-WAVE RECTIFIER
Fig.1.1 shows the circuit of a half-wave rectifier. The rectified output consists

of half sinusoids as shown in the Fig.1.1. This has a time average of D.C and several

A.C components which have to be filtered, to get pure D.C voltage across load
resistance R.. A semiconductor diode with required current rating and reverse

. breakdown voltage is used for rectification. As these diodes are designed to handle
larger power than ordinary diodes, these are usually called Power rectifiers. Usually a ‘
BY127 or 1N4001 serves the purpose for low power applications.

Working A

A diode conducts only during positive half cy_cle of the input cycle when

connected as shown in the Fig.1.1. So, current flows during positive half cycles of the
input and produces a voltage drop acro'ss the load resistance R,. The repetition
frequency of the half sinusoids is same as the input A.C waveform. As it is, this
rectifier is not suitable as D.C. source, as the output is a time varying waveform.
However. it has a time averaged D.C component also. This D.C voltage is obtained
by filtering out the A.C portion of the output using a suitable filter. .

Ac output

-
1
1
‘
Ll
.
[}
'
t
t
'
]
t
1
+
1
'
1
[
[
1
[l
L]
'

Transformer

Fig.1.1 Half-wave rectifier

When a dcde is forward biased, the voltage drop across it is V¢ and the output
voltage is
Voo = Vi - Vi
" Note that V, = 1.414V,
Wher2 V, is the rms level! of the sinusoidal input voltage.
The diode p2ak forwarc current is
V

Vol

{ " e——

" R

!
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During the negative half-cycle of the inplt, the reverse biased diode offers a very
high resistance. So only a very small reverse current (lg) flows giving an output
voltage,
Vo =-lr X RL.
While the diode is reverse biased , the peak voltage of the negative haif-cycle of the
input is applied across its terminals. Thus, the peak reverse voltage of peak inverse
voltage (PIV), applied to the diode is
V=PIV =V,

1.3.1 Average current and voitage components

For the sinusoidal input to the transformer, the output voltage across the secondary
of transformer will also be sinusoidal having frequency same as that of the input. Let
the voltage across the secondary of transforrher be given as v = V, sinwt where Vg is

the peak voltage across the secondary and ‘0/27r is the frequency. If R, be the

dynamic forward resistance of the diode, R, the resistance of the secondary of the
transformer and R, the load resistance the instantaneous current i, through
rasistance R_ is given by

voltage ] \Z V,sinawxt (13.1)

e e — . ttbeas sirseaceenen

i,‘ - - =4 =
tota resistance R, +R;+R, R, +R;+R,

=lgsinwt
Where the maximum value of current
- Vo
o R, +R; +R,
Since this current i, flows only for half cycle, hence
ip=losinwt during0<wts,

and i, =0 during m <wt<2m, e (1.3.2)

Average values:
The average value of current (1) through R, can be given by

rox

D w

)
! I, sinawt dr + |0.dt
Ii,,dl 5[ ’ ,J.
Iul' = 11/&' = 0’I = lr :

0

dt N P
-[ J it
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Io 1 /12=x/0w
-0 0
_. [COS&XL ) + _

2rnlw

L
T

_ V, et (1.3.3)
7[(R’. + R.\‘ + R;)

Hence the dc or average voltage at the load R, will be
_LR, _ VoR, - Vo
7 mR,+R +R) xll+(R, +R)/R,]|

R, +R " :
=ﬁ{|+_f_+_;'] =£/1--£;—(R‘,-+R,)
1.

V:-lv = Izlr

R,

V4 R, z
14

=9 I.(R, + R) e (1.3.4)
/4

This shows that the dc output voltage depends not only upon the load current but the
diode and transformer resistance also.
These two equation give thévdc or or average power across the load R..
Vﬁz R /.
T 7R, +R +R.)

P

de

= I/(k'lt/(‘ = ljt'RI.

R.M.S value of the current:
- The Root Mean Square or effective value of current in the circuit can be given
as

r

((izae f=£1§sin2ddt+£;'dl ;2

[;-:m ST - TS —o—’
‘ fdl : : " dt 4
1,/ _V )
Orl, = % = /2(1?[ FRHR)TI (1.3.6)

Thus the s is greater than the dc component l,.. This also show that the
R.M.S value of the half rectified current is not the same as the R.M.S value of the

sinusoidal current which is 1,/ V2.

41.3.2 Harmonic components of rectified output

Frequency components,of rectified output: The output current of the rectifier can be
assumed as consisting 6f several harmonics of frequency and can be written in terms
of Fourier series as '

i, = 4, ) A, cosnex + )" B, sinnax,
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Where the coefficients A ¢, A ,and B ,are inen by
1 ¢, 2 4.
AO = F ‘[ l,,d[,A,, = '7‘: f 1, cosnwt ar
2 ¢,
and B, = 7 f i, sinnotdt.

On solving the integrals using the limiting values of i, from equation, we get equation
as

1o, 2 2 )
Iy =1, —+=Sinat — ——COS2H — ——COSAWH..uvvvrrerras [ rreoeierinennnns 3.
’ 0[7[ 2 kY 4 lS/tcs J (1:3.7)

The first term of the series gives the directs or average component and is equal to
the Eq.(1.3.7).The second term has its frequency same as that of the supply with
peak value I¢/2. The rms value of this fundamental frequency component will be

_ peak value _ ,(.’/é _ 1,

2222
The third term gives the second harmonic term. The other frequency terms are also
there in the equation. So through the load “rés?i“stance R, dc as Well as ac

components will pass.
1.3.3 Other important parameters of haif-wave rectifier ;
Rectifier efficiency: The efficiency of the rectifier, also known as ratio of
rectification, is defined as
n = Direct output power / Alternating input power from transformer secondary

P,

P

ac

The input power from transformer secondary is the power that would be indicated by
a wattmeter placed in the rectifying circuit with its terminals connected across the

transformer secondary. Thus

&c=1’R,+1’RL=%JﬁR,+RJ

IR, 4 4R,
#' IX(R, +R) 7R, +R,)

or

4
% of n = ———————x 100 -
oof n 7 [I+R, /R,] (4R, IR, coevrmeeencnns (1.3.9)
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The given the theoretical efficiency of a half wave rectifier which increase as
R, /R, -0 . Thus the maximum efficiency will be 40.6%. But the rectifier delivers

maximum output power when the load resistance is equal to R;. So, the efficiency is

now reduced to 20.3 percent only.
Transformer Utilization Factor (TUF): The transformer utilization factor TUF is

defined as
TUF = dc power delivered to the load /ac rating of the transformer secondary

— P(‘&‘
P, (rated } '

The rating of the transformer secondary is different from the actual power delivered
by the secondary. It is the product of the rated R.M.S. voltage of the secondary

Vo/ J2 .and the actual R.M.S.current flowing through the secondary /,/2. Hence

(Io /”)ZR/.
ATATAD)

since V,=I,(R +R +R),

TUF =

Therefore
TUF =0.286/[1 + (R, + R.,.)/R,,] =px0707 e (1.3.10)

Thus the TUF is different from the rectifier efficiency.
Ripple factor: This represents the fluctuating, pulsating or alternating part in the
output of rectifier. As obtained from Fourier analysis the output wave consists of
altering components called as ripples. So ripple factor is a measure of the fluctuating
or puisating components i.e. purity of output. It is defined as the ratio of the effective
value of the ac components of the current or voltage to the direct or average value of
the current or voitage i.e.
effective vulue of ac components

dc value of the components
The output current of a rectifier (Ims) consists »f the direct component (lec) and
effective value of all ac components (I'm,).

o= +1? orl,=Un-10)"

mis rms rins

Ripple factor(r) =
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So for a half wave rectifier

2 %
r=ll L | =|Z =121 1.3.11
I,/ 7 14 e (.3.11)
S =121,

Similarly V', =121V,

This shows that the effective values of the ac components of the output exceeds the
dc value of the output. Thus we s:e that the half-wave rectifier is not a suitable
device for obtaining dc.
Peak Inverse Voltage: Peak inverse voltage (PIV) is defined as the maximum
voitage present across the diode ends when the diode is reverse biased and thus
does not conduct. For half-wave rectifier the non-coﬁducting periods is during the
negative part of applied alternating wave and its peak valve is equal to V,. Thus for a
half-wave rectifier PIV = V,. To avoid breakdown, PIV must be less than the PIV
rating of the diode.

Voitage regulatlon It is a measure of the ability of, arrectifier to maintain a specified
output voitage with the variation of load resistance and is defined as

output at no load - output at full load
output at full load

Voltage regulation(V.R.) =

In a perfect voitage regulator the output voltage does not charge with the load
resistance. For a half-wave rectifier we have.

v, =1,k = LR V,R, V,
* x 7R +R +R,) ;z[|+(R +R)/j

R +R 7
=E2. ]+..._"_j__‘ ='V—0'-'i(R,-+R.‘.)
T R, T 'nR,,

Yo s r +R). SURIRERE (1.3.12)
- .

Assuming here (Ri+Rs) << R,, the higher powers of (R, + Rs) /R, are neglected for
load (open circuit, R, = ), lyc= 0 and Vg = vo/n
At full load, we have

( e )mll load ~ ( e )m:/rml - (ldc )/u/l Iuml'(Rj + R\)
(V?’;;) - (k‘?. ,;) [((Im )/u/I Il XR/ + Ry )]

Voltage regulation = — ™
9” - ((1 e ) fill toud X R, +Ry)
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) e KR, + Ry)
V‘?;, - ((I‘a-)r}lll foed XRr * R.s')

Thus the voltage regulation is /=  poor in half —~wave rectifiers.

Current rating of diode: in a half wave rectifier, the dc diode current is equal to the
- dc load current. On the sheets, |4 is usually listed as lp, known as current rating of

the diode; this tells us how much direct current the diode can handle. The diode

must have current rating greater than the gverage rectified current.

The simple half-wave rectifier filters combination although gives D.C. voltage, it

/

has got several disadvantages. The three major disadvantages are
a. Its output changes with input A.C. supply voitage.
b. its output voitage changes with the amount of load current drawn.
¢. Ripple increases at higher load currents.
1.4 Full-wave rectifier
. To Utilize the total power content, and to reduce the ripple, we have to rectify the
full-wave. This can be done in two ways; |
1) A transformer with centre-tapped secondary and two diodes
2) four diodes arranged in a bridge form and a transformer
1.4.1 Full-wave rectifier using a transformer with centre-tapped secondary and
two diodes:
The circuit is shown in Fig 1.2

Ac input

Transformer

Fig.1.2 Full-wave rectifier with two diodes

The circuit is essentially a combination of two half-wave rectifier circuits, each
supplied from half of the transformer. secondary. When the transformer output
voltage is positive at the top, as illustrated in Fig.1.2., the anode of D, is positive
and the center-tap of the transformer is connected to the cathode of D, via R;.
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Consequently, D, is forward biased, and load current () flows from the top of the
transformer secondary though D, through R, from top to bottom and back to the

- transformer center-tap. During this time, the polarity of the voltage from thé
bottom half of the transformer secondary causes diode D, to be reverse- biased.

For the duration of the negative half-cycle of the transformer output, the

polarity of the transformer secondary voltage causes D, to be reversed bnased A
and D, to be forward biased I flows from the bottom terminal of the transformer
secondary through diode D,, through R, from top to bottom, and back to the
transformer center-tap. The output waveform is the combination of the two half-
cycles, that is, a continuous series of positive half-cycles of sinusoidal waveform.
This is full wave rectification and the circuit is called a full-wave rectifier.

1.4.2 Average current and voltage components of a full-wave rectifier:

As both the diodes are considered to be identical, also considering that the dynamic
characteristic is linear for each diode, the mathematical analysis of full wave rectifier
can be given as follows:

Let v = V, sinwt be the applied alternating potential also considering that the
dynamic forward resistance of each diode and R, the resistance of the secondary of
transformer. The instantaneous value of current through the load will be equal to the
sum of the currents due to diodes D, and D, at that instant. These currents are

given by the relations.

i = ———S———sinax = [ sinax during 0 swt <,
(R, +R;+R))

lb2=0
Also
lby=0 during < wt < 2,

i,, = ——2———sin(aX + ) = -1, sin ax
" (R, +Rs+R,) ( o

Average values:
The average value of current (l4) through R, can be given by
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_24 _ 2V, (14.2)
nr (R, +R;+R))

So, the dc or average voltage at the load R, will be
2I,R, 2V,R, _ 2V,
7 #(R,+R +R,) ‘zll+(R, +R)/R,]

Vi

= I'I‘.‘R,’ =

: 4V}R,
IEZT(R_,- +R +R, }3]

and Pdc = Vdc'dc = ldczRL =

rms value of current: The rms (or effective) value of current in the circuit can be given

as

1 [ri2 ‘ r
Lo = | [ ) el + Iun}’dr}
Lo 12

! =z .
. f,-:d, f ] sin’® wrdt + I dt %
s Idt | --=_%r_dt D)
or 1, =1,/J2" Vo (14.3)

«fiv(R,‘ + R, +R))
1.4.3 Harmonic components of rectified output
Frequency components of rectified output: Fourier analysis of the output waveform of
the Full-wave rectifier will be having frequency components depending upon the

resultant due to the waveform of each diode output

kY 4 157
Since iy, is 180° out of phase with in; and hence

in = IO[J- - —'—sin wt - —2~cos 200 - —z—cbs Y0, F— l
3 15

T 2 n T

Therefore the total current
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T 3r |5~

This equation shows that a lowest frequency term has a frequency twice the
frequency of the input source and the odd harmonics are not present.
1.4.4 Other important parameters '
Rectifier efficiency: The percentage of efficiency is defined as
1 (i. RI.

e 100
IL(R,+R +R,)

%0fﬂ=—§“$x100=

(25,/xfR,x100 _  812R,  _ 81.2
(1,/v2) R, +R +R) R, +R)+R 1+(R, +R)/R,

Ripple factor. The ripple factor is given by

2 172 J— 2 1/2
I 170 N R YA
1, 21,/ 7

=larp-] 048 (1.4.5)
PEAK INVERSE VOLTAGE: In the case of full-wave rectifier when one diode (say
D,) is conducting, the other diode (D,) will be non- conducting. The kerchief's laws
can be applied to fig, the equation obtained will be

=

Vy = Vyy + 2V, sin it =0
Where vp; and vy, are the potential drops across D, and D, respectively. If the
diode D, is conducting we can cdnsider the potential drops across it as zero, hence
the potential drops across non- conducting diode (D) will be

vy, == 20, sin ax or (Vi))ow = 2Vo
Similarly for the diode (D) as conducting and (D) non- conducting

v, -2 sinal or (Vi) 2V
So the peak inverse voitage (PIV) for the diode used for full wave rectifier circuit is
2V,, each diode must have sufficient insulation to with stand this voltage, or PIV

rating greater than 2V,
Voltage regulation: The Voltage regulation is given by

- (th‘ )nu lead (I/dt' )ﬁlll load

V.R =
(Vllc )]ull Tocd /
R 2V, R, +R,
Here W)= —FoR ol D
n(R, +R +R) 7| R,
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W W RAR W,

T ARI+R ) e 1.4.6
T T R,' T lk'( ! N ) ( )
Here we have assumed (Rf 1 Ry )< R,

At no load (open circuit R =), lgc= 0, and Vy:=2Vo/m.
At full load we have,
(VJ( )jitll Iua(; = (th' )nn lood — (]dc )jull lowd (RI -+ R-\' )
(1 de ),/u// lowd (R,r + Rs )
(2Vo I )" (1 e ),mu Joad (R,/' + Rs) ]

.. Voltage regulation = [

Current rating of diodes: The current rating of each diode |, must be greater than
half the dc load current.
1.5 Full-wave rectifier using diode bridge:

Ac input

+
vO\ﬂ
Fig.3 Full-wave bridge rectifier
Ac input ) .
. In VAM-’

..............

Ry

0
L/
AQppgy—

Transformer
Fig.1.4 Full-wave bridge rectifier
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The center-tapped transformer used in the circuit of Figs.1 and 2 is usually more

expensive and requires more space than additional diodes. So, a bridge rectifier

is the mot most frequently used for full-wave rectification. The bridge rectifier

circuit shown in Fig.1.3 consists of four diodes connected with their arrowhead all

pointing toward the positive output terminal of the circuit. Diodes Dy and D, are
series-connected, as are D; and D,. The ac input terminals are the junction of D,

and D, and the junction of Dy and D,. The positive output terminal is at the

cathodes of D, and D3, and the negative output is at the anodes of D, and D,

' During the positive half-cycle of input voltage, diodes D, and D, are in series
with R_. Thus load current (1,) flows from the positive input terminal through D, to
R. , and then through R, and D, back to the negative input terminal. Note that the
direction of the load current through R, is from top to t .t:om. During this time, the

. positive input terminal is applied to the cathode of D,, and the negative output is
at D, anode. So, D, is reverse biased during the positive half-cycle of the input.

"Similarly, D; has the negative input at its anode and the positive output at its
cathode during the positive input half-cycle, causing D to be reverse biased. The
‘diodes D, and D; are forward biased during the negative half-cycle of the input
waveform, while D, and D, are reverse biased. Although the circuit input terminal
polarity is reversed, |, again flows through R, from top to bottom, via D; and D, .

In Fig 1.4, the bridge circuit is drawn in the conventional form which is seen in
various text books. The working is same. It will be easy to remember the diode
bridge arrangement, if we follow the Fig1.3.

It is seen that during both half-cycles of the input, the output terminal polarity
is always positive at the top of R., negative at the bottom. Both positive and negative
half-cycles of the input are passed to the output. The negative half-cycles are
invarted, so that the output is a continuous series of positive half-cycles of sinusoidal
voltige.

Thei bridge rectifier has two forward-biased diodes in series with the supply voitage

and the load. Because each diode has a forward drop (Vr), the peak output voltage

is, ‘ ‘
Voo = Vpi - 2Vk |

As in the case of the half-wave rectifier. A reservoir capacitor substantially changes

the full-wave rectified output voltage waveform and affects the diode current and

voltage requirements.




111 B.Sc ELECTRONICS PAPER IlI 1. 16 RECTIFIERS AND POWER SUPPLIES

1.5.1 Average current and voltage components of a full-wave bridge rectifier
Instantaneous currents through the load R, will be given as

i - l/0
bl
(2R, +R, +R))

sinax = I, sin ax during 0 < wt <,

lbz =Q

and Also
Jo1=0 . during T < wt < 21T,
, V
Ipy =

(2R, +R, +R))

sin(a¥ + 7) = -1, sin}ax

. Thus the maximum current through the load is

VO
(2R, + R, +R,)

sin(ax) = [,

The expressions for the average dc, r.m.s value of current, rectifier
efficiency and ripple facto; may be obtained as for the full-wave rectifier.
21, 2V,

Iy =—= ,
7 #m2R, 'R +R))

_ W,
“ xll+QR, +R)/R,|

1, =" :
m \5(21{, +R, +R,))

81.2
[1+(2R, + R, )/R,]

%of n=

And r =0.48

The peak inverse voltage across'each diode is the peak voitage (V,) across
the secondary of transformer instead of 2V,, the PIV value for full-wave
rectifier.

1.5.2 Advantages and disadvantages of bridge rectifier
1. Small transformer can be used.
tsvCentral tap on the secondary of the transformer is not required.
2 PIV per diode is V; instead of 2V, in a fulkwave rectifier.
The main disadvantages of this type of rectifier are
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1. The circuit requires two extra diodes, and
2. It has a poor voltage regulation.

1.5.3 Peak loss

An aspect of most rectification is a loss from peak input voltage to the peak outpht

voltage, caused by the built-in voltage of the diodes (around 0.7 V for ordinary silicon

p-n-junction diodes and 0.3 V for Schottky diodes). Half-wave rectification and full-

wave rectification using two separate secondary windings will have a peak voltage

loss of one diode drop. Bridge rectification will have a loss of two diode drops. This

may represent significant power loss in very low voltage supplies. In addition, the
diodes will not conduct below this voltage, so the circuit is only passing current

through for a portion of each half-cycle, causing short segments of zero voltage to

appear between each "hump"”.

1.5.4 Comparison of half-wave and full-wave rectifiers

1.

In half -wave rectifier, the current flows through the secondary of the
transformer zalways in the same direction, the dc saturation of the
transformer core takes place. This produces hysteresis loss and harmonics
in the secondary output and reduces the efficiency of transformer. In a full-
wave rectifier equal currents flows through the two halves of the center
tapped secondary of the transformer in opposite directions and hence no
core saturation exists.

The average or dc values of currents and voltages are double in case of
full-wave in comparison of half -wave rectifier.

Effective or r.m.s value of output current in full-wave rectifier is ¢ times the
value for half -wave rectifier.

The dc power delivered to the load by a full-wave rectifier is 4 times the
power delivered by a half-wave rectifier.

The fundamental angular frequenc;y term is eliminated in full-wave rectifier
secondary harmonics component (2w) in the output of full-wave rectifier is
easier to filter out.

Efficiency of full-wave rectifier is twice that of half -wave rectifier.

. The ripple factor of full-wave rectifier is quite low (0.48) than of a half -wave:

rectifier (1.21). The full-wave rectifier converts higher percentage of power
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into desired dc power with smaller portions as undesired ac. So for a haif -

wave rectifier a comparatively expensive smoothing filter is required.

8. The full-wave rectifier diode must be chosen such that is insulation strength
is sufficient to withstand the peak inverse voltage of 2V,. PIV is V, only for
a diode of half -wave rectifier.

9. The half -wave rectifier has poor voltage regulation in comparison to a full-
wave, i.e. the change in the output of a full-wave is smaller than that or a
half -wave rectifier. The half -wgwe rectifier has the chief advantage of
simplicity and low design cost and PIV value compared to a full-wave
rectifier. But the above points clearly indicate that a full-wave rectifier has
higher efficiency, higher dc output values, less core saturation, less ripple
factor and higher voltage regulation: So for a better rectification full-wave
rectifier is always preferred than a half-wave rectifier.

1.6 SUMMARY _

Most of the present day electronic units work on D.C. Power supply. Transistor based
circuits need operating vo!tagé in the range between 0 to +30V. Linear IC based'
circuits need +15VD.C. Digital i.C ..ased circuits need +5V. So, it is very essential to .
know how to build a D.C voltage source from A.C mains supply.

A D.C. Power supply can be constructed in three ways.

1. Simple unregulated power supply with filter circuit.

2. Transistor or I.C based Regulated power supply

3. Switching Mode power supply _

Simple unregulated power supply is used in low-cost commercial electronic items
Transistor or I.C based Regulated power supply are used in laboratory and scientiﬁc
electronic equipment.

An unregulated power supply is one that simply i:onverts the A.C. voltage
taken from the A.C. Supply into required D.C. voltage supply at the required current.
It consists of the following parts:

1. Step down Transformer

2. Rectifier

3. Filter circuit
The maximum efficiency of a half-wave rectifier will be 40.6%. But the rectifier
delivers maximum output power when the‘,: load resistance is equal to R; , the
efficiency is now reduced to 20.3 percent only. The effective values of the ac
components of the output exceed the dc vaiue of the output. So, the half-wave
rectifier is not a suitable device for obtaining dc.
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Voltage regulation is a measure of the ability of a rectifier to maintain a spesified
output voltage with the variation of load resistance and is defined as |

output at no load - output at full load
output at full load

voltage reguiation is very poor in half-wave rectifiers.

Voltage regulation(V.R.) =

Ripple factor is defined as the ratio of the effective value of the ac components of the
current or voltage to the direct or average value of the current or voltage i.e.

effective value of ac coniponents
dc value of the components

Ripple factor(r) =

A full-wave rectifier can be formed by
1. A step-down transformer with centre-tapped secondary and two diodes.
2 Four diodes arranged in a bridge form and a step-down transformer.
The output waveform of a full-wave rectifier is a continuous series of positive half-
cycles of sinusoidal waveform.
The bridge rectifier has two forward-biased diodes in series with the supply voitage
and the load. Because each diode has a forward drop (Vk), the peak output voltage
is,
Vo = Vpi - 2Ve

For a given tolerable ripple the required capacitor size is proportional to the fozd
current and inversely proportional to the supply frequency and the number of output
peaks of the rectifier per input cycle. The load current and the supply frequency are
generally outside the control of the designer of the rectifier system but the number of
peaks per input cycle can be affected by the choice of rectifier design.

A half-wave rectifier will only give one-peak per cycle and for this and other reasons
is only used in very small power supplies. A full wave rectifier achieves two peaks per
cycle and this is the best that can be done with single-phase input.

1.7 KEY TERMINOLOGY

Regulation: Keeping a parameter to be in set limits irrespoctive oi the diner
parameters that otherwise cause changes in the first parameter

Unregulated D.C. power supply: A D.C. supply that has no mechanism to keep its
output voltage at a constant value when changes in load current or input supply value
changes.
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Rectifier: A rectifier is a diode. There are two types of rectifiers. 1) Signal rectifier 2)
Power supply rectifier. Even though basically both the types perform the same task, a
signal diode is used to rectify modulated r.f waves to recover the modulated signal or
for demodulation .A d\pde meant for use as a rectifier in power supply will have large
current carrying capacity and large reverse break down voltage.

1.8 Self assessment Qi'astions:
Long answer Questic: :»

1. What is a re-tifier?. Explain the working of a full-wave rectiﬁér. Obtain
expression for . verage and RMS values of current and efficiency.
Describe the wort.it.y of a fuli-wave rectifier with centre tapped transformer.

3. Describe the V'(io?king of a full-wave rectifier and obtain expression for
efficiency. }

4. Explain the circuit diagram of a bridge rectifier and explain its operation with
waveforms. Derive expressions for its efficiency and ripple factor.

A half-wave rectifier uses silicon diode with a forward resistance of 0.05 ohms and a
threshold voltage of 0.7 Volt.It has a secondary emf of 14.4 Volits(r.m.s) with a
resistance of 0.2 ohms. For a load resistance of 15 ohms calculate

i) dc load current, ii) dc load voltage, 111) voltage regulation and 1V) efficiency.

Short answer questions

1. The dc output voltage is 40 Volts at full load and 41 Volts with out any load
current. calculate the load regulation factor in percent

2. If the output voltage of a centre tap full-wave rectifier is 100V. Determine the
peak inverse voltage.

3. Explain about 1 - section filter.

4. Compare half and full-wave rectifiers

5. A full-wave rectifier delivers 50W to a load of ZJ0ohms. if the ripple factor is
2%, calculate the a.c. ripple voltage across the load. »

.6. A half wave rectifier uses a transformer of turns ratio 8:1 . If the primary

voltage is 230V (r.m.s), find (i) dc output voltage.(ii) peak inverse voltage.

7. A full-wave rectifier uses a centre-tapped transformer. The ac voltage from its
centre tap to either end is 10 sin 314t. The load resistance of the circuit is
40Q and diode resistance 10Q . Find ly. ... ripple factor and efficiency:.
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8. An ac supply of 230V, 50Hz is applied to bridge type full-wave rectifier circuit
through a transformer of turns ratio 4:1. Assuming the diodes to be ideal and
resistance R = 200 Q, find i) dc output voltage, peak inverse voltage, output
efficiency.

1.9 Text and Reference Books:

1. Integrated Electronics by Millman and Halkias
2. Basic Electronics and Linear Circuits - Bﬁargava etc

REFERENCE BOOKS

1. A text lab manual in Electronics by ZBAR (Tata Mc graw Hill)
2. Electronics fundamentals by JD Ryder
L3.,E'Iectronic Devices and Circuits by Samuel Seely.




UNIT | LESSON 2
D.C.POWER SUPPLY WITH VARIOUS FILTERS

OBJECTIVES OF THE LESSON
To learn about the effect of filters on the performance of power supplies.

STRUCTURE OF THE LESSON

2.1 Introduction

2.2 Half-wave rectifier with shunt capacitor filter

2.3 Full-wave rectifier with shunt capacitor filter

2.4 Full-wave bridge rectifier with shunt capacitor filter

25 Half-wave rectifier with series inductance filter

2.6 Full-wave rectifier (with two diodes and) with series inductance filter
2.7 Full-wave rectifier (with two diodes and) with L-section series inductance fiiter
2.8 I1-section filter or capacitor input filter

2.9:Summar/

2.10 Key terminology

2.11 Self assessment Questions

2.12 Text and Reference Books

2.1 INTRODUCTION

While half-wave and full-wave rectification suffice to deliver a form of DC output,
neither produces constant-voltage DC. The ripple is 121% in the output of the half -
wave rectifier, and 48% , in the full-wave rectifier. This large amount of ripple can not
be folerated especially in power supplies. The unwanted ac-components of the
output can be filtered using filter circuits discussed in our first year course.

To smooth the output voltage of rectifiers, filter circuits (also know as
smopthing circuits) are used. There are the various combinations of the capacitors
and inductors. These are low pass filters.

The imost common arranggments Qffilter used are: (a) shunt capacitor b) series
indugtor (c) L-section and . [1-section filters.

2.2 Half-wave rectifier with shunt gapacitor filter:

A capacitor connected in parallel with the lag#l resistance serves, effectively as a
fikter for ac components. The simple circuit fitpscapacitor filter half-wave rectifier is
shown in Fig.2.1. The reactance offered by capacitor X. = 1/wC, so for dc (w = 0),
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it offers an infinite resistance, while for any frequency (ac), its value decreases
with increase in frequency. So, if the resistance due to capacitor is very small in
comparison of load resistance (i.e., 1/wC<< R,), then most of the ac or harmonic
components will bypass through capacitor and will not appear through R,. This

will improve the D.C. output.

RECTIFIERS WITH VARIOUS FILTERS

Ac input
I~ AAyp i
v LT
:: R Vou
i
<

0.8, m 2I'lv+84

During the first qbarter vycle of ac source voltage, the diode is forward-
biased, it charges the capacitor to the peak voltage Vo. Just past the peak. the
diode gets reverse biased and stops conducting. it is because the source is slightly
. less than V, the voltage across the capacitor. Now the voltage across the capacitor
decreases exponentially due to its discharging thratgh-thedead resistance R.. The
C and R, are so chosen that the time constant (t =BR, ) is"much greater than the
| period T of the input signal. Thus the capacitor will lose onky.a:smatl-part of charge,
during the time diode remains reversed biased or in the off position. Therefore the

Fig: 2.1a Output wave form of a half-
wave rectifier with shunt capacitance

fall in potential at the load will be small.



ACHARYA NAGARIJUNA UNIVERSITY 23 CENTRE FOR DISTANCE EDUCATION

During the next bositive half cycle, the diode will conduct again when the
input voltage exceeds the capacitor voltage. Thus the capacitor will be recharged to
the peak voltage.

The diode conduction (current flow) will be only for a short period (8, +6,) and
that too in the form of pulse and from 6, to (2w+ 6,) the discharge of capacitor will
take place. During this discharge the source is disconnected; so, the diode acts as
an automatic switch. Thus we see that the charge lost by the capacitor during each
cycle is replenished periodically by the current pulses. |
' During the charging intervali, =i, -+/, and since the diode switch is closed, the

supply voltage v = V,sinat , hence

dv.. v,

o= O 2 s 221
Iy a R ( )

During the conducting interval, one can assume v, =v = V,sinat, therefore
i, =@CV, cosat +(V, /R, sinat Cat, <aet<at,

i, - %’— I+ @’ R2C* )sin(cr + ¢) where ¢ = tan™' @R, C.

1.

At ax=6,,i, =0 and we have
@CV, cosf, +(V, /R, ksin8, =0 ‘or 8, tan"'(-wR,C)
¢=tan" (&R, C)=r—tan"' (- wR, ()= 7 -6,

V b " R
and i, —ki 1+ R2C? )sin(wr, 1+ @) of, <ok <at,.
2

For the period between ax to 27 +ax,, the rectifier is not conducting i.e.,
i, =0 énd solution of Eq.2.2.1 becomes
v = Ae” M
ar = ak,,v,. =V, sin aP, hence we have
wCV, cosb, +(V, /R, kind, =0 or 6, =tan"'(-wR,C)
¢ =tan” (@R,C) =7 ~tan"' (- wR,C)= 7 -6,

and i, -%1 I+’ R;C? )sin(art, + ox) at, <t <a,.
2 ¢

For the period between a¥ to 27 +a, , the rectifier is not conducting i.e.

i, = 0and solution of Eq. 2.2.1 becomes
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- R

v,. = A¢

At . @t =ty v, =V,sine¥, | hence we have

~{ety =k ) ek C

v = Vysinax,e at, <at < (27 +at,)

)

At ot =wt, +27,v. = V,sin o, hencewe have

sin o, = sin ot je lmrarmen Y ity JFUT R (22.2)

. This relation shows that wt, decreases and wt, increase with wR.C i.e, the
conduction angle is short for large values of capacitance. The dc voltage across
the load can be calculated-by averagisfg the capacitor voltage v¢ over a cycle, as

V,= —2-1—7; ﬂ V, sinwr d (o) + 52—{— rm' V, sin ot eV =i (o)

({8 o
N

After integrating and substituting the values from eqs and , we get

V, = _2YL Nl +@ RIC? )[] cos(a)l_, "U’u)} .................. (2.2.3)

V4
This relation shows that ¥, =V, /2x for low values of capacitance and

reaches to the peak value of the voitage for large values of capacitance. High
value of wR,C is needed for a small ripple.

2.3 Full-wave rectifier with shunt capacitor filter

D,
" output
— 4+
>A(: input §
Q@ L
Vou
Transformer: D
Fig.2.2 Full-wave rectifier with two diodes
and with a shunt capacitance filter
2
E Vo

i_______;‘._>l

Fig.2.2a Output waveform of a full-wave
rectifier with shunt capacitance filter
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The operation of the full wave circuit is similar to that of the half wave circuit with the

discharge time of the capacitor running only to z + ¥, instead 2z + ax,. The.cut in

angle can be recalculated by the use of 7 in place of 27 .

~(y +2x—ct, ). ey

sina#, =sin ax,e
The dc voltage can be calculated by averaging the capacitor voltages from ax, to

x + ax, and noting that there are two such pulses per cycle.
V, = Yo o+ @’ RC* - cos(ax, - ar, )] (2.3.1)
T

Thus the variations in V4 by the load resistance R, are much smaller for the full-
wave rectifier than for the haif-wave rectifier i.e., the voltage regulation is better for
the full-wave circuit.

" Because of complex wave forms, the output wave is taken to be a triangular
waveform for nearest approximate calculatlons There are made of pomons of
sg‘aaght lines, as shown in Fig.2.2a, peak value V, (maximum voltage at the
capacntor) Er is the fall in voltage across the capacitor at the load. So, the avErage
or dc value of potential for such output is given by

| V,=V,~V, /2. 2.3.2)

de

The rms value of triangular ripple wave is given by _
rm\ VR /2‘/—— . (233)

. i
i.e., the rms value of the ripple component of the triangular wave depends on the
pék value (Vg) of wave and indenendent of slope or length of the straight lines.

lec = rate of loss of charge from capacitor = loss of charge due to a drop in
polential (V) divided by T/2, i.e., half period S
1, =2CV, /T =2C.fFV,(as [ is the frequency) (2.3.4)

So] dc potential across the load R, is given by
Vi = LR, =2CfV,R, | (2.3.5)

The ripple factor is given as

v,

s

) Ver3 (2.3.6)
Ve 2CfViR,  4B3/R,C
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This shows that ripple factor raises inversely as time constant R.C. Then the ripples
will be smoothed when the value of C or R, is high and shunt capacitor filter is only
suitable for low output currents.
As 1, =20V, or V, = 1.720f.
Therefore, the output voltage
V, =V, -1, /4Cf. or V, = V(1+1/4fCR, )"

This relation shows that the output potential falls linearly with the increase in direct
current and a simple capacitor filter will posses a poor regulation unless we have
high value of the capacitor C. Thus, the regulation of series indudor is better than
that of the shunt capacitor filter.

Shunt capacitor is known as a reservoir capacitor, filter capacitor or
smoothing capacitor, is placed at the DC output of the rectifier. There will still
remain an amount of AC ripple voltage and the voltage is not completely smoothed.
Sizing of the capacitor represents a tradeoff. For a given load, a larger capacitor will
reduce ripple but will cost more and will create higher peak currents in the
transformer secondary and in the supply feeding it. In extreme cases, where many
rectifiers are loaded onto a power distribution circuit, it may prové difficult for the
power distribution authority to maintain a correctly shaped sinusoidal voltage curve.
2.4 Full-wave Bridge rectifier with shunt capacitance filter

For many applications, especially with single phase AC, where the full-wave
bridge serves to convert an AC input into a DC output, the addition of a capacitor
may be important because the bridge alone supplies an output voltage of fixed
polarity but pulsating magnitude

The function of this capacitor, known as a reservoir capacitor is to lessen the
variation in (or smooth) the rectified AC output voltage waveform from the bndge
One explanation of 'smoothing' is that the capacitar provides a low impedance path
to the AC component of the output, reducing the AC voltage across, and AC current
through, the fesistive load. In less technical terms, any drop in the outpat\’voltage and
current of the bridge tends to be cancelled by loss of charge in the capacitor. This
charge flows out as additional current through the load. Thus the change of load
current and voltage is reduced relative to what would occur without the capacitor.
Increases of voltage correspondingly store excess charge in the capacitor, thus
moderating the change in output voltage / current.

The idealized waveforms shown above are seen for both voltage and
current when the load on the bridge is resistive. When the load includes a smoothing
capacitor, both the voltage and the current.waveforms will be greatly changed.
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Ac input k |
DOy

Transformer
Fig.2.3 Full-wave bridge rectifier

IO A\

.Edc,

Fig.2.3(b) The effect of capacitance
on full wave rectiﬁer’ output

While the Voltage is smoothed, as described above, current will flow through the
bridge only during the time when_the input voltage is greater than the capacitor
voltage. For example, if the load draws an average current of n Amps, and the diodes
conduct for 10% of the time, the average diode current during conduction must be
10n Amps. This non-sinusoidal current leads to harmonic distortion and a'poor power
factor in the AC supply. - '

In a practical circuit, when a capacitor is directly connected to the output of a bridge,
the bridge diodes must be sized to withstand the current surge that occurs when the
power is turned on at the peak of the AC voltage and the capacitor is fully
discharged. Sometames a smail senes resistor is included before the capacitor to limit
thls current, though in most appllcations the power supply transformer's resistance is
alteady sufficient. * 7% 0
Precautions to be taken in using a D.C. Power supply with shunt capacitance
‘ﬂiﬁrt ) ' S S ew . .

The simplified circuit shown in Fig.2:3 'has a well deserved reputation for being
dangerous, becauss, in some applications, the capacitor can retain a lathal charge
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after the AC power source is removed. If supplying a dangerous voltage, a practical
circuit should include a reliable way to safely discharge the capacitor. If the normal
load can not be guaranteed to perform this function, perhaps because it can be
disconnected, the circuit should include a bleeder resistor connected as close as
practical across the capacitor. This resistor should consume a current large enough
to discharge the capacitor in a reasonable time. but small enough to minimize
unnecessary power waste.

Because a bleeder sets a minimum current drain, the regulation of the circuit,
‘defined as percentage volitage change from minimum to maximum load, is improved.
However in many cases the improvement is of insignificant magniiude.

The capacitor and the load resistance have a typical time constant T = RC
where C and R are the capacitance and load resistance respectively. As long as the
load resistor is large enough so that this time constant is much longer than the time
of one ripple cycle, the above configuration will produce a smoothed DC voltage
across the load.

In some designs, a series resistor at the load side of the capacitor is added. The
smoothing can then be improved by adding additional stages -of capacitor—resistor
pairs, often done only for sub-supplies to critical high-gain circuits that tend to be
sensitive to supply voltage noise.

In a practical circuit, when a capacitor is directly connected to the output of a bfidge.
the bridge diodes must be sized to withstand the current surge that occurs when the
power is turned on at the peak of the AC voltage and the capacitor is fully
discharged. Sometimes a small series resistor is included before the capacitor to limit
this current, though in most applications the power supply transformer’s resistance is
already sufficient. '

2.5 Half-wave rectifier with Series inductance filter

A filter circuit can also be formed by connecting a choke (inductor) in series
with the load R,. Ti!é inductance (L) of choke is quite high than its resistance (r.). In
order to maintain a high value of L for a wide variation in current flow, some chokes
use an iron core with a small ait gap to prevent saturation. The inductor offers a high
series impedance Z=r}!+w’L’ in path of ac or harmonic components ang
opposes any change of current passing through it. Actually an inductor stores the
energy in the form of magnetic filed when the current raises from the average value
and thus reduces the ripples from the output. The Fig.2.4a shows the circuit
diagrams of a half-wave with the series inductor filter.
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if v = Vg sinwt is the applied input at the diode, the output without filter will be as

shown by dotted curves. In the case of haif-wave rectifier with series inducto}, the
growth of current exists from 0 to /2 part of the output which is opposed by the

inductance coil and from /2 to 0 there is a fall in current which is not allowed by
Ac mput .

the coil

CTTTThETITTT ,>*A_A_’ oo Olltplll
— _._.::....INWWH —
. L )

............... <_.___.
Transformer
Fig 2.4a Half-wave rectifier with series inductance
filter
IV
i
0 m O 2 wt —»

Fig.2.4b Wave shape of the output voltage and
current in a half-wave rectifier with series
Inductance filter

$So period of the current conduction is’increased from O to 11 to 0 to (1T+8,). 6, is
. known as cut-off angle and its value increase with the increase in L. Thus the gap

of w to 2w part of the cycle in the output has been filled to some extent by‘

introducing a series inductor in the circuit due to the induced e.m.f.

)

' 2.6 Full-wave rectifier (with two diodes and) with series inductance filter

In the case of full-wave rectifier, the period of conduction in the second rectiﬁer
will start before the current in first has ceased. Thus the currents through the
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inductor and ioad resistance never drops to zero, as shown by continuous curve
in Fig.2.5(b)

Ac input

Transformer
D,
Fig.2.5a Full-wave rectifier (with two diodes) with series
Inductance filter
ll.ond
0 mw 0 2 “wt—

Fig.2.5b Wave shape of the output voltage and
current in a full-wave rectifier with series
Inductance filter
dc output. Fourier analysis of the output waveform for full-wave rectifier is given

by .
’ )
v :--—2—V—“— |- —2—c052wt--—";-cos4a}l ............. (2.6.1)
7| 3 15 i

The first term is the dc component of the input filter voitage.

Assume that Rg the resistance of the secondary of transformer and R; the
~_dynamic forward resistance of each diode are negligible. If r_ be the resistance of

inductor (or choke) and R, is load resistancé, then the (dc) current through and

voltage across the load can be given as
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} 2, :
== M k) @
7(» +R, ) L(/’ ! B )

, WK 2, ,
and ¥y =L Ry = ——l = T8 0637V, {fy 2 R,)
z(r, + R, ) ra "~

As r_ will always be quite small than the load resistance R,

A .
p14 )
Vn’.,- = __;/_0 I+ _r/‘_] = -_0( ) - _r’,) 0 ﬁ3)
T R, . T\ R, .
W Wy W,
n .’l‘(R,.) n

Voltage regulatioti: when there is no lcad Iy is zero, and (Vichne wau = 2VohT,
therefore the vo!iagu regulation

e ®) (L
./

V.R.= oy ML/

R (2.6.4)
(; )Iulllaad i'\ g ‘) (1‘,‘ )’/l

As the inductor (or choke) resistance is quite sriwult, hence the regulation factor is
also reduced, which means a better reguiation.
Ripple factor: As the émplitudes of the higher harmonic terms are very small,
hence their effects for producing ripple will also be very small. so only first ac
component, i.e., (2Vo/T)(0 cos 2wt) is used for calculation of ripple factor. While
neglecting higher harmonic terms, we have considered that the inipedande due to
inductance at high frequencies was also high and thus there was a better filtration
for these terms. From the elementary circuit theory we can write the aiternating
current through the load resistance R, as
; W cos(2at - ¢)
v 3 [ R +QaeL) |7
Where R, = (r_+ R()and ¢ = tan"'(2wL / R,). This is the angle by which the current
lags behind the alternating voltage.
| Thus the effagtive or rms »f_alue of ac at the output can be written as
4y,
3nv2lR? + 2oL P ]

Hence ripple factor r = /' / I,

[ 4, "(2:/0]"'
3r42[R + QuLf]” R

(2.6.5)

I ms =
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= -—JZ ! (2.6.6)

3r W+ Ral/r, +R) ¥

From this equation, we have

1. (i +R)>>2wl, the ratio 2i.oL/(rL+RL) can be neglected in comparison to1, 8o
r =/3=0471, it was 0.48 for Without filter, so under such a condition the
filtering is poor.

2. if2wlL >>(rL+RL). so 1'can be neglected in comparison to the ratio ( 2WLR,)?
in the denominator, so -

J2(r, +R r +R,
ro ?;L?af) = 0.236(;61:—& (26.7)

This shows that rcan be decreased by using a choke coil with high inductance
and low resistance. Being w in the denominator, the higher frequencies will have
less ripple factor. The ripple factor decreases as we decrease R, or increase
load current.

2.7 Full-wave rectifier (with two diodes and) with L-section series inductance
filter:

The L-section or Inductor input Filter: This type of filter is the combination of
Series Inductor and the shunt capacitor filters. It gives very low. value of.ripples
at all loads and hence used frequently in the electronic equipments. The circuit
for full wave L-sectio'n filter is shown in Fig.2.6a '

Ac input

v

b A0
PR

[P QU g g

« .Transformes!. Dz~

‘1

Fig 2.6a: Full-wave rectifier with two diodes with L-section filter

The Inductor L offers a high inipedance to the ac or harmonic components and thus
reduces there components from the output. The shunt capacitor bypasses the ac

-,
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components around the load. Thus the ripples in output are reduced considerably.
The dc voltage-and ripple factor may be calculated by taking the first two terms in the
Fourier series representation of the output voltage of full-wave rectifier as

W, 7
v-:.( ) (4 "Jcos2wl @.7.1)
V.4 \3r

0 ‘ wt —»

Fig.2.6b Wave shape of the output voltage and current in a full-
wave rectifier with series Inductance filter

it is equivalent to a dc source in series with an ac source having twice the power line
frequency. it the sum of the resistances of diode, secondary of transformer, choke is

negligible and the load resistance is.R, then
V, - -}-‘l ~1.R,. (2.7.2)

The values of X_ and Xc at second harmonic of supply frequency (i.e., for a supply

freqdency w) are 2wl and 1/2wC respectively. The Input impedance of the filter

circuit at the second harmonic frequency 2w is
JR, 20C

R - j/2aC

The second harmonic e.m.f allows the ac current in the inductor L, given as

( ) _ l 8w (¥,
" 27r Z 37r\/—(4(o LC- I)'

If we assume that the entire as passes through the capacitor then /. ~ I, where Ic

Z, < 2jal - OR |2,]=(4LC - 1)/ 20C

Z,

(2.7.3)

and |, are alternating currents through C and L respectively. Thus the ac potential
across the load (ripple potential) is the potential across the capacitor and is given by

U (1 ),m 4V,
= I 'L --D

V. . 114
Ripple factor r = -2 = 2 12V, I r)
 Ripple 1 v, [3m/“ 240’ LC)]

- 0.47/(3e°LC 1) (2.7.4)
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Sine the Inductor filter has low ripple on heavy loads and the capacitor filter haé low
ripple on light loads, hence it is reasonable to assume that the Inductor input filter
has suitable characteristics at all loads. For light loads (R, =w), the capacitor
charges to the peak voltage with the dc output Vo As R, is decreased, the diode
switches the supply voltage on to the filter and capacitor C is charged to the peak.
The dc voltage will be lowered. The diode action is as for the shunt capacitor filter. As
the load current is further increased, the discharge of the capacitor is more rapid and
the effect of the inductor is appreciable. The upper part of Fig.2.62 shows the
variation in V. with Ig. Here current I« indicates the point at which continuity of load
current is obtained and then filter begins to act more like an inductor filter and less a.
shunt capacitor filter, because of good régulation at the higher load currents. The
lower part of Fig.2.62 shows the output current for L-section filter.
To determine I« , let us equate the current |4 and peak-second harmonic current l, as
(2v,/z)/R, (41, /37)/Z,.

It gives R =1.5Z,, i.e., the current in the input inductor becomes continuous and the
output voltage levels off at a load having resistance equal to 1.5 time harmonic
impedance of the filter circuit. Thus the critical value of . x inductor input

L, =Z,/2w0 R 13w - I, ~2V,/7R, . 2V,/3nwl,
The value of ripple may be further reduced by adding more stages of L-sections.
Each section reduces the ripple factor l/(4a)3L(" - l) The two stages L-section filter

circuit is shown in fig.2.7

v [~ >
|

D,

Fig.2.7 Full-wave rectifier with two L-section filters

Output can also be smoothed using a choke and second capacitor. The choke tends
to keep the current (rather than the voltagé) more constant. Due to the relatively high
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cost of an effective choke compared to a resistor and capacitor this is not employed
in modern equipment.

Some early console radios created the speaker's constant field with the current from
the high voltage ("B +") power su.pply, which was then routed to the consuming
Qi{guits, (permanent magnets were then too weak for good performance) to create
the speakér’s constant magnetic field. The speaker field coil thus performed 2 jobs in
pée: ii acted as a choke, filtering the power supply, and it produced the magnetié: field
. ta operate the speaker. |

2.8 I1-section filter or capacitor input filter

'pr providing smooth output voltage, an input C, is added to L-section filter; it forms a
IT -shaped filter. A full-wave rectifier with {1-section is shown in Fig.2.8 The rectifier
feeds directly into the capacitor C,. The triangular output potential wave from this
capacitor is fed into the L-section filter which will further reduce the ripple component.
~ Therefore the filter is also known as capacitor input filter.

Ac input

In e

D, [V_¥l.>
T

v

L

' _Transformer!

Fig.2.8 Full-wave rectifier with two diodes and with n —section
capacitance input filter

Capacitor C, draws a charging current pulse and charged the peak value V; of the
input voltage. It then, discharges through the inductor L and load R, and the inductor
serves to maintain an almost constant discharge current. During the time in which the
capacitor voltage reaches io_a_n appropriate. value, the second diode start conducting
and thus the capacitor is" rééharged. The discharge current of C, is difficult to
evaluate. If r_ is the resistance of the inductor and Iy is the dc component of the
current in it the output potential may be assumed approximately as that from the
capacitor C, decreased by the Iy r, drop in the inductor.
V, Vo=V, 12-1,r,
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=V - IJ‘-(?'/. +”4fC|)
Using V., 1,R  weget

T T r v a A

- This relation shows that the imgulation is good for h'gher values of p,

We know that for the filter connected to a rsctifier at the source frequency w the
important ripple term is of second harmonic frequency. itis. reasonable to neglact all '
harmonic except the second as their conuibutions are very small This vo!hdo is
applied across L-C, filter. Generally the capacitive reactance 1/0.)02 is made small
compared with the load resistance R, to prevent cyclic charges in output cpn'g_,ht from ,
affecting the output voltage. 2wl is made large compared with 1'IZ§»C; tc provlde a
large reduction in the ﬁpple components of voltage. Thus _ | _‘ ' '
20L >>1/2aX, << K, . | o | o

2. ig:2.8b The effect of capacltance
Fig:2.8a Full wave rectifier outpuf on full wave rectifier

From the theory of shunt capacitor filter, the ac-compcnent across the capacitor Ciis
the root mean square value if the triangular ripple wave and is givenby
vV, = V. =V, I243 =l 1230C,

The reactance of C; is made small with recpecttoloadRL Withtheushofvdtage
division method, the npp!e voitage across C, or across RL is

V V VR . Ilza( - ) :vk | | '
2«/— J20L - j12aC, I3 vl
I i

) 4J§ fC, 40'LC, -1

. Rippkfactorr =V 2~/-azR C,&p& ) (2:8.3)

Jq
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With L and C; large, we have 4w’ LC, >> 1. thus the ripple factor across the load

may be written as

r 0216 0216 X, X,

L. (28.3)

r= s
830°LC,C,R, @'LCC,R, R, ~ X,
where the reactances are calculated at the supply frequency. Since ral/R, , the

ripple increases with load current.
2.9 SUMMARY

One of the important uses of filter circuits is in Rectifier circuits. Rectifier
drcuits provide pure D.C. voltages and currents by rectifying the alternating voltages.
However, their output contains D.C. component and A.C components. The AC
components are called ripple and have frequency components at the input A.C
frequency (in India the power line frequency is 50sz) and its harmonics. As such the'
unreguiated rectifier is not fit for using it as a D.C. power supply. The unwanted ripple
must be removed. A capacitance placed across the rectifier circuit comes in shunt
with the input resistance of the device to which the rectifier circuit is connected to
power it. The input resistance of the device and the capacitance connected acroés it
form an RC filter. The value of capacitance is selected such that its reactance at the
fundamental frequency of the input A.C. source is zero. The A.C ripple gets filtered
aut and only DC voltage appears across the load resistance. An inductance placed
in seriés with load resistance form an LR-filter. A large value of inductance (in
Henries) is used for this. The reactance of the inductor is so large such that ripple
\Aoltage drops across it and will not appear at the output. As the cost of inductor is
high, sometime in low cost circuits, a resistor is used instead of an inductor.
However, a resistor drops both A.C and D.C voltages. The series resistor drops
some D.C. voltage and hence the D.C. voltage will be less than the required value for
load. The heat generated may affect‘the. performance -of other components in the
circuit. The RC and LCfilters are used to remove these A.C components. A
resistance or inductancesls used tseries and the capacitance will be in shunt. These
series inductance.or sssistanosevalue is so selected such that it offers maximum
resistance to A.C or nippie comiponent. The shunt cépacitance is so selected such
that it offers zero resistance 6" ®.C. components, so that the ripple component is
bypassed and it will not appear at the output. The series resistance (or inducfance)
and shunt capacitance filter is called an L-section filter because of the appearance
like English alphabet “L",
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Two L-sections are connected to form a - section filter. It can be shown that the n-
" section filter can more effectively remove ripple than single L-section fiter. The
performance of a filter to reduce ripple is measured by ripple factor, which is the ratio
of the ripple output voltage to the D.C. voltage. LC filters are costlier to fabricate than
RC filters, however very low D.C. resistance of inductances helps us in avoiding
large D.C. voltage drops which otherwise occur if we use RC filter. Further, it can be
shown that unlike RC-filter, an LC-filter ripple is independent of load resistance.
When we use LR and LC-filters, the surge voltages produced during on and off of the
circuit will be large and we have to use components which can withstand these
voltages. The iron core inductors are not suitable for higher frequencies, as losses
will be more. As load current increases, the D.C. output voltage of the filter
decreases. The variation is more in capacitance input filters (I-filters) when
compared to Choke input filters (LC-filters). The steadiness of output D.C.voltage is
expressed in terms of a parameter called voltage regulation which is defined as the
ratio of the change in voltage with respect to no load voltage to the output voltage at
maximum current drawn.

2.10. Key Terminology

Low-pass filter: A low —pass filter allows to pass through it frequencies below a cut-
off frequency. Above this frequency, all the frequencies are heavily attenuated.

Phase angle: A sinusoidal wave changes its phase angle from 0 to 2 radians or 0 to
360° as it completes one cycle. In the first half cycle, the phase change will be from 0
tow. '

Biasing a diode. Keeping a potential difference between anode (p-) and cathode (n-).
If the anode is more positive than cathode, a diode gets forward biased. Under this
bias, its resistance becomes very low and allows current to pass through. When the
diode is reverse biased, i.e. if anode is negative with respect to cathode, no majority
carrier current passes through it. It offers very high resistance and only minority
carrier current, in micro or nano amperes, flows.

Peak value, average value, and rms values of a signal.

Peak value (positive) is the maximum positive value attained by .the signal in a cycle.
A sinusoidal signal reaches positive peak and a very low negitive value in a cycle.
The lowest value achieved in a negative part of the cycle is calied a negative pedit:
For a sinusoidal signal, negative and positive peaks will have same magnitide. ina
cycle. For every positive value of the sine wave there will be an exiiétly equal
negative valpe, $0 that, the average value of a sinusoidal signal over a cycle or 217 {8
zero. So instead of taking simple average, square root of the sum of squares of the
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sine function is defined, and this is called root mean square value or simply r.m.s.

value. It is the value, we get when an ac signal value is measured on a multimeter in

a.c.setting.
2.11 Self assessment Questions

Long answer Questions

1.

Explain the working of an unregulated power supply with shunt capacitor
filter.

2. What are the problems associated with such a power supply.

Explain the working of a choke input filter. Compare its performance with a
shunt capacitor filter.

4. What is an L- section filter. Explain the working of an unregulated power
supply with an L-section filter.
5. Explain the role of a  filter in removing ripple in an unregulated power
supply with a 1 filter.
6. Draw the circuit diagram of a fqll-wav'e rectifier with 1 filter. Can we replace
~ the choke with a resistor and yet obtain the filter action?
7. Derive expressions for the ripple factor, Voc, and rectifier efficiency of a full-
wave rectifier with choke input filter. '
8. Derive expressions for the ripple factor, Vpc and rectifier efficiency of a full-
wave rectifier with shunt capacitor filter.
‘9. Derive expressions for the ripple factor, Voc, and rectifier efficiency of a full-
wave rectifier with a T filter.
Short answer questions
1. Explain about 1 - section filter.
2. Write notes on various smoothing filters
3. Explain with diagrams, the changes that occur when a shunt capacitor is
added across a full-wave rectifier.
4. Compare a full-wave rectifier with two diodes with that of a full-wave bridge

rectifier with same type of filter.

2.12 TEXT AND REFERENCE BOOKS

1. Integrated Electronics by Miliman arrd Halkias

2. Basic Electronics and Linear Circuits - Bhargava etc
REFERENCE BOOKS S

1. A text lab manual in Eledronics by ZBAR (’Tata Mc graw Hill)
2. Electronics fundamentals"by»JD Ryder

3. Electronic Devices and Circuits by Samuel Seely.
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REGULATED D.C. POWER SUPPLIES

OB%.!ECTIVES OF THE LESSON: To learn about Zener stabilized power supply and
Seres regulated Transistor power supply.

STRUCTURE OF THE LESSON
3.1 Tlntroduction
.3.2 Unregulated power supply:
33 Pegulated power supply
:j) Zener Regulated power supply

ii) Series regulated power supply

M) Transistor shunt regulated power supply
34 bummary :
35 §elf assessment Questions
3.6 Text and Reference Books

3.1 INTRODUCTION:

'In the lessons 1 and 2 of this unit, we studied about the various types of rectifiers
and‘é how their output can be made to contain only D.C. Voitage. These unregulated
poiner supplies will not give constant D.C. output if load current increases or in put
mai(:s voltages changes from 230V A.C. However there is need to keep the output
D.Ci voitage of a power supply constant irrespective of the above mentioned
variétions in load current and mains voltage. In this lesson we learn about these
techniques.

3.2 i‘HE POWER SUPPLY (UNREGULATED)

The‘? power supply unit is an essential type of radio and electronic equipment, as it
supe)lies voltages and currents to various €Components of the circuit. It consists of four
unit&, namely, transformer, rectifier, filter and volta'ée divider. The values of output
voltage and current required will determine the rating of transformer and the type of
the rectuﬁer to be used. The percentage of ripple voltage allowable will determme the
type, of the filter circuit and it components.

' The circuit diagram of power supply umt with I1- sectlon fi lter ls shown in
Fig. 3.1 The voltage regulation can be calculated by measunng the voltage at no load
and 'different loads. It can be shown that the vo!’ga_ge regulation will be better if an L-
sectfon filter is also added to the [T section ﬁ'lter.. It can be seen that the ripple
percentage varies directly as the load current and inversely as the load resistance.
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output

ful 8uk

Fig 3.1: Unregulated D.C. Power supply

Circuit components

1.

Potential source: A.C. supply is generally used as potential source or the input
of the power supply unit.

Transformer: A step-down transfofmer with Iow resistance of its secondary
and negligible leakage reactance is used. For a full wave circuit, the
transformer secondary must have centre tap. Owing to the effect of leakage,
the secondary diode may conduct before the first ceases with an overiap of
the current of voltage. | _
Rectifier circuits: The rectifier circuit may be either of half wave or full wave
type. The latter may use either two diodes (centre tap rectifier) or four diodes
(bridge type rectifier).

Filter circuit : The full wave rectifier does not provide ripple free dc voltage.
The various types of filter or smoothing circuits are used, depending upon the
requirement of the output.

Load : A non inductive high resistance is used as a load. The output of the

power supply is taken across this load.

Characteristics of a power supply:

The quahty of a power supply depends on the following terms.

a) Load regulation — The load regulation, also called load effect, is defined as the

charge in the output voltage for a change in load current from the minimum to
the maxnmum values
Load regulatlon (LR)= (me— Viuioad) 7 Vo load

VNI. -V

% L.R.= %100, N 2 )

NI
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Where Vi is the load voltage with no load current and Vg is the load voitage with

full load current.

b) Source regulation- the Source regulation, also called loads effect or line
regulation is the change in the load voltage for the specific range of line
voltage. ‘

Source regulation (S.R.) = load voltage charge

change in load voltage

%S.R = x 100 - (32)

norinal load voltage

c) Ripple Rejection:- The filter circuit reduces the ripples from the output of the
rectifier. The voltage regulators are used in regulated power supplies to
attenuate the ripple. The Ripple Rejectibn (RR) is usually specified in decibels.

An RR of 80 dB means that the output ripple is 80dB less than the input
ripple, '
i.e., output ripple is 10* times smaller than the input ripple.

;d) Rectification Efficiency: - the rectification efficiency is defined as the ratio of

the dc power delivered to the load to the total input ac power.
Rectification Efﬁciency.(R.E) = F_’pc / Pac.

3.3 REGULATED POWER SUPPLY
' The dc output voltage of the power supply is not constant but
fluctuates with variations in the load. The fluctuation in the output is measured in

terms of voltage regulation which is usually expressed as:

9/ . Vnn lood V_/ul/ toad
o Voltage Re gulation = x100. (3.3)

el foad

The dc output voltage also varies directly as the ac input voltage to the rectifier.
When Zener diodes are used in power supplies with a series resistor, output voltage
is ¢onstant for both input or load changes and is thus called regulator. Zener diode is
therefore called voltage regulator and the whole arrangement the regulated power
supply. The voltage regulators reduce the ripple on the output. Let us discuss in brief
both devices of regulation:

3.3.1 Voitage regulations by Zener diode: Zener diodes can regulate the letages
from about 2 to 200 volts. Some of these diodes have a powery ‘dissipation of 50 {or

| more) Watts.
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Rs AAAAL

I s
Zener dlod}ZS/ T Regulated
Un regulated Ry output

l DC input l

Fig 3.2 voltage regulation with Zener diode

The circuit employing a Zener diode as a voltage regulator is shown in Fig 3.2 .
it is to be noted that the Zener diode is connected in the reverse direction i.e.,
reverse biased. The regulated output voltage is obtained across the Zener to which
the load R, is connected. In the reverse breakdown region of the  Zener diode,
increasing the reverse voltage across the Zener increases the number ’of carriers
produced by the break of covalent bonds, which reduces the diode resistance.
Decreasing the reverse voltage reduces the number of carriers and thus increases

the diode resistance. -

Let Vq4 be the unregulated dc input voltage applied across the series combination of
resistor Rs and Zener diode. The regulated output voltage V. is the voltage across
the load resistance R, connected across the Zener diode. ‘The voltage across the
Zener is very close to Vo = V| Let I be the total current drawn from the supply (or
voitage input), I; the current flowing through Zener and I, the current through the load
R.. Therefore :

d=Iz L and Iz=VU/R..
\pplying Kirchoff's second law to the left part of the circuit (Fig.3.2), we get
Vi =RJ+R, 1,

Vhere R; is the dc-resistance of the Zener diode, since V, =1,R, =1,R,  therefore,

te get
Ve = R.v(lz +1,)+1,R, =R, + Il,(RS.;t‘RI,)
=R, +V,(1+R,/R,) (3.4)

‘This eguation relates the current and -volt’age drop in the Zener diode. Let us
explain the'voltage reégulation in the Zener diode: ‘

Equation 3.4 is the equation of a straight line and is called the load line. For a given
load R,, the intersection of the.load line AB with the Zener characteristic gives the
operating point P of the Zener diode (see Fig.‘3.3). If the load is increased (R,
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debreased), I, increased and I, decreases. For this new load, AB’ will be the new
qud line and P’ the operaiing ‘point As is clear from the figure, though the change in
cu(rent though Zener daode is large (Iz +I'z), but change in the voltage drop across
thq Zener is very small, The voltage drop remain almost constant at V; (as the curve
is ?Imost a vertical line). Thus the voltage drop across the Zener is independent of
ﬂu{:tuatlons in the load resistance R

1 Ve/(1+Rs/Ry) /

Fig.3.3 Characteristics of a Zener diode

Let us assume that R, remains fixed, and the ﬂuctuatnons are in the input
vol?age Vi is mcreased I and Iz will mcrease The load line thus shifts to a new
po#mon CD with the corresponding operating point at Q. Though the current through
thﬂ Zener increases, but the voltage drop across the Zener remains almost the same
at ]Vz Thus the voltage drop across the Zener is practically mdependent of
ﬂugtuatlons in the input voltage and the Zener diodes regulate the rectifier voltages.

PdWER SUPPLY PERFORMANCE:

Source Effect
The ac supply to the input of a transformer in a dc power sugpty does.not always

req\am constant. A + 10% variation in the ac source voltage (Vs) (also.termed line -
vol@age) is not unusual. When the source voltage varies, there is some variation in
tha; output voltage from supply; this output voltage change (AV,) due to a change in
thej input is termed the source effect. in the output varies by100 mV when the source
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voltage changes by t+ 10%, the source effect is 100 mV, an alternative way of stating
this output voltage (Vo). In this case, the term line regulation is used.

Source effect AV, for a10% change inl’,

(AV, for a10% change in V, )x 100%
7

Line Re gulation (3.5)

Load Effect ,

Power supply output voltage is also affected by changes in load current (I.). The
output voltage decreases when |_ is increased, aﬁd rises when |_ is reduced. Tt;e'
load effect defines how the output voltage changes when the load current is
increased from zero to its specified maximum level (I max). If the load current effect is
100mV. as for the source effect, the load effect can also be expressed as percentage
of the output voltage. This is termed the load regulation.

Loud Eﬂec’ = AV() j()r A]/.(umx)

(AV() .for A]/.(ma.\))x 100% v

3.
Vo 30

Load Re gulation =

The performance of a Zener diode voltage regulator may bé expressed in terms of
the source and load effects, and the line and load regulations ma be calculated using.
Eqs.3.5 and 3.6. If there is an input ripple voltage, the output ripple will be severely
attenuated. The ripple rejection ratio is the ratio of the output to input ripple
amplitudes.

To assess the performance of a Zener diode voltage regulator, the ac
equivalent circuit first drawn by replacing the diode with its dynamic impedance (Zz),
as shown in Fig.3.4 o

Ry

z P—% R,
&

Fig 3.4 A.C. Equivalent
circuit of Fig.3.3

¢

The complete ac equivalent circuit is seen to be a simple voltage divider. When the
input voltage changes by AV, the output voltage change is,

) AV xZ,

AV, - 3.7
o R, +2Z, (3.7

|
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Equation assumes that there is no load connected to the regulator output. When a
load is present, R, appears in parallel with Z, in the ac equivalent circuit. The
equation for the output voltage change now becomes,

AE x(Z,//R,)
"RZ, IR

The regulator source effect can be determined from eq 3.7 or eq, 3.8 ds appropriate.

AF, - (3.8)

The equations can aiso be used for calculating ripple rejection ratio. The input ripples
amplitude (V) and output voltages in Eq.3.7 and Eq.3.8. Thus Eq.3.7 can be
modified to give a ripple rejection ratio equation,

AVm — ZZ (3 9)
AV, R, +2Z, '
And, for a loaded regulator, Eq.3.8 gives,
AV Z, /'R
o _ Z Il (310)
AV,  R,+(Z,//R,)

To determine the load effect of the Zener diode voltage regulator, the circuit output

resistance has to be calculated. The regulator Thevenin equivalent circuit in fig.

shows that, assuming a zero source resistance, the circuit output resistance is
R,=Z,/IR, (3.11)

When load current changes by Al,, the output voltage change is

| AV, =AIL(Z,/IR,) (3.12)
improved Voltage Regulation- The performance of a Zener diode is improved with
an emitter follower. The combination of Zener diode/ regulator and an emitter follower
is known as Zener follower. it has two advantages (1) less load on the Zener diode,
and (2) lower output impedance. It thus increases the current handing capacity of a
Zener regulator

' 3.3.2 TRANSISTOR SERIES REGULATOR

When a low - power Zener diode is used inthe simple regulator , the load currents is
limited by the maximum diode current, '

. A high power Zener used in such a circuit can sqpp_ly higher levels of load current,
but much power is wasted when the load is light. The emitter follower regulator
shown in Fig.3.5 is an improvement the simple regulator circuit because it draws a
large current from the supply only when requijred by the ioad. In Fig 3.6 the circuit is
drawn in the form of the common cotlector amplifier. In Fig3.6, the circuit is shown in
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the form usually referred to as a Series Regulator. Transistor Q, is termed a Series-

Pass transistor

R

Q il

¢
. i N\
hd F R r +\

( . + Vi
Ry lin

Sl o

Fig.3.6 Series voltage regulator voltage
regulator

The output voltage (Vo from the Series Regulator is (Vz -Vge), and the maximum

load current (lmax) can be the maximum emitter current that Q, is capable of passing.
For a 2N3055 transistor, I, could approach 15A. When I is 0, the current drawn

from the supply is approximately ( Iz + lc(,',,;n, ). where lcimin) is the minimum collector

current to keep Q; operational. The Zener diode circuit (R, and D,) has to supply only

the base current of the transistor. The series voltage regulator is there, much t;nore'
efficient than a simple Zener diode regulator.

Regulator with Error Amglifier

“A Series Regulgtor using ‘an additional transistor as an error amplifier is shown in

Fig.3.8. The error amplifier improves.ithe line and load regulation of the circuit, the

amplifier also makes it possible to have an output voltage greater than the Zener .
diode voltage. Resistor R; and diode D, are the Zener diode reference souroe
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Transistor Q, and its associated components constitute the error ampilifier that
controls the series-pass transistor (Q,).

Qi

A\

\ :

Fig.3.7 Series voltage regulator with error amplifier

The output voltage is divided by resistors R; and R,, and compared to the Zener
voltage level (V7). C,is a ‘Iarge value capacitor, usually 50uF to 100uF, connected at
the output to suppress any tendency of the regulator to oscillate. '
When the circuit output voltage changes, the change is amplified by transistor
Q, and fed back to the base of Q, to correct the output voltage level. Suppose that
the circuit is designed for Vo= 12V, and that the supply voltage is Vs =18V. A suitable
Zener diode vol}age in the case might be Vz= 6V. For this V; level, the base voltage
of Q; must be, Vg = Vz+ Vg2 = 6.7V. So resistors R; and R, are selected to give Vae
= 6.7V and Vo= 12V. The voltage at the base of Q; is, Va1 = Vz+ Ve = 12.7V also,
Vre = Vs + Ves = 5.3V .The current through R, is largely the collector current of Qz. -
Now suppose the output voltage drops slightly for some reason. ' When Vo
.d&creases, Vg, decreases. Because the emitter voltage of Q, is held at Vz, any
decreases in Vg; appears across the bas.e-emitter of Q.. A reduction in Vgg, causes-
I¢2 to be reduced. When Ic; falls, Vg, is reduced, and the voltage at the base of Q,
rises (Vgi= Vs+ Vr1) causing the output voltage to increqase. Thus, a decrease in Vo
produces a feedback effect which céuses V, to increaseiback towand:jts normal level.
Takir_ng the same approach, a rise in V, above its normal {evel praduces a feedback
. effect which pushes V, down again toward it normal level.... a1 :
. When the input voltage changes, the voltage across resistor R; also ehanges, in
order to keep the output constant. This change in Vg, is produced by a change.in lc;
which itself is produced by a small change in V,. Therefore, a supply voltage change
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Transistor Q, and its associated components constitute the error amplifier that
controls the series-pass transistor (Q;).

Vel

Fig.3.7 Series voltage regulator with error amplifier

The output voltage is divided by resistors R; and R,, and compared to the Zener

voltage level (V). C, is a large value capacitor, us-sally 50uF to 100pF, connected at

the output to suppress any tendency of the regulator to oscillate.
When the circuit output voltage changes, the change is amplified by transistor
Q, and fed back to the base of Q, to correct the output voltage level. Suppose that
the circuit is designed for V,= 12V, and that the supply voltage is Vs =18V. A suitable
Zener diode vol}age in the case might be Vz= 6V. For this V; level, the base voltage
of Q; must be, Vg = Vz+ Vge2 = 6.7V. So resistors R; and R are selected to give Vae,
= 6.7V and Vo= 12V. The voltage at the base of Q, is, Va1 = Vz+ Ve = 12.7V also,
Vg2 = Vs + Vg1 = 5.3V .The current through R, is largely the coliector current of Q,. -
Now suppose the output voltage drops slightly for some reason. When V,
_dacreases, Vg, decreases. Because the emitter voltage of Q, is held at Vz, any
decreases in Vg, appears across the base-emitter of Qz. A reduction in Vge; Causes:
Ic2 to be reduced. When I¢; falls, Vg, is reduced, and the voltage at the base of Q,
rises (Vai= Vs+ Vry) causing the output voitage to incrgase. Thus, a decrease in Vo
produces a feedback effect which céuses V, to increase gack towand:its normal level.
Taking the same approach, a rise in V, above its normal jevel praduces a fgedback
.effect which pushes V, down again toward it normal level.. S ,
When the input voltage changes, the voltage across resistor R, aiso ehanges in
order to keep the output constant. This change in Vg, is produced by a change.in lc2
which itself is produced by a small change in V,. Therefore, a supply voltage change
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‘Since path AB is parallel to the output voltage V, across the load resistor R, we
have from the Kirchoff's voltage law
Vo = -Vz+ Vage
Vee = Vo - Vz (1

Since Zener voltage V; is fixed, any increase or decrease in V, will have a
corresponding effect on Vge .
Suppose V, decreases, than as is evident from equation 1, Vge will decrease.
Consequently, |z decreases, therefore, Ic (= Blg ) will also decrease. It will lead to a
dacrease in | (lg+ic+l.). Consequently, voltage (Vr =IR) across resistor R will
dacrease. As a result, output voltage V, will increase because

Vin = Vr+Vp

Vo = Vio+ Vr.
Thus the output voltage V, will remain at constant value or we get regulated voltage
acfoss R;.
SUMMARY ,
The voltage regulation is further improved with the help of a negative feedback circuit.
The highly stable zener voltage is amplified with a non-inverting voitage feedback
amplifier to get higher output voltage. The regulated power supply usually includes
current limiting, which protects the pass transistor and rectifier diodes in the case the
load terminals are shorted accidentally. But it has the advantage of relatively large
power dissipation in the pass transistor when the terminals are shorted.

it may be noted that the IC voltages regulators are recently being used in
regulated power supplies. Switching: regulators are also very popular now a days
They produce large load currents with much less power dissipations in the transistor.
Low power switching regulators are also available on chips. We learn about IC
regulators in unit I1.
3.4 KEY TERMINOLOGY
Emitter follower: It is a transistor amplifier where the output simply follows the
variations in the input. The voltage gain is very nearly equal to 1 and current gain is
high. The input and out put remain in phase with each other.
Darlington pair: Darlington transistors consisting of a pair of (low power and high
power) BJTs fabricated together and packaged as a single device are available.
There are usually referred to as Power Darlingtons. The 2N6039 is an npn Power
Darlington.
3.5 SELF ASSESSMENT QUESTIONS:
Long answer questions:
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1. Describe the construction and working of Zener diode. Explain its application
in voltage stabilization.
Describe the circuit of a Zener diode regulator and explain its working.
Explain the working of a transistor series regulator.
Explain with a circuit diagram, the principle of working of a series regulated
power supply.. What are its advantages over Zener diode regulator.

5. Define voltage regulation. Draw the circuit of a series transistor voitage
regulator.

6. Draw characteristic of Zener diode. Explain with the help of a circuit diagram
its use as a voltage regulator.

7. The supply voltage for the reguiator in Fig.3.9 has 21V on no load, and Vg =

| 20V when | maxy = 40mA. The oufput voltage is Vo = 12V, and the regulator
with a gain of 100. Calculate the source effect, load effect, line regulation, and
load regulation for the complete power supply. Also calculate the ripple
rejection ratic in decibels. o
Q ] +
R
Vo
V, B
Fig.3.10 Series voltage regulato. with error amplifier
Short answer questions

1. Explain the role of Zener diode in a series transistor regulator.

2. Explain the role of series pass transistor in a series transistor regulator.

3. Explain the fble of erroramplifier in a series transistor regulator.

4 Expléin how the series. transistor voltage regulator handies the variations in
input supply.

5. Explain how the series transistor voltage regulator handles the variations in

load current.

6, Calculate the voltage drop across 5@ resistance and current passing through

the Zener diode for the circuit given below.
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5Q .
.o VAVAVAVAN .
|

Zener diodic
5V ‘ ZS/ ’

Un regulated I R,

DC input 12V

l 1kQ
Fig 3.11

7. Explain the working of a transistor series voltage regulator.
~ 8. Explain the working of a transistor shunt voltage: regulator.
, 9. A power supply has a voltage regulation of 1%. If the no load voltage is 20V, what
~ is the full-load voltage?.

3.6 TEXT AND REFERENCE BOOKS:

1. Integrated Electronics by Millman and Halkias
2. Basic Electronics and Linear,Circuits - Bhargava etc
REFERENCE BOOKS
1. A text lab manual in Electronics by ZBAR (Tata Mc graw Hill)

i 2. Electronics fundamentals by JD Ryder

| 3 . Op.Amp and linear integrated Circuits by Rarmakant Gayakwad
4. Electronic Devices and Circuits by Samuel Seely.
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UNIT -1 ' LESSON -4
POWER AMPLIFIERS

OBJECTIVE OF THE LESSON
To explain the use of power amplifiers and their working.

STRUCTURE OF THE LESSON
4.1 Introduction ‘
4.2 Expression for power and efficiency of a
4.3 A direct coupled Class- A power amplifier
4.4 A transformer coupled Class-A power amplifier
4.5 Harmonic distortion
4.6 Push Pull Amplifiers — Class A
4.7 Push Pull Amplifiers — Class B.
4.8 Push Pull Amplifiers — Class AB
4.9 Summary
4.10 Key Terminology
4.11 Self assessment questions
4.12 Text and Reference books.
4.1 INTRODUCTION

In small signal amplifiers, the signal voltage and current are smaller, therefore,
the amount of power handling capacity and power efficiency have little importance.
The only requirements of small signal amplifiers are linearity and gain. When large
signal are to be amplified for the operation of devices such as speakers and motors,
the amplifier must be capable of handling large amount of power and its efficiency of
converting input dc power to output ac power must be high. Such an amplifier is
known as power amplifier. Hence the important requirements of power amplifiers are
the power efficiency of the circuit, the maximum amount of power which the circuit
can handle, and impedance matching between amplifier output and load, so that the
maximum power is transferred to the output device.
4.4.1 CLASSIFICATION OF POWER AMPLIFIERS
.. . As the ppwer amplifiers have to handle large signals, the input signal may drive
the collector to either the cut-off region or to saturation region. Consequently collector
current may not flow during the entire period of the input signal. The power amplifier
are classified according-to the portion of the input signal for which collector current
flows as class A, B, AB and C. In other words, this classification depends upon the
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duration of the collector current flow with respect to the input signal, which is
assumed to be a full 360°.

in class — A amplifiers, there is always collector current regardless of the time in the
cycle of the applied signal. The operating point Q is selected at the middie of the
linear region of the transistor characteristic as shown in Fig 4.1(a). This class of
amplifiers is considered to be linear because output signal is an exact replica of the
input signal.

s InPut signal

Outgut signal |§
360" flow |

0 P
Ve

Fig.4.1(a) Operating conditions for power amplifiers class - A

QOutput signal
180" flow

Fig.4.1(b) Operating conditions for power amplifiers class - B

In class — B amplifiers, the collector current flows only for one half of input signal.
The operating point Q is located near the cut — off region as shown in Fig 4.1(b). In
order to get the output current for full cycle, two Class-B amplifiers are used in a
combination known as push — pull. In class — B amplifiers, the collector current flows
only for one half of input signal. The operating point Q is located near the cut — off
region as shown in Fig 4.1(b). | e

In class — C amplifiers, the collector current flows for less than the half cycle. |
There are some amplifiers, which have operating parameters in between class-A

and Class-B amplifiers. These amplifie(s are designated as class-AB.
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-’
4

.
+“  Input signal
4

Output signal
< 180" flow

Fig.4.1(c) Operating conditions for power amplifiers class - C

4.2 Expression for Power and'Efficiency of a Class -A power amplifier
Fig 4.2 shows a typical power amplifier circuit. The power P, supplied by the
battery V.. is distributed in both load resistor R_ and the transistor as Pg and Pp
respectively, i.e.,
Ps=Pe+Po e @)

P

+ }"") =Py
"::'V(,t
Py
Cy Iy

Fig.4.2 Power distribution in Class — A power amplifier circuit.

In an amplifier circuit with the input signal, the current drawn from the battery Vcc
~ has a wave shape having an ac signal component riding on a dc bias cémponent.
That is, the dc voltage source in an amplifier circuit fumishes a dc plus an ac current,
which is not the case with input circuits having on!y‘passive elements such as
resistors, capacitors and inductors. Hence the pow& across R, is the sum of the
powers owing to ac and dc currents i.e.
Pr =Pgrp *+ Pra v
The power occurring due to ac current Pra is the only useful component in an
amplifier because it represents the ac output power Pg i.e.,
Pra=Po " '
"Hence Ps=Po *:ﬁno +Pp e eemmnneeee (4.2)
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The terms Pgp and Py represent the losses in the tircuit. In fact, the operation of the
power amplifier is to convert as much of the dc power Ps drawn from the battery into
the ac power Pp across R, Hence, they efficiency of the circuit is defined as

, P0(«:)
% Efficiency =n = ——x 100

S(dc)
" The power Ps and P can be expressed as
Ps = Vcc . lc, Po = |cz(,m.).R|_ . —————————— (43)

where I is the average current drawn from the battery and Icims, is the r.m.s. value
of the ac current through R,. *
4.3 CLASS A DIRECT COUPLED POWER AMPLIFIER- Expression for power
~ and efficiency ‘ .

The circuit of a typical class A transistor power amplifier operating in the common
emitter mode is shown in Fig.4.3. This mode of operation gives the largest power
gain of all the three possible configurations. The amplifier is directly coupled to the
load resistance R,. The transistor is biased in class A condition, so that the collector
current flows during the whole of the input signal cycle. The capacitor Cg is the
emitter bypasé capacitor and prevents the ac voltage from appearing across Reg. Cg
is the blocking capacitor. This prevents the ac input signal voltage from interacting
with the dc voltage in the base circuit.

Maximum collector

e Dissipation curve
R, /

\)

~
Se

Input siInal
o

Pig.4.3a Circuit of a typical class — A
power amplifier directly
coupled to the load resistance

Fig.4.3b shows the collectgr characteristics of the transistor. The .load - line:

. corresponding to R is drawn on the characteristics. Q is the guiescent operating . .
pbi_nt. This is located mid way upon the load line to ensure maximum output power.
When the maximum input signal is applied, the quiescent Qgggating point swings
between cut off region and saturation. At cut off, the collector'voltage is @ maximum

Fig.4.3b Collector characteristics with the
load line for a direct coupled ..
class— A power amplifier.
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and the collector current is a mimimum. At saturation, reverse is the case, i.e., the
collector voltage is a minimum and the collector current is a maximum.

R

e ————

Fig.4. 3c Output characte?ics and current voltage wave forms -

In Fig.4.3¢c, Vemax and lemin, represent the collector voltage and current corrésponding
to cut off condition; and Vemin @and lcmax represent the same quantities corresponding

to the saturation.
The input dc power supplied by the collector power supply is
Pcs=Vee lea o= (4.4)

where I¢q is the quiescent collector c?ent.
The ac output power is given by
Pac= Vems loms e eeeaenae (4.5)
where Vcms and Icms are the r.m.s. values of ac collector voltage and current
respectively.
Assuming that the operating point swings equal distances on each side of the
quiescent point Q, the peak value of the ac voltagé Vem and current |, are given by
(see Fig.4.3c)
Verw - V.

ch = Cmvf Cinin

Therefore, the ac output power is
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P, = (v(‘max - V(‘min ]( lCmax - l(‘min J
* 2V2 22

Py = (v(‘max = Vemin XlCmax - I(‘min) _____________ (4.8)
3 .
Therefore, the collector efficiency is
n = P;.c = (V(‘max = Vemin XI Cmax "~ l(‘min) E—7 Y )
PCS 8VC(‘1CQ

I the collector characteristics are ideal, then Vemin = 0, and lemax = 2lcq,
Vemax = Vec and lemin = 0, substituting these values in Eq.(4.9), we get,

_ 2Vecleq

’7 - e——
8Veelo
Therefore, the maximum efficiency that can be obtained from a class-A power
amplifier when coupled directly to the load resistance, is 0.25 or 25%.
4.4 TRANSFORMER COUPLED CLASS-A POWER AMPLIFIER

When the transistor works into a load resistance that is different from its output
resistance, to obtain maximum power output, the load resistance is coupled to the

power amplifier by a transformer. This is shown in Fig.4.4.

- 025 TemSeesmmssmeTesTET (4'10)

Reflected load resistance R ;.

R:.
Cu
o—il l
Input signal
PR V(,'l.
A Il

Fig.4.4 Transformer coupled class — A transistor power amplifier

In this circuit, the value of the base bias resistors Ry and R, are adjusted to give
class A operation with the expected input signal voltage. Cg is the emitter bypass
capacitor and Cg is the blocking capacitor that prevents the ac input signal voltage
from being interacted by dc base bias voitage.

The dc resistance c;f the transformer primary is small. This resistance serves gs
the collector load of the amplifier for dc currents. Hence the load line
corresponding to this resistance will be aimost vertical. This load line is the dc load
line, and is shown in Fig.4.5. When the ac input signal source is connected to the
input of the amplifier, resistance in the collector circuit is formed by the reflected
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resistance of the load R,. The load resistance reflected to the transformer primary
is given by
R| =a’R, e (R R )
where ‘@’ is the ratio of the number of turns N,, in the primary to the number of
turns N, in the secondary and is called the turns ratio of the transformer.
If the resistance of the secondary windings of the transformer is R,, then
Eq.(4.11) becomes ’

Ry =a’(Rg+ R,) e — X V)

A DC load line

—

ettt

e emasimar——

g AC load line
! Ve
Ve max H
Vee= VL‘Q

Ve 2V

Fig.4.5 Collector characteristics with the dc load line, and ac load line for the

transformer coupled class A power amplifier

R, is the load resistance actually seen by the collector for ac currents. This

resistance is made equal t0 Vemedlcmex Dy properly choosing the load line
corresponding to this resistance. It is called dc load line and is shown in Fig.4.5.

This line has a slope. -1/R . To locate this ac load line, the following method is

adopted.
a) First assume some convenient value of the powér supply voltage, say Vcc

b) Determine the currentl'c = ;C.C and locate the poiht on the | axis.
. 2 L

c) Draw thefine joining (Vcc, 0) and (0, I'c) on the collector characteristics ‘(the
dotted line in Fig 4.5) )

d) Now, draw a line through the quiescent operating point Q and parallel to the
line Vec I'e. This line through the Q point is the desired ac load line.
When the ac signal is applied to the input of the amplifier, the collector current

fluctuates and the operating point moves along the ac load line both sides of the
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Q-point. Thus the instantaneous value of the collector voltage V¢ will exceed the

collector supply voltage Vcc during a part of the cycle. This is because of the fact

that the induced voltage across the transformer primary windings adds to the
- supply voltage duriag pamof the cycle.

For maximum output, the Q point is located on the dc load line to give a quiescent l

| .
collector current lgq = C;‘“" . Hence, when the transistor operates at maximum

capacity and its collector characteristics are ideal, the instantaneous collector voltage
Ve swings from Vemax t0 zero.and the collector current from zero to icmex. This gives
Vemax = 2 Vee (4.13)
and lemax = 2 lca eneemeeneneeeeee- (4.14)
Also, for ideal collector characteristics, Vcmin =0, and lcmin =0,
The expression for the actual collector efficiency is the same as that for a
direci- coupled class — A amplifier and is given by eqn (4.9).
- 2Ve 2l
8Vcclco
Thus the theoretical maximum efficiency of transformer- coupled class A
power amplifier is 50%. This is twice as great as that for direct- coupled class A
amplifier.
4.5 HARMONIC DISTORTION
In the earlier sections we considered the transistor as a linear device, However, the
dyhamic transfer characteristics are not linear. This non-linearity arises bécause the
static output characteristics are not equidistant straight lines for constant increments
. of input excitation. If the dynamic curve is non-linear over the operating range, the
wave form of the output voltage differs from that of the input signal. Distortion of this
type is called nonlinear, or amplitude distortion.
For a power amplifier with a large input swing, it is necessary to express the
dynamic transfer curve with respect to operating point by a power series of the form
Ic = Gip*Gaip? +Gaiy>+ (4.16)

L
If we assume that the input waye is a simple cosine function of tlme of the form

=0.5 I R — (4.15)

Ib"' Ibm cos wt ' i (4-1?) b
The output current will be given by .
le = Gy lom COS Wt + Gy lom COS® Wt +Gs lom COS W+ ... (4.18)
. The above equation can be rewritten as . v
Ic = lc+ ic = Ic +Bo +B4 cos wt + B, cos 2wt + B; cos Swt o (4.19)




ACHARYA NAGARJUNA UNIVERSITY 49 CENTRE FOR DISTANCE EDUCATION

That the output wave form must be represénted by a relationship of this form is
evident from an inspection of Fig.4.3c. It is observed from this figure that the
output current curve must possess zero-axis symmetry, or that the current must
be an even function of time. Expressed mathematically,

Ity = i(-t).

Physically it means that the wave shape for every quarter cycle of the output-
current curve as the operating point moves from point Q to point 1 is similar to the
shape of the curve that is obtained as the operating point moves from point 1 to
Q. Similarly, the wave shape of the current generated by the operating point as it
moves from point Q to point 2 is symmetrical with that generated as it moves from
point 2 back to point Q. These conditions are true regardless of the curvature of
the characteristics. Since ic is an even function of time the Fourier series in
Eq.4.19 representing a periodic function of this symmetry, contains only cosine
terms. The values of Fourier coefficients can be détermined from the graph
pertaining to the ic — iy, characteristic of the transistor.

The harmonic distortion is defined as

_IBJ

D=l D] P
1

(4.20)

Where D, (s =2,3,4,...) represent the distortion of the s™ harmonic.
If the distortion is not negligible, the power delivered at fundamental frequency is

B*R
P =t (4.21)
2
However, the total power output is,
P=(B?+B? +B? +....)% —(+D2+D2+.)pP
or  P=(1+D?)p (4.22)

Where the total distortion, or distortion factor, is defined as

D=\D}+DX+¥D}+...
If the,total distortion is 10% of fundamental, then

O sP=l1+@1)*p =1.01P
The total power output is onily 1 percent higher than the fundamental power when
the distortion is 10%. Henve little error Is made in using only the fundamental
term P, incalculating the power output.
PUSH-PULLCONNECTIONS
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The amplifier circuits of Fig.4.3 and Fig.4.5 employ a single transistor as the
amplifying active device. Hence, they are called single ended power
amplifiers. There is a definite limit to the power output obtainable from single
ended amplifier. The power output can, however, be increased by using two
transistors connected in parallel. Another method of obtaining greater output
power is to connect two transistors in such a way that the collector current in one
transistor decreases when ihat in the other transidtor increases. This type of
connection is commonly called the push-pull connection. The push-pull
connection can produce a power output of the same order of magnitude that a
parallel connection can produce, but other additional advantages over parallel
operation, the most important one of which is the elimination of the even order

" harmonic distortion. Hence, a push-pull operation is widely used when a greater
maximum power output with a prescribed amount of harmonic distorﬁbn is
' required. The push-pull connection can be used for class A, B, AB, and C
operations.
4.6 Push Pull Power Amplifier - Class A

R,

Fig.4. 6 Push-pull class — A Transistor power

A push —pull circuit employs two active devices (Fig 4.6) and requires twoBdtial input
signals 180° out of phase with each other derived from & centre-tapped input
transformer (T;). The output circuit also consists of a centre-tapped output .
transformer (T2) so that the instantaneous currents flowing in the two devices are in
opposite directions. Hence the magnetic fields of the two primary half windings are
opposed. Therefore, saturation of the transformer core due to the d.c. components
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and the resulting distortion -are avoided. The output current is proportional to the
difference of two primary currents and this leads to the canceliation of even harmonic
distortions terms if the two halves of the push —pull amplifier are balanced.

By class A, we mean that the Lurrent flows in the output of the active device (each
transistor) for the whole of the input cycle. In Fig.3.6, resistor R, and R, provide the
correct amount of forward bias on the transistor bases, so that the collector current
will flow in each transistor for the whole cycle of input signals. The transistor T,
usually provides proper matching between source resistance R, and the resistance to

ey

the transistor bases.

In order to understand the operation of the circuit, let us suppose that the input signal
is going positive. Using the polarity dots on T, it will mean that the base of Q; will
become more positive, while that of Q, less positive. Thus icy will increase and ic, will
decrease. The voltage induced in the secondary of T, across R_ will be proportional
to the difference in the collector current, i.e., ics- ic2 since their magnetizing forces are -

opposite. _ ‘
Similarly, when transistor input signal goes negative, the base of Q; will become

less positive, with a decrease in bz ~e current and with a corresponding decrease in
ic1. The voltage across R, is again due to the difference, icy~ ic; but since icy.is now
greater than ic,, the polarity of voltage induced across R, is reversed. This “pushing
and pulling” action in the output circuit is responsible for the decrease in harmonic by
canceling of the even harmonics, with increasing odd harmonics.

Consider an inp'it signals (base current) of the form iy, = ivm COS wt applied to Q.
The output current of this transistor is given by eq 4.18 and is repeated here for
convenience:
iy =1.+By,+B, cosat+B, cos2axt+ B, cos3ah +....ccoeeees. mmmen (4.23)

The corresponding input signal to Q; is

iy = =iy, =1, cos(ax + )

b

The output current of this transistor is obtained by repylacing wt by (wz + rz) in the
expression for iy, That.is,

i (ot) = E, (wt+z) (4.24)
hence

i, =1.+B, +B, cos (@t +7)+ B, c05 2(0 + )+ eevrvvrerrrrrens
which is g
iy = 1.+ B, - B, cos ot + B, cos 20X - B, oS 3aX + ......e.c....... (4.25)
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As illustrated in Fig 4.6 , the current i, and i, are in opposite directions through the
output ~transformer primary windings. The total output current is then proportional to
the difference between the collector currents in the two transistors. That is

i =k(i, —i,) = 2k(B, cos wt + B, cOS 30} + .......uou. ) (4.26)

This expression shows that a push - pull circuit will balance out all even harmonics in
the output and will leave the third - harmonic term as the principal source of
distortion. This conclusion was reached on the assuhption that the two transistors
are identical. If their characteristics differ appreciably, the appearance of even
harmonics must be expected.

The fact that the output current contains no even harmonic terms means that the
push —pull system possesses “half-wave”, or “mirror’, symmetry, in addition to the
zero-axis symmetry. Half-wave symmetry requires that the bottom loop of the wave,
when shifted 180° along the axis, will be the mirror image of the top loop. The
condition of mirror symmetry is represented mathematically by the relation.

i(ax) = —i(ax + ) (4.27)
If (wr + )is substituted for () in Eq .4.26, it will be seen that Eq.4.27 is satisfied.

Advantages of a Push Pull System:

1. The magnetic saturation of the transformer core by dc does not occur
because the dc components of collector currents oppose each other in the
transformer resulting in zero dc flux in the core. It will reduce the cost
because we can use small size transformers. ,

2. Distortion in the output much reduced due to cancellation of all the even
harmonic components. Hence the circuit gives more output power per
transistor.

Disadvantages of a Push Pull System:
1. Power supply hum is not eliminated by push —pull circuit.
Two identical transistors are needed
in transformer, central tapping is required.
Entire system becomes bulky with the use of two transformers.
Due to stray intertwining capacitances the freqye‘ncy response of the ‘amplifier

U I

becomes poor. .

4.7 PUSH-PULL POWER AMPLIFIER - CLASS -B- -

The circuit diagram of a push-pull Class - B transistor power ampilifier is shown in.
Fig.4.7. The bases and the collectors of the two transistors are connected to the
opposite ends of the center-tapped input and output transformers T, and T,
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respectiveiy. The transistors are biased to cut-off so that no collector currents,
except the leakage or cut-off currents, flow when the input signal is zero.

Fig.4.7 Push-pull class — B Transistor power amplifier

€,

(a)

Figd4.7.1 W y',eform of (a) input voltage (b) collector current of Q, (c) collector current of
B

-dnsistor Q, and (d) the total load current of the class — B push-pull amplifier

During one haif-cycle of the input signal (Fig.4.7), the upper end of the secondary of
the input transformer T, becomes positive with respect to its center, and the lower
end becomes negative during‘the next haif cycle, the lower end is positive and the
upper end is negative with respect to the center.
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Fipnw, during one half cycle of the input signal, the transistor Q, is forward biased
and conducts and the transistor Q. remains at cut-off. During the next half cycle of
the input signal, the reverse is the case; i.e., Q, conducts and Q, is cut off. Therefore
the collector current for each transistor has half sinusoidal waveform as shown in Fig
4.7.1 (b) and (c).

The total load current i, is, however, a complete sine wave [Fig 4.7.1(d)] because
the collector current for each transistor flows through each half of the primary of the
output transformer To.

Assuming the dc resistance of the primary of the transformer T to be very small,
the dc load line is drawn almost vertical. A collector characteristic of a transistor
aperating under class — B conditions is shown in (Fig 4.7.2)

Ac 104d line

v, -
AN

R, “—

dc load line

A

Q-point

— > V.
Ve

Fig 4.7.2 The ac and dc load lines on a collector characteristics
of a transistor used in a push pull class — B power amplifier.

The reflected resistance across the primary of T, if the secondary winding resistance
Rsis neglected, is given by
R'"=a?R, e (4.28)

The resistance appears from the collector to collector of the two transistors. The

load impedance R 'L seen by each transistor is that appearing between one end of the

transformer and the center tap. Therefore,

2 2
a a
R! = (E) R, =2 R, ———(4.20)
The ac load line corresponding toR | is drawn on the collector §Q§Eédeﬁsﬂé of a
transistor in the Fig 4.7.2. Since the amplifier operates under class-B condition, the
voltage across a transistor is V¢ = Vcc when the collector Ic = 0 for that transistor.

Also for V¢ = 0, I¢ is given by %C—f- Therefore the ac load line passes through (Vcc,

L
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\%
0) and (0. RCC ) co-ordinates. Since the collector current and voltage are half
L

sinusoidal for class B operation, the relationship between the root mean square (rms)
and the peak values are given by

Vv
VC ms = ———‘72_"‘“ '''''''''' (4‘30 )
| PR
And lc ™ms = ’_(7'“"—2'& ettt (4.31)
Hence, the output power due to one transistor is given by
\Y I
Pac = Ve ms lcms = —E‘m“Tcﬁn" (4.32)

As only one transistor is conducting at a time, the total output power is
Vv I

(Pac) o = —Co—Com. s (4.33)
Fig 4.7.2 shows that the maximum collector voitage swing that can occur is given by
Vemax =V ¢, hence Eq. 4.33 becomes

« Vel \'A:

P = .CC Cmax _ _YCC IVt

(Pac) tom 5 2R! (4.34)
Eq.4.34 gives the maximum output power. Further the dc power supplied by the
transistor is given by _ :

Pes=Vee lcaw —eeeneeee (4.35)
Where Ic,, the average value of half sinusoidal and is given by

|

lea= —Sm ~ (4.36)
V3

There fore, the total power supplied by the two transistors is given by

2Vee Lo e 2VC’C

P =22 Py =
( “) totat cs P ” Rl
Finally, the maximum efficiency of the class B push-pull power amplifier is

2 |
pop, = Foe) o _ ch ”Rz =z e (4.38)
(Pcs) total 2R 2V 4
Hence, the efficiency that can be obtained with a push-pull class B operative is %— or

78.5%
4.8 PUSH-PULL AMPLIEIER - CLASS - AB
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The avoid the effect of cross-over distortion, the base-emitter junctions of both
transistors are slightly forward biased by the amounts of certain voltage, so that when
an a.c. signal is applied to the base, collector current starts flowing immediately and
thus linearizes the near-origin part of curve. This is achieved by adding biasing
resistors R, and R; in the class B push —pull circuit as in a class A push —pull
‘amplifier. But now R, and R; are chosen to place the operating point much closer to
cut-off than class B operations. This stage is then, a class AB push —pull stage {fig)
but it is normally treated as class B, since the stand- by current is very small
perceritage of the peak current. In a class AB operation the device current flows for
more than 180° but less than 360° of the input signal cycle. The resistance R,
although causes some decrease in the output power by the degenerative feedback
action, but it helps to reduce the distortion considerably.

Fig.4. 8 Push-pull ¢lass — AB Transistor power amplifier

Advantage of Class AB Amplifiers:

1. Minimum cross over distortion.

2. Small standby current flows at zero excitation.

3. Class AB operation results in the less distortion than class B.
Disadvantage of Class AB Amplifiers

1. Getting less distortion must be paid for this improvement is a loss in

efficiency.

2. Waste of standby power.
COMPLEMENTARY-SYMMETRY PUSH PULL AMPLIFIBR
Two transistors- one NPN and other PNP, having identical charactéiStics, aré'said to
have complementary symmetry. Current conduction in such transistors are
complementary to each other, i.e., thay conduct in opposite half cycles of the input
signal. A complementary symmetry push —pull class B power amplifier circuit that
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it transistors do not have perfect complementary symmetry, considerable
distortion in produced

4.9 SUMMARY
When large input signais are to be amplified for the operation of output device

such as speakers and motors, the amplifier must be capable of handling large

amount of poWer and its efficiency of converting input dc power to output ac power
must be high. Such an amplifier is known as a power amplifier. Power amplifiers are
classified on the basis of their operating point as class A, B, AB, C etc.

in class A amplifiers, there is always collector current regardiess of the time in the
cycle of the applied signals. As a result, power losses many be increased. Since the
collector current flows only for one half of the input signal in class B amplifier and in

order to get output power for full cycle, two class B amplifiers are used in a

combination known as push-pull. Therefore, the power losses may be minimized and

simultaneously the collector efficiency also increases in class B push-pull power
amplifier:

4.10 KEY TERMINOLOGY

1. Quiescent (Q) point: The operating point in the absence of signal is called

Quiescent point or simply the Q point of the device. The particular Q point at
which the device will operate depends on the base current(lg) and V..

2. Direct Coupling: To amplify all the frequencies in the signal, signal source is
coupled to the amplifier stage directly without using DC blocking capacitors and
isolation transformers. In the same manner amplifier output is connected to the
load. Direct coupling may be used to connect to the ampliﬂer stage to the other,
However precautions must be taken to provide level shifting so that satisfactory
biases are established at various points in the circuit. This type of coupling is
preferred in the fabrication of the integrated circuits (ICs).

3. Push-Pull Configuration: Two transistors amplifiers are said to be connected in

' push-pull configuration when the amplifiers are connected such that as current in
one stage pushes forward, in the other, current pulls back. This configuration
avoids the power losses in the transformer core and resuits in higher efficiency
than a two transistor parallel coupled amplifier. =~ '~ -

4. Complimentary Symmetry Amplifier: Push pull adi'ii‘)ﬁ“féq"proddé"éa by usihd one

NPN and-one PNP transistor. As the currefit direction ‘4ré opposite in them for the

~ given input, we need not use a driver transformer. Due to the same reason we
' can avoid the output transformer and at the same time get the push-pull action
with this arrangement. In the' drdinary push pull amplifier circuit, transformers
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occupy major space and contribute heavily for the weight and cost.
Complimentary symmetry circuit can be very compact and cheap.
4.11 SELF-ASSESSMENT Q''* 5TIONS

Long answer questions

4.1 Describe the various classes of power amplifier in terms of the operating
point.

4.2 Define efficiency of power amplifier and compare efficiencies in case of A, B
and C classes of amplifiers.

4.3 Obtain an expression for the collector efficiency of transformer coupled class-
A transistor power amplifier.

4.4 Describe a class-B push-pull power amplifier and obtain an expression for its
efficiency. How the class-B push-pull amplifier is an advantageous over the
class-A amplifier?

4.5 Classify power amplifiers as class A, class B. and class AB. Discuss their
advantages and disadvantages.

4.6 Explain the second harmonic distortion in power amplifiers. How is it
eliminated in push-pull amplifiers?.

4.7 A class B transformer coupled audio amplifier is fed to 20V dc. Transformer
turns ratio is 4. If a 4Q load is connected, find (i) Power dissipation rating of
each transistor. (i) Power delivered to the load. [ Ans (i) 1.26W (ii). 3.125W]

4.8 A class B transformer coupled audio amplifier is fed to 20V dc. Output load
impedance of the amplifier is 10Q. The peak voltage across the load is 15V.
Find the efficiency of the amplifier [Ans 58.9%]

SHORT ANSWER QUESTIONS

1. Discuss class AB amplifier.

2. What are the advantages of push-pull amplifiers?.

3. Write a short note on harmonic distortion.

4. Explain the cross-over distortion in class B amplifiers. How it can be eliminated?

5. A 250 loads has to be matched to an amplifier so that the reflected impedance is
10 kQ. Find the turns ratio of output transformer.
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UNIT Il LESSON 6
OPERATIONAL AMPLIFIERS |

OBJECTIVES OF THE LESSON: To explain the basic differential amplifier, to introduce ar
operational amplifier and to discuss the properties of the operational amplifier.

' STRUCTURE OF THE LESSON

5.1 Basic Differential Amplifier

5.2 Operational amplifier

5.3 Characteristics of Ideal op-amp

5.4 Properties of practical op-amp

5.5 Open Loop of op-amp configurations
5.6 Summary of the Lesson:

5.7 Key terminology

5.8 Self-assessment questions

5.9 Text and Reference Books

5.1 INTRODUCTION

The differential amplifier, also called a difference amplifier, as the name imphc-.,
ambliﬁes the difference between two signals. Because of its balanced nature and symmetry,
it can amplify very small signais. It usually requires a minimum number of capacitors and
can operate without bypass and coupling capacitors. It is the basic bdilding block of
oparational amplifiers, which are most widely used in integrated éircuits.

Vi .
—» Linear active

. > Yo
v,— > device

Fig 5.1 Schematic diagram of a differential amplifier

For a linear active device with two input signais v, and v, and the output
signals v, each measured with respect to ground, we have
Vo = A (Vi-V2) e (5.1)
where A is the voltage gain of the differential amplifier. In actual practice, the output
depends not only upon the difference of the two input signals but also upon the average
‘Ievel. In symmetrical circuits, we talk about the in-phase signals (called common mode (CM)
signals v) and the difference or anti-phase signals (called differential mode (DM) signals vq).
They are defined as
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Ve = %(Vsz). and vg=(vi-v)) e (5.2)

The output v, can be expressed as linear combination of the two input voltages, as

Vo=A Vi +A V; T e (5.3)

where A, and A; are the voltage amplifications from input 1 and 2 respectively. From Eqs
(5.2) and Eq.(5.3) we get

Vo= Ay(Ve+ Lve) + Aglve- Lvy)
2 2
= (Ar+ AgVe + % (A1 Ag) Va = Ac Vet Ag Vg e (5.4)

where A. = A + A, and Ag = %( A, - A,), are voltage gains for the signals in common mode

and differential modes respectively. They may be defined as

A,,=[-Vij and Ac=(v—°) ---------- (5.5)
Va Vi =0 Ve V=0

Thus A4 can be measured directly by setting v. = 0, or vz = - v;.
The Ac can be measured by sefting vq = 0, OF vz = 4, generally the desired signals in
differential amplifier are DM and undesired signals are CM. The figure of merit for
differential amplifier in defined as

R —

c

This is called the common-mode rejection ratio (CMRR) and is also some times referred to
as the discrimination factor of a differential amplifier. Ideally A:=0, and CMRR= « . In
practice, A, is non-zero but very small, where as Aq is very large. The combination of Egs.
(5.4) and (5.6) gives

A v .V 1
Vo=Agvy || +——% | =Agvq | I +—.
A “{ Advd] A "{ Ve CMRR]

Vo=AqVvs (since CMRR = ) S———

A basic differential amplifier eircuit, consisting of two interlocked common emitter amplifier
stages is shown in ?ig.s.z;«T ﬁ'e two stages are linked by having both emitters connected to a
constant cdrrent generator. As current through one emitter increases, current through the
other decreases.

The circuit is symmetric about the vertical dashed line and the two transistors and resistors
R. form a bridge circuit that is balanced under zero input signal. The resistors and the
transistors are simultaneously fabricated in adjacent areas on a small chip. They will be at
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the same temperature. A simultaneous change in heg or Vae will produce equal changes in
the voltages at a and b and v, will not be affected.

+Vee

I

Va

Il
<
o

<
>
N
¥ SN\
z :

Fig.5.2 Basic differential amplifier

Consider the circuit operation with no input signals. For vs= v, =0, an emitter current |g

flows in each BJT. Therefore Ic = I and

Vo1 =Vo2=Vee—lc Re e (X <)
thus the base current Iy = le (5.9)
FE
and Vg =-Ig Ry~ Vee mmmmnmmennene=(5.10)
If Vgg is chosen large enough to bias each BJT in the center or the linear operating region,
then Vee = Vee 2 le Re +Vee + lc Re memmesmmmm e 5. 11)
Vo Vo2 .
0 @ e
A B

Fig.5.3 AC equivalent circuit of basic differential amplifier
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The ac equivalent circuit for use as differential amplifier is shown in Fig,5,3: Here it is
assumed hoe Rc <<1 or h,e <<1/Rc and thus h,. is omitted in this figure. The collector
current | = hee |,. The voltage hy, V. is neglected in comparison with the hy, |, drop across h,

Common mode voltage gain :

v
Letvi=v,=v,, userA, = —2 = -2

Ve Vs

. Due to symmetry, each input at the base, sees a common emitter circuit, with a unbypassed
emitter resister of 2Re (theXemiter resistor is effectively doubled, as it carries the emitter
current for both transistors). Thus we have

Z=R +he +2Re (1+he) and Zp= R, ~---m---===(5.12)
Current gain = A; = i = :—}%‘——ll = - hye cmmmmmemmeee (5.13)
b b
Voltage gain A, = AL, “he R, —eeeee(5.14)

Z (R,+h,_+2R (1+h,))

Since usually (1+h,) 2Re >> h,, and 1+h, = hye.  The source resistance R; << h,. Therefore

A, = ¢ = common mode voliage gain A..
E

Differential mode voltage gain:-

v
Let -V, =y = -,
2 1 2

\
Therefore, vy = V4, -V, = vg and Ag= L =
S Vg ¥

v0
$

From the symmetry of Fig (5.2) for vi= -v,,
'ﬂ{e emitter of each transistor is grounded for small signal operation i.e., Rg = 0 and

Z=2(Ri+he ), Zo =Re, Al =Ny weeemmememeeeene(5.15)

AZ, -h.R
A=t 0 = f ¢ 5.16
Z 3R, +h,) 619

= Differential mode voltage gain Aq.

Common mode rejection ratio:-

A -h. R R. -h. R
CMRR= —4 = fe ¢ |-t |= fe ¢ 517
A, 2R, +h,) [ zREJ ®, +h.) 617

Thus we see that CMRR increases with Rg as desirable.

<

Constant current generators
Instead of resistor Rg, a constant current generator is used. It may be a JFET with its gate

tied to its source. A BJT can be used in a similar way with voltage divider bias. In both
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cases, the output current is approximately constant as long as the voltage across the device
'is sufficient. ' |

Constant current bias:-

in the differential amplifier discussed so far, the combination of Rg & Vge is used to set up
the dc emitter current. We can also use constant bias to set up the dc emitter current if
desired. In fact the constant current bias is better because it provides current stabilization
and in turn, assures a stable operating point for the differential amplifier. Fig.5.4 shows the
dual input balanced output differentiél amplifier using a resistive constant current bias.
Notice that the resistor Rg is replaced by a constant current source transistor (Q3) circuit.
Tha dc coliector current in the transistor Q, is established by resisters R,, R, and Re and can
be determined as follows. Applying the voltage divider rule, the voitage at the base of
transnstor Q, (neglecting base loading effect) is

-R, Vg

V, (%.13
B3 (R R2 ) v J
[ =R,V
Ves = Vg3 ~ Vigs = (m) - Vaes e A L))
|
les=lga= Ve, ; Vee)) (5.20)
E
-R,V \Y
lea = Vee - 2 "EE ) BE3 /5'21,
o[t .

- Vi
Fig.5.4 leferentinl amplifier using constant current bias.
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Because two halves of the differential amplifier are symmetrical, each has half of current ;.

I R, V. \'
That is ey = lep = - = Ve - 2 Yee | YeEs (5.22
' E1 E2 D) EE ((Rl +R2 )} 2R ] \ )

The collector current I3 in transistor Qs is fixed and must be invariant because no signal is
injected into either the emitter or the base of Q;. Thus the transistor Qs is a source of
constant emitter current for transistors Q; and Q, of the differential amplifier. Besides
“supplying constant emitter current, the constant current bias also provides a very high
source resistance since the ac equivalent of the dc current source is ideally an open circuit. ‘
5.2 OPERATIONAL AMPLIFIER
An operational amplifier is a direct-coupled high gain amplifier usually consists of one or
more differential amplifiers and usually followed by a level translator and an output stage.
The output stage is generally a push pull or push pull complementary symmetry pair. An
operational amplifier is available as a single integrated circuit package. The operatioﬁal
amplifier is a versatile device that can be used to amplify dc as well as ac input signals and
was originally designed for computing such mathematical functions as addition, subtraction,
multiplication and integration. Thus the name operational amplifier stems from its original
use for doing these mathematical operations and so is abbreviated to op-amp. - With the
addition of suitable external feedback component, the modern day operational amplifier can
be used for a variety of applications. Such as ac and dc signal amplification, active filters,
oscillators, 'comparators, regulators and others.
Block diégram representation of a typical op-amp
Since an op-amp is a muitistage amplifier. It can be represented by a block diagram shown
in Fig.5.5.

The input stage is the dual input balanced output differential amplifier. This stage
generally provides most of the voltage gain of thé amplifier and also establishes the input
resistance of the op-amp. The intermediate stage is usually another differential amplifier,
which is driven by the output of the first stage.

Non-Inverting

input O—P— Input > Intermedi- Level Output
P stasge L p| atestage —P—  shifting [P stage —p- Output
Inverting O—P— staoe
Input .

Dual input Dual input complementary
‘Balanced output -, unbalanced output emitter follower symmetry
Differential Differential - using constant  push pull amplifier
Amplitier amplifier current source

Fig.5.5 Block diagram of a typical op-amp
In most amplifiers, the intermediate stage is dual input unbalanced (single ended) output.

- Because direct coupling is used, the dc voltage:at the output of the intermediate stage is well



ACHARYA NAGARJUNA UNIVERSITY 5.7 CENTER FOR DISTANCE EDUCATION

above ground potential. Therefore, the level translator circuit is used after the intermediate
stage to shift the dc level at the output of the intermediate stage downward to zero voltage
with respect to ground. The final stage is usually a push pull complementary amplifier output
stage. The output stage increases the output voltage swing and raises the current supplying
capabilities of the op-amp. The well designed output stage also provides low outpui
resistance. | ‘
Schematic symbol: ‘

. The most widely used symbol for a circuit with two inputs and one out put is shown in
Fig. 5.6

Non-inverting input V, 60—

Inverting input V,0~————

Fig.5.6 Schematic symbol of op-amp

In Fig.5.6,

v = voltage at the non-inverting input (volts)

v2 = voltage at the inverting input (volts)

V, = output voltage (voltage)

All these are measured w.r.t. ground

A = large signal voltage gain that is specified on the data sheets for an op-amp

For amplifier, power supply and other pin connections are omitted. Since the input
differential amplifier stage of the op-amp is designed to be operated in the differential
mode, the differential inputs are designated by the (+) and (-) ndtations, the (+) input is used
for non-inverting input. An ac signal (or dc voltage) applied to this input produces an in-
phase (or same polarity) signal at the output. On the other hand the (-) input is the inveriing
input because an ac signal (or dc voltage) applied to this input produces an 180 out of phase
(or opposite polarity) signal at the output.
5.3 CHARACTERISTICS OF AN IDEAL OP-AMP
An ideal op-amp exhibits the following electrical characteristics.

(1) Infinite voltage gain Ay. '

(2) Infinite input resistance R;, so that, almost any signal source can drive it and there is

no loading of the preceding stage.
(3) Zero output resistance R,, so that, output can drive an infinite number of other
devices
(4) Zero output voltage when the input voltage is zero.
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(5) Infinite bandwidth, so that, any frequency signal from 0 to « Hz can be amplified with
out attenuation.

(6) Infinite common mode rejection ratio so that output common mode noise voltage is

zero.

(7) Infinite slew rate so that voltage changes occur simultaneously with input voitage

changes.

There are practical op-amps that can be made to achieve some of these characteristic
using a negative feedback arrangement. In particular, the input resistance, the output
resistance, and bandwidth can be brought close to ideal values by this method.
EQUIVALENT CIRCUIT OF AN OP-AMP

Fig.5.7 shows an equivalent circuit of an op-amp. The circuit includes important vaiues
from the data sheets: A , R, and R.. ’
Note that A v, is an equivalent Thevenin voltage source, and R, is the Thevenin equivalent
resistance looking back into the output terminal of an op-amp.

Vee
Inverting input V;
i Via
0=

Non-inverting input V,

out put
Vo=AVy

Fig.5.7 Equivalent circuit of op-amp

The equivalent circuit is useful in analyzing the basic operating principles of op-amps and in
observing the effectiveness of feed back arrangement. For the circuit shown in Fig.5.7, the
output voltage is

Vo = AVig = A (V4-Vo) (5.23)

where A = large- signal voltage gain

vy = difference input voltage

vy = voltage at the non-inverting input terminal w.r.t. ground.

vz = voltage at the inverting input terminal w.r.t. ground.
Eq.(5.23) indicates that the output voltage v, is directly proportional to the algebraic
difference between the two input voltages. In other words, the op-amp amplifies the
difference between the two input voltages; it does not amplify the input signal voitages
themselves. For this reason, the polarity of the output voltage depends upon the polarity of
the difference voltage.
54 Propérties of practical op-arhp:
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To enhance our understanding of op-amps, we need to define some parameters that
appeér on data sheet of practical op-amp.
(1) Voltage gain:
Fig.5.8 shows an idealized transfer characteristic
In tha active region, the slope of the curve is the differential mode voltage gain A4 js defined
as !
Av,

= X_ where v4 = v,- vy, the differential mode input. A, is very large ~ 10°.
A

+ Ve -h Positive saturation
Vo
"Active region
V-V,
—P
Negative T - Ve
Saturation

Fig.5.8 Idealized transfer characteristic of op-amp

To stabilize the voltage gain, negative feedback is always used. Fig 5.8 shows that the
voltage gain is virtually zero when the output is at saturation level.
(2) Input impedance R;:

It is the open loop incremental impedance looking into the two input terminals. 1t is
large (~M Q)
(3) Output impedance R,:

- Itis the open loop impedance across the output. It is low (~ 100 Q)
(4) ): Common mode rejection ratio (CMRR):
The op-amp shouid ideally respond to a difference mode signal only. There ‘will

also be an output for the common mode input, because of the nature of the input circuit

any (differential amplifier). The common mode gain A; = -i—v—"

¢

The ratio of these two gains is defined as common mode rejection ratio

CMRR = | | (5.24)

it is usually expressed in decibels, as 20 log 1o (CMRR) = 20 log 10 | Ag | - 20 log 10 |Ad}
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Itis having a value 70 dB to 100 dB
Op-amps are further classified into two groups: general- purpose and special purpose.
General- purpose op-amps may be used for a variety of applications such as integrator,
differentiator, summing amplifier and others. An example of a widely used general-purpose
op-amp is the 741/351. On the other hand, special purpose op-amps are used only for the
specific applications they are designed for. For example the LM 380 op-amp can be used
only for audio power applications;
The pin configuration of most widely used 741 op-amp is given below
it is the most commonly used general-purpose op-amp. It has an integrated 30pF MOS
capacitor. It has high input impedance (> MQ ), low output impedance (750 Q) and large
voltage gain (200,000). From here onwards, all the discussions are confined to pA741 op-
amp.
The electrical parameters of op-amp are defined in the following paragraphs.

OFFSET NULL * 8] NC
Inv g /P 7] +Vee
Non-inverting /P 6l OUTPUT
~-Vee (4] [ OFFSET NULL

Fig.5.9 Pin configuration of HA-741 op-amp

Input offset voltage: Input offset voltage is the voltage that must be applied between the
two input terminals of an op-amp to null the output as shown in Fig.5.10. In Fig.5.10, Vacs
and Vg are dc voltages and R represents the source resistance. We denote input offset

voltage by V,. This voltage Vio could be positive or negative;

Vie= (Vaci - Vacz)

Rs <10kQ

' Fig.5.10 Defining input offset voltage Vio
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For 741C, the maximum value of Vi, is 6 mV DC. The smaller the value of vio, the better the
input terminals are matched.
input offset Current:
The algebraic difference between the currents into the inverting and non-inverting terminals
is referred to as input offset current |, (see Fig.5.11). In the form of an equation
lio = |lp1-lg2)

whera lpsis the current into the non-inverting input Iy, is the current into the inverting input

The input offset current for the 741C is 200 nA maximum. As the matching between the
two input terminals is improved, the difference between lg1 @and lg; becomes smaller; that is,

the I value decreases further. |

OuTPUT

F
= lio = |Igi-1g2]

Fig.5.11 defining input offset current Iy

Input Bias current:
Input bias current Ig is the average of the currents that flow into the inverting and non-
inverting input terminals of the op-amp. In equation form
]Bl + lBZ
2
ls = 500 nA maximum for the 741C, where as Iy for the precision 741C is + 7 nA
Note: The input currents Ig; and lg; are actually the base currents of the ﬁ.rst differential

amplifier stage.

Differential input resistance:

Differential i/p resistance R; (often referred to as i/p resistance) is the equivalent resistance
that can be measured at either the inverting or non-inverting i/p terminal with the other
terminal grounded. For the 741C the ilp resistance is relatively high 2 MQ.

Input capacitance: Input capacitance C; is the equivalent capacitance that can be
measured at either the inverting or non-inverting terminal with the other terminal grounded.
A typibal value of C; is 4.4 pF for the 741C: " This parameter is not listed in all op-amp-data
sheets.
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Offset voltage adjustment ratio: One of the features of the 741 family op-amps is an
offset voltage null capability. The 741 op-amps pins 1 and 5 marked as offset null are for
this purpose. As shown in Fig.5.11, a 10kQ potentiometer can be connected between offset
null pins 1 and 5, and the wiper of the potentiometer can be connected to the negative
supply -Vee.. By varying the potentiometer, the output offset voltage can be reduced to zero
volts. Thus the offset voltage adjustment range is the range through which the ip offset
voltage can be adjusted by varying the 10kQ potentiometer. For the 741C, the offset voltage
adjustment range is +15mV. Very few op-ambs have the offset voltage null capability. This
means that for most op-amps, we have to design an offset voltage compensdting network in
order to reduce the o/p offset voltage to zero.

Common mode rejection ratio: The common-mode rejection ratio (CMRRY) is defined in
several essentially equivalent ways by the various manufactures. Generally it can be -
defined as the ratio of the differential voltage géin A4 to the common mode voltage gain Acm.
That is

CMRR = Ay

cm

The differential voltage gain Aq is the same as the large signal voltage gain A, which is
specified on the data sheets; The common mode voltage gain can be determmed from the

circuit.

' Voem = 0/p common mode voltage.
Vem = i/p common mode voltage.
A.n = common mode voltage gain.
Generally the Acy is very small and A, = A is very large; therefore the CMRR is very large,
being a large value, CMRR is most often expressed is decibels (dB) for the 741C, CMRR is
90 dB typically. ' '
Slew rate (S.R): Slew rate is defined as the maximum rate of change of output voltage per
unit of time and is expressed in volts per microseconds. in equation form

SR= d;: ! maximum V/us

Slew rate indicates; how rapidly the output of an op-amp can change in response to changes
in the input frequency with input amplitude constant. The slew rate changes with change in
voltage gain and is normally specified at unity (+1) gain. The slew rate of an op-amp is
fixed, therefore if the slope requirements of the o/p signal are greater than the slew rate,
distortion occurs. The slew rate is one of the important factors in selecting the op-amp for an
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application, particularly at relatively high frequencies. One of the drawbacks of the 741C is
its low slew rate (0.5 V/ps). |
5.5 OPEN-LOOP OP-AMP CONFIGURATIONS

In the case of amplifiers, the term “open-loop” indicates that no connections either direct
or via another network exists between the o/p and i/p terminals. That is, the o/p signal is not
fedback in any form as part of the input signal and the “loop” that would have been formed
with feedback is open. ‘

When connected in open loop configuration, the op-amp simply functions as a high gain
amplifier. There are three open loop op-amp configurations:

1. The differential amplifier.

2. The inverting ampilifier.

3. The non-inverting amplifier.
The:differential amplifier:

Fig.5.12 shows the open loop differential amplifier in which input signals vis; and v, are
applied to the positive and negative input terminals.

+Vec

° V0= A(Vim - Vin2)

Ry 2 2kQ

Fig.5.12 Open loop differential amplifier

Since the op-amp amplifies the difference between the two input sngnals this
configuration is called the Differential amplifier. The op amp is a versatile device because it
amplifies both ac and dc input signals. This means that v and vig2 could be either ac or dc
voltages. The source resistance Rint and R are nonm_‘negygib_le compared to the input
resistance R, Therefore, the voltage drops across the ggajstors,can be-assumed to be zero,
which then implies that vi = Vi, and V2 = Vinz. Substituting these alues of v; and v in

“equation for output voltage, we get
Vo = A ( Vin1*Vin2)
Thus, as expected the output voltage is equal to voltage gain A times the difference between
the two input voltages. Also notice that the polarity of the output voltage is dependent on the
polarity of the input difference voltage (Ves-Vinz).  In open loop configurations, gain Ais
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THE INVERTING AMPLIFIER
In the inverting amplifier, only one input is applied and that, to the inverting input terminal.
The non-inverting input terminal is grounded. Since v, = 0 and v; = v,
Vo= - AV,

+Vee

VO =~ Avin

Fig 5.13 Inverting amplifier
The negative sign indicates that the output voltage is out of phase with respect to input by

180°% or is of opposite polarity. Thus in the inverting amplifier the input signal is amplified by
gain A and is also inverted at the output.

THE NON-INVERTING AMPLIFIER

Fig.5.14 shows the open loop configurations of non inverting amplifier. In this configuration,
the input is applied to the non inverting input terminal and the inverting input terminal is
grounded. In the circuit shown below v; = v;, and v,= Ov. Therefore, according to equation
Vo = Avin. This means that the output voltage is larger than the input voltage. By gain A and
is in phase with input signal. In all the three open loop configurations, any input signal that is
only slightly greater than zero drives the output to saturation level. This results from the very
high gain A of the op-amp. Thus when operated in open loop, the output of the op-amp is
either at negative saturation or positive saturation or sWitches between positive and negative
saturation levels. Due to this reason, the open loop configurations are not used in linear

applications.

Fig.5.14 Non-inverting amplifier
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5.6 SUMMARY

A differential amplifier consists of two symmetrical common emitter stages and is capable
of amplifying the difference between two input signals. Differential amplifier is capable of
amplifying ac as well as dc input signals because it employs direct coupling. For proper
operation of the differential amplifier, a transistor array and matched components must be
used. The differential amplifier-can be biased by using emitter bias (a combination of Re and
Vee), a constant current bias. The constant current bias is more preferable in differential
amplifiers because it maintains the infinite input impedance for all the desired values of
emitter currents Ie.

An ideal op-amp has infinite voltage gain, input resistance, CMRR and slew rate together
with zero output resistance and output offset voltage. The equivalent circuit of op-amp is
useful in analyzing the basic operating principles of an op-amp and in observing the effects
of feedback arrangements. The voltage transfer characteristic curve of an op-amp is the
graph of output voltage versus the differential ihput voltage. Differential, inverting and non-
inverting amplifiers are the three open loop op-amp configurations in which the output signal
is not fed back in any ‘
form as part of the input signal. When operated in the open loop; generally the op-amp'’s
output is either at positive or negative saturation or switches between positive and negative
saturation levels. This action is undesirable in linear applications, hence the op-amp's are
rarely used in 6peﬁ loop configuration for the linear applications.

5.7 KEY TERMINOLOGY

Configuration: Design of the circuit by employing the various possible networks is called
configuration. ' |

Decibel (dB): 1/ tenth of a Bell; Bell is unit of power ratio

Milli volits (mV); 1/1000 o_fé volt

Nano Ampere (nA); 1nA = 10° A

Pico Farad (pF); 1pF = 10"?F

.Saturation: when input voltage in the circuit exceeds a certain value, the output goes to the
maximum value is called saturation

Pot (Potentiometer): variable wire wound resistor

5.8 SELF-ASSESSMENT QUESTIONS

LONG ANSWER QUESTIONS:

1. Explain the working of differential amplifier with a diagram.

2. Derive expressions for the common mode voltage gain and differential mode voltage

gain of a transistor differential amplifier and show that the common mode rejection

ratio increases with emitter resistance.
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4. What are the important stages of a typical operational amplifier?

6. How far IC 741 electrical characteristics are nearer to the ideal charartaristic of op-
amp. | '

8. Explain the terms input offset voltage; input offset current, input bias current.

Explain why op-amp is not usec in open loop configuration for linear ahplications.
8. An Op amp has a CMRR value of 60 dB. Find the differential mode aain if the

common mode gain is 3.
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OBJECTIVES OF THE LESSON
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ground. 3). the working of inverting, non-inverting and summing amplifiers |
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6.10 Key terminology

6.11 Self-assessment questions

6.12 Text and Reference Books
6.1 INTRODUCTION
As the open loop gain of op-amp is very high, only very small signals (of the order of
micro-volts or less) having very low frequency may be amplified accurately without
distortion. However, signals this small are very susceptible to noise. Besides being large
the open loop gain of the op-amp is not constant. The voltage gain varies with changes
in temperature and power supply as well as with mass production techniques. The
variations in voltage gain are relatively large in open-loop op-amp, in particular, which
makes the open-loop op-amp unsuitable for many linear applications. In most linear
applications, the output is proportional to the input and is of the same type.
) Further, the bandwidth (band of frequencies for which the gain remains constant) of
most open-loop op-amps is negligibly small.- almost a zero. For this reason, the open-
loop op-amp is impractical in ac applications. For instance, the open loop bandwidth of
the 741C is approximately 5Hz. However, in almost all ac applications a bandwidth
larger than 5Hz is needed.
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Because of the above stated reasons, the open loop 6p-amp is generally not used in
linear applications. Nevertheless, in certain applications, ‘the opeh-!oop op-amp is
purposely used as a nonlinear device; that is a square ware -output ‘is obtained by
deliberately applying a relatively large input signal. Open-loop op-amp configurations
are most suitable in such applicatibns.

We will be able to select as well as control the gain of the op-amp, if we introduce a
modification in the basic circuit. This modification involves the use of feedback, that is,
an output signal is fed back to the input either directly or via another network. If the
signial fed back is of opposite polarity or out of phase by 1809_with'respect; to input signal,
the feedback is called of Negative feedback. An ampliﬁér with negative feedback has a

self - cormrecting ability against any change in output voltage caused by changes in

environmental conditions. Negative feedback is also known as degenerative feedback
because when used it degenerates (reducés) the output voltage amblitu‘de and in turn
reduces the output gain.

Suppose the signal fed back is in phase with the input signal, the feegjback is called
Positive feedback. In positive feedback, the feed back signal aids the input signal. For
this reason it is also known as regenerative feedback. Positive feedback is necessary in
oscillator circuits.

Therefore negative feedback stabilizes the gain, increases the bandwidth. and
changes the input and output resistances, when used in ampliﬁers. The price paid for
these improvements is reduced voltage gain. Other benefits of negative feedback
include a decrease in harmonic distortion and reduction in effect of input offset voltage at
the output. Negative feedback also reduces the effect of variation in temperature and
supply voltages on the output of the op-amp
6.2 Effect of negative feedback on closed loop Op Amp parameters:

6.2.1 Closed loop voltage gain:

As defined previously, the closed loop voltage gain

A=Y C®1)
V.

mn

However by equation vp = A (v4-V2),
Referring to Fig.6.2, we see that
V1= Vin

R,v .
Vo =vi= —%_ since R, >> R
R, +R;
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Therefore vo= A | v, — R
: R, +R;

Rearranging the above equation, we get

AR, +Rp)v,
° R, +R; +AR,
Thus Ae = ~= = AR, +R;) (exact) -—---—m- (6.2)
- v, R/ +R;+AR,
Generally, A is very large (typically 10°), therefore,
AR, >> Ry+R: and Ry+R¢+AR, = AR;
Thus Ac = 22 = 1+ X2 (ideal) e (6.3)
Vin Rl

Eq.(6.3) is important because, it shows that the gain of a voltage series feedback
amplifier is determined by the ratio of the two resistors, R; and Re. For instance, if a gain
of 11 is desired, we cén then choose R; = 1kQ and Rr = 10kQ or R; = 100Q and R =
1kQ. |

Another interesting result can be obtained from Eq.(6.3). As defined previously, the
gain or the feedback circuit (B) is the ratio of v; to vo Referring to Fig.6.2, the gain is

B= X.L
vO
R,v R
B= Lo = . . coneeeeee (6.4)
(Rl +RF)VO RI+RF
Comparing Eq.(6.3) and Eq.(6.4) we can conclude that
1,
As = E(ldeal) - (6.5)

This means that gain of the feed back circuit is the reciprocal of the closed loop voltage
gain. In other words for given R; and R the values of Ar and B are fixed. Besides that
Eq.6.5 is an alternative to Eq.6.3. Finally, the closed loop voltage gain Ar can be
expressed in terms or open loop gain A angd feedback circuit gain B by rearranging Eq.\
(6.2) in the following manner, we get

A( R, +R, J

R, +R;

A= RIR, . _AR,

R,+R; R, +R;
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A

Using Eq.(6.4), weget Af= —— e

1+ AB
Where As = closed loop gain
A = open loop gain
B = gain of the feed back circuit ; AB = “loop gain”
6.2.2 Effect of teedback on Input resistance

A voltage series feedback amplifier with the op-amp equivalent circuit is shown in
Fig .6.3. In this circuit, R; is the input resnstance (open-loop) of the op-amp, and Ry is the
input resistance of the feedback ampllﬁer The input resistance with feedback is defined

as
V. \7
Ry= & = in e 6.8
f i, Vg /R, ( )
However,
v A
Vg= -2 and = Vi cmemeeeem (6.9
o=y @d vesomgEw T 69
R¢=R; Via — - (6.10)
vy /A
V.
' in = R, (1+AB e G
Rr = AR AV i (1+AB) 6.1
(1+AB)
v +VCC
Ro
Iin vi‘d Rl
e Vi T
RnE20Q ’ \73 ~Vee +
7 — W
w® |, Ry l”o?“
\(3 éR'
-L- <+ -+
Rir

Fig.6.3 Circuit for deriving input resistance with feedback.

it means, the input resistance of the op-amp with feedback is (1+AB) times that input

resistance without feedback.

6.2.3 Output resistance with feedback:
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Output resistance is the resistance determined looking back into the feedback
amplifier from the output terminal, as shown in Fig 6.4. This resistance can be obtained
by using Thevenin's theorem for dependent sources. Specifically, to find output
resistance with feed back Ror, reduce the independent source v, to zero, apply an
external voltage v, and then calculate the resulting current i, in short the Rof is defined

as follows:
v

Ror = =2,
Ay

Writing Kirchoff's current equation at the output node N, we get
i.) =ig+|b [, _(6- 1 2)
Since Rg+R || Ri >> Ry, iy >> ip therefore

b=ia memmemeeee: (0.13)
The current i, can be found by writing Kirchoff's voltage equation for the output loop

Vo - Roig - Avig = 0 —meee—ee (6.14)
. _ Vo-Avy,
|o = ———

R,
R,v,
Vig=Vy=Vp SV & ———— = By
id 1° V2 ¢ R‘ + R]: [
therefore ip = 3"’_“3‘_'}_3_"0_
RO

substituting the value of i, in equation, we get

Res = v . X S— T
(v, +ABv{) /R, 1+AB

Fig 6.4 Diagram to derive the output resistance with feedback
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- This result shows that the output resistance of the voitage series feedback amplifier is
1/(1+AB) times the output resistance R, of the op-amp. That is, the output resistance of
the op-amp with feedback is much smaliler than the output resistance without feedback.
6.2.4 Bandwidth with feedback:

- The bandwidth of an amplifier is defined as the band (range) of frequencies for
which the gain remains constant. Manufacturers generally specify either jthe gain
bandwidth product or supply open loop gain versus freauency curve for the op-amp. For
the 741 op-amp the latter is typical.

The open loop gain versus frequency curve of the 741C op-amp is shown in Fig
6.5. From this curve for a gain of 200,000 the bandwidth is approximately 5Hz. In other
extreme, the bandwidth is approximately 1MHz when the gain is unity. The frequency at
which the gain equals 1 is known as Unity gain-band width. It is the maximum
frequency, the op-amps can be used for. Furthermore, the gain' bandwidth product
obtained from the open loop gain versus frequency curve of Fig.6.5 is equal to the unity
gain bandwidth of an op-amp. However this holds true only for those op-amps like 741,
which have just one break frequency below unity gain bandwidth. '

Since the gain bandwidth product is constant, obviously the higher'the gain
the smaller the bandwidth and vice versa. As we have seen if negative feedback
is used gain A decreases to A / 1+AB. Therefore to obtain the cloéed loop
bandwidth, the open loop bandwidth must be multiplied by the same factor, by
which the gain is divided, that is, by the factor (1+AB).

Voltage
gain

1 10 IIOO Il( lO‘K lOIOK lIM l&M

frequency (Hz).
Fig 6.5 Open loop gain versus frequency curve of 741c.
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In short,
bandwidth with feed back = (band width without feedback) (1+AB) ‘
fr = fo (1+AB) memememeee (6.16)
or altérnatively, 7
~ fe = unity gain band width/closed loop gain = U.G.BW /Ag ----v-eme- (6.17)

The closed loop bandwidth can also be determined from the open Ioop gain
versus frequency plot. To do this we locate the closed loop voltage gain value on
the gain axis and draw a parallel line through this value to the frequency axis.

Then we project the point of inter section of the line with the curve on the frequency axis
and rgad the value of the closed loop ban&width. Using this procedure in Fig 6.5, the
bandwidth is approximately 100 KHz. for a closed loop gain of 10. |

6.3 CONCEPT OF VIRTUAL GROUND ’

Ry
I M\ virtual
i A — ground
MMGé’%Jh(‘
R, \‘
A
o+

\Y

. Output
AV,

-+
-V
v -]

Fig.6.7 Op amp with negative
feedback
The branch point G has a special significance in operational amplifier. This may be

illustrated by determining the effective impedance between G and ground which is given
by the ratio of V, to the input current,

Z —_ _KI_ — Vl RF - RF — RF
I V-V, 1 Ve 144
"

According to this equation, the impedance of G with respect to ground is very low if the
gain is very large. Typical values of R =10‘ Q and A= 10°, so that the impedance is 0.1
ohms. This low impedance results from the negative feedi:ack voltage, which cancels
the input signals at G and tends to keep the branch point at ground potential. For this
reason, point G in op amp is called a Virtual ground. Although G is kept at ground
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potential by feedback action, no current ground exists at this point. The virtual ground G
shows immediately that the impedance viewed from the input terminals is equal to R,.
Here the term virtual groimd is used to imply that although the feedback from output to
input Ry serves to keep the voltage at G at zero, no current flows into the amplifier inputs
i.e. no current flows into short.

6.4 INVERTING AMPLIFIER: The basic inverting amplifier with an input resistor R and
feedback resistor R is shown in Fig 6.7a.

- ) RF
f A Virtual
|_—— ground

—TT
QOutput
—-—-—o* Vo
v
-+
A7 j_

Fig 6.7a Inverting amplifier.

The non-inverting input terminal is grounded and the input voltage is v, and the
output voltage is vo. Since the gain ‘A’ of the operational amplifier is very large, the
voltage v at the inverting input terminal is very small. In fact, the voitage v is very close
to the ground potential. That is, although the point G is not actually connected to the
ground, it is held virtually at ground pf:tential irrespective of magnitudes or the pqtentials

. L .V, -V .
v, and vo, the current i, flowing through resistor R, is given by i = —‘R——— Assuming that
|
the operational amplifier is ideal, having infinite input impedance, the current i will flow
through Rr and not into the op-amp. Applying the Kirchoff's current law at the point G.,

we can have

= e (6.18)

Since the point ‘G’ is virtually ground i.e. v« 0
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vV, -V
From Eq.(6.18), we get — = —%
(6.18), we g R, R,
Rearranging Eq.(6.18).
\ R
Wehave —2=-—F e
v, R, (6.19)

The ratio of the output voltage to the input voltage is the gain of the amplifier. Hence
the voltage gain is the ratio of feedback resistor Rr to the input resistance R;,. The
negative sign indicates that the output voltage is inverted w.r.t. the input voltace. The
input resistance (R;,) of the whole émp!iﬁer is given by the ratio of voltage viand the

o v, -
input current —;—{—Y that is

since v = 0, note that R;, refers to the whole_ of the amph{ier not to the op-amp which has
an |nfinite input resistance

)

6.4.1 SCALE CHANGER

R, : _—
if use ratio -Iz*— is denoted by k, a real constant, we get vo = -kvi. That is, input
|

voltage has been multiplied by the factor - k' to give the output voltage scale. The circuit
shown in Fig 6.7, acts as scale changer. For such applications, precision resistors are
used to get accurate values for the scale factor LY
6.4.2 Phase shifter:

If‘ the resistance Rr and R in the circuit are replaced respectively by impedances zr

an z, which are equal in magnitude but differ in phase angle, we can write

Vo __Zr _ . |ZF]‘CXP(J.¢F) - | Z¢ | ¢ [T+ d¢- 1 ]
Vi Z lz,| exp(jg ) |z, |
v .
L=epjMtée-0l T (6.21)
1
Since |z¢}|=]2|and e" = -1, the angles ¢r and ¢, represent respectively, phase

angles of the independences z¢ and z;. The circuit is capable of shifting the phase of a
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sinusoidal input signal voltage without changing its magnitude. The amount of phase
shift can be any thing between 0 and 360°.

6.5 NON- INVERTING AMPLIFIER

The circuit diagram of non-inverting amplifiet is shown in Fig.6.8.

Fig 6.8 Circuit of non-inverting amplifier.

In this case, the input voltage V- is applied to the non-inverting input terminal. The
potential of the point G is also v, since the op-émp gain is infinite. Then, as mentioned
before, since the input current to the op-émp is négligible, we can write using Kirchoff's
current law at the point G.

Yooy o Vi

eeemmeee (6.22
R R, (6.22)
Therefore, the gain of the amplifier is
Yo 14 Re e (6.23)
vy R,

Since the gain of the op-amp is 1 plus the ratio of the two resistors Rr and R;. And aiso
note that the output voltage is in phase with the input voltage:

6.6 SUMMING AMPLIFIER: R, RW
v °—:%M'—
* i Gl: ) v
Vzc :r jwlz ! - *Vec
v Ry ! -—-—;
Vno —> in + Vo

-]

Fig 6.9 An adder or summing amplifier.
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¥+ +*h= === ———— (624)
vI V2 vn vO
L2+ e — 6.25
R, R, R, R ©29
Solving Eq.(6.25) for Vo, we get
A\’ v \'
Vo=- Rp | =++=—2+....... +==2 meeeeeeen (6.26
= Re [R, = R..] 629
= - | ; RF '
fRi=R;..... =R, =R, we obtain vy = - R [vitva+. .. +v,] ——meneaae(6.27)

Again if Re = Rwe get

Vo = <[ Ve#Va+....+V,] | —e(6.28)
£4q.(6.28) shows that the output voltage v, is numerically equal to the negative sum of all
input voltages v, through v,. Hence it was named as adder or summing ampilifier.
6.7 OP AMP VOLTAGE FOLLOWER

DC voltage follower
The simple configuration Fig.6.10 approaches the ideal voltage follower. Sirice the two

inputs are tied iogether, then Vo, = Vs and the output follows the input.

LM 102

0

L

Fig 6.10 Volitage follower -

The LM102 (National semiconductor corporation) is specifically designed for voltage
follower usage and has very. high input resistance, very low input current and very low
“output resistance.

AC VOLTAGE FOLLOWER

A circuit for an ac voltage follower is shown In Fig 6.11 using the LM102 OP-AMP.

Thig circuit is used to provide impedance buffering. Thus, it can be used to connect a
sinﬁle source with high internal source resistance to .l‘load of low impedance. This load
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may be capacitive or resistive.-We assume that C, and C, represent short circuits at all.
frequencies of operation of this circuit. Resistors R, and R, are used to provide RC
coUpIing and allow a path for the dc input current into the non-inverting terminal. In the
absence of the boot-strapping capacitor C3, the ac signal source would see an input
resistance only R, + R, = 300KQ.

LM 102
> +
Av\ oV
o+———$ll > .
Vs / .
I' ;50 KQ
C, -
= 4]
§lsom 3 HF

Fig 6.11 AC voltage foliower

~ Since the LM102 is connected as a voltage follower, the voltage gain between the output
terminal and the non -inverting terminal is Ay =+1. Hence in the presence of boot
strapping capacitor C,, the input resistance becomes approximately

R o=t
m 1_ A;,
For typical circuit components

R, =10MQat f =100Hz

And R, =100MQat f =1Hz
6.8 OP AMP CURRENT.FOLLOWER
In an inverting ampilifier, if the input resistance R, is zero then the resulting circuit in

known as “Current Follower”".
Using this current follower circuit, we can measure very small currents (~10*A).

At the summing point S, Iy =11+
Vo = -InRy (|1 = 0)
In a currents follower n = lout.

L]
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o—
o

Fig 6. 12. Current follower

6.9 SUMMARY

Open loop op amp configuration is unsuitable.for linear applications because of its
very high voltage gain as well as its variation with temperature, power supply etc.
Therefore, we can select, as well as, control the gain of the op-amp, if we introduce a
modification in the basic circuit This modification involves the use of feedback, that is,
the output signal is fed back to the input either Qirectly or via another network. |If the
signial feed-back is 180° out of phase with respect to. the input Signals. Such a type of
feedback is called negative feedback. ’ Negative feedback is also known as
degenerative feedback, because when used, it reduces the output voltage and in turn
reduces the voltage gain and stabilizes the gain.

On the other hand if the signal fed back is in phase with the input signal such type-of
feedback is called positive feedback. Positive feedback is also known as'regenerative
feedback, because the feedback sighals aid the input signal. Positive feedback is
needed in the oscillator circuits.

There are four types of closed loop configurations using negative feedback: voltage
series, voltage shunt, current series and current shunt. Further these configurations are
labaled according to whether the voltage or current is fed back to the input in series or in
parallel. The.voltage series negative feedba&:k configuration is generally known as non
inverting amplifier if the feedback and the ideal closed loop voltage gain of the
configuration depends only on the feedback network (components) and is independent
of the internal or open loop gain A of the op-amp.

Introduction of the negative feedback in non-inverting amplifier, increases. the input
impedance and bandwidth and decreases the output resistance; total output- offset
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voltage and the effect of varying environmental conditions on the gain. The voltage

follower is the special case of non-inverting ampilifier.

Summing, scaling amplifiers can be constructed by using inverting, non-inverting and

differential configurations. The integrator and differentiator are most widely used in
signal wave shaping applications. Besides, the integrator is used in analog computers

and the differentiator is used as a rate of change detector in FM modulators.
6.10 KEY TERMINOLOGY

1.

Active components: Active components can generate voltage or current or power

;

Example: Battery, signal generator.

. Passive components: The components only dissipate power

Example: Resistor, capacitor.

. Degenerative feedback: The output voltage is fed back to the input such that this

voltage is 180° out of phase w.r.t. the source voltage. As a result, the effective input
voltage decreases (degenerates) and this is called degenerative feedback or negative

feedback.

6.11 SELF-ASSESSMENT QUESTIONS
1. Mention two reasons why an open loop op-amp is unsuitable for linear applications.
2.What do you mean by feedback? List two types of feedback. Which type is used in

linear applications?

3. Describe the four negative feedback configurations. Which configuration is most

widely used?

4. Explain briefly why negative feedback is desirable in amplifier applications.
5. How does negative feedback affect the close loop voltage gain, input resistance,

output resistance and band width of voltage series feedback amplifier (closed loop

non- inverting amplifier)

6. Explain the inverting and non-inverting amplifiers?
6.12 TEXT AND REFERENCE BOOKS

(1) Operational Ampilifiers and Linear Integrated Circuit Technology by Ramakanth
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OBJEQTNES OF THE LESSON
To learn about the various applications of OP-Amp like voltage follower,. comparator,
voltage regulator, free running multivibrator , developing circuits to solve simple second
order differential equation, togarithmic amplifier, anti-log amplifier, logarithmic muttiplier
efc..
STRUCTURE OF THE LESSON

7.1 introduction

7.2 OP AMP Integrator

7.3 OP AMP Differentiator

7.4 Solving a second order differential equation using OP.Amp.

7.5 Logarithmic amplifiers '

7.6 Anti-log amplifiers

- 7.7 Logarithmic multiplier

7.8 Summary of the Lesson

7.9 Key termihology

7.10 Self-assessment questions

7.11 Text and Reference Books

7.1 INTRODUCTION

The variations in voltage gain are relatively large in open-loop op-amp, in particular,
which' makes the open-loop op-amp unsuitabie for many linear applications. in most
linear applications, the output is proportional to the input and is of the same type.

Further the bandwidth (band of frequencies for which the gain remains constant) of
most-open-loop op-amps is negligibly small - almost a zero. For this reason, the open-
loop op-amp is impractical in AC applications. For instance the open ioop bandwidth of
the 741C is approximately SHz. However, in almost all ac applicatlons a bandwidth
larger than 5 Hz is needed.

Because of the above stated reasons, the open Ioop op-amp is generally not used in
linear applications. Nevertheless, in certain apphcatlons the open-loop op-amp i
purposely used as a nonlinear device; that is a square ware output is obtained by
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deliberately applying a relatively large input signal. Open-loop op-amp configurations
" are most suitable in such applications.

Op-amps have many applications. Some are described below

7.2 THE INTEGRATOR

A circuit in which the output voltage waveform is the integral of the input waveform is the
integrator or the integration amplifier. Such.a circuit obtained by using a basic inverting
ampiifier configuration, if the feedback resistor R is replaced by a capacitor Cr and the
relevant circuit is shovgn in Fig 7.1a. ‘

Fig.7.1(b, c) input and ideal output waveforms using sine wave and square wave
respectively

R:; Cq=1second and. vy =0V assumed.

The expression for the output voltage v, can be obtained by writing Kirchhoff ‘s current

equation at node v,:
h

—» R, Vv, Cr
14 ir N\ 4*Vee
+ 1
L - Ve

.

Fig.7.1(a) Integrator circuit.

TR 2T l [ ] -
r S B s T

Yo y 3

Vin
IV

Q

—IV -

Vo
T2 T 3T 2T

ov 1 1 oV >
t t
v | ©
20V + -0.3V \

. {slope| = IV/s
Fig.7.1(b) Fig.7.1(c)

-
v
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‘ iy =lg+ir
Since |g is negligibly small, iy =ir
Recall that the relationship between current through and voltage across the capacitor

dv
i.=C. —
CT T dt
Ther_@fore
V. -V, d
n L2 =C¢| — |(VarV

= F(dt)(\’z o)

However, v = v, = 0 because A is very large. Therefore

v d
m =C — 'V
e F (Vo)

The out put voltage can be obtained by integrating both sides w. r. t. time

Ivin . - ' d -
frdt= JC"”&"{ (vo) . dt = Cr (Vo) *v,| _,

1] i

There fore
Vo =r ii_,la of 'vin dt eene{7.1)
Eq.(7.1) says that the output voltage is directly proportional to the negative integral of the
input and inversely proportional to the time constant R,C¢. For example if the input is 2
sine wave, the output will be a cosine wave of if input is a square wave, the output will
be a triangular wave as shown as Fig.7.1 (b) and (c) respectively. Note that the wave
forms are drawn on the assumption that RyC¢ = 1second and vgo = OV.

For accurate integration of the input waveform, the time period of the input signal T
must be longer than or equal to R.Ce. Again, the R;M is used to minimize the effect or
input bias current and the output offset voitage. The input offset voitage Vi and the part
of the input current charging the capacitor produce the error voitage at the output of the
integrator. Therefore, in the practical integrator shown in Fig.7.1(a), a resistor Rg is
connected across the feedback capacitor Cr to produce DC §tabilization. In other words,
Re é;ﬁmits the low frequency gain and hence minimizes the variations is the output
voltége. Generally, R = 10R,. The integrator is most commonly used .in analog
combuters and analog to .digital converters (ADC) and signal wave shaping circuits.
7.3/THE DlFFERENTIATOR:
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Fig.7.2 shows a differentiator or differentiating amplifier. As the name implies, the circuit
performs the mathematical operation of differentiation: that is the output waveform is the
derivative of the input waveform. The differentiator may be constructed form a basic
inverting amplifier of an input resistor R, is replaced by a capacitor C,

The expression for the output voltage can be obtained from Kirchoff's current equation
written at node v, as follows:

i =lg+ir sincelg=0,

Cl V2 R¢
T =W
A RSN
Vm + —-—_OVO = _ RFC; dvm
Vi ar
= * = Ve
Row=Re £ %
, T =
Fig 7.2 Basic differentiator circuit.
le = IF
~ Qv =v,) v, - v
T dt R,
But vy = v, = Ov, because A is very large, therefore
dv, _ Vo
"4t R,
or
dv.
Vo = -R¢eCy dtm - (7.2)

Thus the output v, is equal to the R:C, times the negative instantaneous rate of change
of the input voltage vi, with time. Singe the differentiator performs the reverse operation
of the integrators function a cosine wave input will produce a sine Wave output or
triangular input will produce a square wave output. However, the differentiator of Fig
7.62 will not do this because it has some practical problems. The gain of the circuit (R |

Xc,) increases with increase in frequency at a rate of 20 dB/decade. This makes the
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circuit unstable. Also, the input impedance Xc; decreases with increase in the
frequency, whic!'; makes the circuit very susceptible to high frequency noise. When
amplified, the noise can completely over ride the differentiated output signal.

Both the stability and the high frequency noise problems can be corrected by an
addition of two components; Ry and C¢ as shown in Fig.7.3 this circuit is a practical
differentiator (Fig.7.3a) '

Cr
—
Ry
R] Cl
'_—- +Vcc
)
3 vo = - R¢C, dvm
Vin {Vu; gRL dt
= Rom if ReCy >R, Cy or ReCe
-

Fig.7.3(a) Practical differentiator -

<4 ms
Fig.7.3(b) sine wave input and resulting cosine wave output.

7.4 SOLVING A SECOND ORDER DIFFERENTIAL EQUATION

Consider the differential equation

2 .
%+K,%+K,V—K=O ....... (7.3)

- I av :
where K, and K; are positive constants. We take the initial conditions as >y =0and

V=0 att=0
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2
To 'solve the differential equation, we assume that (—2’—5— is available. By integrating it

V
successively we get %;— and V. We rewrite the given differential equation as

dv dv
=K, " KV +V
dr? Ydat ? :

If we cannect as shown in the diagram at the output of Op.Amp 4 we get

If we take —g’— =K, and, -gl = K, we get at point P,
t 2

2
- K, %-— K,V +V, , which we know is equal to ‘Z—t? , With which we started. Thus
point P; and P, may be connected together. The solution V is obtained at the output of
amplifier 2.

IuF IuF R;
—it— i
dv av

dit dr
Pi | — |
1IMQ IMQ

M ar

dt

L R2
Lo YT
IMQ

V) —

Fig.7.4 Circuit for solving second order differential
equation given in Eq.(7.31)
7.5 Logarithmic amplifier
A logarithmic ampilifier is that in which output voltage is proportional to the logarithm of
the input voltage. The circuit of logarithmic amplifier using a diode is shown in Fig7.8a.
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Vo

!

= Fig 7.8a Logarithmic amplifier

The volt-ampere characteristics of the diode is given by

=1 ex il
nkT
Where | is the diode current for forward voltage v,

If _ —>>1
nkT

ev
Or i =1, then we have i = I exp| ——
r;kT

Or lo L8 o v,.<=-rl-,f-7:log,L
IS 17kT ' e I

G is a virtual ground at the amplifier input. Therefore i = %and then the output voitage
_is

| kT v,
Vo=V, = loge TR

Thus, output voltage v, responds to the logarithm of input voltage_v,.

OP-AMP AS A LOGARTHMIC AMPLIFIER USING TRANSISTOR

Fig.7.8b shows the circuit diagrarii of the fundamental logarithmic amiplifier
using transistor.
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:Lmia\
-

e !

Fig.7.8b Logarithmic amplifier using transistor

OVO

In it, a grounded base transistor is placed in the feedback path. Since the
collector is held at virtual ground and base is also grounded, the transistor's voltage
~ current relationship becomes that of a diode and is given by,

1, =1 1) (7.32)
Since, ¢ = I for a grounded base transistor,
I =I(e"" " -1) e (7.33)

Where I = Emitter saturation current

k = Boltzmann's cons tant

T = Absolute Temperatire

Therefore, §<_ =y L (7.34)
Y

T
or eql,.-/kl =___(__+1‘
s
I
I,

Taking natural log on both sides, we get
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From the circuit diagram, we have
i VI! Vr :
Collector current /. = R = rE sinceV, =0

Sui:\stituting the value of /.. in Eq.(7.34), we get

VI:' = E logd l/,
q RT;

We know that V,, = -V (from the circuit)
Let RI; =V,,,, areference voltage,

Vv
.. Output voltage, V, = k—T-loge V . (7.36)
q

ref

In the above expression, for ¥, k,T and qare fixed, and V,, (= RI) are constants

V,alog, (V) (7.37)

Thus, the output voltage is proportional to the logarithm of the input voltage. It is why
the circuit is called logarithmic amplifier. In order that to make Eq.(7.35) holds good, it is
essential that V. is constant. The emitter saturation current Is varies from transistor to

transistor and with temperature. Thus, a stable reference voltage V. can not be
obtained. In order to remove the difficulty, the basic circuit it modified as shown in

Fig.7.8c

Q

g R

f Rre

Fig.7.8c Logarithmic amplifier using transistor and
a stable reference voltage source
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The input signal is applied to A, log-amp while a reference voltage V. is applied to
another A, log-amp.
The two OP-AMP A{ énd A; are integrated in close proximity on the same silicon
wafer, so that their reverse saturation currents match at all temperature i.e.,
Iy =1,

Let I, =1, =1

For OP-AMP A, output voltage V, = LZ8 log , (%)
q il

V..
And For OP-AMP A,, output voltage V, = Eloge[R’}’ )
q Ly

The two outputs form inputs top OP-AMP A; whose output is
| o=V,-V,

: V.,
v, M logu[—z'-—J—log”[ ref J
q R, R

Oor V, =Elogu( v, ] (on simpiiﬂcation)
q

ref

Thus reference level is set with a single external voltage source. Its dependence on
cevice and temperature is removed.

Tne voltage V is still dependent upon temperature and is directly proportional to
tempe;rature is compensated by the last OP-AMP stage A, which provides a non-
inverting gain of ( 1+ R ] where R, is a témperature sensitive resistance with' a

. 7.
positive temperature coefficient (sensitor).
..Output of OP-AMP, A,, voltagq, 'compensated,

. { ' V
VO(mrnp) ={l +_RR_2-)£loge[V . J
1 q re/f

Since R, is a sensistor, it helps to contain the slope of the equation of V, (comp)

constant at all temperature changes.
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v
V «om, a lo ¢ :
O(comp) g [V,.” ]
Or Vocompy @ log, V. (sin ceV,,  is ﬁxea’)

The same output with an inversion is obtained by the modified circuit using two Op-
Amps. is shown in Fig.7.8(d)

2R, v,

As

Vo

™

Fig.7.8d Logarithmic amplifier with two Op Amps

Hence, compensated output voltage, V..., = —-(] + f—z—}k—tlogy[l—/y—’—J
r ) 94

ref

7.6 OP-AMP AS AN ANTILOG AMPLIFIER
“The circuit of an Antilog Amplifier is shown in Fig.7.9
The input of V; for the antilog-amp is fed into the temperature compensating voltage
.divider R, and Bxc and then the base of transistor Q,. The ouf’put V, of the antilog-amp
is fed back to the inverting input of Asthrough the resistor R,. the base of emitter voltage
of transistors Q, and Q; are

Vosor =£ln( Yy ) .................... (7.37)
- q R I
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< —oVo

|

[ E
v Rrc
=
w

Fig.7.9 Anti-Log Amplifier

E] o
R

Vosor =

Since the base of transistors Q is tied to ground, we get

" The base voltage Vg of traig;_&stor Q. is

(" R7 . ]

The voltage at the emitter of Q, is

Vou: =¥y +Vp,p

OPAMPH- - *

......... 4..’...(7.40)
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R, vV
Vo =| = 1, = KL vt
. R, + R‘/',. q R I

But the emitter voltage of Q. is Va, that is,

V, =VQ,/;'
R, V.,
_Eln VO = T I/l_!iln( refJ
9 RI; (R, +R, q R I
R..
or 1, .2 PP/ Vres
R +R'/;. q R I R I
R. 1%
q 1 0
or -4 — 1 =1 e (7.41
kT [Rz +R.,.(J ' '{Vn,,] (7.41)

Changing natural log i.e., In to log,, using Eq. (7.4i), we get

R |
-0.4343(-?—)+ Ty~ 0.4343xl0g, | 2
kT) | R, +R, V.,

V,
-k'V, = log,o[V S J or 4
ref

=107"
ref

Since Vi is of constant magnitude, therefore,

v, =V, (10™")
Whe . q R,,
re k'=0.4343 | || ————
kT )\ R, + Ry,

Hence an increase of input by one volt causes the output to decrease by a decade or 10
volts. Thus the circuit functions as antilog ampilifier.

7.7 OP- AMP AS A LOGARTHMIC MULTIPLIER:
The log and antilog amplifiers can be used for the multiplication of two analog signals.
The basic principle involved in the design of the anafod‘ultipliér is that the sum of the
logarithms of the numbers is equal to the logarithm of the product of the two numbers,
ie.,

log,x +log, y = log, (xy)

log, v, +log, v, = log, (vxvy)
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sk a

Thus in a logarithmic multiplier, the logarithm of each input Vss and Vs; is take'n',' then
two logarithms are added and finally the antilog of the sum gives the product of the two
inputs. The basic circuit diagram of logarithmic muiltiplier of the two analog signals is
shown in Fig.7.10 o

R
Vsio— Log >——WWW

v

R
e D

Fig 7.10 Logarithmic Multiplier

Antilo

1

Vi=kjlogVy Vg

Thus
Vi=klog Vy +klog Vy =k log ViV
and  V, = Antiloglk, log, V, ¥ |

=k, log;' k, V, =k, log;' (k, k, log, ¥, V)
If k,k, =1,then we may put

Vo =k, Vs, VS,

7.8 SUMMARY
Summing, scaling amplifiers can be constructed by using inverting, non-

inverting and differential configurations. The integrator and differentiator are most widely
used in signal wave shaping applications. Besides, the integrator isused in analog
computers and the differentiator is used as a rate of change detector in FM modulators.
Logarithmic amplifiers are used to find sum of logarithmic values of two numbers
(represented by some scaled voltages). Since log (a) + log (b) = log (ab), we get log of
(ab). By giving this pasult to anantilog amplifier, we get the product of two numbers.
Likewise, since log.(a) - qu'-(b), = log (a/b), we can perform arithmetic division of two
numbers. With these fundamental building blocks analog computers were developed to

pedform complex. scientific calculatidns. Comparators are used in open loop
configuration. These form the basic circuits to construct analog to digital converters.
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7.9 KEY TERMINOLOGY
Exponential: It is raising the number value by some power usually by Naperian base ‘e’.
Y=e". Her; x is called power or exponential.
Logarithm to the base e is an inverse operation of exponential operation.
Log (y) =x
Neperian base can be changed to the base 10 form and it is these logarithmic value we
frequently find in mathematical tables.
Logarithmic value of numbers: By using the logarithmic method we can represent very
large and very small numbers in'a convenient way. As per logarithmic rules Logarithm of
product of two numbers can be represented as sum of two numbers in logarithmic form.
Differance of two numbers in logarithmic form is identical to log divided value of two
numbers. Anti-logarithms are also defined to convert log value of numbers into normal
numbers
7.10 SELF-ASSESSMENT QUESTIONS
Long answer questions
1. Explain the difference between the integrator and differentiator and give one
application of each.
2. Describe an analog computation circuit using Op Amp to solve simple second
order differential equation. Explain its working with a suitable example.
3. Draw the circuit diagrams to explain the use of Op Amp as an integrator and a
differentiator.
4. Set up a circuit for an analog computer to solve
d’y
dxz
For x as a function of time. Initial conditions are x(0) = 0,

+2§Z+5x=2
dx

dx
—(0)=0at t=0
dl()' a

SHORT ANSWER QUESTIONS
1. In what way is the voltage follower is a special casexof the non-inverting
amplifier?
2. Explain cdmparator action of an Op Amp.
3. Explain how an Op Amp is used as an ihtegrator?
4. Draw the Op Amp voltage regulator circuit and explain its operation.
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7.11 Text and Reference Books

(1) Operational Amplifiers and Linear Integrated Circuit Technology by Ramakanth
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(2) Basic Electronics by D.C. Tayal, Himalaya Publish Co.,

(3) Semiconductor Electronicg by A K. Sharma
New Age International Publishers

(4) Foundations of Electronics
By D. Chattopadhyay, PC Rakshit, B. Saha, M.N. Purohit
Second Edition, Wiley Eastern Ltd.,



UNITH LESSON 8
OPERATIONAL AMPLIFIERS - IV

OBJECTIVES OF THE LESSON
To explain (i) the oscillator principle and discuss the various types of oscillators , (ii)
the construction of square wave and triangular wave generators and (iii) the
operation of the 555 Timer as an astable muiti-vibrator.
STRUCTURE OF THE LESSON

8.1 Introduction |

8.2 Oscillator principle

8.3 Working of R-C phase shift oscillator

8.4 Wien bridge oscillator »

" 8.5 Square wave and triangular wave gener;{ors

8.6 The 555 timer

8.7 Summary

8.8 Key Terminology

8.9 Self assessment Questions

8.10 Text and Reference books

8.1 INTRODUCTION

In the earlier lessons, we have seen how negative feedback
provided virtual ground at the inverting input and resulted in developing various
circuits whose performance is dependent on the circuit components only. In this
lesson, we consider the effect of positive feedback on Op Amp performance. Various
types of oscillators were developed using both Negative and positive feedback and
suitable circuit elements to prdduce sine wave, square wave and other types of
waveforms. We learn about these aspects in this lesson. Many of the circuits are
useful in conducting prescribed experiments.

Basically the function of an oscillator is to generate alternating current or voitage
waveforms. More precisely, an oscillator is a circuit that generates a repetitive
waveform of fixed amplitude and frequency without any external input signal.
Oscillators are used in radio, television, computers, and communications. Although
there are different types of oscillators, all of them work on the same basic principle.

Oscillators are classified into two basic categories: sinusoidal and non-sinusoidal.
if the waveform generated is a sinusoidal wave, the circuit is called a Sinusoidal
oscillator and these circuits producing all other waveforms are called non-
sinusoidal oscillators. Some times, the oscillators are also classified on the basis
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of frequency of the generated waveform, viz., audio frequency, radio frequency and
ultra high frequency oscillators.

8.2 Oscillator principle:

An Osgcillator, as such, is a type of feedback amplifier in which part of the output is
feed back to the input via a feedback circuit. If the signal feedback is of proper
magnitude and phase, the circuit produces alternating currents or voltages. To
visualize the requirement of an oscillator, consider the block diagram of Fig.8.1.
However, here the input voltage is zero (v, = 0). Besides that, the feedback is
positive because most oscillators use positive feedback. Finally, the closed loop gain
of the amplifier is denoted by A, rather that Az

. Vo V4 Vi
Amplifier —> 0
iv Amxliﬁer >
v
=
Fgedb_ack / Feadba
Circuit B [T\ e ack —
7 Circuit B

Fig.8.1 Oscillator block diagram

In Fig.8.1,
Vg = Vi + Vin - (8.1)
Vo= A, vy - (8.2)
vi=Bvg - (8.3)
Using these relation ships, the following equations are obtained
Yo o Ave _ A S— (8.4)
v, vy-v, 1-=(vfivd)
From Egs (8.2) and (8.3), we have
v,
L =AB @ e (8.5)
Va4

Substitute Eq.(8.5) in Eq.(8.4), we have
v, A

v

V" 1-A,B

(8.6)

However, vi, = 0, and v, # 0 implies that
AyB=1
Expressed in polar form
A,B=1and ¢ =0 or 360° ——(8.7)
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Eq.(8.7) gives the two requirements for oscillators:

(1) The magnitude of the loop gain A, B must be at least 1, and

(2) The total phase of the loop gain A, B must be equal to 0° or 360°. For

instance, as indicated in Fig (8.1), if the amplifier causes a phase shift
: of 180°

Ttie feedback circuit must provide an additionai phase shift of 180°, so that, the total
phase shift around the loop is 360°. The waveforms shown in Fig 8.1 are sinusoidal
and are used to illustrate the circuit's action. The type of waveform generated by an
oscillator depends on the components in the circuit and hence, may be sinusoidal,
square or triangular. In addition, the frequency of the oscillation is determined by the
cbmponents in the feedback circuit.

Sine wave generators Other waveform generators
1. RC Oscillator 1. Square wave oscillator

2. LC Oscillator 2. Triangular wave oscillator
8. Crystal Oscillator 3. Saw-tooth wave oscillator

8.3 PHASE SHIFT OSCILLATOR

Fig.8.2 shdws a phase shift oscillator, which consists of an op-amp, as amplifying
stage and three RC cascaded networks in the feedback circuit. The feedback circuit
provides feedback voltage from the output back to the input of the amplifier. The op-
amp is used in the inverting mode; therefore any signal that appears at the inverting
terminal is shifted by 180° at the output. An additional 180° phase shift required for
oscillation is provided by the cascaded RC networks. Thus the total phase shift
around the loop is 360° (or 0°). At some specific frequency, when the phase shift of
the cascaded RC networks is exactly 180° and the gain of the amplifier is sufficiently
large, the circuit will oscillate at that frequency. This frequency is called the
frequency of oscillation f; and is given by

1 0.065
fo= =" e (8.8)
°" 2zJ6RC  RC
At this frequency, the gain A, must be at least 29. Thatis -
..R_F =29
RI

Re=29 R, " S— )
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Amplifier —— | R,

Feedback circuit A vod

Fig.8.2 Phase shift oscillator and its output waveform

Then the circuit will produce a sinusoidal waveform of frequency f, if the gain is 29
and the total phase shift around the circuit is exactly 360°. For a desired frequency of
oscillator, choose a capacitor C, and then calculate the value of R from equation
(8.8). A desired output amplitude, however, can be obtained with back-to-back
Zeners connected at the output terminal shown in Fig.8.2

ANALYSIS

l/SC 1/8C 1/SC
L Vi(s) u vy(s) IL vy(s)

va(s)
z(S h(s) "‘S’ 04
where S = jo
h(S) |z(S) li(s) ls (s)

Fig.8.3 RC network of the phase shift oscillator
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Nodal equations are transformed into the s domain
W_n'ting Kirchoff's current law (KCL) at node v,(s), we get 1,(s) = I5(8) + I3(s)

Vo(®)-v,(8) _ vi(8) | v,(9)-V,(9)

1/sC R 1/sC
vi(S) I:% + ZSC:’ + v, (8)(-8C) = vg(s) (sC) - (8.10)
Writing KCL at node v, (s)

ls(s) = lu(S) + Is(8)

Vi(8)-v,(s) | va(8) | Va(S)-Vy(8)
1/5C R 1/sC

vy(s) [-8C] + va(s) [% + ZSC] +vy(s) [-sC] =0 e (8.11)

Writing KCL at node vi(s)
Is(s) = le(8)

VZ(S)-Vs(S) = V;;(S)
1/sC R

(8.12)

v2(8) [SC] + vi(s) [— % - sC:l =0

va(S) = Va(s) [-R—:E + l]

Substituting this in £q.(8.11)

v(8)[=SC] + Va(s) [1 ‘ s—!l'E] _E&E ' 2]-+ va(8).(~sC) = 0

1y l
vy(S) = VQ(S) [‘— I +(l + E;E) \2 +-E;C-)]

Substituting this in Eq.(8.10)
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1 1 Y] 1 1 _
va(S) [— 1+ ( 1+ R;E)(z + R_sC) J [E + 2SC] + Vy(8) [Es_c—' + l] (-SC) = vq(s)(sC)

1 ] 1 1) _
Vi (S) {— 1+ (l + R 2+ I_Qs-E)\E + ZSC]}-f- vs(s)((-sC) - _15) = Vo (s)(sC)

RsC

2 RsC+1)(2RsC+1Y)(1+2RsC) |_
o om0 2y (B IR 11T

(-3R’5°C* ~2R?%%C?)+ (1 + RC)1 + 4R °C? + 4RsC
Vg(S) R3S2C2

1 1 1 1 1] _
v (s) [_E - 2sC + [_R—s? + I:l [2 + ——] {E+ ZSC] -sC - EJ = vo(s)(sC)

)J = vo(s)(sC)

\

va(s) [R*s°C® + 6 R?8?C? + 5RsC + 1] = vy(s) [R*s°CY

vi(s) _ s’R3C?

—em (8.12 (a
vo(s) s'R’C* +6s’R2C? +5sRC +1 (812 (@)

Next consider the op-amp part of the phase shift oscillator, the voltage gain of the op-
amp ‘

A, V) R, (8.12 (b))

For an oscillator
A,B=+1, —emmeeeeee (8.13)

Therefore, using Egs.8.12(a) and 8.12(b), we have

Since it is an inverting amplifier A, = - %—"—
I

R, S’R*C?
- =1
R, ]| S’R'C* +6R?S2C? +55RC +1

Substituting S = jw, and equating the real and imaginary parts, respectively, we
get
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RF v _ijRJCB
“n . 3p33 2p2 2, =1
R, J|-jo’'R°C’ -60°R°C” + j5wRC +1

(——] (- j°RC%}) = - jo°R%C® - 6 ©R*C? + j50RC + 1 -———(8.14)
- 60?R?*C? + 1 = 0 (Real)

1
w? = w® T (8.14(a))

|
/= 27J6RC

[ﬂ‘ﬁij (- 0’R’C’) = - ’R*C’ + 50RC (imaginary)

& = - +———5—— ammemaeee- (8.15 (a))
R, w’RC? '

From equation 8.14(a) and 8.15(a) we have

Re . 29 e (8.16)
R,

8.4 WIEN BRIDGE OSCILLATOR

The circuit diagram for typical Wien bridge oscillator is shown in Fig.8.4. This
involves an RC bridge circuit in which a frequency adjusting network is constructed of
saries combination of R, and C, connected from the output of the op-amp to the non-
inverting input of the op-amp and of a parallel combination of R, and C, from the non-
inverting input of the op-amp to the ground connections. The resistances R; and R,
form the non-inverting input of the op-amp to the ground cennections.. The resistors
R, and R, make the feedback path and determine the gain of the amplifier. The
bridge circuit causes a phase shift of 360° between the output and input of the op-

amp.

In the circuit of Fig8.4, the voltage v; across the parallel combination of R and C is

fed back and is expressed as
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e (8.17)
V, output
Fig.8.4(a) Circuit configuration for Wien bridge oscillator
. G .
T —3
W T L N
[ ¢
Fig.8.4(b) Redrawn circuit for R, =R; =R,and C,=C;=C
R
Where Z, = R||IC = —Z —and
R+ e
joC
Z; (Rin series with C) = R + —I— -------- (8.18)
\ jaC
R
joC
v, e
R+ o
v = J — T
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R-—-
JjoC
e i i
R—+R +2R--——— 5
jC joC @ C
1 1
=Vo y = Vo I e (8.20)
1+ jowRC +2 - —— 1 WRC = - -
J WRC 3+ j(w a)RCJ

In order to have zero phase between v;and vo, the j-terms must be zeroi.e.,

oRC - —— =0,
wRC
1.
mz = RZcZ
1 ] :
o= —, f= — (8.21)
RC 272RC

Substituting this frequency in equation (8.20)

1
Vv, = SVO | —n——————— (822)

Eq.8.22 shows that there is a loss of voltage gain in the feedback network by a
" factor of 8. Therefore, the amplifier should have minimum voitage gain as 3 for

oscillations.

The input voltage v, at the inverting point of the op-amp may be written as

= YR e (8.23)

R; = 2R, _ - (8.24)
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the flip-flop, with output going low. The discharge'transistor also goes low, causing
the capacitor to remain at near OV until triggered again. Fig8.9d shows the input
trigger signal and the resulting output waveform for the 555 timer operated as
monostable multivibrator or one-shot. Time periods for this circuit can range from
microseconds to many seconds, making the IC useful for a range of applications.

8.7 SUMMARY
Basically, the function of an oscillator is to generate alternating current or voltage
waveforms. The oscillators are classified with two basic categories: sinusoidal and
non-sinusoidal. If the waveform generated looks like a sine or cosine wave, the
circuit is called a Sinusoidal oscillator and the circuits producing all other waveforms
are called Non-sinusoidal oscillators.
There are two requirements for oscillations:
1. The magnitude of loop gain Ay B must be greater than or equal to 1.
2. The total phase shift of the loop gain must be 0° or 360°.
The Phase shift and Wien bridge are the most commonly used sinusoidal oscillators
for frequencies below 100kHz. In all these oscillators the frequency of oscillation is a
function of the RC time constant.
For frequencies above 100kHz, tunable oscillators like Hartley, Colpitt's oscillators
and crystal oscillators are preferable.. The theory regarding these oscillators is
available in standard text books and is left as an exercise to the students. For
information on this topic students may refer to books mentioned under reference.
Squaré wave outputs are generated when the op-amp is forced to operate in the
saturated regions, that is, the output of the op-amp is forced to swing repetitively
between positive saturation +Vsa (= Vic) and —Veu (= -Vee) resulting in the square
wave output. One way to obtain the triangular wave is to integrate the square wave.
Therefore, the triangular wave generator can be formed by using a comparator and
integrator. .
Signetics NE / SE 555 is a monolithic timing circuit, that can produce accurate and
- highly stable time delays or oscillations. Thus the 555 may be used as either a
mono-stable or an astable multi-vibrator. This device can be used in such
~applications as waveform generators, digital logic probes, integrated transmitters,
burglar alarms, toxic gas alarms and electronic eyes.
8.8 KEY TERMINOLOGY ,
1. Crystal oscillator: A crystal oscillator is also a resonance frequency oscillator
in which a piezo electric crystal is used as tuned / resonant circuit because
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Monostable operation

The IC555 timer is connected for monostable operation as shown in Fig.8.9c As the
name indicates, this circuit has one stable state. i.e. it will be either in on-state or off-
state uniess acted upon by external trigger pulse. Application of a trigger pulse
makes the circuit change from its stable state to move into an unstable state for a
period determined by the time constant of RC circuit and the fé!l back to its original
stable state. The transition from stable to unstable state and falling from unstable to
stable state is very fast and we observe a rectangular puise at the output, for every

trigger pulse given to pin no.2

N +ve

4
— 7 2 @———Trigger Input
3 p——>=> Output

o

Fig.8.9c Monostable multivibrator

When the trigger input goes negative, it triggers the one shot, with output pin 3 then
going high for a period '

Thigh =1.1RC
Hi

Trigger . L' Input triggers timer

input On negative edge
Hi

output
Lo
— T high ¢—

(=1 1 RC)
Fig.8.9d Wave forms

Referring back to Fig.8.8b, the negative edge of the trigger input causes comparator
2 to trigger the flip-flop, with the output at pin 3 going high. Capacitor charges toward
Vee through R. During the charé(ng .interval, the output remains high. When the
voltage across capacitor reaches the threshold level of 2V¢c/3 , comparator 1 triggers
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N+ Vee=+5v

e ] 555 > Oupn

(I C|

Fig.8.9(a) The 555 astable multi-vibrator circuit

Input voltage. A Iﬂ— T _§|

= Ve —Ji
1377 SE— )
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i
Capacitor voltage/\ v
i
]
{)
1
i

A4

2/3 Vee

1/3 Vee

ol N

A ~
/ \ 1
Chargin,
Discharging ¢

Fig 8.9(b) The 555 astable multi-vibrator output voltage wave

form and voltage across the capacitor.

- 1
Similarly, the time during which the capacitor discharges from % Ve t0 5

equal to the time, the output is low and is given by

ts = 0.69 ReC e (8.31)
Thus the total time period of the output waveform is

T=t.+1t,=0.69(Rs +2Rg) C —~—e—(8.32)
This, in tumn gives the frequency of oscillation as

=¥ (8.33)

!
fo= —
T (R,+2R, )X

Ve is

Eq.(8.33).indicates then the frequency f, is independent of the supply voltage V...



ACHARYA NAGARJUNA UNIVERSITY 8.17 CENTRE FOR DISTANCE EDUCATION

Pin 7: Discharge. This pin is connected internally to the collector of transistor Q.
When the output is high, Q, is off and acts as an open circuit to the external capacitor
C connected across it. On the other hand, when the output is low, Q, is saturated
and acts as a short circuit, shorting out the external capacitor C to ground

Pin 8: +V.. The supply voltage of +5V to +18V is applied to this pin with respect to
ground (pin 1) :

8.6.2 THE 555 AS AN ASTABLE MULTI-VIBRATOR

An astable multi-vibrator, often called a Free running multi-vibrator, is a
rectangular wave generating circuit. The time during which output is either high or
low is determined by the two resistors and a capacitor, which are externally
connected to the timer 555.

ASTABLE OPERATION

Fig.8.9(a) shows the 555 timer connected as an astable multi-vibrator. Initially,
when the output is high, capacitor C starts charging toward Ve through R, and Rg.

However as soon as voltage across the capacitor equals -i—vw, comparator 1 triggers

the flip-flop, and the output switches low [see fig 8.9(b)]. Now capacitor C starts
1

discharging through Rg and transistor. When the voltage across C equals ng,

comparator 2's output triggers the flip-flop and the output goes high. Then the cycle
repeats. The output voltage and capacitbr voltage waveforms are shown in Fig.
8.9(b).

As shown in this figure, the capacitor C is periodically charged and discharged

1
between % Ve and 5 V. respectively.

1
The time during which the capacitor charges from 5 Ve to % V. is equal to the

time the output is high and is given by
t. = 0.69 (Ra + Re)C | ——— (8.30)

where R, and Rg are is ohms and C is in Farads.
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Before proceeding with the operations of 555 Timer as an astable multi-
vibrator, it is important to examine its pin functions. The pin number is used in the
following discussion refer to the 8 pin mini DIP and 8-pin metal can packages

Pin 1: Ground. All voltages are measured with respect to this terminal.

Pin 2: Trigger. The output of the timer depends on the amplitude of the external
trigger pulse applied to this pin. The output is low if the voltage at this pin is greater
that 2/3 V... However, when a negative going pulse of amplitude larger that 1/3 V.
applied to this pin, the comparator2 output goes low, which in turn switches the
output of the timer high. The output remains high as long as the trigger terminal is
held at a low voltage.

Pin 3: There are two ways a load can be connected to the output terminal: either
between pin 3 and ground (pin 1) or between pin 3 and supply voltage +V.. (pin 8).
When the output is low, the load current flows through the load connected between 3
and +V into the output terminal and is called the sink current. However, the current
through the grounded load is zero when the output is low. For this reason, the load
connected between 3 and +V. is called normally on load , and that connected
between pin 3 and ground normally off load and that connected between pin 3 and
ground is called the normally off load.

Pin 4: Reset. The 555 timer can be reset (disabled) by applying a negative pulse to
this pin. When the reset function is not in use, the reset terminal should be connected
to +V,. to avoid any possibility of false triggering.

Pin 5: Control voltage. An external voltage applied to this terminal changes the
threshold as well as the trigger voltage. In other words, by imposing a voltage on this
pin or by connecting a pot between this pin and ground, the puise width of the
waveform can be varied. When not used, the control pin should be bypassed to

ground with a 0.01 p'F capacitor to prevent noise problems.

Pin 6: Threshold. This is the non-inverting input terminal of comparator 1, which
monitors the voltage across the external capacitor. When the voltage at this point is

> threshold voltage %Vx, the output of comparator 1 goes high, which in tum

switches the output of the timer low.
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L ]
Ground E E +Vee
Trigger [2 7] Discharge
555
Output [3] '] Threshold
Reset [4] , 3] Control voltage

Fig.8.8(a) 555 timer connecting diagram

8 Vee %Control Voltage

6 Comparator |
Threshold 4
C Reset
o2
Trigger
Discharqe

7

Q
Output stage

03
Qutput

Fig.8.8(b) Block diagram

t ~ GND

The important features of the 555 Timer are

(1) It operates on +5 to +15v supply voltage in both free running (astable) and one
shot (mono stable) modes; (2) It has an adjustable duty cycle; timing is from micro
seconds through hours; (8) It has high current outptlti & €an source or sink 200 mA;
(4) The output can drive TTL and has a temperature $tability of 80 parts per miliion
(ppm) per degree Celsius change in temperature.
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the left end of R. Because of the virtual ground, the input current is constant and is
14
ivenby / =2,
gn Y L R

This constant current flows into the capaéitor and increases its charge given
byQ =CV.

From which V=

ar
®
i
L

This means the capacitor voltage v irlgreases linearly with the polarity show in Fig
8.7a. Because of the phase inversion of the OP AMP, the output voltage is a
negative ramp, as shown in Fig.8.7c. At the end of the pulse period, the input vojtage
retumns to zero, and charging current stops. Because the capacitor holds its charge,
the output remains constant at negative level.

To get a formula for the output voltage, divide both sides of Eq.(8.29) by'T. Thus

Since a constant current | is flowing into the capacitor % = [ and hence

4 1 (OR) Vv-= 1T

r ¢C C
This is voltage across the capacitor with the polarity shown in Fig.8.7a. Because of
the phase inversion,V,, = -V.
8.6 THE 555 TIMER

8.6.1 The 655 Timer and its pin configurations: Signetic corporation introduced
this device as the SE / NE555 in early 1970 for the first time . It is one of the most
versatile linear integrated circuit. The applications of 555 timer includes mono-stable
and astable multi-vibrators, dc-dc converters, digital logic probes, waveform
generators, analog frequency meters and tachometers, temperature measurement
and control, infrared transmitters, burglar or toxic gas alarm, voltage regulators,
electronic eyes and many others. The 555 is a monolithic timing circuit that can
produce accurate and highly stable time delays or oscillation. In other words, the
timer basically operates in one of the two modes: either as a mono stable multi-
vibrator (one shot) or as an astable (free running) rﬁulti-vibrator. The device is
available as an 8 pin metal can, as an 8-pin mini DIP or a 14-pin DIP. Fig.(8.8)
shows that the pin connection diagram and the block diagram of the SE/NE 555
timer. The SE 555 is designed for the operating temperature range of -55 to +125°,
while NE 555 operates over a temperature range of 0 to +70%.
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Therefore, high slew rate op-amps should be used for the generation of relatively

higher frequencies.

Voltage Vi
V= +V \ll \Lv"
/ \ /time
V= ~Viz 4
< T—> i
Fig 8.6 (b) Its output waveform.
RAMP GENERATOR

An integrator circuit performs the mathematical operation calied integration. Its
common application is to use a constant input voltage to produce a ramp of output
voltage. (A voltage that changes linearly with time). With an OP AMP, we can build
an integrator; a circuit that produces a ramp output from a rectangular input Fig.8.7a

o——0 Vo= -V

Fig 8.7 (a) Ramp generator

Vin 0

< T

‘ T
Fig 8.7(b) Fig 8.7(¢)

shows an OP AMP integrator. Its input is @ typical rectangular puise shown in
Fig8.7b. Here Vi, represents a constant voltage during pulse time T and is applied to
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fo= . - (8.28),

2RC

Eq.(8.28) shows that the smaller the RC time constant, the higher the output
frequency f, and vice versa. As in the sine wave oscillator, the highest frequency
square wave generated is also set.-t;;/ the slew rate of the op-amp. In practice, each
inverting and non-inverting terminal needs a series resistor R, to prevent excessive
differential current flow because the input of the op-amp is subjected to large
differential voitage. R, should have a value of 100 KQ or higher.

8.5.2 TRIANGULAR WAVE GENERATOR Recall that the output waveform of the
integrator is triangular if its input is a square wave. It means that a triangular wave
~‘generator can be formed by simply connecting an integrator to the square wave

“ generator of Fig. 8.5. The resultant circuit is shown in Fig.8.6(a). The circuit requires
a dual op-amp, two capacitors and at least five resistors. The frequency of the
square wave and triangular wave is the same. For fixed R,, R, and C values, the
frequency of the square we. -, as well as triangular wave, depends on the resistance
R. As R is increased or decreased, the frequency of the triangular wave will decrease
or increase accordingly. Although the amplitude of the square wave is Vconstant;
(+V.a), the amplitude of the triangular wave decreases with an increase in its
frequency, and vice versa.

The input of integrator A, is a square wave, while its output is a triangular wave,
however, the output of A; to be triangular wave requires that 5RsC, > T/2, where T is
the time period of the square wave input. As a general rule, R;C, shouid be equal to
T. To obtain a stable triangular wave, it may also be necessary to shunt the capacitor
C, with the resistor R4 = 10R3'an§1 connect an offset voltage compensating network
at the non-inverting terminal of Az.ﬁ«s',with any other oscillator, the frequency of the
triangular wave generator is limited by slew rate of the op-amp.

e “Wo———— —v.. S
J- R,=10R,

5 \]A:vw .
_ A W
J_ W—— /1v/ Vee

2

40

- Vix

= W A L—o
R {— M
Fig 8.6(a) Triangular Wave Generator circuit R Y Vi
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For example, suppose that the output offset voltage voo1 IS positive and that,
therefore voltage v, is also positive. Since initially the capacitor C acts as a short
circuit, the gain of the amplifier is very large (A).

Hence v, drives the output of the op-amp to its positive saturation + Ve with the
output voltage of the op-amp as +Vqq, the capacitor C, starts charging toward +Vea
through the resistor, R. However, as soon as the voltage v, across the capacitor is
slightly more positive than v, the output of op-amp is forced to switch to a negative
saturation, -Vs. With the op-amps output voltage as negative saturation, -V the

voltage v, across R is also negative,

R,

Vse ——emenmeee 8.
Rl+Rz( ) (8.29)

since v, =

Thus the net differential voltage vis = vy —V2 is negative, which holds the output of
the op-amp in negative saturation. The output remains in negative saturation until
the capacitor C discharges and then recharges to a negative volitage slightly higher
than the -v, [see Fig 8.5(b)]. Now, as soon as ths ~apacitor voltage v, becomes
more negative than -vi, the net differential voltage vy becomes posmve and hence
drives the output of the op-amp back to its positive saturation +Vaat. This completes
one cycle. With output at +Vyar, and voltage vy, at the non-inverting input is

RI
R, +R

Vi = (+Vsat) ----en-—(8.26)

The time period T of the output waveform is given by

........ (8.27(a))

T=2RClIn (L' *RZJ

R,

e (8.27(D)

Eq.8.27(b) indicates that the frequency of the output f, is not only a function of the .
RC time constant but also of the relationship between R, and R,. For example, if R,
= 1.16 R,, Eq.8.27(b) becomes
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Hence, for a stable operation of the oscillator: R; is selected slightly larger than
2R; so that the maximum gain requirement is fulfilled. |

8.5 SQUARE WAVE AND TRIANGULAR WAVE GENERATORS
8.5.1 Square Wave Generator

In contrast to sine wave oscillator, square wave outputs are generated when the
op-amp is forced to operate in the saturated regions, that is, the output of the op-amp
is forced to swing repetitively between positive saturation + Ve (= + Vgc) and
negative saturation - Ve (= - Veg), resuiting in the square wave output. Such a
circuit is shown in Fig.8.5. This square wave generator is also called a free-running
multi-vibrator.

4 Output Voltage across
voltage vo y capacitor V.

PR +VeaE Vi

§
L Sl I N 7
R Vv, \y Vid + 74} Vo _le _______ XZ___T ---------
I Y

R2 'V“E'VEE T
=
R, ! I,
v = Val; fo= — = ——if R; = 1.16R
I l| R|+R2 i satl 0 T 2RC 2 |

Fig 8.5(a) Square wave generator (b) Wave form of output
voltage. vo and capacitor voltage v, of the square wave generator.

Assume that the voltage across the capacitor C is zero volts at the instant thé dc
supply voltages +V¢c and -Vge are applied. This means that the voltage at the
inverting terminal is zero initially. At the same instant, however, the voltage v, at the
non-inverting terminal is very small finite value, that is a function of the output offset
voltage Voor and the values of R, and R; resistors. Thus the differential input voltage
Vi is equal to the voitage v, at the non-inverting terminal. Although very small,
voltage v,will start to drive the op-amp into'saturation.
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1

R -—-
= Jjax
R L
R—+R+2R = 5
jC joC @°C*
i 1
=V 7 = vy l e (8.20)
1+ jwRC +2 - —— ' R
J SRC 3+ j(a)RC a)RC)
In order to have zero phase between v;and vo, the j-terms must be zero i.e.,
!

wRC - —— =0;

@RC

1.
“Rc

1 1
o= —, f= ———— (8.21)
RC 27RC
Substituting this frequency in equation (8.20)
w=ive e (8.22)
i 3 o » .

Eq.8.22 shows that there is a loss of voltage gain in the feedback network by a
" factor of 8. Therefore, the amplifier should have minimum voitage gain as 3 for

oscillations.

The input voltage v, at the inverting point of the op-amp may be written as

= _ VR, e (8.23)
R.+R,

Equating Eq.(8.22) and (8.23), we get

R4
R, +R,

L | —
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properly cut crystal shows the characteristic of a resonant circuit. The crystal
oscillator possesses excellent frequency stability.

2. Radio frequencies: The frequency of electromagnetic radiation with in the
range 1000kHz — 1000MHz.

3. Saw-tooth wave: A wave form in which the shape resembles the teeth of a
séw. The voltage builds slowly and linearly up to a peak value (maximum)
and when falls almost instantaneously to zero or valley (minimum) value in
each cycle.

4. Potentiometer: A variable wire wound resistor with three leads, the value of
resistor varies between extreme lead and wiper.

5. Wien bridge: This involves an RC bridge circuit in which a frequency adjusting
network is constructed of a series combination of R and C connected from the
output of the op-amp to the non-inverting input of the op-amp and of a parallel
combination of R and C from the non inverting input of the op-amp to the
ground connection. '

6. Dual in line package: In the dual ~ in — line package (DIP) the chip is
mounted inside a plastic or ceramic case.

7. Metal can type: The chip is encapsulated in a metal or plastic case. The
metal can is best suited for power amplifiers because metal is a good heat
conductor and consequently has better dissipation capability than the flat-
pack or dual - in ~ line package.

B. Flip-Flop: The most important memory element is the Flip — Flop which is
made up of an assembly of logic gates. It can store one bit of binary data
(logic 1 or 0)

8.9 SELF-ASSESSMENT QUESTIONS
Long Answer Questions:

1) Describe the phase shift oscillator and obtain an expression for frequency of

oscillations.

2) Derive an expression for the frequency of oscillation for Wien bridge oscillator.

How is the minimum gain requirement fulfilled in this oscillator?

3) What are the important features or of the 555 Timer ?.

4) Explain the operation of 555 timer as an astable multi-vibrator.

Short answer Questions
1. Define an oscillator.
2) Why is the positive feedback required for oscillators?
3) What are the two conditions for oscillators?
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4) How are oscillators classified?
5) Explain the frequency stability and its significance.
6) What are the two basic modes in which the 555 Timer operates?
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UNIT Il LESSON 9

OP AMP CIRCUITS AND IC VOLTAGE REGULATORS

OBJECTIVES OF THE LESSON
To learn about some more important applications of OP AMPs and
integrated Circuit fixed and variable D.C. voltage regulators
STRUCTURE OF THE LESSON
9.1 Introduction
9.2 Comparator
9.3 Schmitt trigger
9.4 Op Amp voltage regulator
9.5 IC Voitage regulators
9.6 Adjustable voltage IC regulators
9.7 Summary
9.8 Key Terminology
" 9.9 Self assessment questions
9.10 Text and reference books
9.1 INTRODUCTION
In the previous lessons of this unit, we studied some applications of Op
Amp. We learn some more in this unit. Many more are left uncovered due to lack of
space. Although IC voltage regulators are not in the syllabus, these are included in
practical paper. So these aspects are also included in this lesson. A course in
Undergraduate course in analog electronics cannot be considered as complete
without learning some more applications like Active filters, PLLs, VCOs etc.
Unfortunately they are not included in the syllabus and the students have to learn
modern topics like these and switching voltage regulators etc to face the
competition.
9.2 THE COMPARATOR :

An important application of the OP-AMP is comparator. OP-AMP are useful is
comparing the magnitudes of two signals. If one signal is applied to the inverting
input and the other to the non-inverting input, the output of the amplifier is zero only
when the two signals are equal and the output is saturated either positively or
negatively when the inputs are unequal. v

Basically the circuit is shown in Fig9.1a its action is demonstrated by the

transfer curve of Fig.9.1b
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Input
o—- Vo Current

4

Input (mV) |

4= .
—— Reference . Relative
- T

(a) (®)

Fig. 9.1 a) Comparator and b) its transfer characteristic

When the input signal is slightly greater than the reference voltage, the output
swings to saturation. When the input signal is slightly less than the reference voltage,
the output swings to saturation on the other side and output voltage reverses. The
amplifier is driven to saturation in each direction.

A faster operating circuit which keeps thé circuit out of the saturation condition by
use of directional feedback is the zero crossing detector (Fig.9.2). Depending on the
input voltage polarity, the amplifier has large feedback through one diode or the other
and remains in the linear operating region.

I
¢-

o——Rn

[ ]

Fig.9.2 Comparator as zero crossing detector

If the input of an OP-AMP comparator is sine wave, the output is a square wave. If a
zero-crossing detector is used, a symmetrical square wave results as shown in
figure. The comparator may be used as timing marker generator from a sine wave,
phase meter, amplitude distribution analyzer and pulse time modulation.

9.3 SCHMITT TRIGGER

By employing positive (regenerative) voltage-series
feedback, as is done in figure and for the astable and monostable multivibrators, the
gain may be increased greatly. Consequently the output excursion takes place in a
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time interval during which the input is changing by much less than 2 mV theoretically,
if the loop gain —BAy is adjusted to be unity, then the gain with feedback Ay ; becomes
infinite. Such an idealized situation results in an abrupt (Zero rise time) transition
between the extreme value of output voltage. if a loop gain in excess of unity is
chosen, the output waveform continues to be virtually discontinuous at the
qomparison voltage. However, the circuit now exhibits a phenomenon called
i\ysteresis, backlash, which is explained below.

2
Vzo‘—_"— Vo
o]
Vi R;(10K)
sz(loom
Fig 9.1 Schmitt trigger .~ Ve(1V)

The regenerative comparator of Fig.9.1 is comronly referred to as a “Schmitt trigger
" (after the inventor of a vacuum-tube version of this circuit). The input voltage is
applied to the inverting terminal 2 and the feedback voltage to the non-inverting
terminal 1. The feedback factor is # = R, /(R, + R,).. For R,;=100Q, R,=100K, and Ay.

= .5,000, the loop gain is

- PA, =0.Ix5—"g—019=49.5>>|

Assume that v, <v,, so that v, =+V,(+5V). Then using superposition, we find

from figure that
Vl - R| VR + R2 VO
R +R, R +R,

=V, e (9.9

If v, is now increased, then v, remains constant at Vo, and v, =V, = constant
untilv, =V, . At this threshold, critical, or triggerihg voltage, the output regeneratively
switches to v, = -V, and remains at this valt;!e as léng asv, >V, . This transfer
characteristic is indicated in Fig.9.2.

The voltage at the non-inverting terminal for v, > Vjis

__RV, RV,

= =V, ... 9.2
"SRR, R+R, ©2)
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( ; v v,
i 1 -Vo Figb
[ Vog_ | |
v
i E Fig.c
Vo | E

Fig.d

Fig.9.2 The transfer characteristic for
For b) increasing v; ¢) decreasing v; d)
the composite input-output curve.

For the parameter values given in figure and with V, = 5V,
V, =0.99+0.05=1.04V

V, =0.99-0.05 = 0.94/
Note that ¥, <V,, and the difference between theses two values is calied the

hysteresis V.
2RV,

p 1

=0.10V v (9.3)

If we now decreasev, , then the output remains at -V, until v, equals the voltage at
terminal 1 or until v, = V,. At this voitage a regenerative transition takes place and,

as indicated in fig, the output retumns to +V, almost instantaneously. The complete
transfer function is indicated in figure. where the shaded portions may be traversed in
either direction, but the solid segments can only be obtained if v, varies as indicated

by the arrows. Note that because of the hysteresis, the circuit triggers at a higher
voltage for increasing than for decreasing signais. '

We note above that transfer gain increases from 5,000 toward infinity as the
loop- gain increases from zero to unity, and that there is no hysteresis as long as -
BAv s 1. However, adjusting the gain precisely to unity is not feasible. The DIFF AMP
parameters and, hence the gain Ay, are variable over the signal excursion. Hence, an
adjustment which ensures that the maximum loop gain is unity would result in voltage
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ranges where this amplification is less than unity, with a consequeﬁt less in speed of
response of the circuit. Furthermore, the circuit may not be stable enough to maintain
a loop gain of precisely unity for a long period of time without frequent readjustmers_
In:.practice, therefore, a loop gain in excess of unity is chosen and a small amount of
hysteresis is tolerated. In most cases, a small value of Vy, is not a matter of concern.

-In othef applications, a large backlash range will not allow the circuit to function
properly. Thus, if the peak-to peak signal were smaller than Vy, then the Schmitt
circuit, having responded at a threshold voltage by a transition in one direction, would
never reset itseif. In other words, once the output has jumped to say V,, it would
remain at this level and never return to - V,. _

The most important use made of the Schmitt trigger is to convert a very slowly
varying input voitage into an output having an abrupt (almost discontinuous)
waveform, occurring at a precise value of input voltage. This regenerative
comparative comparator may be used in all the application listed in sec. For example,
the use of the Schmitt trigger as a squaring circuit is illustrated in fig. The input signal
is arbitrary except that it has a large enough excursion to carry the input beyond the
limits of the hysteresis range Vi.. The output is square v ve as shown, the amplitude
of which is independent of the peak-to peak value of the input waveform. The output
has much faster leading and trailing edges than does the input.

Fig.9.3 Response of the Schmitt trigger to
an arbitrary input signal

9.4 OP-AMP AS VOLTAGE REGULATOR
In regulators, voltage v, should be independent of input voltage variations and/
the load current variations. If V. is fixed then output voltage V, in circuit shown in
Fig.9.4. _ .
If Veris fixed and if Ri= Ry then Vo = 2V(er. If Vit = 5 volt then output Vo, =10V i.e.,
output fixed at 10V and variation in the unregulated power supplies +V and -V are
absorbed in the OP-AMP and output is constant. Output can be varied by varying Ry,
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R; or V.. Regutator circuit with Zener diode is shown in Fig9.4b, V. has replaced by
a .-egu|am'“Zener diode V;. Zener diode should be operating only in breakdown
recvn. The value of Vz should be less than the output voltage.

+V

m? ]
| h

R, 71
7] \
& W
§ A —0
8 V1 / 'L‘ R|
i = 1
g =
% Ver T SV
=
= Y

.
uf

Fig 9.4(a) Op Amp voltage regulator

If V2= 5V then input to non-inverting terminal is 5V. Hence, output will be

R
V, =(|+§L]VZ =2V, =10V e (9.4)

!

+Vo-

—

V>

Unregulated D.C voltage

1)

v

v e

Fig.9.4(b) Op Amp — Zener voltage regulator
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Thus Zener diode is properly over load giving a fixed voltage V; to the non-inverting
terminal. Hence output is fixed at 2V, eliminating any variation in ouwpyt due to

supplies (+ 7) and load currents .

R,
Vo= 1+, (9:5)

Maximum current that can be supplied by an OP-AMP is only § mA. But
regulation for higher I_ variation can be obtained by using a “Pass Transistor”.
It is a power transistor whose current rating is mA, for example transistor

2N3055
9.5 VOLTAGE REGULATORS

A voltage regulator is a circuit that supplies a constant voltage regardiess of
changes in load currents. Although voltage regulators can be designed using op-
amps, it is quicker and easier to use IC (Integrated circuit) voltage regulators.
Further more, IC voltage regulators are versatile and relatively inexpensive and are
available with features such as a programmable output, current/voltage boosting,
internal short circuit current limiting, thermal shutdown, and floating outputs for high
voltage applications. IC voltage regulators are of the following types.

i) Fixed output voltage regulators: positive and / or negative output voltage

i) Adjustable output voltage regulators: positive or negative output voltage.

iii) Switching regulators

iv) Special regulators:

Except for the switching regulators, all other types of reguiators are called
Linear regulators. The impedance of a linear regulator's active element may be
continuously varied to supply a desired current to the load. On the other hand, in
the switching regulator, a switch is turned‘on and off at a rate such that the
regulator delivers the desired average current in periodic pulses to the load.
Because the switching element dissipates negligible power in either on or off
state, the switching regulator is more efficient than the linear regulator. In
addition, most loads cannot accept the average current in periodic pulses.
Therefore, most practical regulators are of the linear type.

Voltage regulators are commonly used for on-card regulator and laboratory
type power supplies. Voltage regulators especially the switching type, are used
as control circuits in pulse width modulator (PWM), push-pull bridges, and series
type switch mode supplies. Almost all power supplies use some type of voltage
regulator IC because, voltage regulators are simple to use, reliable, low cost and
above all, available in variety of voltage and current ratings. A vast number of
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voltage regulators are available, data sheets and application notes provided by
the manufacturers contain information on the design and use of these devices.
9.5.1(a) Fixed voltage regulators: 78xx Series of positive voltage regulators
with seven voltage options: The 7800 series consists of three terminal positive
voltage regulators with seven voltage options are shown in Table 9.1

These ICs are designed as fixed voltage regulators with adequate heat sinking
and can deliver output currents in excess of one ampere (1A). Although these
devices do not require external components, such components can be used to
obtain adjustable voitage and currents. These ICs also have internal thermal
overload protection and internal short <ircuit current limiting.

Metal package

(TO-3 type) Plastic package

Pinl - Input (TO-220 type)

Pin2 —Output Pin! — [nput

Case: Ground Pin2 - Ground
Pin3- output

Fig.9.5 (a)The 7800 series regulators (b) Package types

Proper operation requires a common ground between input and output voltages.
In addition, the difference between input and output voltages (Vi, - V,), called
drop-out voltage, must be typicaily 2.0V even during the low point on the input
ripple voltage. Further more, the capacitor C; is required if the regulator is located
an appreciable distance from the power supply filter. Even through C, is not
needed, it may be used to improve the transient response of the regulator.

Output Maximum
Device | Voltage(V) | input
Type voltage(V)
7805 5.0 35
7806 6.0 35
7808 8.0 35
7812 12.0 35
7815 15.0 35
7818 18.0 35
7824 24.0 40

Table 9.1 The 7800 series regulators (a)
voltage options
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Typical performance parameter for voltage regulators is line regulation, load
regulation, temperature stability and ripple rejection. Line or input reg.uiatio‘n is
defined as the change in the output voltage for a change in the input voltage and
is usually expressed in milli volts or as a percentage of V,. Temperature stability
or average temperature coefficient of output voltage (TcV,) is the change i
output voltage per unit change in temperature and is expressed in either milli
volts/°c or parts per million (ppm)/c.

Input > 1 18X X*
Vi ' ° >V,
C'=F 2 =:Co
0.33uf 0.1uf
-~

9. 6 The 7800 series regulators (c) Standard application
* XX - These two numbers in type number indicate output voltage

Ripple rejection is the measure of a regulator's ability to reject ripple voltages. It
is usually expressed in decibels. The smaller the values of line regulation, load
regulation and temperature stability, the better the regulator.

The 7800 regulators can also be used as current sources. A typical
connection diagram of the 7805c as a 0.5A current source is shown in Fig.9.7.
The current supplied to the load is given by the equation

= -‘é&+ Iy ereereee (9.6)

Where Iq = quiescent current (amperes)
= 4.3 mA typically for the 7805C

Drop out voltage V,, -~ Vo =2V —l
Input___y,. ;,'- 7805C 3 o o pOut put
Vin Vo
. R
. I
CF 62 X 1002 Vk
0.33uf 10w \|/
+ . +—0- >
—> —>
IQ 'L R VL
lo L
10w

Fig 9.7. The 7805C as a 0.5A current source.
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Referring to Fig.9.6, Ve = Vs =5Vand R=10Q;
Therefore, Ic =0.5A
The output voltage V, with respect to ground is

Vo=V +V, ——— (9.7)
where V, = I, R, the load resistance R, = 10Q, hence, V, = 5V, therefore V, =
10V, since the dropout voltage for the 7805c¢ is 2V, the minimum input voltage
required is given by the equation '
Vin = Vo + Dropout voltage ; Vi, =10 + 2= 12V
9.5.1(b) Series of negative voltage regulator with mine voltage options

Device Output Maximum
Type Voltage (v) input

voltage (v)
7902 - 20 - 35
7905 - 5.0 - 35
7905.2 - 52 - 35
7906 - 6.0 - 35
7908 - 8.0 - 35
7912 - 12,0 - 35
7915 - 150 - 35
7918 - 18.0 - 35
7924 - 240 - 40

Table 9.2 The 7900 series voltage
regulators (a) Voltage options

In short, a current source circuit using a voltage regulator can be désigned for a
desired value of load current (i) simply by selecting an appropriate value for R.

v out
Ground
Case is input
Bottom view
Metal package )
(TO-3 type) TO-3 steel metal can

Plastic package
(TO-3 type)
Pin: | Ground
2 input
3 out put

(Heat sink surface connected to pin 2)
Fig 9.8 The 7900 series regulators (b) Package types
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The 7900 series of fixed output negative voltage regulators are
complements to the 7800 series devices. Further, these negative voltage regulators
are available with the same seven voltage options as the 7800 devices and besides,
two extra voltage options, - 2V and -5.2V, are also available in the negative 7900
series as shown in fig 9.8(a), the package types in which the 7900 series voltage
regulators available are shown in Fig 9.8(b).

9.6 ADJUSTABLE VOLTAGE REGULATORS

The many manufactures that use fixed voltage regulators like the 7800 and
7900 series, in their line of products had to stock and hold an inventory quantities
of each voltage in order to always have on hand a specific device for a particular
system. Adjustable voltage regulators provided the answers to the excessive
inventory and production costs because a single device satisfies many voltage
requirements from 1.2 up to 57V. In addition, they have the following
performance and relative advantages over the fixed types.

i) Improved system performance by having line and load regulators of a factor

of 10 or better
ii) Improved over load protection allows greater output current over operating
temperature range.
iif) Improved system reliability with each device being subjected to 100%
thermal limit burn-in. '
9.6(A) ADJUSTABLE POSITIVE VOLTAGE REGULATORS
The LM317 are a popular series adjustable three-terminal positive voltage
regulators. The different grades of regulators in the series are available with
output voltage of 1.2 to 57V and the output current from 0.1 to 1.5 A as shown in
Table 9.3. The LM 317 series regulators are available in standard transistor
packages that are easily mounted and handled Fig.9.9(a). The three terminals
are Vin, Vour and adjustment (ADJ). Fig.9.9(b) shows a typical connection
diagram for the LM 317 regulator. From this diagram it is obvious that the LM
317 requires only two external resistors to set the “output voltage. When
configured as shown in F!g.9.9 (b), the LM 317 develops a nominal 1.25V,
referred to as the reference voltage Vger , between the output and adjustment
terminal.
This reference voltage is impressed across resistor R, and, since the voltage is
constant, the current |, is also constant for a given vaiue of R,. Because resistor
R sets current |4, it is called the current set or program resistor. in addition to the
current |, the current lxp; from the adjustment terminal also flows through the

output set resistor R,.
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The LM 317 is designed such that Isp, is very small and constant with line and
load changes. The maximum value of adjustment pin current o, is 100pA.

Device Available Output Vin max Ripple Package
Vo (V) Current (A) V) rejection (dB)

LM317 1.2t0 37 1.5 40 80 - | To-39
LM317H 1.2t0 37 0.5 40 80 To-39
LM317 HV 1.2t0 57 1.5 60 80 To-3
LM317 HVH 1.2t0 37 0.5 40 80 To-39
LM317L 1.2t0 37 0.10 40 65 To-92
LM317M 1.2t037 0.50 40 80 To-202

Table 9.3 LM317 typical ratings.

Thus, referring to fig 9.9(b), the output voltage V, is

(9.8)

o d o =™

Vo = Ry Iy + Ry (14 + lapy)

Vin o
Adjustment H
! ..
' | | | H | | ADJ Vi
AD) —> €— Vp
Case is out put 11\
Bottom view Vo . v‘:l;’i
ront View
TO-3 steel metal can ;z‘:tf: TO-220
Plastic Package
Fig. 9.9(a) LM 317 standard package types.
= 1 RZ I
O —— Vi . Vour - - 0 !
A
. 1 4/ R
™. J[ 2400
Vi I Load
R:
3KQ
o . 4

Fig 9.9 (b) LM 317A typical connection diagram.
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VREF
RI

where Iy = - Ry = Current (l,) set resistor R = output (V,) set resistor

laos = adjustment pin current.
Substituting the value of I, in Eq.(9.8) and rearranging, we get

Vo = VREF(I + %—] +1aps Ry --m- (9.9)

t
Where Veer = 1.25V = reference voltage between the output and adjustment
terminals. However, the current lap, is very small (100uA) and constant. Therefore,
the voltage drop across R; due to lap, is also very small and can be neglected. In
short

Vo = 1.25[1 . 5_2_) e (9.10)

¢
Eq.(9.10) indicates that the output voltage V, is a function of R, for a given value of
R, and can be varied by adjusting the value of R, . The current set resister R, is
usually 240Q, and to active good load regulation it should be tied directly to the
output of the regulator rather than near the load.

9.7 SUMMARY

When large input signals are to be amplified for the operation of output device
such as speakers and motdrs, the amplifier must be capable of handling large
amount of power and its efficiency of converting input dc power to output ac power
must be high. Such an amplifier is known as a power amplifier. Power amplifiers are
classified on the basis of their operating point as class A, B, AB, C etc.

in class A amplifiers, there is always collector current regardless of the time in the
cycle of the applied signals. As a result, power losses many be increased. Since the
collector current flows only for one half of the input signal in class B amplifier and in
order to get output power for full cycle, two class B amplifiers are used in a
combination known as push-pull. Therefore, the power losses may be minimized and
simultaneously the collector efficiency also increases in class B push-puil power
amplifier:

A voltage regulator is a circuit that supplies a constant voltage regardiess of
changes in load currents. Monolithic voltage regulators ére available on a variety of
different output voltage ratings and also quicker and easier to use. The 7800 is a
fixed positive voltage regulator series with seven voltage options while the 7900 is a
fixed negative voltage regulator series with nine voltage options. Adjustable voltage
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regulator such as the LM 317 is more popular because of its versatility, performance

and reliability. _
For adjustable negative voltage regulators see reference Text book.

9.8 KEY TERMINOLOGY

1.

Quiescent (Q) point: The operating point in the absence of signal is called
Quiescent point or simply the Q point of the device. The particular Q point at
which the device will operate depends on the base current(lg) and Vce..

Direct Coupling: To amplify all the frequencies in the signal, signal source is
coupled to the amplifier stage directly withodt using DC blocking capacitors
and isolation transformers. In the same manner amplifier output is connected
to the load. Direct coupling may be used to connect to the amplifier stage to
the other. However precautions must be taken to provide level shifting so that
satisfactory biases are established at various points in the circuit. This type of
coupling is preferred in the fabrication of the integrated circuits(iCs).
Push-Pull Configuration. Two transistors amplifiers are said to be
connected in push-pull configuration when the amplifiers are connected such
that as current in one stage pushes forward, in the other, current pulls back.
This configuration avoids the power losses in the transformer core and results
in higher efficiency than a two transistor parallel coupled amplifier.
Regulation: Keeping the output voltage of the DC Power supply constant,
irrespective of the variation of the supply voltage and load current is called
reguiation.

Ripple: After rectification of the AC signal using a full-wave rectifier to obtain
a DC voltage we find that the output is not a pure DC, but contains a small
amount of AC voltage which has to be removed by filtering or by incorporating

the regulation circuit.

9.9 SELF-ASSESSMENT QUESTIONS

1. Describe the various classes of poWer amplifier in terms of these
operating point.

2. Define efficiency of power amplifier and compare efticiencies in case of A,
B and C classes of amplifiers.

3. Obtain an expression for the collector efficiency of transformer coupled
class-A transistor power ampilifier.

4. Describe a class-B push-pull power amplifier and obtain an expression for
its efficiency. How the class-B push-pull amplifier is an advantageous
over the class-A amplifier?
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5. What do you mean by voltage regulator? List four different types of
voltage reguiators. ‘

6. What are the advantages of adjustable voltage regulator over the fixed

voltage regulators?
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UNIT It LESSON 10

AMPLITUDE MODULATION AND DETECTION

OBJECTIVES OF THE LESSON
In this lesson, we study about the
(i) Processes of amplitude modulation
(i) Types of amplitude modulation
(iii) Process of detection of AM waves
STRUCTURE OF THE LESSON
10.1. Introduction.
10.2. Need for modulation.
10.3. Amplitude modulation.
10.4 Mathematical analysis of an A.M. wave.
10.5 Generation of A.M. waves
10.6 Demodulation of A.M. waves.
10.7 Summary
10.8 Key terminology
10.9 Self assessment questions
10.10 Text and reference books
10.1 INTRODUCTION
For successful transmission and reception of intelligence (code, voice, music etc)
by the use of radio waves, two processes are essential. They are (i) Modulaiion (ii)
Demodulation or detection. To modulate means to regulate or adjust. Speech and music
etc. are sent thousands of kilometers away by a radio transmitter. Similarly, a scene in
front of a television camera is also sent many kilometers away to viewers. In such
cases, the carrier is the high frequency radio wave. The intelligence i.e. video, sound
" and other data is impressed on the carrier wave and is carried along with it to the
destination.
Modulation is the process of combining the low frequency signal with a very high
- ffequency radio wave called carrier wave (cw.). The resultant wave is calied
modulated carrier wave. This job is done at the transmitting station.
During modulation some characteristic of the carrier wave is varied in time with the
modulating signal. Accordingly, there are three types of sine wave modulations known
as Amplitude Modulation, Frequency Modulation and Phase Modulation.
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The A.M. wave contains three frequency components, a carrier frequency (f.), one
component ‘above’ the carrier frequency (fc + fs) and the other component spelow’ the
carrier frequency (f. - fs) where ‘f; and ‘fy' are the carrier and signal frequencies
respectively. At the receiver the signal is extracted from the modulated carrier. This
process is called A.M. detection or demodulation.

10.2 NEED FOR MODULATION
Sometimes, beginners question the necessity of modulation is using a carrier
wave to carry the low frequency signal from one place to another. Why not transmit
the signals directly and save lot of difficulty? Unfortunately, there are many hurdles
in the process of such direct transmission of audio frequency signals. These are
(i) Voice, data and video signals have low frequencies. These waves have
relatively short range.
(i) f everybody transmits these low ffequency signals directly, mutual
interference will render all of them ineffective.
(i) Size of antennas required for their efficient radiation would be large, i.e.,
about 75Km!
Hence, the solution lies in modulation, which enables a low frequency signal to travel
very large distances through space with the help of a high frequency carrier wave (fc).
These: carrier waves need reasonably sized antennas and care is taken to select the
carrier frequencies to avoid interference with other transmitters operating in the same
area.
10.3 AMPLITUDE MODULATION

Definition: When the amplitude of high frequency carrier wave is changed in
accordance with the instantaneous value of the amplitude of the signal, it is called
Amplitude modulation. However, the frequency of the modulated wave remains the
same i.e at carrier frequency. The following Fig.10.1 shows the principle of amplitude
modulation. Fig 10.1(a) shows the audio electrical signal whereas Fig.10.1(b) shows a
carrier wave. Fig.10.1(c) shows the amplitude modulated (AM) wave.

l/\/\$

\/

SIGNAL
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CARRIER A M WAVE
Fig 10.1 Amplitude Modulation

Note that the amplitudes of both positive and negative half cycles of carrier wave are
changed in accordance with the signal. Amplitude modulation is done by, an electronic
circuit called modulator.
Modulation factor
An important consideration in A.M. is to describe the depth of modulation, i.e the.
extent to which the amplitude of carrier wave is changed by the signal. This is described
by a factor called Modulation index, which may be defined as under.
Definition of Modulation index/factor
The ratio of change of carrier wave amplitude due to modulation to the amplitude of
un- modulated carrier wave is called the Modulation factor m.
10.4 Mathematical analysis of A.M. Wave:
A carrier wave may be represented by e. = E. cos w.t , where

e: = instantaneous voltage of carrier

E. = amplitude of carrier

o = 2I1f. = angular velocity of carrier of frequency f.’.

The modulating signal can be represented by

es = E, cos gt (10.1)

where e, is the instantaneous value of modulating signal. E, is its amplitude.

ws =2ITfs = angular velocity of signal frequency ‘fs'.

In amplitude modulation, the amplitude E. of the carrier wave is varied in

accordance with the instantaneous value of the signal as shown in Fig.10.1.

The amplitude of modulated signal can be represented by

E=Ec +k, E  cos wst (10.2)
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where k, is called Coefficient of modulation
The carrier wave amplitude is varied at signal frequency fs. Therefore
e = E.. (1+ m cos st ) cos ot (10.3)
where m= k,Es/Ec is called modulation index or modulation factor
- The expression for A.M. wave can be expanded as

e =E..cos ot +m.E;.cos wst.cos ot

E
=E..cosot+m. —5°-.{2cosmst.coswct}

E
=E..cosot+m. —-éf'—{cos (0c+wg)t + COS (W)t}

E E .
= E..cos ot +. m2 . COS (metag).t + m2 £, cos (o¢ ~ws) t. (10.4)

The following points may be noted from the equation of Amplitude modulated

wave.

The A.M. wave is equivalent to the summation of three sinusoidal waves: one héving

E
m2 £ and frequency (‘fc +f,)

amplitude E. and frequency ‘f’, theisecond having amplitude

mf‘ and frequency (f. - ;).

and the third having amplitude

The A.M. wave contains three frequencies. They are f, f. + f; and (f-fs). Thus, the
process of amplitude modulation does not change the original carrier frequency but
produces two new frequencies (f. + fs) and (f. - fs), which are called side band
frequencies. The sum of carrier frequency and signal frequency i.e. (f. +fs) is called
Upper Side Band (USB) frequency. The Lower Side Band (LSB) frequency is (f. - fs) i.e.,
the difference between carrier and signal frequencies. The amplitudes of the side bands
are equal and proportional to depth of modulation. It can be shown that the maximum :
power in each side band occurs when m = 1 and is equal to one fourth of carrier power. |
Upper and Lower Sidebands

In the above discussion, it was assumed that the modulating signal was composed of
one frequency component only. However, in a broadcasting station, the modulating
signal is the human voice (or music), which cortains waves with a frequency range of
20-4000 Hz. Each of these waves have its own LSE and USF. When combined
together, they give rise fo an Upper-side band (USB) and a Lower-side band (LSB) as

*

shown in Fig.10.2.
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cw
‘LSB , USB
fc
fe — fs (man) fe — £ (min) fe + £ (min) fe + £ (max)
|< Channel wi‘dt.h P’
Fig.10.2 "

The USB, in fact, contains all sum components of the signal and carrier frequency
whereas LSB contains their difference components. The channel width (or bandwidth) is
given by the difference between extreme frequencies i.e., between maximum frequency
of USB and minimum frequency of LS. As seen

Channel width = 2 x maximum frequency of modulating signal = 2 x f,(max).
importance of modulation index
Modulation index, m is used to describe the depth of modulation. It tells about the

extent to which the amplitude of the carrier wave has been changed by the signal.

Hence, the ration of change of amplitude of carrier wave to the amplitude of normal

carrier wave is calle4d the modulation index. m

The modulation index indeed is a number lying between 0 and 1. It is often expressed as

a percentage and then called percentage modulation. Modulation index, m plays an

important role in determining the strength and quality of signal transmitted. When the

carrier wave is modulated to a small degree (for m<<1), the amount of carrier amplitude

variation is small. As a result the audio signal becomes stronger and clear. But if m>1,
™hé" carrier wave is over modulated and distortion occurs during reception. Therefore,

modulation indeed ‘m’ is an important gonsideration in amplitude modulation and that its

value should always lie between 0 and 1

Power in an amplitude modulated wave

The power carried by a signal is proportional to the square of its amplitude. Equétion
of A.M. wave suggests that it has three components of amplitudes of with rms values
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E. mE. & ™Ec Tnetotal power of the modulated carrier is given by

A R

2 2 22 2 2
P, o E, +mE‘.+mE‘. orP,.ocE-“— 1+ 2
2 8 8 2 2

But E? /2 represents the power of the carrier components
m2
We may write P, = F.(1+ 7)
Power in the side bands = Pr - Pc = Pe(m?/2)
Power in each side band = Pc(mf/4)
RMS power in each sideband = Pc ms(m*/2)
If R is the load resistance, I, is the current when carrier is modulated and I¢ the current
when unmodulated, then

2 2
B_LR _ m
P. IR 2

m2
=1 1+_§_.}

Example: An audio signél given by 15 sin 2IT (2000 t) amplitude-modulates a sinusoidal
carrier wave 60 sin 21T (100,000) t‘. Assuming ka=1 determine a) modulation index, (b)
percent modulation, (c) frequencies of signal and carrier, (d) frequency spectrum of the
mogiulated wave. |

Solution. Here carrier amplitude, A = 60 ‘and modulating signal amplitude B = 15.
Therefore

b) b) Percent modulation, M =m x 100-=0.25 X $80'= 28%
c) fs=2000 Hz -—-—by ingpection of the 'given equation
fo= 100,000 Hz ————by inspection of the given Bquation
d) The three frequencies present in the:rodulated carrier wave are
(1) 100000|-Iz 100 kHz (ii) 120,000 or 120-kHz (ii§) 80,000 or 80kHz
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Experimentally by measuring the maximum and minimum value of the modulated carrier
amplitude one can determine the depth of modulation from the relation
M = (Emax - Emin) / (Emax + Emin)

- From this relation we see that , when Emax = Emn. m = 0 or there is no modulation and
When '
Emn = 0 there is 100 % modulation. In commercial radio broadcasting the depth of
modulation is maintained around 40%.
10.5 GENERATION OF A.M. WAVE

Amplitude modulation is produced by combining the carrier and the signal
frequencies using a non-linear device. Diodes are non-linear devices but they are not
used as they do not offer any gain. Transistors behave as non-linear elements and offer
gain as such they are suitable for this applications. Fig 10.3 shows a simple amplitude -

modulated amplifier.

Cin

Fig.10.3 An amplitude-modulated amplifier.

The supply V¢ in combination with the resistors Ry, Rz, Rc & Re sets the quiescent point
for the transistor. The carrier ec is the input to the CE amplifier. The circuit amplifies the
carrier by a factor Ay where Ay is the voltage gain, so that the ampilifier output is Ay ec.
The modulating signal e, is applied in emitter circuit and hence forms a part of the
biasihg. It produces variation in emitter current at modulating frequency, which in tum
produces variations in base emitter resistance and gain Ay. Thus, the amplitude of the
carrier varies in accordance  with the strength of th'e signal there b, producing
Amplitude modulated output across ‘R,’.
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Forms of amplitude modulation:

We know now that one carrier and two side bands are produced in A.M. generation. It
is not necessary to transmit all these signals to enable the receiver to reconstruct the
original signal. Accordingly, we may attenuate or altogether remove the carrier or any
oné of the side bands with out affecting the communication process. The advantages
are (i) Less transmitted power and (ii) Small bandwidth required.

The different suppressed component systems are: (a) DSB- SC (b) SSB-TC (C) SSB-SC
(a)DSB-SC: It stands for double side band suppressed carrier system. Here carrier
component is suppressed there by saving enormous amount of power.
(b)SSB-TC: It stands for single side band transmitted carrier system. In this case one
sideband is suppressed but the other sideland and carrier are transmitted. |
(c) 8SB-SC: It stands for single side band suppressed carrier system. It suppresses
one side band and the carrier and transmits only'the remaining side bond,
Out of the above three systems, the SSB-SC (or simply’ SSB) is more preferable
because of its advantage over other.’
Generation of SSB-SC or SSB systems

The SSB-SC or simply SSB is generated mainly through the following three methods:

(1) Filter method.

(2) Phase cancellation (shift) method.

(3) The third method.
1. Filter method: In this method, DSB-SC signal is generated by, the balanced
modulator. This signal is allowed to pass through side band filters, which are narrow
band pass filters that only allow to pass the desired side band of frequencies. The filter
may be a LC, mechanical or a crystal filter. All these filters have the disadvantage that
_their operating frequency is below the usual transmitting frequencies. Thus a balanced
mixer and crystal oscillator are used to provide up conversion to the final transmitter
frequency.
2. Phase shift method: In this method, two balanced modulators and two phase
shifting networks are used. One of the balanced modulator receives the carrier voltage
shifted by 90° and the modulating voltage signal while the other balanced, modulator
recaives the carrier voltage and the mo@ulating Avaltége shifted by 90°. The output of
both modulators consists of sidebands only. The signal is applied directly o the
modulator M,, therefore the modulator puts out two side bands, each one is‘ ,éhifted in
phase by 90°." The signal is shifted 90° before it is applied to the modulator, therefore,
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the modulator aiso puts two side bands, but in this case the upper and lower side bands
and shifted by +90° and -90° respectively. The two lower side bands, which are out of
phase, when combined in the adder cancel each other. The upper side hands, which
are in phase add directly in the adder. Thus SSB in which lower sideband is removed is
produced. The block diagram of this method is shown in the Fig.10.4

Audio input Balanced
o $  modulator
M,
AF _ (%arrier
.F. 90" Phase
900 Phase shiﬁer Adder OiSB
~ shifter - tput
Carrier ¢
source
Balanced
modulator
M;
Fig 10.4 SSB - SC transmitter using phase shift.
The output of first balanced modulator M,
ViS2Ve. mgcosoct.sinomt.  eemeeeeeee (10.5)
The output from the balanced modulator M,
V2 = 2 Ve M, CO SiN ot . COS O . t memmameeee (10.6)
The summing amplifier, the resultant output
S VEVy + V=2 Ve, Mg SiN (0 + O )t wmeeemeeene= (10.7)

(By adding Egs.(10.5) and (10.6))

Thus the output contains only upper side band, similarly, the output with lower side
band can be obtained by passing the signal carrier directly to balanced modulator M,
and each through 90° phase shifting networks to the modulator M,.

The third method:-

This method has the ability to ,generate SSB at any frequency and the low audio
frequencies. It neither: refuses a filter circuit nor a wide band, audio phase shift network.
The circuit is identical to xhat of the phase shift method, but the way in which voltages
are fed to the two balanced modulators has been changéd. Due to this reason, this
method is called Modified phase shift method the block diagram of the method is
shown in the following Fig.10.5.
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Balanced Low-pass Balanced
™ modulator ﬁlt[eJr —  modulator
XI 1‘42
0
90° Phase 90 h!:;\ase
hi shifter
Audio shifter Adder SSABA
. AF. R.F. o
input ) utput
Carrier Carrier
Balanced Low-pass Balanced
—  modulator ﬁltSr ——p modl:;lator
M; 4

Fig 10.5 Third method for SSB generation.

10.6 DEMODULATION OF A.M. WAVES -

Definition of Demodaulation:

The process of recovering the audio signal from the modulated wave is known as
demodulation or detection.

At the broadcasting station, modulation is done to transmit the audio signal over
larger distances to a receiver. When the modulated wave is picked up by the radio
receiver, it is necessary to recover the audio signal from it. This process is
accomplished in the radio receiver and is called demodulation.

Necessity of Demodulation:

We know that an A.M. wave consists of carrier and side band frequencies. The audio
signal is in side-band frequencies, which are radio frequencies. If the modulated wave
after amplification is directly fed to the speaker, no sound will be heard because of the
inertig of the diaphragm as it is not able to respond to such high frequencies.

Essentials of demodulation: |

For a modulated wave to be audible, it is necessary to change the nature of
modulated wave. This is done by a circuit called detector. A detector circuit performs the
following two functions
it rectifies the modulated wave.

It separates the audio signal from the carrier.

The demodulation can be accomplished with the help of a diode detector.

A.M. Diode detector:
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Diode detection is also known as envelope detection or linear detection.
In appearance it looks like an ordinary half wave rectifier circuit with capacitor input. As
shown in the below fig--

It is called envelope detection because it recovers the A.F. signal envelope from the
composite signal.' Similarly, diode detector is called linear detector because its output is
proportional to the voltage of the input signal.

4

1t
%R] CI

L
G
Fig.10.6 Simple detector of
Amplitude Modulated Wave

o)

AM

it
L

[+

Circuit Action:

This circuit involves the rectification of the signal, and filtering the r.f. and dc
components. The signal is rectified by diode ‘D’. The rectified wave is shown at A in the
Fig.10.6 The combination C, - R, removes the high frequency component and provide
the signal super posed over a dc component. The dc component is eIirhinated by
capacitor ‘C;’ to give the output.

10.7 SUMMARY

During modulation some characteristic-of the carrier wave is varied in time with the
modulating signal. Accordingly there are three types of sine Wave modulations known
as amplitude Modulation, Frequency Modulation and Phase Mddulation. When the
amplitude of high frequency camier wave is changed in accordance with the
instantaneous value of the amplitude of the signal, it is called amplitude modulation. The
process of amplitude hodulétion does not change the original carrier frequency but
produces two new frequenciés (f. + f,) and (f. - f,), which are called side band

, f;equencies.
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2
Power contained in a modulated carrier = P, = F, (l+m7)‘where Pc is the power of

unmodulated carrier.  The process of recovering the audio signal from the modulated
wave is known as demodulation or detection.
10.8 KEY TERMINOLOGY
Modulation: Process of combining low frequency signal with a high frequency radio
wave (carrier wave).
Balanced modulator: A modulation circuit which cancels but the product term does

not cancel.
10.9 SELF — ASSESSMENT QUESTIONS
LONG ANSWER QUESTIONS

1. Draw the circuit diagram of amplitude modulator and explain its working.
2. Define modulation, define amplitude and frequency modulations and explains
about them.
3. Explain how the Amplitude modulated waves are generated. Give the necessary
diagrams.
4. With neat diagram and waveform, explain how the Amplitude modulated waves
are detected.
8. Give the analysis of an AM wave. What are side bands? Explain Them.
6. Explain a method for the generation of SSB modulation.
SHORT ANSWER QUESTIONS
1. Discuss the need for modulation in radio and TV Transmissions.
2. What are sidebands produced in AM Wave. Explain them.
3. Distinguish between Amplitude and frequency modUlatibn.
4. Write in detail about AM diode detector. .

5. Explain now a SSB modulated system can be detected.
~ancinn Avarinadina  If the denth of modulation IS gecreasea 10 4u7, usisine
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8. Draw the circuit diagram of a diode detector and discuss its working.

9. Explain the need for modulation.

10. Show that an AM wave contains a carrier and two side bands for every
modulating frequency.

10.10 TEXT AND REFERENCE BOOKS

1. Integrated Electronics by Millman and Halkias

2. Electronic Communications by Kennedy

3. Principles of Digital Electronics by Malvino and Leach
4. Basic Electronics and Linear Circuits - Bhargava etc

REFERENCE BOOKS

1. A text lab manual in Electronics by ZBAR (Tata Mc graw Hill)
2. Electronics fundamentals by JD Ryder

3. Modern Electronics Communications by Gray and Miller

4. Digital Electronics by William H.Gothman

5. Op.Amp and linear integrated Circuits by Ramakant Gayakwad
6. Electronic Devices and Circuits by Samuel Seely.



UNIT il LESSON 11

FREQUENCY MODULATION AND DETECTION

OBJECTIVES OF THE LESSON
In this chapter, we study about the
@) Processes of frequency modulation
(i) Frequency modulation circuits
(iii) Process of detection of FM waves

STRUCTURE OF THE LESSON
11.1 Frequency modulation.
11.2 Analysis of F.M. ‘waves
11.3 Production of F.M. waves.
11.4 F.M. Detection.
11.5 Foster-Seeley discriminator.
11.6 Electromagnetic spectrum
11.7 Summary
11.8 Key terminology
11.9 Self assessment questions
11.10 Text and Reference books

INTRODUCTION

Amplitude modulated signals are influenced by noise. Most noise appears as
additional amplitude modulation on the signal. The effect of noise is minimized in
frequency modulation. Even though AM is preferred to establish radio stations, the need
for number of stations limit the bandwidth allowed for iransmitting AM signals The
commercial broadcasting uses only 5KHz on either side so that the total bandwidth of
AM is limited to 10KHz. This naturally removes the high frequency notes in voice or
music. For high fidelity, the bandwidth has to be more and in FM the entire audio
frequency region can be used for modulation. This will enable the listeners to appreciate
the music much better than in AM. So, now a days, more FM stations are coming up. In
broadcasting TV signals, both amplitude and frequency modulation are used. So, in this
‘lesson we learn the details of production and detection of FM waves.
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Definition: When the frequency of camier wave is changed in accordance with the
instantaneous value of signal, it is called Frequency Modulation.

In frequency modulation, only the frequency of the carrier wave is changed in
accordance with the signal. However, the amplitude of the modulated wave remains the
same i.e. carrier wave amplitude. The amount of change in frequency is determined by
the amplitude of the modulating signal whereas rate of change is determined by the
frequency of the modulating signal as shown in Fig.11.1.

In FM, information or intelligence is carried as variations in carrier frequency.

VN AN
_ _

Modulating signal

AT

Carrier ~ fy

-V

H f L fo H

[N A0 lll Il

A A
etter T T Center T

Center |
High Low High  Low

Fig 11.1

Mathematical expression for F.M. wave:
The unmodulated carrier is given by

e=Ec cos2[if,t e (11.1)
The modulating signal frequency is giver-by

em = Em cos 2[] fn t ———-(11.2)
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The modulated carrier frequency 'f' swings around the resting frequency fo. Thus
F=fc+kEm cos 2]1 fm t
f = fo+ Af cos 2T fm t ——(11.3)
Hence, equation for the frequency-modulated wave becomes |
e=Asin 2[] ft , ————-(11.4)
= A sin {2[T (fo + A f .cos 2[] fm t) t}
= A sin @t

do !
=-L ot @= |adl
w="" 0g 5[

e =Asin (2[1fot + —?i Sin2[Tfn t)

m

Joax = Jo + KEm max
Fein = fc = KEm max
af

The modulation index § = —

The equation for the frequency-modulated wave is given by
e=Eccos (2[1fct+ B sin 2[1fnt)
e= Ec cos(oct + my sin ont) since o = 2[1f

e=s Ec {cos(mot) cos(m; coswmt) - Sin(wct) sin(my cosomt)}

The cos(m; coswmt) and sin(m; cosomt) terms have to be expanded into infinite
trigonometric series involving sine and cosine terms of harmonics of wm. When the
relevant series are substituted in Eq.(11.4) , it can be shown that an FM wave comprises
of an infinite number of side frequencies on both sides of the carrier frequency. The
frequencies of these components are f; +fm, fc+2fm, fo+3fm, etc. The amplitudes of these
components depend on the modulation index. The amplitudes are negligible when the
separation between the carrier frequency and the side-band frequencies becomes
sufficiently large. Therefore, in practice only a limited number of side frequency pairs are
present. Also, as in AM the information is carried by side-frequency components. Hence
the bandwidth needed for transmission or reception in case of FM is 2nf,, where n is the
number of pairs of side frequencies. The total‘ power in an FM wave remains constant
and does not depend on the depth of moduiation.
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Thus, analysis of FM wave shows that unlike the AM wave, which has two side
frequencies for each modulating frequency, it has an infinite number of side frequencies.
However, it can be shown that even though the modulating frequency changes from 0.1
to 10kHz, or by a factor 100:1, the bandwidth occupied by the spectrum alters very little,
from 140kHz to 170kHz
GENERATION OF F.M. WAVES

The methods used for FM generation can be grouped into two types. They are

(i) Direct method (ii) Indirect method
Direct method: In this method, the carrier frequency is directly modulated or varies in
accordance with the input modulating signal such as (a) reactance modulator and (b)
varactor diode.

Indirect method: The modulating signal is first integrated and then allowed to phase
modulate a carrier. It is called indirect method because phase modulator is used for
frequency modulation.
REACTANCE MODULATOR

In frequency modulation, the frequency deviation must be made proportional to
the amplitude of the modulating signal. In the earlier methods, it was done by varying
capacitance or inductance in the oscillator tuned circuits. A more modern technique is to
insert a reactance circuit across the tuned oscillator circuit. In general series RC and RL
circuits are used as reactance circuits. Phase technique can be used for the
determination whether the particular circuit acts as capacitive or inductive. Fig.11.2
shows a typical reactance modulator.

Here RF oscillator is connected to produce carrier waves. The capacitance C is
chosen so that its reactance at the oscillator frequency is much greater than R, in.
parallel with ‘Ry’. Thus the current flowing through ‘C’ leads the voltage applied between
C and ground by 90°. The base current therefore leads the carrier voltage by 90°. The

- collector current is in phase with the base current and therefore in phase with the current
which passes through ‘C’. The total current is leading the carrier voltage by 90°. Thus
the entire circuit appears as a capacitor.

The effective or equivélent capacitance of the reactance modulator is given by
_ h.R,C |
" h.+R,

The audio signal varies the nperating point, which varies hy, of the transistor, and thus

the equivalent capacitance of the transistor reactor modulator according to the Eq.(11.5).
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The effective capacitance C . is controlled by he. Then the oscillator frequency across
the tuned circuit

Vee
RFC-2

—0
Modulated
C RI Output

o i
Carrier 9
input EC.- 1
i Rif,
Modulating %R ng +Ce
input 2
O—

Fig 11.2 Transistor reactance FM Modulator

1

= 2ﬂ,/LiC +Ceqi ....... (1.9
where L = Inductance and C = capacitance
COMPARISON OF AM AND FM
TABLE 11.1
AMPLITUDE MODULATION FREQUENCY MODULATION

The amplitude of AM signal varies
depending on modulation index

Band width requirement is small
compared to FM.

Transmitters are simple and less
costly.

Area of reception is large.

It is very noisy when compared to
FM.

Most of the power contained in the
AM carrier is not useful.

The amplitude of FM signal is
constant and independent of
depth of modulation
Bandwidth of FM is nearly 15
times that of AM

Transmitters are complex and
expensive.

Area of reception is small since it
is limited to line of sight.

Noise can be easily minimized.
Amplitude variations do not carry
information and hence noise can
be easily eliminated by using a
limiter.

Full transmitted power is useful.
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F.M. DETECTION

We know that an F.M. signal contains information in the form of frequency variation of
the carrier signal. A simple method of converting frequency variations to voltage
variations depends on the principle that reactance of the inductor or 'capacitor varies with
the frequency. Thus the amplitude of current in the inductor or capacitor varies with the
frequency of FM signal. As the frequency variations of FM signal depend on the
amplitude of the AF signal, the current variations in the inductor or capacitor correspond
to the AF signal. These amplitude variations in current, when made to flow through a
resistor they will produce corresponding voltage variations across the resistor. There are
various types of circuits used for FM demodulations. They are Phase discriminator or
frequency discriminator, Ratio detector and Quadrature Detector

A circuit that gives an output voltage whose amplitude is proportional to the
frequency of the input signal can be used to decode or detect FM signals. Such circuits
are called Frequency Discriminators.
Now, let us discuss in detail about the functioning of Foster-Seeley discriminator.

FOSTER - SEELEY DISCRIMINATOR

The phase shift between Primary and Secondary voltages of a tuned transformer is a
function of frequency and the Foster-Seeley discriminator utilizes this frequency phase
dependence for the recovery of the modulating signal. The following Fig.113 shows the
basic arrangement for the Foster-Seeley discriminator.

G RFC

F_i}!'_m'n__ll,
D,
-3 » >t r——»
A A0S G o Sl
I V1 l_:/[ VO
-V, =
o — . 2 NS o

. ’ 1P ) g A
D, L %
Fig 11.3(a) Basic Foster — Seeley Discriminator.

The primary voltage is tightly coupled through capacitor ‘C;’ and the RFC to the center
cap on the secondary. The coupling is tight enough that practically all the primary
voltage appears between the centre top and ground.
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Fig 11.3(b) Voltage generator et;uivalent circuit
11.6 Electromagnetic spectrum
Elements of Electromagnetic theory

(a) Electromagnetic waves (EM -Waves) are generated by charged particles, e.g.
electrons, in constant motion. The wave can propagate through free space, ie.,
it does not need any medium for its propagation.

. (b) A charged particle has one electric field (E - field).
(c) A change in the E - field generate a magnetic field (H - field)
A change in the H — field cause‘s a further change in E - field.
(d) The E — and H - fields are perpendicular to each other and to the propagation

direction.

\

1
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!
]
1
\
" g
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X Direction of propagation

Fig 11.4(b)

Referring to Fig.11.4(b) the wavelengip Ao is defined as the distance between two
successive points in the propagation direction having the same phase. The EM-wave
can also propagate in transmission lines, for instance in a co-axial cable or a wave-guide
and is then associated with voltages and currents in the conductors. With suitable
antenna arrangement, the wave will radiate into free space.

Wavelength A Friquencv
m Hz
10" — Cosmic radiation 0%
pm 10-12 — ¥ - radiation L 102
10-" 10"
]0 -10 — x ra . - lols
nm 1077 — ch — 10"
10°% — UV - radiation — 10'°
10-7 — v , — 10"
" 10-6 Visible light 10"
H 105 — Infrared light L 10"
10-4 — Far infrared light — 10"
-3 10"
’g‘“ :g_z mm - waves 10%
dm 10-" — Microwaves TVUHF [~ 10° GHz
m ) ' 10°
0 — TV VHF | ¢
1 P . HF —]06 MH:z
km ]%3 _ Radio-waves MF | 10°
10* — viF [ 10°
10° — L 10° kHz
2
6000k ——LL— AC 50 Hz

Table 11.2 Electromagnetic spectrum
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Table 11.2 gives an idea about electromagnetic waves. Starting from very low
frequency waves to y-rays different types of waves come under this category. The waves
below 100kHz frequency behave more like electrical waves and need a conductor as a
carrier. Above this frequency, and up to 300MHz, transmission lines with special
properties are required. Up to this frequency we' deal with voltages and currents to
describe the signal motion. Above this frequency onwards, the signal behaves more like
a wave and electric and magnetic fields are used to describe its propagation. The
wavelength of these waves will be in centimeter region and are usually called
microwaves. These require special transmission lines called wave guides. Above
300GHz the guided wave communication is not used and transmission through free
space takes place. Recent trend in° communication is to use visible light for
communication and fibre optical guides are being used.

11.7 SUMMARY
1. In frequency modulation the frequency of the carrier wave is modulated as a function
of the instantaneous value of the modulating signal. Un like amplitude modulation there
will be infinite number of sideband in the spectrum of F.M~ave. However, the bandwidth
converges to 150kHz.
2. Several direct and indirect methods are available to produce FM waves.
3. F.M waves are detected by using Foster-Seeley discriminator circuit.
11.8 KEY TERMINOLOGY
Modulation: Process 'of combining low frequency signal with a high frequency radio
wave (carrier wave). o |
Balanced modulator: A modulation circuit which cancels but the product term does not
cancel.
 Phase modulation: Just as amplitude and frequency are changed as a function of
instantaneous value of modulating signal, phase can also be changed like that. The
_resulting modulation is called Phase modulation. At a given modulating frequency, the
FM and PM waves look alike. The difference can be noticed only with change in
modulating frequency. In a practical FM generator, both the types of modulations take
place simuitaneously and these two modulations put together are called Angle
Modulation.
11.9 SELF - ASSESSMENT QUESTIONS

Long answer questions

1. Derive an expression for a Frequency modulated wave.
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2. Discuss the principles involved in the production and detection of FM wave.
3. How can we detect an FM wave using Foster- Seeley discriminator? Explain with
neat diagrams.

Short answer questions
1. Distinguish between Amplitude and frequency modulation.

2. Explain the working of reactance modulator
3. What are the advantages of frequency modulation?
4. Compare Frequency modulation and amplitude modulation

11.10 TEXT AND REFERENCE BOOKS
TEXT BOOKS

1. Integrated Electronics by Millman and Halkias
2. Electronic Communications by Kennedy
3. Basic Electronics and Linear Circuits - Bhargava etc

REFERENCE BOOKS

1. A text lab manual in Electronics by ZBAR (Tata Mc graw Hill)

2. Electronics fundamentals by JD Ryder

3. Modem Electronics Communications by Gray and Miller

4. Op. Amp and linear integrated Circuits by Ramakant Gayakwad

6. Electronic communications by Dennis Roddy and John Colllen (PHI).
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RADIO BROADCASTING, RECEPTION AND MICROWAVES

OBJECTIVES OF THE LESSON
To identify the areas wheré Radio waves and Microwaves are applied, to
understand the principles involved in radio broadcasting and reception , to
understand the working of Super heterodyne receiver, to understand the
properties of microwaves and to learn some applications.

STRUCTURE OF THE LESSON

12.1 Introduction

12.2 Radio wave propagation

12.3 Radio broadcasting Reception of broadcasted information
12.4 Super-heterodyne receiver

12.5 Microwaves

12.6 Applications of Microwaves

12.7 Summary

12.8 Key word terminology

12.9 Self assessment questions

12.10 Text and Reference Books

12.1 INTRODUCTION

Radio communications use electromagnetic waves propagated through the
earth’s atmosphere or space to carry information over long distances without the use
of wires. Radio waves with frequencies ranging from about 100 Hz to above 300GHz
have been used for communications purposes. More recently, radiation in and near
the visible range have also been used. Although the electric and magnetic fields
exist simultaneously, in practice antennas are designed to work through one or other
of these fields. To describe radio wave propagation, sinusoidal or co-sinusoidal
variations will be assumed unless stated otherwise. In this lesson, we learn simple
aspects of Radio wave and Microwave communications.
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Table 12.1 Radio spectrum

Wave i
Typical

length applications

range

Frequency

Frequency band range .

Very Low Frequency | 10-30kHz (30 -10km l;ong — range direct

(VLF) / communication

Marine, navigational

30-300kHz |10-1km |M
aids

Low Frequency (LF)

Medium Frequency (MF) 300 kHz- 3 MHz| 1 km-100m | Broadcasting, marine

High Frequency (HF) 3-30MHz [100m —~10m | A types of

\ communication
Very High Frequency | 30-300 MHz | 10-1m
(VHF) TV, FM, radar, short -

Ultra - High Frequency | 300MHz-3 GHz| 1m - 10cm wave, air navigation
(UHF)

Radar, microwave
3-30GHz |10-1cm |relays, short distance
(SHF) communications Radar,
radio relay, navigation
satellite communication

Super — High Frequengy

Extremely Experimental

High Frequency (EHF] 30- 300GHz lem — Imm

12.2 RADIO WAVE PBOPAGATION

Above 100-kHz, the radio waves prefer to trave! without wires. In this process,
they get scattered by buildings, hills and other obstacles. At higher frequencies, they
travel more like a light rays. It means unless the receiving antenna must be in the line
of sight of the transmitted ray. The earth’s curvature affects the radio signal
reception. For short wave communigp}ion, ionosphere is used as a reflector for radio
waves. There are several ionic layers in the ionosphere and each has its cut-off
frequency. The conditions in the iono'sphere changes with day and night. It is called
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Diurnal variation. Seasonal, cosmic ray incidence and sun spot activity also affect
the propagation of radio waves through ionosphere. With the introduction of
commupnication satellites, the present day TV, cellular and internet communication is
taking place through satellite communication channels. Table 12.1 gives the use of
various bands of radiofrequencies.

12.2.1 Propagation in electromagnetic waves in free space:-
Mode of propagation:- Consider first an average power Py assumed to be radiated
equally in all directions. This will spread out spherically as it moves away from the
source. At distance ‘d’, the power density in the wave (power per unit area of wave
front) will be

P
Py = —I— watt / metre? s——r R
2 4r d? ( )

This is so because 4[]d? is the surface area of the sphere of radius ‘d’, centered on
the source. ‘
Po = Isotropic Power density -

it is known that all practical antennas have directional characteristics. The
directivity gain is the ratio of actual power density along the main axis of radiation of
the antenna ta that which would be produced by an isotropic antenna at the same
distance fed with the same input power.

Let Gy = Maximum directivity gain of the transmitting antenna

Then, the power density along the direction of maximum radiation will be,

P, G,

4z d? ,
A receiving antenna can be positioned in such way that it collects, maximum

power from the wave. When so positioned,

Pp=Pp.Gr= (12.2)

Let Pr = Power delivered by antenna to the load (receiver) under matched

conditions.

P, G,

4r d?
where A, = Affective area of the antenna

it can be shown that for any antenna;

Then Pr = Pp Aer = . Aett e (12.2.3)

2
Aa 4 ———— (12.4)

G, 4r
Here ‘)’ is the wavelength of the wave being radiated.
Let Gr = Max. Directivity gain of the receiving antenna.

13
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2 .
Then -llz-' = G'r . GR . (—i—-j -------- - (125)
P, 4md

This is the fundamental equation for free space transmission. Usually, it is
expressed in terms of frequency ‘f in MHz, and distance ‘d’ in kilometers.

Weknow that Af=¢ e (12.6)

Substituting Eq.(12.6) in Eq.(12.5), we get,

P G G (057x10° ] e (127)

_R— .
Pr (ar)’
By expressing power ratios in decibels, Eq.(12.7) becomes

[{—:—‘LJ = (GT)dB . (GR)dB - (325 + 20 lOg 1od + 20 IOg 1of) --------- (128)
T /dB

The third in parenthesis on RHS of Eq.(12.8) is the loss in dB, resulting from the
spreading of the wave as its propagates outward from the source. It is the known as
the transmission path Loss L. .

Thus L = (32.5 + 20 log 1d + 20 log 1o f ) dB e (12.9)
Where ‘d' is in Km and ‘f is in MHz

Then Eq.(12.8) becomes

{ER.J = (Gr)ae - (Gr)e - (L)es e (12.10)
PT dB

12.2.2 Factors involved in the propagating radio waves:-

There are a number of mechanism$ by which radio waves may travel from a
transmitting toa receiving antenna. The more important of these are designed by the
terms.

(i) ground waves, (ii) SKy waves, and (iii) Space wave or tropospheric waves.

The ground wave (also sometimes called Surface wave) can exist when the
transmitting and receiving antennas are close to the surface of the earth when
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vertically polarized. This wave, supported at its lower edge by the presence of
ground is of practical importance at broadcasting and lower frequencies.

The sky wave represents energy that reaches the receiving antenna as a result of a
bending of the wave path introduced by ionization in the upper a{mosphere. This
ionized region is called the ionosphere. This begins about 80 Kms above the earth's
surface and is useful for very long distance radio communication. ,

The space wave represents energy that travels from the transmitting to receiving
antenna in the earth’s Troposphere, Troposphere is the portion of the earth’'s
atmosphere in the first ten miles adjacent to the earth’s surface. A space wave
consists of two components.

1. A ray that traveis directly from transmitter to receiver and

2. A ray that reaches the receiver as a‘result of reflection from the surface of the

earth.

Space wave energy may reach the receiver (i) as a result of reflection or refraction
due to the variations in the electrical characteristics of the troposphere .and (u) by
diffraction around the curvature of the earth, hills etc.

Radio transmission at frequencies above about 30MHz is normally the range of
space wave propagation.
Ex:- (a) Television , (b) F.M. (c) Radar use the frequencfes in the rays g space wave
propagation.
12.2.3 THE GROUND WAVE PROPAGATION

In ground wave propagation, the electromagnetic waves travel along the curved
surface of the earth from transmitter to receiver. In fact, they depend on the earth for

a portion of their transmifting medium.

Groynd - reflected
wave

Direct wave —pp

Receiving
antenna

Transmitting
antenna [

-
Earth’s

/ surface

Figl12.4 Direct and ground — reflected waves.

These waves are influenced by the electricat ¢haracteristics of the ground, over
which they travel. They are strongly absorbed by dry land. As the moisture and sea
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water have greater conductivity, the ground waves are much less absorbed. The
Table 12.1 shows the radio frequency spectrum.

The attenuation of ground waves depends on their direction of polarization also.

These waves are always vertically polarized because the horizontal component of
electric field is short circuited by the earth. But, the vertical component travels along
the surface of the earth because of the electrical discontinuity between ground and
atmosphere. As the wave travel along the, ground, it induces charges in the ground.
These charges travel along with the wave and have induced currents. As the earth
has definite resistance the flow of induced current results in power loss, this causes
absorption of energy from E.M. waves.

Ground waves get attenuated in another way also. As the wave travels over
the ground, the wave front tilts, more and more towards the surface due to diffraction
effects. This increases the horizontal component of electric field at the cost of
vertical component. This causes greater attenuation.

The absorption of ground waves increases with frequency. Therefore, ground
wave propagation is useful only at low frequencies.

Ground waves are useful in communication for the frequencies below 500KHz
and over distances up to 1500 Km§. Amplitude modulated radio broadcasts in the
medium frequency band are transmitted mainly via the ground wave. But at higher
frequencies the ground waves are absorbed. So, these cannot be used beyond few
Kilometers around the transmitter.  Ground wave transmission makes the reception
extremely reliable and not subject to the seasons atmospheric conditions.

12.2.4 SPACE OR TROPOSPHERIC WAVES

The space or tropospheric wave is that which travels from transmitting antenna to
receiving antenna through the earth’s troposphere. That is through the portion of the
earth’s atmosphere with in the first 15 Kms over the surface of the earth. The space
wave is usually made up of two components. They are

Line — of — sight or

- - : interference zone Receiving
Transmitting antennd

antenna 7777 227 ////
&

el
Diffraction or
shadow zone

afth’s
surface

Fig 12.5 Interference and shadow zones.
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a) The direct or line-of-sight wave from the transmitting to receiving antenna.

b) The ground reflected wave traveling from the transmitting to the receiving
antenna after reflection from the ground. These two components are shown
in the Fig.12.5

¢) The phase of the ground reflected wave changes by 180° after reflection from

the ground. The strength of the signal received at the receiving end depends on

the phase relationship between the direct and reflected waves.
If the path length of the direct and reflected waves differ by nA, where ‘n’ is an
_integer and ‘A’ the wavelength, then the total path difference between the two

: waves becomes (n + —;-)k. Here, the additional path difference 121- is because of

reflection. Therefore, the two waves reaching the.receiving antenna will have

" opposite phases and will cancel each other. If the path lengths of the direct and

reflected components differ by, half-integral multiple of A the total path difference
will become an integral multiple of ‘A’. Then the two waves arrive in phase and
reinforce each other. Thus by varying the height of the receiving antenna, the
path difference between the two waves can be changed. The signal strength
can be increased or decreased. This phenomenon is referred to as selective
fading.

The space wave does not undergo continuous absorption by the surface of
the earth. It can therefore cover large distances than the ground wave. The
region beyond the line of sight is called Diffraction zone or Shadow zone. The
signal in the shadow zone is also increased due to a phenomenon known as
duct propagation.

The region outside the shadow zone where the line of sight propagation is
possible is called the interference zone. In this region the two waves interfere
to give the resultant field.

12.2.5 RADIO HORIZON

The maximum distance over which the space wave can be transmitted is
called the effective horizon or radio horizort” It is greater than the optical
horizon. Optical horizon is the straight-line distance between the two points.
The radio horizon of an antenna depends on its héjght above the ground. ltis -
given by, an empirical relation, .

d.=4 /h where
d,= Radio horizon of the transmitting antenna of height h,.

Similarly, d.= 4 \[h, where
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d. = Radio horizon of the receiving antenna of height ‘h, ’
Therefore the maximum limiting distance between the two antennas = d = di+d,

=4(Jn + Jn ).
12.2.6 SKY WAVES

A sky wave is that which arrives at a receiving antenna after reflection from
the ionized layers of the earth’s upper atmosphere known as ionosphere.

The short wave communication around the world takes place by the sky
waves, via successive reflections at the earth’s surface and the ionosphere. The
transmission by this mode of propagéation depends on the properties of
ionosphere. It is subject to fading with seasons, day and night and atmospheric
conditions. It is the primary means of propagation over a wide range of
frequencies extending up to about 30MHz.

Sky wave

lonosphere ~

Transmitting

antenna

Fig.12.6 Around the world communication by means of sky waves.

TERMS RELATED TO SKY WAVE COMMUNICATION

1) SKIP DISTANCE

Let a radio wave with a frequency higher than the critical'frequency of layer
be incident on it at various angles. The situation is illustrated in the Fig.12.7

It is found from the figure that as the angle of incidence decreases, the
distance between‘ fransmitting and receiving points on the earth's surface
diminishes and. thgn increages. Compared to the other rays, ray 2 moves
through a longer horizontal distance in the layer. For the ray to be received on
the earth’s surface, there is a minimum distance between the transmitting and
receiving points for a given frequency. This minimum distance is known as skip
distance.
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Height

Skip distanc-;;,N Earth surface

' Fig.12.7 Ray trajectories in the ionosphere for
different angels of incidence

In the above figure, ray 3 is received at skip distance. Skip distance for a given
frequency increases with increasing height of the layer. The skip distance is
minimum at noon and increases at other times.

1)) MAXIMUM USABLE FREQUENCY

The frequency of radio wave for which a given distance on the earth's surface
is equal to the skip distance is called as Maximum Usable Frequency (MUF).
The MUF has diurnal variation. It is maximum at noon and falls on either side of
the noon hour. For sky wave communication between two points the optimum
frequency of the wave is taken to be about 85% of the MUF.
) SINGLE AND MULTI HOP TRANSMISSIONS

If a radio wave launched by a transmitter arrives at the receiver after its
reflection from the ionosphere the transmission is referred to as a single hop
transmission and the path of the wave is called single hog path.

Transmission using multiple reflections at the ionosphere is referred to as

multi-hop transmission.

IV)  FADING
The fluctuation of the received signal existing over short period of the order of

a minute or less is called as fading. Fading is an undesirable phenomenon in
any communication system. It is one of the problems of radio wave
communication using ionosphere reflection.
12.3 PRINCIPLES OF RADIO BROADCASTING AND RECEPTION:
Radio communication is a very popular way of communicating information.
The radio waves are electromagnetic and are produced due to the escape of
electrical energy into free space. They have a frequency range of few Hertz to 10°
Hertz. They travel with the velocity of light and consist of electric and magnetic fields
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at right angles to each other. In a simple form of basic elements of radio

communication are shown in Fig.12.8a.
ANTENNA ANTENNA

TRANSMITTER EM.WAVES
MICROPHONE | —p—]
RECEIVER

SPEAKER

Fig.12.8a Wireless Communi:gtion system

Speech or music, usually called audio information that is mechanical in
nature and a microphone converts into electrical form. These electrical signals are
weak. So these ére subjected to amplification and modulation process before being
transmitted. The high power modulated carrier generated by the transmitter is
radiated into space by means of a transmitting antenna. The transmitted radio waves
travel through free space and reach a receiving antenna. A receiving antenna
receives these signals and feeds them to a chain of amplifiers as the received signals
will be very very weak. After sufficient amplification, the modulated wave is detected
to extract audio information from it. The detected audio signal is again fed to a series
of voltage and power amplifiers before giving it to a speaker. Speaker is a transducer
that converts electrical energy into sound energy thereby reproducing the transmitted
information. By tuning the receiving system to the frequency of the transmitting
system we can hear the transmitted audio. With minor modifications, the same

ANTENNA j

process is used for receiving video signals also.

R.F. power
Crystal controlied ‘
: R F.buffer Frequency mplifier
Master oscillator |~ Amplifier - multiplier ——
microphone Audio __9& modulator
< amplifier

Fig.12.8b Radio frequency transmitter
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Transmitter: The block diagram of an AM transmitter is shown in Fig 12.8b. The
individual blocks are described as follows:

1) Crystal controlled master oscillator: It operates the transmitter at the desired
frequency. Since the power output of this oscillator is small it subjected to
amplification.

2) R.F. Buffer amplifier: It isolates the master oscillator from the succeeding
stages so that loading effect does not take place.

3) Frequency multiplier. It is used to multiply the crystal oscillator frequency to
the required value.

The other items are already known to us and so are not discussed here.

Receiver:
ANTENNA

’ Selection circuit Audio power
- R.F.buffer > Detector L] Amplifier

Amplifier

SPEAKER

Fig 12.8c Receiver

The individual blocks are described below:
- 1) Selection circuit: '
Itis a series resonént circuit. By varying the capacitance of the circuit, desired
carrier is selected and the other carriers that may be coming from the antenna
are rejected.
The other units were already discussed by us and so are not discussed here.
12.4 Super heterodyne receiver:
The shortcomings of a radio receiver were overcome by the invention of super
heterodyne receiver.
Principle of super - heterodyning: In this type of rash® receiver the selected radio
frequency is converted to a fixed lower value called inge[mgg" iate frequency (IF). This
is' achieved by a special electronic circuit called mixer circuit. "There is a local
oscillator in the radio receiver itself. This oscillator produces high frequency waves.
The selected radio frequency is mixed with the high frequency wave by the mixer
circuit. In this process, beats are produced and the mixer produces a frequency
equal to the difference between local oscillator and radio wave frequency. The circuit
is so designed that oscillator always produces a frequency 455KHz above the
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selected & R.F. Therefore the mixer always produces an IF of 455KHz regardless of
the station to which the receiver is tuned. The production of mixed IF is the salient
feature of a super heterodyne circuit. At this fixed IF, the amplifier circuit operates
with a maximum stability, selectivity and sensitivity. As the conversion of incoming
RF to IF is achieved by heterodyning or beating the local oscillator against R.F.,
therefore this circuit is called super heterodyne circuit.
Stages of super heterodyne receiver

The following Fig.12.9 shows the block diagram of a super hetero dyne receiver.
It consists of 5 stages. There are 1) RF amplifier stage 2) Mixer stage 3) IF amplifier
stage 4) Detector stage 5)AF amplifier stage

Receiving aerial

455kHz
R.F AMPLIFIE MIXER
L —p— L - ILF.  FP—{DETECTORH> AF.
) 4 L 4 2 AMPLIFIER] AMPLIFIE
/

/ / OSCILLATOR|

/ ’
/ ! L3

Fig 12.9

RF amplifier stage: This stage uses a tuned parallel circuit L, C, with a variable
capacitor ‘Cy’. The radio waves from various broadcasting stations are intercepted
by. the receiving aerial and are coupled to this stage. This stage selects the desired
radio wave and raises the strength of the wave to the desired level. ‘
Mixer stage: The amplified output of RF amplifier is fed to the mixer stage.
Hence it is combined with the output of local oscillator. The two frequencies beat
together and produce an intermediate frequency (IF).
IF = Oscillator frequency - Radio frequency.

= 455 KHz (always)
IF amplifier stage The output of mixer is always 455 KHz and is fed to fixed tuned
IF amplifiers. “These ampluf iers are tuned to one frequency and give nice
amplification.
Detector stage: The output from the last IF amphﬁer stage is coupled to the input of
the detector stage. Here, the audio s:gnal is extracted from the input.
AM amplifier stage: The audio Signal output of the detector stage is fed to
multistage audio amplifier. Here, the signal is amplified until it is sufficiently strong to
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drive the speaker. The speaker converts the audio signal into sound waves
corresponding to the original sound of the broadcasting station.
' Advantages of super heterodyne circuit

The super heterodyne principle has the following advantages.
High RF Amplification, Improved selectivity and low cost.
12.6 MICROWAVES

Microwaves are a part of the electromagnetic spectrum, i.e., radio waves, in the
frequency band between 300MHz and 30 GHz

Referring to Table 12.1, the frequency of microwaves is placed in between radio

frequencies and light wave frequencies. From this, we can conclude that terms and
theories from both these fields are used to describe microwaves. Further, the
wavelength is in the same magnitude as the physical dimensions of the components.

This compares with alternating currents, where a wavelength is 6000Km

Properties of microwaves: _

1, Microwaves exhibit all the properties of optical waves like reflection, refraction,

diffraction, and polarization. .

2. Since microwaves have very small wave length, these waves are not reflected by
the ionosphere. There are some bands of frequvencues. Microwaves whose
frequencies fall in this region propagate into space with out attenuation. These
bands are called microwave windows.

3. Microwaves are absorbed by some molecules by resonance phenomena.

4. Microwaves produce thermal effects like any other form of energy.

12.6 APPLICATIONS OF MICROWAVES

There are a number of areas where microwave techniques are used for practical
applications. Some of them are

i) In aviations surveillance and navigation, microwave radars systems are
being used. In meteorology, radars are used in  weather forecasting.
Shipyards and airports use radar for navigation and to pilot traffic.

i) Telecommunications use microwaves to convey telephone and TV signals
between continents via satellites and modern communications systems use
microwave links.

ili) Microwave radiation is used for heating materials in industrial applications
and in food processing.

iv) 'Radio astronomy reveals existence of distant galaxies with microwaves and
space-vehicles land and dock using mig[owave navigational aids.

v)  Microwaves are used in measuring moisture contents in food, paper etc.

vi) Automatic door openers and bugler alarms often use microwaves.
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vi)  Microwaves are also used for speed control, short distance measurement,
short distance directed communications e.g, in dirty and smoky areas.

vii)  Microwaves have also scientific and medical applications.

12.7 SUMMARY
There are three modes of propagation for the radio waves.

1) Ground wave or surface wave, 2) Tropospheric wave or space wave, 3) sky
wave. The choice of mode of propagation _debends on the frequency of radio
waves. Ground wave travels along the surface of the earth. So it can follow
the earth curvature. It is vertically polarized. The attenuation of ground wave
increases with frequency.

2) Space wave propagates through the earth’s troposphere and consists of two
components. 1) Direct or line of sight wave and the ground reflected wave.
The strength of a signal at a point depends on the interference of the two
components.

A sky wave is that which arrives at a receiving antenna after reflection from
the ionosphere. It is used for short wave communication.
12.8 KEY TERMINOLOGY
Microwave region: That portion of the electromagnetic spectrum lying between
the far infrared and conventional RF portion. Commonly regarded as extending
from 1,000 megacycles to 300,000 megacycles.
Cut-off frequency: The lowest frequency at which loss-less waveguide will
propagate energy in some particular mode without attenuation.
Attenuation: Decrease in magnitude of current, voltage, or power of a signal in
transmission between points.
Attenuation constant: For a traveling plane wave of a giver; frequency, the rate
of exponential decrease of the amplitude of a field component in the direction of
propagation. Expressed in Neperes or db per unit length.
1) Vidicon 2) Orthicon 3) interlaced scanning-"4) raster 5) Troposphere 6)
lonosphere 7) Sky wave 8) Ground wave 9) Skip distance 10) Radio horizon
12.9 SELF ASSESSMENT QUESTIONS

Long answer questions

1. Give the block diagram of a super heterodyne receiver and explain the
function of each block.

2. . Explain the principle of super heterodyne reception.
3. Explain the principle of radio transmission and reception.
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4. Draw the block diagram of a super heterodyne receiver and explain the
function of each block. )
5. Name the various regions in the electromagnetic spectrum and mention the
use of various frequency regions.
6. Describe the AM detector sectionmn a super heterodyne receiver.
Short answer questions
Explain the principle of super heterodyne reception.
Mention the properties of microwaves
Mention the applications of microwaves.
Draw the block diagram of radio transmitter.
Discuss the effect of earth curvature on space wave propagation.
What is meant by fading )
7. Describe Automatic volume control in a super heterodyne receiver.
" 42.10 TEXT AND REFERENCE BOOKS
1. Microwave Engineering — Rajeswari Chatterjee
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2. Microwave Principles — Herbert. J. Reich
Affiliated East — West Press Pvt. Ltd. — New Delhi.
3. Microwave Propagation and Techniques — D.C. Sarkar - S. Chand &
Company Ltd. ‘
4. Foundation for Microwave Engineering — Collin, R.E., Mc Graw — Hill, New
York.
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13.1
UNIT IV | LESSON 13
NUMBER SYSTEMS

OBJECTIVES OF THE LESSON: To learn about various binary related number
systems.
STRUCTURE OF THE LESSON
13.1 Introduction
13.2 Decimal number system
13.3 Binary number system
13.3.1 Converting binary to decimal and vice versa
13.3.2 Binary addition and subtraction (1s and 2s compliment
methods)
13.4 Hexadecimal number system
13.4.1 Converting binary to hexadecimal and vice versa, converting
hexadecimal to decimal
13.5 Octal number system
13.6.1 C. .ersion of octal number to decimal number
13.5.2 Conversion of a decimal number to octal
13.6 Binary coded decimal (8421)
13.7 Binary codes
13.7.1 ASCIl code
13.7.2 Gray code
13.8 Taking care in number representation
13.13 Summary: '
13.10 Key word terminology
13.11 Self assessment questions, .
13.12. Text and reference books
13.1 INTRODUCTION
A computer understands information composed of only zeros and ones.
Therefore, instructions and data are processed by the computer in the from of zeros
and ones. We are familiar with decimal number system in which digits are
0,123456,78 and 9. The decimal number system is convenient for the
programmer. The computer uses binary digits for its operation. In the binary system
there are only two digits 0 and 1. The programmer feeds instructions and data in
alphabets and decimal digits. But, for the operation of the computer these are
converted to binary bits. This lesson deals with the conversion of binary numbers to
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.decimal numbers and vice versa. It also deals with hexadecimal and octal systems.
Computer circuitry is usually designed to process hexadecimal and octal numbers.
13.2 DECIMAL NUMBER SYSTEM
We use decimal number system in everyday work. There are ten digits 0 to 9. The
base of the decimal number system is 10. The following example will explain the
base and value of the digit of a decimai number.
Example:
6784 = 6000+700+80+4
=6x10°+7x10%+ 8 x10'+ 4 x 10°
The value of each digit depends on its position in the number as described below :
The value of the 1* digit of the number from the right side '
=1 digit +10°
The value of the 2,4 digit of the number from the right side
= 24 digit + 10’
The value of the 3,4 digit of the number from the right side
=3,4 digit
The value of the 4™ digit of the number from the right side
=4" digit +10°
The value of the n" digit of the number from the right side
= n" digit + 10™'= n" digit x (base)™".
13.3 BINARY NUMBER SYSTEM
It the binary number systems there are only two digits 0 and 1. The binary digits
are called bits. The base of the binary number system is 2. In the decimal system,
there is no difficulty in representing numbers up to 9. For ten there is no symbol or
digit and hence 10 is written. Again, after 99 we have to write 100. Similarly, in binary
system zero is represented by 0 and one by 1. After this, there is no digit for two.
Therefore, two is written as 10 and three as 11. For four, we have to write 100. In this
way, we proceed further. Thus we see that a binary number becomes very long and
cumbersome. The following example will illustrate the base and weight of each digit
in binary number.
Example:
1110=1x22+1x22+1x2'+0x2°
=8 +4 + 2 + 0 = 14(decimal number)
The weight of each bit of a number depends on its position as described belaw :
The value of the 1% bit of the number from the fight side
=1" bit x 2°
The value of the 2, bit of the number fram the right side
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= 2,4 bit x 2"
The value of the 3,4 bit of the number from the right side
’ =34 bit x 22
The value of the 4™ bit of the number from the right side
=4" bt x10°
The value of the n™ bit of the number from the right side
= n" bit x 2= n" digit x (base)™".
Thus we see that rules for decimal and Ibinary numbers are exactly same. The value
of a digit in number depends on the base and its relative position in the number.
Table shows the binary representation of decimal numbers

Decimal Binary Decimal Binary

number number number number
0 0 9 1001
1 10 1010
2 10 1 1011
3 11 12 1100
4 100 13 1101
5 101 14 1110
6 110 15 1111
7 111 16 10000
8 1000

13.3.1 CONVERSION OF BINARY NUMBER TO DECIMAL NUMBER
For the evaluation of a binary number we must know the relative position of each

bit. For this purpose we count the positian of binary bits from the right side as shown
below:
Binary number=11101
Bit position =54321
The value of the n™ = n® bit x 2™
. The values of all bits are added to give the value of the binary number.

11101(binary number) = 1 x2* + 1 x 2° + 1 x 22+ 0x 2"+ 1x 2°

=16+ 8 + 4 + 0 + 1 = 213(decimal number)

In the decimal number system the 1* place from the right side is for 1, 2,4 for 10s,
3. for 100s, 4™ for 1000s, and so on. Similarly, in the binary number system the 1*
place is for 1, 2,4 for 2, 3, for 4, 4™ for 8, 5" for 16 and so on. Binary numbers are
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long, cumbersome and difficult to understand for us, but for computers they are
simple. 0 and 1 are represented in terms of OFF (0) and ON (1) or puise and no
pulse (0) or LOW (0) and HIGH (1).
CONVERSION OF DECIMAL NUMBER TO BINARY NUMBER
We have seen that a binary number weight of bits from the right side are

1,2,4,8,16 and so on. This concept can be utilized for the conversion of a decimal
number to binary number. A procedure is to be developed to examine which
multiples of 2 are present in the decimal number. For example, 12 (decimal number)
has one 8 and one 4. It has no 2 and 1. In other words, it has zero 2 and zero 1. Its
binary equivalent is 1100. Based on this concept for decimal to binary conversion,
the decimal number is divided by 2 successively. At each stage, the quotient and
remainder are noted down. The quotient of one stage is divided by 2 at the next
stage. The procedure is repeated till the quotient becomes zero. If the remainder of
the 1% stage is R;, remainder of the 2, stage is Rz, and so on, the binary number is
given by |

Binary Number = RiRis Rz Ra.R2, Ry

Where R; = remainder of the i stage.

The following examples will illustrate the conversion of decimal numbers to binary

numbers:
Example 1: Find the binary equivalent of the decimal number 39.
Quotient Remainder Remark
Divide 39 by 2 19 1(LSB) There is one 1
Divide 19 by 2 9 1 There is one 2

(It is equivalent to division by 4)

Divide 9 by 2 4 1 There is one 4
(It is equivalent to division by 8)

Divide 4 by 2 2 0 There is zero 8
(it is equivalent to division by 16)

Divide 2 by 2 1 0 There is zero 16
(It is equivalent to division by 16)

Divide 1 by 2 0 1(MSB) There is one 32
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(It is equivalent to division by 32)
The binary number is 100111.
The last remainder is MSB and 1* remainder LSB.
Check : The decimal equivalent of the above binary number is given by
100111 =1x2°+0x2*+0x 2%+ 1 x 22+ 1x2'+1x2°
=32+0+ 0+ 4+ 2+ 1 =39 (decimal)

Example 2: Convert the decimal number 25 to its binary equivalent.
The division and remainder can be written in a simpler form as shown below:

2 _2_5___ remainder
2 |12 1(LSB)
2 |6 0
2 | 3 0
2 [ 1 1

0 1(MSB)

The Binary number = 11001.
Check : 11001=1x2*+ 1x2%+ 0x 22+ 0 x 2"+ 1x 2°

=16 + 8 + 0 + 0 + 1= 25 (decimal).
The equivalent binary number is 11001. If there is a mixed number, for instance 25.7,
first convert 25 into binary equivalent as above, and then proceed as follows to
convert 0.7 into its binary equivalent:

Product Fraction Carry
0.7x2=14 =04 and a carry of 1
04x2=08 =08 “ “ 0
08x2=16 =06 | “ 1
06x2=1.2 =0.2 * “ 1
02x2=04 =04 “ “ 0
04x2=08 =0.8 “ “ 0
08x2=16 =0.6 “ * 1
06x2=12 =02 . “ 1

The equivalent binary numbet is 11001. 10110011. If necessary this process can be
continued further where greater accuracy is desired.
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Example 3: Conversion of 1010.101, into decimal

Binary Number is 1 0 1 o . 1 0 1
Place values 2 22 ' 2 2! p X

Hence decimal equivalent of the given binary number is
1x2° + 0x22 + 1x2' + 0x2° + 1x2' + Ox22 + 1x2*
=8 + 0 + 2 + 0 + 05 + 0 +0.125
= 10.625+,.
13.3.2 BINARY ADDITION AND SUBTRACTION (1s and 2s COMPLIMENTS

METHODS):
Table.2 shows the rules for binary addition. When 1 is added to 1, the sum is 10

(binary) = 2(decimal).
Table.2 Binary Addition Table

A B A+B
0 0 0
0 1 1
1 0 1
1 1 10
Example1:"
1 101 (13 decimal)
40 0 0 1 (+1 decimal)
1110 (14 decimal)

When 1 is added to 1, there is a carry =.1. This carry is added to the sum of the

’

adjacent bits.

. Example 2:
0 011 (3 decimal)
0 111 (+7 décimal)
1 010 (10 decimal)

. BINARY SUBTRACTION

The following examples will illustrate binary subtraction:
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Table 2 Binary Subtraction Table

Minuend A Subtrahend B Difference D Borrow B
0 0 0 0
0 1 1 1
1 0 1 0
1 1 0 0
The following examples will illustrate bjpary subtraction:
Example 1: Borrow i
1101 (13 decimal)
-0 0 1 1 (-3 decimal)
1 010 (10 decimal)
When 1 is subtracted from 0, there is a borrow from the adjacent bit.
Example 2:
1101 (13 decimal)
-0 110 (-6 decimal)
0 111 (7 decimal)

Conversion of a decimal number to Hexa decimal
For converting a decimal number into its equivalent Hexa number, the

following steps are followed.

¢ The integer part of the decimal number is progressively divided by 16 and the

remainders after each division are noted until the quotient becomes zero.

< The remainders are written in the reverse order.
< For the conversion of fractional part, the fraction is progressively multiplied by 16
and the carry is recorded until the fractional part of the multiplication becomes

zero.

< Now the carries are noted in the forward order.

Ex: Conversion of 685.15,, into Binary,
Integer part of given number is 685

Hence the Hexa equivalent to
the integer part of the given
decimal number is 2AD

16
16
16

16

685
42 D
2 A
-
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Fractional part of given number is 0.15.

Fraction Fraction X 16 Carry
0.15 ‘ 2.40 2
0.40 6.40

0.40 6.40

Hence Hexa equivalent to the fraction part of given decimal number is
0.266+¢
. Hexa equivalent of given decimal number is (2AD.266~)1,.
1'S COMPLEMENT TO A BINARY NUMBER
1's complement to a binary number can be obtained by complementing all its
bits (i.e) replacing 0's by 1's vice versa.
Ex: - 1's complement of 1010110, is —

1’ s complementis 0 10

2'S COMPLEMENT TO A BINARY NUMBER
2's complement to a binary number can be obtained by adding 1to the 1's

Binary Number is

— 4—O

I

complement of the binary number.
Ex: 2's complement of 1010111, is ——

Binary Number is i i l i l l 1l
0 1 o t 0 0 0

1’ s complement is

2's complement to the given binary = 1's complement + 1

(0101000 ), + 1

0101001,

2'S COMPLIMENT METHOD OF SUBTRACTION

The following steps are followed for subtraction for binary numbers using 2's

com’plement method.
< Compute 2's complement to the minued.
< Add this 2's complement to the minued.
& If carry exists, remove it and the remaining sum gives the result. In this case the

result is positive.
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% Ifthere is no carry, again compute 2's complement to the sum in step2 and put a
negative sign. In this case result is negative.

Ex: Subtract 101101, from 1110010.,.

1's complement of subtrahend - 1010010

+1

2's complement of subtrahend ———-—— 101001 1
Minued 1110010 (Add)

Sum - —meeeaea 11000101
Ignoring the carry resultis 1000101,
-~ (1110010), - (101101), =1000101,

Ex:  Subtract1111,from 1000,
1's complement of subtrahend —-——- 0000

2's complement of subtrahend -————- 0001

Minued 1 00 0(Add)
Sum ———————-- 1001
Since carry doesn't exist,
1’s complement of sum — 0110
+1
2's complement of sum ——-——- 0111

5 (1000), - (1111), = -111,

13.4 HEXADECIMAL NUMBER SYSTEM
The hexadecimal number system is widely used with computers and other digital
systems. The base of is 16. The digits from 0 to 9 are same as those of the decimal
number system 16. In the hexadecimal system 10 is represented by A, 11 by B, 12
by C, 13 by D, 14 by E, and 15 by F. The decimal number 16 is represented by 10 in
the héxadecimal system; 17 by 11 ; 18 by 12, 32 by 20; 33 by 21 and so on.

A hexadecimal digit is represénted by four binary bits. For example, 6 is
represented by 0110, B is represented by 1011 and F is represented by1111. If there
are two or more than two digits in a hexadecimal nurhber, each hexadecimal digit is .
represented by four binary bits. For example, 98 is represented by 1001 1000; 5C by
01011100; 3AFB by 0011 1010 1111 1011.
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Decimal Hexa Decimal Binary
Number Number equivalent of
Hexa Decimal

Number

0 0 0000

1 1 0001

2 2 0010

3 3 0011

4 4 0100

5 5 0101

6 6 0110

7 7 0111

8 8 1000

9 9 1001

10 A 1010

The hexadecimal system utilizes the full capacity of four binary bits. The BCD system
does not utilize the full capacity of four binary bits which represent a decimal digit. In
the hexadecimal system an 8-bit word can represent up to 11111111 or 255
(decimal) whereas in BCD only up to 10011001 or 99 (decimal). Thus the hardware
cost in the hexadecimal system is reduced. The BCD system has the advahtage of

simplicity in getting the output in the decimal ‘system.
Example: Convert 110111100010 to Hexadecimal

Decimal Hexa Decimal Binary equivalent of Hexa Decimal
Number Number Number
10 A 1010
11 B8 1011
12 C 1100
13 D 1101
14 E 1110
15 F 1111
16 10 0001 0000
17 11 0001 0001
20 14 0001 0100
21 15 0001 0101
32 20 0010 0000 .
100 64 0110 0100.
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We rewrite the number as 1101 1110 0010. We separated the number into three
four-bit groups keeping their positional value as it is. Now we replace each group its
hexadecimal equivalent following the conversion given in Table. The resulting
hexadecimal number is DE2y
13.4.1 Conversion of a hexadecimal number to decimal:
The decimal equivalent of a Hexa number can be obtained as a sum of
various Hexa digits multiplied by their respective place values.

EXAMPLE 1: - Conversion of 15BC.2513 into decimal
Hexa Number is

1 5 B C 2 5
| AR
16° 16* 16" 16° 16

Place values 162 163

Hence decimal equivalent of the given Hexa number is
1X16° + 5X16° + BX16' + CX16° + 2X16" + 5X162 + 1X167
=40136 + 1280 + 176 + 12 '+ 0.1256 + 0.01135 + 0.00024
= 5564.14474,. |
EXAMPLE 2
Com)ert the hexadecimal number 5A9 to its decimal equivalent.
9 is the 1*® digit from right; its weight is 9 x 16°
A is the 2™ digit from right; its weight is 13 x 16"
5 is the 3rd digit from right; its weight is 5 x 167
5A9 (hex)=5x 16% + A x16" + 9 x 16°
=5x256+10x16+9
= 1280 + 160 +9 = 1449 (decimal).
EXAMPLE 3
Convert the hexadecimal number 5A9 to its binary equivalent.
We replace the individual hexadecimal number by its binary equivalent and place
them in their respective positions.
Binary equivalent of 9 is 1001
Binary equivalent of A is 1010
Binary equivalent of 5 is 0101
The binary equivalent of 5A9 is 0101 1010 1001
= 1280 + 160 + 9 = 1449 (decimal).
EXAMPLE 4
Convert the hexadecimal number 12  to its Ibir.aly equivalent.
We replace the individual hexadecimal number by its binary equivalent and place
them in their respective positions.
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Binary equivalent of 2 is 0010

Binary equivalent of 1 is 0001

The binary equivalent of 12, is 0001 0010

Verification:

Decimal equivalent of 124is 1x16+2 =18 (decimal)

Decimal equivalent of 00010010 is (ignoring the three leading zeros)
1x2°+0x2°+0x22+1x2'+0x2° =16+0+0+2+0 =18

13.5 OCTAL NUMBER SYSTEM -

The base of the octal number system is 8. The digits are 0 to 7
same as those for the decimal number system. The number 8 of the decimal number
system is represented by 10, 9 by 11 and so on. Table shows the octal
representation of decimal number.

Decimal Octal Decimal Octs!
‘umber number number number
0 0 9 1"
1 1 10 12
2 2 1 13
3 3 12 14
4 4 13 15
5 5 14 16
6 6 15 ’ 17
7 7 16 20
8 10 '

13.5.1 Conversion of Octal number to Decimal number
The following examples illustrate the conversion of octal number to decimal number:
Example1: convert the octal number 23 to eqpivalent decimal number.
23 (octal) = 2X8'+3X 8°
=2x8+3x1
‘= 16+3 = 19 (decimal).
Example2: convert the octal number 645 to equivalent decimal number.
645 (octal) =6 X 8% + 4 X 8" +5 X 8°
=6x64+4x8+5x1
= 384 + 32 + 5 = 421(decimal).
Conversion of a decimal number to Octal:
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Binary equivalent of 2 is 0010

Binary equivalent of 1 is 0001

The binary equivalent of 12, is 0001 0010

Verification:

Decimal equivalent of 124is 1x 16 +2 = 18 (decimal)

Decimal equivalent of 00010010 is (ignoring the three leading zeros)
Ix2*+0x22+0x2%2+1x2'+0x2° = 16+0+0+2+0 =18

13.5 OCTAL NUMBER SYSTEM '

The base of the octal number system is 8. The digits are 0 to 7
same as those for the decimal number system. The number 8 of the decimal number
system is represented by 10, 9 by 11 and so on. Table shows the octal
representation of decimal number.

[ Decimal | Octal Decimal Octal

:umber number number number
0 0 9 1
1 1 10 12
2 2 1 13
3 3 12 14
4 4 13 15
5 5 14 16
6 6 15 : 17
7 7 16 20
8 10 |

13.5.1 Conversion of Octal number to Decimal number
The following examples illustrate the conversion of octal number to decimal number:
Example1: convert the octal number 23 to eqpivalent decimal number.
23 (octal)= 2X8'+3X8°
=2x8+3x1
= 16+3 = 19 (decimal).
Example2: convert the octal number 645 to equivalent decimal number.
645 (octal) =6 X 87 +4 X 8' + 5 X 8°
=6x64+4x8+5x1
= 384 + 32 + 5 = 421(decimal).
Conversion of a decimal number to Octal:
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For the conversion of a decimal number to an octal number, the
technique of successive division by 8 can be used. The following examples will

illustrate the technique.
Example1: Convert 61(decimal) to its equivalent octal number.

861 remainder
g 7 5 (least significant digit)
0 7 (most significant digit)

The Octal Number = 75
13.6.2 Conversion of a decimal number to Octal

The decimal equivalent of an octal can be obtained as a sum of various octa

digits multiplied by their respective place values.
Ex1: - Conversion of 1567.251, into decimal

Octal Number is 1 5 6 7 . 2 5 ]
Place values 8 g8 g g 8! g? g3

Hence decimal equivalent of the given Octal is ,

1X8° + 5X8% + 6X8' + 7X8° + 2X8' + 5X82 + 1X8?

512 + 320 + 48 + 7 + 0.25 +0.078125+ 0.001135

887.3302y,.

13.6 BCD (Binary Coded Decimal): A nibble is a string of 4 bits. Binary-coded -
decimal (BCD) numbers express each decimal digit as a nibble. For instance,
decimal 2,945 converts to BCD number as féllows:

Pl

0010 1001 0100 0101

As you see, each decimal digit is toded ag nibble.
Here’s another example: 9.863;, converts like this:

Pl

1001 1000 0110 0011
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Therefore, 1001 1000 0110 0011 is the BCD equivalent of 9,8634,.
The reverse conversion is similar. For instance, 0010 1000 0111 0100converts as

follows: 0010 1000 0111 0100
t 2 8 7 4

It is called the 8-4-2-1 code because the weight in the four bit group, reading from left
to right are 8,4,2,and 1, same as that for binary numbers.

BCD codes very convenient and useful code for input and output operations un
digital circuits.

In this code, each decimal digit is represented as a four bit binary number. In
BCD arithmetic binary addition rules apply to individual digits. When ever the digit
value becomes greater than 9, a carry is forwarded to the next digit just as in decimal
addition. To facilitate this, 8085 has Decimal Adjust Accumulator instruction.. A single
BCD digit appears as 05, 06 etc. These are called unpacked BCD. Usually in a 8 bit
register two BCD digits can be packed as in 68.

BCD (Binary coded Decimal) A code used to represent decimal numbers.
Weighed codes: The BCD code is sometimes refer:ed to as 8421 code because the
weights of the digital positions from left to right are 8,4,2 and 1.. There are many
other weighed codes such as the 7421, 6311, 5421, and so on.
13.7 BINARY CODES

A number system containing the only digits 1 and 0 is called binary
number system. A pattern of numbers can be used as a code which has a special
meaning. An organization may use straight binary with 8 bits or the 256 binary words
to represent 256 different codes. Another organization may use these 256 words to
represent entirely different purpose. 8085 and 6502 processors use 01 instruction
code, but, it will be understood by them differently. If several organizations use the se
binary words for similar purpose, it may be possible that they end up with same
assignment of code. It may lead to copy write problems, losing secret information etc.
To avoid this several types of binary codes were developed. Here a binary code is
manipulated in a particular way to generate another binary number. it is used to
codify information. The transmission of information takes place using this coded
information. Reverse process defined ‘will restore the original information to the
genuine user. This will protect secrecy of information. For Engineering and Scientific
application common understanding is necessary and for such purposes standard
codes were developed. We now consider some standard codes. Like BCD, ASCII,
GRAY, EBCDIC, Excess 3 etc.
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We have already gone through the BCD (Binary coded decimal) and we consider the
other codes now.
13.7.1 THE ASCII CODE

To get information into and out of a computer, we need to use numbers, letters,
and other symbols. This implies some kind of alphanumeric code for the input unit of
a computer. At one time, every manufacturer had a different code, which led to all
kinds of confusion. Eventually, industry settled on an input-output code known as the
“American Standard Code for Information lnterchahge (abbreviated ASCII). This
code allows manufactures to standardize input hardware such as keyboards,
printers, video displays, and so on.

X5X, X1 Xo X6Xs5X4 .
010 011 100 101 110 111

0000 SP 0 @ P
0001 ! 1 A Q a q
0010 “ 2 B R b
0011 3 o S c s
0100 . $ 4 D T d t
0101 % 5 E V] e u
0110 & 6 F \" f v
0111 ‘ 7 G W g w
1000 ( 8 H X h X
1001 ) 9 [ Y [ y
1010 . J Z j z
1011 + ; K k
1100 , ‘< L I
1101 - M m
1110 . > N n
1111 / > 0] (o]

The ASCII (pronounced ask’-ee) code is a 7-bit code whose format (arrangement)
is
Xo X5 Xg X3 Xz Xy Xo
Where each X is a 1. For instance, the letter A is coded as
1000001
Sometimes, a spaces is inserted for easier reading
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100 0001
Table shows the ASCIl code. Read the table the same as a graph. For
instance, the letter A has an X Xs X, of 100 and an X3 X2 X1 Xo of 0001. Therefore,
its ASCII code is
100 0001(A)
Table includes the ASCII code for lowercase letters. The letter a is coded as
1100001 (a)
More examples are
1100010 (b)
1100011 (c)
1100100 (d) *-

And so on.
Also look at the punctuation and mathematical symbols. Some examples are
1100100 (%)
010 1011 ()
0111011 (=)
In table SP stands for space (blank). Hitting the spaue bar of an ASCII keyboard
Sends this into a computer:

' 010 0000 (space)

ASCIl: (American Standard Code for Information Interchange): A binary code
used for communication purpose. Special 6 bit, seven bit and eight bit codes are
developed. As it is used to represent numbers and characters and typewriter symbols
It is. called a Character code. This code allows manufacturers to standardize
computer hardware such as keyboards, printers, and video displays.

EBCDIC: (Extended binary coded Decimal Interchange Code). It is the standard
binary code for large computers. As it is used to represent numbers and characters
and typewriter symbols It is called a Character code 4
Excess-3 code is an important 4-bit colile sometimes used with binary-coded decimal
numbers.. To convert decimal numbers in to excess-3 code add 3 to each decimal
digit, and then convert the sum to a BCD number code.

13.7.2 GRAY CODE '

This code is often used in digital systems because only one bit in the code group
changes when going from one number to the next. For example, in going from 7 to 8
binary number changes from 0111 to 1000 (all the four bits change values) while
Gray code changes from 0100 to 1100 ( only the first bit from left changes from 0 to 1,
the other three bits remain the same). Similarly, v1100 represents 8 and 1101
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represents 9 in Gray code. These two consecutive numbers also differ only in one bit
(fourth from left)
it is not suited for arithmetic operation but is often employed for A/D converters and
location of angles on a rotating shaft. ,
In order to convert binary numbers to Gray code numbers, following procedure is
adopted. '

o The first Gray digit is the same as the first (msb) binary digit.

« The next Gray digit is the sum of first two bits in mod-2 addition* i.e., the

carry, if any ignored.
o This process of mod-2 addition is represented by adding second bit to third
and so on until entire Gray -code number is obtained.
The Gray code: Each Gray code number differs from the preceding number by a
single bit. It was developed for Engineering application.
To convert a Gray code in to Binary the following procedure is adopted.
We see how a binary code can be converted to Gray code and vice versa.
Consider the 8 bit binary number. We convert it to Gray code. D7 bit of binary
number is copied to D7 ' of Gray Code.. The D6 bit is exclusive ORed with D7 bit
and is taken as D6 bit of Gray code. The D5 bit is likewise Ex-ORed with its previous
bit(D6) and is taken as D5 bit of Gray code. This procedure is repeated for the other
bits of binary number to form corresponding Gray code.
D; De Ds D, Ds D, D Do

Ex1:Binay 1 0 0 1 1 1 0 1
Gray D, D,®D6 De®Ds Ds®D D(@D; D:®D, D,&D;y D:®Do
1 1 0 1 0 0 1 1
Ex 2 o o 1 1 0 0 1 1
Gray 0 0 1 0 1 0 1 0
Ex3 0 1 0 1 1 0 1 1
Gray o 1 1 1 0 1 1 0
GRAY TO BINARY o _
Gray G, G G G/ G G G Go
Bnay = D; D;@Gs Ds®Gs Ds®G, D,&G; DG, D:6G: Dy®Go
>, Do D D, D D D D
Gray 0 0 1 0 1 0 1 0

Binary 0 0 1 1 0 0 1 1
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Besides these to detect errors in transmission error detecting codes, error correcting
codes like Hamming code are also in use.

Computers deal only with binary numbers. However, we appreciate if the display is in
decimal form. Therefore it is necessary to convert binary results in to their BCD form.
The conversion of Binary to BCD is done by dividing the number by the power of 10.
The division is done by subtraction method. .
Example: Assume the given binary number is 1111 1111. = FFH = 255D. To
represent this number in BCD 12 bits or three BCD digits are required as
BCD2,BCD1,BCDO

i.e 255D = 00010 0101 0101 Eg: Quotient
BCD3 BCD2 BCD1 255
-100 =155 1
-100 = 55 1
- The conversion is performed as follows BCD3 = 1+1=2

13.8 Taking care in number representation: In the problems we are given usually
decimal numbers unless specified explicitly. Microprocessor assembly language
program accepts Hexadecimal or Hex numbers. While representing numbers like 213
40 etc, we must be careful as they may belong to decimal as well as hexadecimal
systems. In hexadecimal form, 29 is not equal to decimal 29. Its equivalent is 41. So
good practice is to put a suffix. Some people put 10 as subscript after Least
significant digit to indicate that they consider it as a decimal number. Some people
prefer D after LSD to represent decimal numbers as in 14,5 0r 14p. In the case of Hex
numbers, 16 is used as subscript. Some others put H as suffix or subscript after LSD,
asin 14,5 or 14H
13.13 SUMMARY
We are familiar with decimal number system in which digits are 0, 1, 2, 3, 4, 5, 6, 7, 8,
and 9. The base of the decimal number system is 10. The decimal number system is
convenient for the programmer. The computer uses binary digits for its operation. In
the binary system there are only two digits 0 and 1. The base of the binary number
system is 2. The programmer feeds instructions and data in alphabets and decimal
digits. But, for the operation of the computer these are converted to binary bits.
1’s complement to a binary number can be obtained by cdmplementing all its bits
(i.e) raplacing O's by 1's vice versa. 2'syw‘complemen‘t to.a binary number can be
obtained by adding 1 to the 1's complement of the binary number. The hexadecimal
number system is widely used with computers and other digital systems. The base
of is 16. The digits from 0 to 9 are same as those of the decimal number system 16.
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In the hexadecimal system 10 is represented by A, 11 by B, 12 by C, 13 by D, 14 by
E, and 15 by F. The decimal number 16 is represented by 10 in the hexadecimal
system; 17 by 11 ; 18 by 12; 32 by 20; 33 by 21 and so on. The base of the octal
number system is 8. The digits are 0 to 7 same as those for the decimal number
system. The number 8 of the decimal number system is represented by 10. Binary-
. coded —decimal (BCD) numbers express each decimal digit as a nibble.

It is called the 8-4-2-1 code because the weight in the four bit group, reading from left
to right are 8,4,2,and 1, same as that for binary numbers.

BCD codes very convenient and useful code for input and output operations un
digital circuits. For Engineering and Scientific application common understanding is
necessary and for such purposes standard codes like BCD, ASCII, GRAY, EBCDIC,
Excess 3 etc were developed. '

Some people put 10 as subscript after Least significant digit to indicate that they
consider it as a decimal number. Some people prefer D after LSD to represent
decimal numbers as in 14,, or 14D. In the case of Hex numbers 16 is used as
subscript. Some others put H as suffix or subscript after LSD

13.10 heY WORD TERMINOILOGY

GRAY code: It is an unweighed code. It is not suitec for arithmetic operations but is
useful for peripheral equipment and A/D converters.

Parity bit: In order to check for errors in the transmission of binary information, one
of the methods used is to attach an extra bit called parity bit. Two kinds of parity exist
— even parity and odd parity. Even parity means attaching an extra bit to yield an
even number of 1's. Parity checks will detect all one bit errors but not two-bit errors.

13.11 SELF ASSESSMENT QUESTIONS
Long Answer Questions:

1. Discuss in detail about Binary, Decimal, Hexadecimal and Octal number system.
2. Explain BCD and Gray codes with examples.
3. What are binary, deciwal, - hsxadecimal and octal numbers? Explain with
examples the convereion
()  Binary number to détimal number.
(ii) Decimal to héxadecimal.
(i) Octal number to binary.
4. Explain about the binary number system?
5. Discuss about decimal to binary conversion?
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Explain about binary to decimal conversion?
Explain about the hexadecimal number system?
Explain about the octal number system? N
Mention the ASCII code.

10. What is 2's complement of a Binary number? Tilustration of Binary numbers

using 2's complement method. What is the advantage of this method?

Short Answer Questions:
1. Give various number systems used in digital electronics.

»

© ® N OO RO

Whnt is a binary number system? How does it differ from decimal number
system _ |

Write first 18 binary numbers starting with zeros:

Convert 12.06725 into a binary number. .

Explain BCD and Gray codes with examﬁfes.

Mention the ASCII code |

Convert decimal number 37 into binary, hexadecimal and octal codes.

Convert decimal number 41into binary, hexadecimal and octal codes.

Write about Gray code. '

10. Convert the following binary numbers to gray code ntimbers.
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UNIT - IV LESSON-14
DIGITAL ELECTRONICS - BASIC LOGIC GATES

OBJECTIVES OF THE LESSON
To understand what digital electronics is, to learm Boolean algebra , to understand
various basic logic gates, to understand De Morgan's theorems and to know about
universal logic gates.

STRUCTURE OF THE LESSON

14.1 Introduction

14.2 Boolean algebra

14.3 Basic logic gates

14.4 De Morgan'’s theorems

14.5 Universal logic gates

14.6 Summary

14.7 Key Terminology.

14.8 Self — assessment questions.

14.9 Text and Reference books.
14.1 INTRODUCTION

The term digital refers to any process that is accomplished using discrete units, e.g.
fingers, toes, digits etc. Each of these can be used as a unit or group of units to express
a whole number. On the other-hand, analog numbers are represented as directly
measurable quantities such as volts, distances, and rotations etc. Thus, in analog'
/method. a number can be represented as an angle (in degrees) rotation of the needle on
,a meter. This method has been used widely in electronics to represent intensity,
frequency, and time etc. The two factors namely accuracy and economy made the
people to prefer digital readout devices. As examples we can quote: Digital multi-
meters, Digital frequency counters, Screw gauges, Vemier calipers with digital readout
facility.

Though there are many number systems, in digital electronics, binary system is used
extensively. Good amount of accuracy and reliability that can be achieved with digital
electronics. Because of'this reason, conventional electronic circuits are being replaced
with digital circuits. Already we see present day communication is based on digital
techniques. Digital electronics is also extensively used in computers.

In computers information and data are processed in terms of only zeros and ones
(0 and 1) which are called binary digits. In binary system those are only two digits 0 and
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1. The Binary digits are called Bits. The programmer feeds instructions and data in a
form that looks like English. For example ADD for addition, SUB for subtraction etc.
Later computer converts these instructions and data into binary digits before processing.
Processing of data in computers is performed by digital circuits. Because the data in
computers is in the form of 0's and 1"s, a special logic is developed by George Boole to
'perform the arithmetic and logic operations. Hence the algebra developed for binary
systems is known as Boolean algebra.

In a digital system, we will consider inputs and outputs, as either 0's or 1's. In order to
express the input and output relationship, an algebra known as switching algebra is
useful. Shannon developed this for use in telecommunication switching circuits. It is
based on a more general algebra that was developed earlier by Boole. This algebra
uses a limited number of operators to connect variables together to form expressions.
Further, it is also easy to build electronic circuits to implement these operators. Boolean
Algebra is the algebra of binary variables. Any system, which has only two states, can
be expressed in terms of Boolean logic. For example a statement can be either true or
false, if it is true we can represent it as logic 1 and if is false we represent it by 0. This is
called positive logic. '

Existence of positive voltage at a point may be taken as logic 1. Zero voltage can
be represented as_logic zero. A glowing bulb, a current ﬂow, a happening of an iﬁcident :
‘can be represented by logic 1 or TRUE state. The complementary actions can be
represented by a 0 or FALSE state. In fact we may represent actions that were
represented by 1 by logicio also. It all depends on one’s choice. The electronic circuits
used to perform Boolean operations are called gates. The gate is a circuit with one or
more input signals but only one output signal. These gates are constructed by using
diodes and transistors (known as DTL logic) or using transistors only (known as TTL)
Technical standards were evolved in electronics depending on the implementation of
integrated circuits using various semiconductor technologies viz DTL,TTL,ECL etc. The
most important and popular semiconductor logic is Transistor-Transistor Logic (TTL), in
which a +5V DC is taken as logic 1 and zero volts is taken as logic 0 .

This chapter introduces the fundamentals of Boolean operations, corresponding logic
circuits and gates and integrated circuits related to these circuits are discussed.
14.2 Boolean Algebra :

The fundamental operations in Boolean algebra are OR, AND and NOT, with
symbols + (plus),. (dot) and bubble or bar over Boolean variable respectively.
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In real life applications, one combines several logic gates and the combined effect
determines a system behavior depending on the states of individual logic variables. This
is usually expressed in terms of -+ truth table. In truth table, various inputs are listed and
various combinations are workedout to determine the system behavior. As a simple
example, see the OR gate truth table given in table 14.3a. Here A and B are the input
variables. These two variables can have 2?=4 combinations of 1s and Os. As per the
Boolean equation y = A + B (A+B to be red as A or B), output is true for 3 input

combinations and false for one combination.

The following are the laws of Boolean algebra and complicated laws can be proved
using simple Boolean laws. These laws can be verified by writing truth tables for LHS

and R.H.S expressions.

-— wd wd -
® N = ©

14,
1.
16.
17.
18.
19.

© ® N OO A W~

A+0=A A

A+1=1 Laws of ‘OR’
A+A=A g

A+ A = )

A.0=0 h

A.1=A Laws of ‘AND’
A. A=A

A.A=0 )

0 =1 )

1=0

of A=0Othen A =1 > Laws of complementation (NOT Laws)
ofA—1thenK 0

A=A J

A+B=B+A Commutative Laws
A.B=3. A 1

A+B+C)= (A +B)+ c} Associative Laws
A(B.C)=(A.B).C

A.B+C)=(A+B).C Distributive Laws
A+B.C=(A+B).(A+C)

14.3 CENTER FOR DISTANCE EDUCATION
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200 A+AB=A+B

2. A+AB=A

22. A(A+B)=A

23. A(A+B)=AB

2. AB+ AB=A

25, (A+B)(A+B)=A

26. AB+AC=(A+C)(A+B)

27. (A+B)(A+C)=AC+ AB

28. AB+K\C+BC=AB+KC

20. (A+B)(A +C).(B+C)=(A+B)(A +C)
30. m = A.B.C.— ) De Morgan’s Laws
3. ABC.--=A +B +C#+-—

14.3 BASIC LOGIC GATES

Basically, a logic gate is a circuit with one or more logic input signals (each input is
either 0 or 1), but with only one output signal (logically related to inputs). Logic circuit.
are analyzed with the help of Boolean laws. _

The basic logic gates are: OR, AND and NOT
14.3.1 OR Gate: .
An OR gate has two or more input signals but only one output signal. If one or more
input signals are high, the output signal is high.
Boolean expression for two input OR gate is
Y=A+B '
(read as Y equals A OR B).
The circuit to implement the OR function, logic symbol and its truth table(which depicts
the output condition to given input is shown in Fig.14.1.

Any one or both of the inputs A, B are high (+5V) makes the corresponding
diode to forward bias and the current flows through loa& resistor R to have an output at
Y. An OR gate can have any number of inputs 1 to n. For example two input OR-gates
éan be used to form a 3 input OR gate as shown in Fig.14.2
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D,
A —DF—r—Y
D;

B }
Ry

L TURTH TABLE
Circuit of OR gate f Input |Output
A By |
0 0
INPUT, | OL\;(TPUT o |1 |
lNPUTzB 1 0 1
Fig 14.1 Logic Symbol of OR gate 1 1 1

Truth table

A ..
X :
B . b
o o——ﬁY“A'\"B*C
C o i‘ >

Fig.14.2: Two two - input OR gates connected to form a 3 input OR gate.

g >

The OR gate circuit of Fig 14.1 constructed by using diodes and resistors . But the same
OR gate can also be constructed by using transistors only (TTL circuit). The logic gates
are available in the form of integrated circuits(ICs) to offer advantages in terms of sjze,
cost and power. The IC 7432 is a quad (four), two input OR gate using TTL logic and
74LS32 and 74HS32 are the low power and high speed versions of the same OR gate.

14.3.2 AND gate:

The AND gate has two or more inputs but has only one output. If all the inputs are
simultaneously high, the output is high. Boolean expression for two input AND gate is
Y = A . B (read as Y equals A AND B). The circuit to implement AND function,
corresponding logic diagram and its truth table is shown in Fig.14.3.
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When any one or both of the inputs in above circuit are low, the diode of that
input becomes forward biased, so the level of voltage at output point Y is at OV i.e low
state.

- +5V
' TURTH TABLE
D, éRL Input  |Qutput

A 'ﬂ | Y p utpu
A B Y
B D, 0 0 0
Circuit of AND gate 0 |1 ] 0
: ‘ 1 fo | o
INPUT, 1 1 |

B — Y
INPUT,

Fig.14.3 Logic Symbol of AND gate
On the other hand, if both A and B are high, both diodes are now in reverse biased
having same voltages at both ends. So 5V now appears at Y, i.e high state.
As in the case of OR gate, the two input AND gates can be used to construct three input
or n-input AND gate. Construction of 3-input AND gate by using two 2-input AND gates
is shown in Fig.14.4.

Q:D_‘L—D___"

C

A

;“}. Y= ABC

Fig 14.4 .
IC 7408 / 74LS08 is a Quad two input AND gate whereas IC 7411 is a triple 3 input

AND gate IC.
14.3.3 NOT gate: (Inverter gate):

Ow >

+5V
L TRUTH TABLE
Input| utputl
R Y A__.l So—y=
A T Al Yy
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The inverter is a gate with only one input and one output. The output state is always the
opposite of the input state. It is also called as NOT gate. Boolean expression for this

gateis Y = A (read as Y equals complement of A or Y equals NOT of A). The circuit,
logic symbol and its truth table is shown in Fig.14.5.

in the above circuit, the transistor is working either in the conduction or cut-off
state. When a high state (+5V) is presented in input make the transistor to conduct and
to produce OV or-low state at output. On the other hand;a low state at input A produces
a high state at output Y by cut-off the transistor T. Input given to two NOT gates
connected in cascade results:in the original Boolean variable as shown in Fig.14.6. This
is called as a buffer.

. JRUTH TABLE
_ Input Outpu
Y=
- A 0o | o

1 1

Fig.14.6 Two NOT gates connected to form a buffer,
~ logic symbol of buffer and truth table

Electronically buffers are very useful as they do not alter the nature of original signal but
provide boosting of signal amplitude and power to standard levels. This prevents logic
failure due to fall in signal strength. Tri-state buffers are also available whose output can
be 0 or 1 or tri-state. in the tri-state condition the signal path is disconnected. These tri-
state buffers are used in advanced logic circuits like Microprocessors and memories.
14.3.4 NOR gate:

<~INPUT,
A A
INPUT: Bubble

TRUTH TABLE Fig 14.7

Input  |Output

A Y

0 0 1

0 1

0
] 0 0
0
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The basic logic circuits are used to construct some more gates to perform more
Boolean functions. For example, consider the NOR gate which has two or more inputs
but only one output. All the inputs must be low to get a high output. Boolean expression
for two input NOR gate is

Y=A+B.
(read as Y equals not of A OR B).

The NQR gate can be constructed by connecting an OR gate with NOT gate as shown in
Fig 14.7 ‘

The NOR gate may have more than {wo inputs. Regardliess of how many inputs a NOR
gate has, it is still logically eqdivalent to one OR gate followed by an inverter. For
instance, the equation for 3-input NOR gate is Y= A+B+C. The 7402 is a quad 2-
input NOR gate where as 7427 is a triple 3-input NOR gate,

14.3.5 N4+ « ) gate:

A NAND gate has two or more inputs but only one output. Ali the input are the
simuiltaneously high to get a low output. Boolean expression for two -~ input NAND gate
is |
Y=A.B (read as Y equals Not of A AND B).

TRUTH TABLE

A :D-—.—-Do-— Y ,, Input | Output
bble
INPUT:, D‘EU_‘
Y ouTpUT

B
INPUT;

L]
—-—°°>
—_ o -~ OolWw

Fig 14.8 Logic Symbol of NAND gate

The Boolean equations for 3-input and 4-input NAND gates are Y = ABC

"and Y = ABCD respectively.
The IC 7400 have 4 Nos of 2- input NAND gates, whereas 7410 have three numbers of
3-input NAND gates.
14.3.6 EX - OR gate:
An OR gate recognizes words with one or more 1s, whereas the exclusive — OR gate

recognizes only words that have an odd number of 18. Boolean expression for two —
input
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EX-OR géte isY = A§+ AB =A @ B. (read as Y equals A EX-OR B). The logic
'diégram, symbol and its truth table is shown in Fig 14.9.

A*_D.__D
INP
NPUT: ‘jD_“ OUTPUT
Y
lNPUT: B =

Fig 149 Logic Symbol of EX-OR gate

TRUTH TABLE

“Input

Output

B

Y

- - o of*®

0

QO e

0
1
1

0

When h inputs A & B in the above circuit are both high and or low, the AND gates have
low output and give the final output as zero. But when any one of the input (A or B) is
high, the corresponding AND gate output is high. So the final output is one as shown in

truth table. IC 7486 is the IC version of EX - OR gate.
Transistor OR Gate:
Figure14.10 shows a transistor OR gate.

)

It consists of three transistors Q;, Q; and Q,
supplied from supply Vec = 5 VOLT

~

’ &)
1 Q:

Vee = +5Y

S

Fig 14.10: Transistor OR-Gate

(i) If A =5V ie., +5V is applied to A, Q is forward biased and hence conducts.
When Q; is saturated, entire V¢c = 5V drops across R, and hence C goes to
ground i.e., its potential = OV. Consequently Qg is cut off and D goes to Vcc =

SV.

(i) (iy If B =5Vie. Qis forward biased and hence conducts. It causes C to
go to ground i.e., C = OV. Thus there is no forward bias on the b@se of Q.

Hence Q; is cut off and D again goes to V¢c = 5V.
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.(iii) ifA=0V,B=0Vie, both A and B are grounded. Then Q; and Q; are both
cut -off. Consequently, Qa becomes forward biased and conducts. As a
result, entire Vcc drops across R,. It drives E and hence D to ground i.e.,
output = QV.
Transistor AND Gate:
Fig.14.11 shows a transistor AND circuit, consisting of three transistors Q;, Q; and
Qs supplied from a common supply Vcc=5 V. |
When A = B = +5V, then both transistors Q, and Q. conduct. Consequently, supply
voitage of +5V drops across R;. It drives point C and hence base of transistor Q, ta
ground or O voit. Consequently, transistor Qs is cut off and D goes to supply voitage +5V.
Thus there is an output at C only when there is :nput atAand B.

Fig.14.11 Transistor AND - Gate
If either A = OV or B = OV Q, or Q, will be cut off and the will be no drop across R,. Then
point C will be at +5V. As a result Q, will conduct dropping entire V¢ eCross Rs. It dﬁves
E and hence D to ground i.e., 0 volt
14.4 DE MORGAN’S THEOREMS
The Boolean algebra developed by George Boole was further extended by De Morgan
by his famous theorems that can be used in the siﬁi’ﬁliﬁcat’ionief Iegic circuits.

14.4.1 De Morgan's First Theorem
A+B=A.B
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Statement: Complement of sum equals the product of the complements.
Proof: The theorem can be proved by taking expressions and writing the truth tables on

both sides. And finally we equate LHS to RHS. |

Consider LH.S ie A+B. It indicates a 2-input OR gate followed by a NOT gate

that is a NOR gate as shown in Fig14.12. Fig 14.12 also shows its truth table.

Similarly take the R.H.S of the theorem which is equal toA.B. This equation

indicates that the two inputs A and B are inverted before they reach the AND gate as

shown in Fig.14.13. Therefore we have the truth table as in Fig 14.13 for this circuit.

Therefore the comparison of the truth table of Fig.14.12 with the truth table of'
Fig14.13 reveals that these two are equivalent; and the cil;cuits of Fig.14.12 and Fig.

14.13 are equivalent. Hence the theorem is proved.

A
B Y=A+B=
' B |A+B|A+B

NOR gate

°© o>
o
o

Fig 14.12

w
>
w|
>|
w|

Bubbled AND gate _ 1 0

[T = B -]

Fig 14.13

14.4.2 De Morgan’s Second Theorem

A.B =A+B
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Statement: Complement of product equals the sum of the complements.

Proof: Left hand side of the theorem shown is a 2-input AND gate followed by a
NOT gate i.e. a NAND gate having the circuit and truth table as shown in Fig 14.14.

A o R —
B——1 '/ ==
A B {[A.B|A.B

0o | O ]

—H— ]

1 0 0 1

NAND gate 1 1 1 0
Fig 14.14

The right hand side of the equation shows an OR gate with two inverted inputs. The
circuit and truth table is shown in Fig.14.15

et v-EeE | |
| A | B|A| B |[A+B
B >c B 0 0 1 1 1
o [t | 1o |1
o—10 _
Fig.14.15 1]
(Bubbled OR gate) & o]0 |0

Comparison of these two truth tables reveals that they too are identical and equal.

Therefore the theorem is proved.

14.5 UNIVERSAL LOGIC GATES
The logic gates>NAND and NOR are called Universal Building Blocks or Universal

Logic Gates because using either NAND or NOR gates we can construct other logic
gates (AND, OR, NOT, EX-OR) as well as we can implement Boolean functions.
14.5.1 FORMATION OF OTHER LOGIC GATES USING ONLY NAND GATES
(i).NOT gate: From the truth table of the NAND gate given in Fig 14.16, we know that
the same inputs of the NAND gives its complement output vizif A=B=0 we have an
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| ‘output of 1 'and if A= B = 1, the output is 0. Hence the circuit-of Fig 14.16 acts as NOT

Fig 14.16

gate.

ii)_AND gate: The Boolean expression for NAND is Y=A .B. So, the first NAND gate

output in the Fig 14.17 is A.B and second NAND gate simply a NOT gate. Now the
circuit is simply an AND gate circuit.

A ‘ A.B
B Y=A.B

Fig 14.17

(i), _Q&m Two NQT gates of Fig 14.16 gives output of A and B, which are the
inputs of second NAND gate. Hence, second NAND gives an output of ﬁ
According to second De Morg. »'s theorem it can be written as ‘T + —E which can also

be written as A+B( A4 =A and E = B ). Refer fig 14.18. it is the output of an OR

gate.
’ . Y=A+B
s—( ] P B
- B
Fig 14.18
(iv) NOR gate:

Addition of another NOT gate to the circuit for OR gate of Fig 14.18 as shown in Fig
14.19 gives the operation of a NOR-gate.

Ao

o~ D

Fig 14.19
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‘ ('iv:) EX-OR gate: We can form an Ex-OR logic gate using only NAND gates As
the Boolean expression can be’ represented in more than one way, more

types of circuit implementations are po'sgible. In Fig 14.20 we see an Ex-OR
gate using minimum number of NAND gates.

Ao j__ } ¥ = AT 4B

Fig 14.20

2

14.5.2 FORMATION OF OTHER LOGIC GATES USING ONLY NOR GATES

(1) NOT gate : o .

Fig.14.21

nata: A A+BH :
(ii) OR gate: B%@n——vy =A+B

Fig.14.22

(ili) AND gate:
A ’—_@C’_—
B .
: 'Fig.14.23

(ill) NAND gate:
B Cﬁ >o |
Fig.14.24
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(v).EX - OR gate:
Ao—~§ >
B

Of the several technologies available, Transistor-Transistor ngic is widely used where
logic 1 is represented by +5V DC. And Logic zero by OV DC. Circuits using other types
of logic are provided with TTL logic compatibility to facilitate easy interfacing of logic
circuits. “ ‘

When a logic gate is connected to another logic gate, depending on the logic
status it is supposed to suppiy or take currents. Supplying current is called sourcing and
taking the current is called sinking. Capability of a circuit depends on how much current

Fig.14.25

a circuit can sink and source.
This is expre. sed in terms of how many logic gates can be connected to it (fan-in) and
how many circuits can be driven by it (fan-out). For standard TTL fan — out is 10.

Logic circuits are supposed to change their states from 0 to 1 or 1 to 0
instantaneously, but, electronic circuits have inherent delays and because of it, there will
be some definite rise time, fall time and propagation delay as a signal passes from input
to output. Further there will be signal attenuation and induction effects and noise, which
affect signal amplitude. For a standard TTL circuit if a logic 1 signal amplitude falls
below 2.4V DC it cannot be recognized as Logic1. Like wise, if logic O signal amplitude is
greater than 0.4V DC it cannot be identified as logic 0. This results in failure of logic
circuits. Crossing the fan-in and fan-out limits also changes logic voltages. So, logic
circuits are to be buffered to bring back, the signal levels to TTL levels before they fall
down. A signal in its transmission path may develop glitches, slopes and other types of
distortion. Schmitt trigger circuit is used to produce rectangular wave shape regardiess
of the input waveform.

14.6 SUMMARY

Digital electronics mefinly dewls- with binary number system. Binary number system
has a base of 2. It has two numerats 0 and1. Any big number can be expressed in the
form of Os and 1s. In a digital system, logic 1 means high positive signal value, logic 0
means low positive signal value in a positive logic system. But in a negative logic
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system, zero value represents logic 1 and a negative value represents logic ‘0. Digital
electronics mainly depends on Boolean algebra and logic gates. Using the gates, one
can construct bit circuits that can perform complex operations. These gates possess, in
general, 2 or more inputs and only one output. NOT, OR and AND are the basic logics
and circuits used to implement higher logic. However semiconductor technology prefers
NAND and NOR logic gates. Using only NAND or NOR gates, other logic gates can be
- constructed. Because of this reason, NAND and NOR are called Universal logic gates.

De Morgan’s first theorem says that a NOR gate and bubbled input AND gate are
equivalent. Similarly De Morgan’s second theorem says that a NAND gate and bubbled
input OR gate are equivalent. If Boolean expressions are given, one can construct logic
circuits.  On the other hand if logic circuits are given, one can write the Boolean
expressions.

Logic gates can be fabricated using various Semiconductor technologies like TTL,

NMOS, and CMOS etc. Each technology has its own advantages.

14.7 KEY TERMINOLOGY '
(i) Gate: An electronic circuit with one or more inputs but with only one output.
(i) Logic Gate: As the gates simulate mental processes, these are often called Logic
Gates.
(iii) Universal Gate: The gate with which other logic circuits / gates can be constructed
(Ex NAND, NOR)
(iv) Boolean Algebra: The modern algebra that uses the set of numbers 0 and 1.
(v) Complement: The output of an inverter gate.
(vi) Truth table; A table that shows all input and output possibilities for a logic circuit.
(vii) Ward: A string of bits that represent a coded instruction or data.

(viil) Fan - in: The maximum number of inputs that can be applied to a logic gate.
(ix) Fan - out: The number of gates that can be driven by a logic gate.

14.8 SELF - ASSESSMENT QUESTIONS
Long answer questions:
1. Explain the basic laws of Boolean algebra

2. Simplify ¥ = (4 + B)(A + B)(A+ B)by using Booleamalgebra

3. Provethat A+ B+C+D=ABCD

Short answer questions:
1. Prove the De Morgan’s Theorems.
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2. Draw the truth table of 3 — input, EX - OR gate.
3. Draw the truth table of 4 — input NOR gate.
4. What is the Boolean equation of the figure given below?

Y =

5. Draw the logic circuits of the Boolean expressions given below.
()Y=A.B+B.C+A.C
i) Y=A.B.C+ A.B +B.C
(ii)Y=(A+C+B). (ACB)

6. Apply De Morgan’s Laws to the following expressions.

A+B)B, (A+B)C. [AB+C.D)
14.9 TEXT AND REFERENCE BOOKS
TEXT BOOKS

1. Integrated Electronics by Millman and Halkias
2. Principles of Digital Electronics by Malvino and Leach
3. Basic Electronics and Linear Circuits - Bhargava etc

REFERENCE BOOKS
1. Electronics fundamentals by JD Ryder (PHI)

2. Digital Electronics by William H.Gothman

3. Principles of Digital Electronics — Malvino & Leach  (Tata - McGraw Hill Publishers)
4. Digital Computer Electronics — Albert Paul Malvino. (Tata - McGraw Hill publishers)
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UNITIV | LESSON- 15

COMBINATIONAL LOGIC CIRCUITS

OBJECTIVES OF THE LESSON
To leam about 1) various logic families 2) binary addition 3) the working of
various combinational logic circuits like adders, decoders, de-multiplexers, ‘data
selectors, multiplexers.
STRUCTURE OF THE LESSON
15.1 Introduction
15.2 Logic families
15.3 TTL logic
15.4 CMOS NOR circuit
15.5 Binary addition
15.6 Half adder
15.7 Full adder
15.8 Binary parallel adder
15.9 Decoder
15.10 De - multiplexer
15.11 Encoder
15.12 Multiplexers / Data selector
15.13 Summary
15.14 Key terminology
15.15 Self — assessment questions
15.16 Text and Reference Books.
15.1 INTRODUCTION v
Basic logic gates are the building blocks of logic systems like digital computers. In
digital computer 'pérforms arithmetical operations using binary number system. Further
any arithmetic operations like subtraction, multiplication and division can be expressed in
the terms df binary addition. In this lesson we leam basic concepts of binary additions
using logic gates. Various logic gates are combined to generate a complex logical
operation and if these circuits are made to work independent of time, such circuits are
called simply combinational logic circuits. [f these logic circuits are made to work with
time. as a parameter these circuits are called sequential logic circuits. General logic
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circuits may be combinational and sequential logic circuits. In this lesson learn about
some combinational logic circuits. ,

Binary codes are used to spec _ instructions, addresses and coded data. One binary.
digit (bit) can stand for two codes 0 or 1. with two bits we can have four codes namely
00, 01, 10, 11. Similarly with n bits we can form 2" codes. Circuits that generate these
codes are called encoders. It becomes necessary not only to code information but also
to decode the codes whenever necessary. Circuits which decode are called decoders.

Information coming on several channels may have to be rooted on a single channel.
This is called multiplexing and circuits which do this are called multiplexers. Multiplexed
information coming on a single channel has to be separated and sent and varies
channels and this is called de-multiplexing. In this lesson we learn about these
combinational logic circuits also.

15.2 LOGIC FAMILIES .

A number of logic families are designed for different operating conditions.. Important
logic families are

1) Resistance Transistor logic (RTL)

2) Diode Transistor logic (DTL)

3) Transistor- transistor logic (TTL)

4) Metal oxide semiconductor logic (MOS)

Resistance Transistor Logic (RTL): It is one of the early logic families developed. It
offers high performance but has low noise margins.

Diode Transistor Logic (DTL): It had better noise margins and larger fan-out but was
slow. L
Transistor- Transistor Logic (TTL): It provides greater operating spgg,d 't’h'an DTL and
has a good fan-in and fan — out and is easy to interface with other digitél circuitry.

Metal Oxide Semiconductor logic (MOS): Instead of bipolar junction transistors, if we
use MOSFETS to form logic circuits, we get MOS logic family. There are several
varieties of sub families in it. Important of them are PMOS, NMOS, CMOS. CMOS has
the lowest power dissipation and high fan-out. They can be fabricated into high packing
density for a given chip area. i. e large number of circuits can be placed on a single
chip. |

15.3 TTL LOGIC: The basic circuit of the TTL family is a NAND gate. Fig 15.1 shows aa
modified version known as totem-pole circuit because the three output components
‘Q,, Q. and D are stacked one on top of the other in manner of a totem pole. This
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arrangement of totem-pole configuration increases the operating speed and output
- current capability of the circuit. The function of the diode D in this circuit is to prevent
both Q; and Q. are ON at the same time. If both Q; and Q, are ON simultaneously,
supply circuit then sends a large current to ground which may cause a spike voltage
drop on the Vcc line and a large noise in the output. It may also cause large power

consumption.

Ve =43V

Ry
Qs

Fig.15.1 TTL NAND gate

Circuit operation:
Case 1: When input is high

When inputs are high (logic 1) , transistor Q, is OFF, Q, is ON, Q; is OFF and Qq is
ON and therefore, output becomes low (logic 0) |
Case 2 When input is low

In this case, any of the two inputsA or both are low (logic 0), then the emitter-base
junction of Q1 is forward biased anf hence Q, is turned ON. Then the potential of its
collector (point A) falls. It tums Q, OFF. Then emitter of Q, and hence base of Q4 are
grounded. Thus Q is also turned OFF. But point B is at Vcc, hence it tums Q; ON. The
notential of point E = V¢ - potential drop across (Rs+Qa+D) = V¢c because the potential
drop across R4, Q3 and D is not too much.
15.4 CMOS NOR circuit:  Fig.15.2 shows a CMOS NOR circuit. It has two N-channel
MOSFETS Q, and Q, and two p-channel MOSFETS Qs and Qs . A and B are two inputs
which switch between +Vpp (logic 1) and
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Ground (logic 0).
+Vpp
Q4
‘—ﬁ ]
- —_—
Q |F21
|—- tput
outpu
Q D (
l._
N H Q2
- i
i___ \
Fig.15.2 CMOS NOR gate

Circuit operation
If inputs A and B have positive voltage, A = B = logic 1, then Q, and Q; will be ON
so that they will act as closed switches but Q; and Q4 will be OFF. So that they will act
as open switches. Therefore, output C is logic 0.
WhenA=B=1,C=0
If either of the inputs A and B has positive voltage i.e., eithef A or B is at logic1, then
associated N-channel MOSFET (Q, or Q; ) will be OFF. Consequently, either Q; or Qa4
will act as open switch. and the output C will be at logic 0.
When A=1B=0,C=0
A=0B=1,C=0
If both the inputs are at logic 0, then Q; and Q; will be OFF but Q; and Qg will be ON.
Since the voltage across an open equals the applied voltage, C will be at logic 1.
15.5 BINARY ADDITION
When we perform binary addition and subtraction, the following rules must be
followed. '
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Binary addition Binary subtraction
0+0=0-> (1) 0-0=0 borrow 0
0+1=1-> (2) 0-1=1 borrow 1
1+0=1-> (3) 1 -0 =1 borrow 0
1+41=15>5 (4) 1—-1=0Dborrow 0

1+1+1=11-> (5)
In binary addition, the first three operations produce a sum with only one digit, but when
both augend and added bits are equal to 1, the binary sum consists of two digits. The
higher significant bit of this result is called a carry.
15.6 HALF ADDER

A combinational circuit that performs the addition of two — bits is called a Half -
adder. The Half — adder has two binary inputs and two binary outputs.

This is 2 - bit adder. This circuit is called half — adder because it cannot accept a '
carry - in from previous additions. The inputs to the circuits are the addend and augend
bits. The outputs produced by it are sum (s) and carry (c). The half adder can be
constructed by using one AND gate and an EX — OR gate. Fig 15.3(a) shows logic
circuit that adds 2 bits namely A and B.

------------------------------

INPUT, A ° \ C
c; ; ° (CARRY)
INPUT, B 5 A.B
i ! S
; i ° (SUMA®B)

Fig.15.3(a) Half-Adder Logic circuit

Ao——  pyarr €

go——| ADDER |__ g

Fig.15.3 (b) Half — adder Logic symbol
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Half - adder Truth table

Carry | Sum
A |B cC | S
00 0 0
0|1 0 1
110 0 1
1|1 1 0
Fig 15.3 (¢)

16.7 FULL ADDER

A full adder is combinational circuit that forms the arithmetic sum of three input bits.
The two significant bits to be added are denoted as A and B, where as the third input C
repreéents the carry from the previous lower significant position. The full adder can be
constructed from two half adders and one OR gate as shown in Fig.5.4(a). And its
symbol is shown in Fig.15.4(b). |

Ao—
HA, . o Carry
Bo C
HA,

Fig.15.4(b): Full - adder Logic Symbol

Fig.15.4a Full - adder Logic diagram
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INPUTS OUTPUTS
A B C |Carry} Sum
0 0 0 0 0
0 0 ] 0 1
0 1 0 0 1
0 1 1 1 0
] 0 0 0 ]
1 0 1 1 0
1 1 0 1 0
BENENE 1

Fig.15.4 (¢) Full — adder Truth Table
15.8 Binaiy .our bit parallel Adder:

Final output

Fig.15.5

Note: In binary, the count starts from zero rather than from 1. The first bit is called S,
rather than S;. Similarly the nth bit is Sp.+.

A parallel adder produces the arithmetic sum of two n-bit binary numbers in parallel.
This can be constructed by using one half adder and several full adders. The full adders
are connected in cascade, with the output carry from one full adder connected to the
input carry of the next full adder. |

Fig.15.5 shows the logic diagram for 4-bit parallel adder circuit.

Spppose we want to add 4-bit binary numbers A; A; A; A and B, B, B; B, then we get a
sum S, S3 S; S; Sp where S, indicates overflow bit if the sum exceeds four' bits. For
adding the above two 4-bit numbers, we require three full adders and a half adder
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connected in parallel. The output (carry) of each adder is connected to next adder to get
a parallel adder. |
15.9 DECODER

A decoder is a combinational circuit that converts binary information from ‘n’ input
lines to a maximum of 2" unique output lines. Decoders are available with several output
configurations: active low voltage, high-sink current for direct driving of indicator lamps.
Output voltage ratings range from +5V to over +150V. The decoder is used in
conjunction with some code converters such as a BCD - to — 7 segment decoder, BCD
- to — Decimal decoder. The decoder presented here is called n-to 2" line decoder. Its
purpose is to generate the 2" min terms of n input variables. These decoders form a -
combinational circuit with n input variables and 2" output variables. For each binary
input combination of 1s and Os, there is one and only one output line that assumes the
value of 1. Figure 15.6(a) shows a 2 by 4 decoder. It has four AND gates and two

inverters. X o—t D

e

Fig.15.6(a) 2 - bit decoder
X Y Dy D, A D, D;
0 0 l 0 0 o
0 0 1 0 0
I 0 0 0 1 o
1 1 0 0 0. 1

Fig.15.6(b) 2- bit decoder Truth table

Some times an enable input may be included with a decoder to control the circuit
operation. In this, all outputs will be equal to 0, if the enable input is zero. When the
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enable input is 1, the circuit operates as a conventional decoder. Blcck diagram of a 3
to 8 decoder with enable signal is shown in Fig.15.7.

—PA 0 F—»)
Inputs< —»|B 0)—>»
—»C

? Outputs

Enable —» 0,—» J

Fig.15.7 Block diagram of 3 to 8 bit decoder

15.10 DEMULTIPLEXER
A demultiplexer is a circuit that receives information on a single line and transmits this -
information on one of 2" possible output lines. The selection of a specific output line is:
controlied by the bit values of n selection lines. Figure 15.8 shows the block diagram:of -
decoder and démultiplixer. The decoder with an enable input can function as ‘a -
demuitiplexer.

° DOOutput

Input 2x4 oDy
B o————— Decoder | —— D,

L oD,

Enable

Fig.15.8(a)

X——3 1x4 ~Dy
Enable > De- I %

multiplexer 2
Input oD,
E
A B
Fig.15.8(b)

The decoder of Fig 15.8(a) can functlon as a demultiplexer if the enable line is taken as
a data input line and lines A and B are taken as the selection lines as shown in Fig
15.8(b). Out of 4 output lines, one gets link with input E depends upon the binary value
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of two selection lines A and B (i.e), if AB = 01, D, gets connected with the input E, so
that input is available at D, output while all other outputs are maintained at 1. ‘
15.11 ENCODER

An encoder is a digital circuit that produces a reverse operation from that of a
decoder. An encoder has 2" input iines and n output lines. The output lines generate
the binary code for the 2" input variables. One of the encoders is shown in Fig.15.9(a).
It has eight inputs, one for each of the eight digits and three outputs that generate the
corresponding binary outputs that generate the corresponding binary number.

\“
\
D —/l X==D4+D5+D(,+D7
0
D, — ‘
D,
D,

__oy=D2+D3+D(,+D7

| D PS— .
Bz-—_—_ R vi Z= D| + D3 + D5 + D7
D, /— |

\‘L’

Fig.15.9(a)

INPUTS OUTPUTS
Do Dy D, D; D, Ds Dy D, X Y Z
10 6 0 0 0 0 o 0o 0 0
01 0 0 0 0 0 o o 0 I
00 1 00 0 0 0 o 1 0
¢ o 01 0 0 0 o o 1 1
00 001 0 0 o I 0 0
00 0 0 0 1 0 o i 0 1
00 0 0 0 0 1 o 11 0
060 00 0 0 0 | | Pl

Truth table 15.9(b)
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Fig.15.9(a) shows the octal to binary encoder. It is constructed with OR gates. It, has 8
input lines and could have 2° = 256 possible input combinations. Only eight of these
combinations have meaning and others are don’t care conditions. The output z is 1, if
the input digits are odd. Output Y is 1 for octal digits 2, 3, 6 and 7. Output X is 1 for
digits 4, 5,6 or 7. Itis 1 at any time. Do is not connected to any OR gate. It arises that
only the highest priority input line is encoded.
15.12 Multiplexers / Data selector

It is.a combinational circuit which sglécts binary information from one of many input
lines and directs it to single outputs line. The selection of a particular input line is
controlied by a set of selection lines. For ‘n’ bits, there are 2" input lines and n selection
lines whose bit combinations determine which inputs is selected. This means “many into
one”. It is used when a complex logic circuit is to be shaved by a number of input
signals. Fig 15.10 shows the logic diagram, block diagram and function table of a 4 to 1

line mqti;;leier.
0

|
i
Ii o
2
) —oY
o 3 \
l; o \
|t
Sy H—D’"
Fig 15.10(a): 4 to 1 Multiplexer
SI S0 Y > 0
0 o —p | 4x1 gut ut
Input Mux P
1 I - —p 2
] 0 I 3
] 1 I3 T T
Fig 15.10(b) Select

Wit 18 10(c>
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-'A"lin-’éyt:; 1 line multiplexer has 4 inputs I to 15 and one output line. Each of the: four input
lines is applied to one'input of a three input AND gate. The remaining two inputs of it is
supplied by selection lines S; and Se. ,

Based on the combination of S; and Sy, the input associated with the sel ed AND
gate finds out the path to reach the output through OR gate. For example: when S$iSo =
01, it selects the AND gate 2. So the input I is transferred to the output i.e OR gate
‘output is now equal to the value of |;. thus providing a path from the select.e\d input to
the output. The remaining AND gates have at least one input equal to 0. ]

As in decoders, multiplexer IC has an enable input (or) storbe input to control the
operatuon of the unit. it can also be used to expand two or more multiplexers to a digital
multlplexer with a large number of inputs.

15 13 SUMMARY

Loglc circuits can be either combinationai or sequential. The five basic gates (OR,
AND, NOT, NAND, NOR) and their combinations — half, full and parallel adders are
known as combinational logic ~ircuits. Here there is no feedback. These !ihave no
memory e'ements Their output only depends upon their present input. Thus can

' operate as fast as the devices of whnch they are made. Half and full addeﬁs are bit

adders, where as parallel adder is an adder of two n — bit word. The function pprformed

by a multiplexer is to select 1 out of N mput data sources and to transmit thelselected
data to a single mformatlon channel. A multiplexer performs the increase pro#ess ofa’
demultiplexer. A decoder is a system which 1 on one (and only one) of 2" output lines.

In other words, a decoder recognizes a particular code, A decodes with an enaPle input

can function as a demultiplexer. An encoder produces reverse operation from that of a

decoder. The combinational logic circuits are mainly employed in ALUs.

15.14 KEY TERMINOLOGY

Biriéry Adder: A logic circuit that can add two binary numbers.

Half Adder: A logic circuit that adds 2 bits.

Full Adder: A logic circuit than can add 3 bits.

Over flow: As the sum or difference that of lies outside the normal range.

ALU: ALU stands for arithmetic logic unit. It performs arithmetic ou‘he' logic
operations.

Encoding: The process of generating binary codes.

Decoding: The reverse process of encoding.
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Demuitiplexer: A combinational logic circuit, that accepts a single input and
sends it to 1 out of N output lines which is selected by select lines.

16.15
1)
2)
3)
4)
5)
6)
7)
8)

9)

15.16

SELF - ASSESSMENT QUESTIONS
Explain a binary addition. Give examples.
What is a full adder? How it adds three bifs?
Draw a full adder circuit, without using haif adders.
Construct a 5-bit parallel adder.
Implement a full adder circuit with multiplexers.
Explain the working of haif and full adders.
Explain TTL and CMOS logic families and mention where they are used.
Draw the circuit diagram of a TTL NAND gate with totem pole output and explain
its operation.
Draw the Half adder and Full adder circuits and explain them with suitable truth
tables.
TBXT AND REFERENCE BOOKS
TEXT BOOKS

1. Integrated Electronics by Millman and Halkias

2. Principles of Digital Electronics by Malvino and Leach

3. Basic Electronics and Linear Circuits - Bhargava etc

REFERENCE BOOKS

1. Electronics fundamentals by JD Ryder
2. Digital Electronics by William H.Gothman
3. Principles of Digital Electronics ~ Malvino & Leach (Tata - McGraw Hill

Publishers)
4. Digital Computer Electronics — Albert Paul Malvino. (Tata - McGraw Hill

publishers)



UNITV LESSON -16

SEQUENTIAL LOGIC CIRCUITS
(Flip - Flops, Registers and counters)

OBJECTIVES OF THE LESSON: This lesson explains you the concept of (i) Flip —
Flops (ii) Different types of Flip Flops (iii) Shift Registers and (iv) Synchronous and
asynchronous counters.
STRUCTURE OF THE LESSON

Introduction

16.1 Flip-flop

16.2 S-R Latch

16.3 R-S Flip - Flop

16.4 D Flip - Flop

16.5 J-K Flip - Flop

1€ 6 Master — Slave J - K Flip - Flop

16.7 Applications of JK Flip-Flop

16.8 Shift Register

16.9 Serial In — Serial out Shift Register

16.10 Serial In, Parallel — out Shift Register

16.11 Parallel In, Serial — out Shift Register

16.12 Parallel In, Paraliel — out Shift Register

16.13 Bi-directional Shift Register

16.14 Universal Shift Register

16.15 Counters

16.16 Asynchronous Counters

16.17 Synchronous Counters

16.18 Summary

16.19 Key Terminolegy

16.20 Self — Assessment-Questions

16.21 Text and Refarentilpacks
INTROENUCTION _

The logic circuits whose present output depends on the past inputs are known as

sequential logic circuits. These circuits store and remember information. The sequential
circuits unlike combinational circuits are time dependent. Normally the current output of
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a sequential circuit depends on the previous state of the circuit and on the current input
to the circuit. It is a connection of flip-flops and gates. What is a flip-flop? You will find
the answer in this section. There can be two types of sequential circuits.

e Synchronous

e Asynchronous

Synchronous circuits use flip-flops and their status can change only at discrete
instants. The Asynchronous sequential circuits may be regarded as combinational
circuits with feedback path. Since the propagation delays of output io input are small
they may tend to become unstable at times.

- The synchronization in sequential circuits can be achieved using a clock pulse

generators. A clock synchronizes the effect of input over output. It presents a signal of
the following form:

XL

A b h r K 7

Fig.16.1 Clock signal of a Clock Pulse Generator

The signal produced by clock generator is in the form of clock pulse or clock signal.
These clock pulses are distributed throughout the computer system for synchronization.

A clock can have two states, an enable or active state, otherwise a disable or inactive
state. Both of these states can be related to zero or one levels of clock signals.
Normally, the flip-flops change their state only at the active state of the clock pulse. In
certain designs the active state of the clock is triggered, when transition from 0 to 1 or 1
to 0 is taking place in clock signal.
16.1 Flip-flop

A flip-flop is a binary cell, which can store a bit of information. It itself is a sequential
circuit. A flip-flop maintains any one of the two stable staté# that can be treated as 1 or
0 depending on the presence or absence of output signal‘.wThe state of flip-flop can only
change when clock pulse has arrived. Let us first see the basic flip — flop or a latch.
16.2 S-R Latch

The most fundamental circuit in the group of ﬂlp-ﬂops |s the S R (set-reset) latch
The basic S-R latch has two NAND gates connected back — to back Fug 16.2 shows,
such an S-R latch. The truth table of the S-R latch is giveh in Table 16.1. It describes
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the conditions of the flip-flops at times t; and t;. The state att =t is called the present
state (PS) and the state at t = t, is called the rext state (NS).

Fig 16.2 Circuit diagram of the S — R latch.
The S - R latch has two external inputs S and R, and two feed - back inputs Q and 6

The present states of the inputs are So, Ro and Q,. After one clock pulse, the output will
change to the next state Q,. This changed value of the output will be the new present
state of the input.

For testing the validity of the circuit, we have to test eight states corresponding to the
three inputs. So, Ro and Qo. These states are tested by using fig 16.2 and table 16.1

Table 16.1 Truth Table of S-R latch

Present state (PS) Next state (NS)

- So Ro Qo Q

0 0 o Not permitted
1

0 1 0 Reset to 0
1

1 0 o Set to |
1

1 1 0 0
l l}QO

We shall test the outputs for the conditions: S =R = 0; $=0, R=1; S=R=1. In each of
these cases, we test the state of the latch for the conditions of Q=0 and Q = 1
respectively.

Case(i): We findithat when S =R =0 both Q and 6 become 1. But this is not allowed

because we want Q and ﬁto be complementary outputs. This state is designated as

the forbidden state.
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Case (il): InS =0, R =1 case, when S = 0, output of NAND gate A,, i.e., Q becomes 1.

Now the inputs to gate A;. i.e., R and Q, both become 1, which make its output, Q = 0.

This is called the reset (to 0) state.
Case (iii): In S =1, R =0 case, when R = 0, A, produces an output of 1 i.e., Q = 1.

Now, both the inputs to A; are 1, which makes 6 = 0. This state (S = 1) making Q equal

to 1 is called the set (to 1) state.

Case (iv): InS =1, R =1 case, both the inputs are equal to 1 . It will not produce any
change in the output. Hence, for these cases, the outputs will remain as such in their
previous states. This means that the present state and the next state are one and the
same.

Using fig 16.2; we have described the behavior of a bi-stab'2 multi-vibrator using
NAND gates for all possible input states. Table 16.1 represents the truth table of the <:-
R latch. The behavior of the circuit shows that it will remain in one of the two states (.e.
0 or 1) till an externally applied trigger pulse produces a transition in the output frém Oto
1, or 1. to 0. Tnus, the circuit is able to store one bit of information in its memory.
Therefore, this flip-flop is called a memory cell, we shall now discuss the clocked S-R
Flip-Fiop.

16.3 CLOCKED R-S FLIP - FLOP

~ The main feature in R-S Flip-Flops is the addition of a clock pulse input. In this flip-
flop change in the value of R or S will change the state of the flip-flop only if the clock
pulse at that moment is one. It is shown in fig 16.3a.

The excitation or characteristic table basically represents the effect of S and R inputs
on the state of the flip-flop, irrespective of the current state of flip-flop. The other two
inputs P(present) and C(clear) are asynchronous inpuf8 and can be used to set the flip-
flop or clear the flip-flop respectively at the start of operation, independent of the clock

pulse. Clear|C (Preget)
R—m a Q T

B
—3pi Clock ?_
Clock Signal N - — R— ? ~Q
s—__/ Q ' '
P (Preset) Clear

16.3(a) Logic Diagram 16.3(b) Symbolic representation
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Input State on completion
S R of clock cycle
0 0 No change in State
0 | Clear the flip ~ flop (state 0)
1 0 | Setthe flip — flop (state 1)
1 1 Undesirable (Not allowed)

Fig 16.3(c) Characteristic table.

Fig 16.3: R - S flip - flop

- 16.4 D FLIP - FLOP

D flip-flop is a special type flip-flop and it represents the currently applied input as the
state of the flip-flop. It can store 1 bi't of data information and sometimes refers to as
Data ﬂip-—ﬂop. The state of flip-flop changes with the applied input. It does not have a
condition where the state does not change as the case in RS flip-flop, the state of R-S
flip-flop does not chan«: when S =0 and R = 0. If we want that for a particular input
state does 'not change, then either the clock is to be disabled during that period or a
feedback of the output can be embedded with the D- flip-flop is also known as Delay
Flip-Flop because it delays the 0 or 1 applied to its input by a single clock pulse.

- P
16.4(a) Logic Diagram
I State on
P Input | completion of
—ID —Q D clock cycle
Clock—}> S —Q 0 0
I 1
...it : I

16.4(b) Symbolic representation  Fig 16.4(c) Truth table of D-Flip-Flop.

Fig 16.4: D flip — flop
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16.5 JK FLIP - FLOP :

It is not possible to achieve toggling (changing the state of the output wherever the
input makes a transition from 1 to 0) with the simple flip-flops described above. By using
NAND gates, one can construct a flip-flop that toggles. The symbol and truth table of
one such circuit, called J-K flip-flop are shown in fig 16.5 |

P
I N S
L/
Clock  —]
K ) Q
16.5(a) Logic Diagram
j—47 P Inpt |  Stateon cqﬁipleﬁon
Q J K of clock cycle
—®>Clock — Q@ 0 |Nochange in State
K ——f — Q 0 1 |Clearthe flip —f iop (state 0)
K ¢ 1 0 | Setthe flip—flop (stite 1)
’ | | Complement the state of flip
: - flop ,
16.5(b) Symbolic representation . Fig 16.5(c) Truth table.

Fig 16.5: J - K flip - flop

A JK flip-flop is a refinement of the SR flip-fiop in that the indeterminate condition of
the SR type defines in the JK type. An examination of the truth table given in fig 16.5(a)
reveals the following properties of the JK flip-fop.

a) It retains its present state if J = 0 and K = 0
b) IfJ=0,K=1,Q=0, it resets to zero

c) fJ=1,K=0,Q=1,itsets

d) IfJ=1,K=1, it Toggles.

If the first clock pulse leaves Q = 1 ;and Q ',=‘Q~the second clocMigulse make Q.= O
and 6 = 0. The third clock pulse make Q = 1 an_d.»c—z =0 _again and so on as shown
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Uy
e [ LI 1 L

S e B e B B

'Relation between clock pulses and output JK flip-flop. When J=1and K=1.

Please note Q = 1 once in every two clock pulses i.e., the output has haif the
frequency of the clock pulse. This property is utilized in binary counters.
_Preset and Clear Inputs:

Usually, the J-K flip — flop works on the basis of the clock input. However, we can
introduce two inputs called the PRESET and CLEAR in the last NAND level. As shown
in fig 16.6(a) these inputs do not obey the clock puises, and override them in action.
Hence, they are called the asynchronous inputs. The working of these inputs is as given
below.

i’R
Ra— Q— PR CLR Qo Q
PbClock — 0 0 |Forbidden operations
—_ 0 1 0/1 1
1 0 0/1 0
I 1 1 Normal operations
CLR
16.6(a) Symbolic representation Fig 16.6(b) Truth table.

Fig.16.6 J - K flip - flop

Let PR = 0 and CLR =4. Then, as and when PR = 1 and CLR = 0, Q will jump to 1 from
whatever state it is in. This operation presets Q to 1. When PR = 1 and CLR = 0, the

lower NAND produces 1 at its output, i.e., 6 = 1. This makes Q =0. Thus ‘whatever be

. the state, Q will fall back to ‘0’. When both PR = CLR =1, the NANDs are enabled and
the J-K ﬂlp—ﬂop functlons m the normal way. However, the state PR=CLR=0is

forbidden, smce both Q and Q will be 1 in this state. The truth table for the PR and CLR
terminals is as shown in Table 16.6a. ﬁg 16.6b shows the symbol of J-K flip-flop.



RACE - AROUND CONDITIONS
Consider the last two rows of the truth table of the J-K flip-flop, where both the J and

K inputs are connected to logic-1 state. We find that when J = K = 1, Q, changes to 60.
Thatis, if Qo =0, Q; =1, and if Qo = 1, Q, = 0. These transitions gives rise to what is
called the race-around problem. When J = K = 1 and CK = 1 the output will toggle from
‘0" to ‘1", and 1 to 0 continuously, until the clock pulse becomes zero. The result of this

toggling action is that when tqi clock finally becomes zero, we will not know in what
state Q would be. This is called race-around problem, as it is generated due to the

racing of this signal around the feedback path, and around the circuit.

16.6 Master - Slave JK Flip —- Flop (Solution to the Race-Around Problem):

The race around problem can be solved using two J-K flip-flops in the master-slave
mode of operation. Here two S-R flip-flops are in the J-K mode of operation. The first
flip-flop in the ‘master’ and the second one is the 'slave’. The master is converted into

J-K mode of operation.

JM.'—"—"—"'D-— Sm Qum Ss Qs N
CK o— ——{ 1 > Master —— > Slave
Ky &— H—1Rm EMI Rs Qs

DCER

Fig 16.7 J - K master -slave flip - flop.
. Y%

The slave inputs are connected to the outputs of the master. In this mode, the slave will
also act as a J-K Flip - Flop. The Master is driven by clock pulse CK, while the slave is

driven by CK , which is obtained by inverting the CK pulses. The feedback connection
can be seen to be from the Slave outputs to the master inputs.

(i) When the clock is ON, the master geté enabled and the slave gets disabled.
So, the inputs appearing at input terminals Sy and Ry of the master will



appear at its outputs Qu and 6.4. respectively, which means that the external

inputs now appear at the inputs S, and R, of the slave.
(ii) When the CK = 0, the master is disabled, and the slave is enabled because

CK = 1. Thus the inputs at Sg and R, will appear at Q; and 68, respectively,
and henge at the inputs Ju and Ky of the master. However, as the master is
now disabled, these inputs will not appear at S, and R,. Hence, no feedback
problem occurs. Thus, the race-around problem is eliminated.
16.7 Applications of JK Flip - Flop:
a) JK Flip - Flop as D-Flip - Flop
The ‘D’ flip-flop has only one input, called the delay —~ or D — input. The truth table
will have only four entries, as shown in fig 16.8b. when D is 0, Q will become ‘0’ after
the propagation delay t,. similarly, if D = 1, output will become 1, irrespective of the
previous value of the output. We thus find that the flip-flop will aiways produce an output
equal to the input, after a time — delay equal to t,. By cascading a number of D- Flip -
Flops, the delay time can be increased.

Do Q Q
CR ] o 0 0
0 1 0
— 1 0 1
—K Q" 1 |
16.8(a) D flip - flop. Fig 16.8(b) Truth Table of the D
‘ flip - flop.

Since the circuit output is produced after a time-delay, this is called the delay flip-flop.
It is also called the D latch.
b) JK Flip-Flop as T-Flip- Flop
By shorting the J and K terminals, we can construct a T Flip-Flop. Usually, the T -
input is tied to logical 1 . Fig 16.9a shows the circuit of the toggle flip-flop and fig 16.9b

shows its truth table. -, To Q Qi
e N 1.r i
: [ 0 1 0
e | ] 0 1
K , Q— ] 1
CK—— - Fig 16.9(b) Truth Table of the T
16.9(a) Toggle flip + flop. flip - flop.
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 Table shows that, when T = 0, Q; = Q,. However, if T =1, Q = Qo. T flip - fiops are

useful in the construction of counters.
16.8 SHIFT REGISTER

Shift registers are very important in applications involving the storage and transfer of
data in digital system. A register, in general, is used solely for storing and shifting data
(1s and Os) entered into it from all external source and possesses no characteristic
internal sequence of states. The storage capability of a register is one of its two basic
functional characteristics and makes it an important type of memory device.

Data bits
Daabits—;‘ >ttt e Duta bits 1 l
(2) Ser” " hift right, then out. (b) Serial shift left, then out. ,
() Parallel shift in.
Data bits ] H’i“
(d) Paraliel shift out. (¢) Rotate right () Rotate leit

Figure 16,10 Basic data movement in registers.

Registers are commonly used for the temporary storage of data within a digital .
system. The shift capability of a register permits the movement »f data from stage to
stage within the register or into or out of the register upon application of clock puises.

Fig.16.10 shows symbolically the types of data movement in shift register operations.
The block represents any arbitrary four-bit register, and the arrow indicates the direction
and type of data movement.

16.9 Serial In - Serial out Shift Register:

rial
¢ output

Serial
input’ Di Q D, Q Dy Q Qi

> —>

CLK

Figure 16.11 4 - bit serial - in, serial-- out, shift register

b
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This type of shift register accepts data serially, i.e. one bit at a time, and also outputs
data serially. The logic diagram of a 4 — bit serial — in, serial — out, shift register is
shown in fig 16.16. with four stages, i.e., four flip ~flops, the register can store up to four
bits of data. Serial data is applied at the D input of the first Flip-Flop (FF). The Q
output of the first FF is connected to the D input of the second FF, the Q output of the
second FF is connected to the D input of the third FF and the Q output of the third FF is
connected to the D input of the fourth FF. The data is outputted from the Q terminal of

_the last FF.

[

- 0
Serial input o—---—l-n.I Q 0 D Q 0 D, Q 0 Di Qi Serial output

FF, FF, FF3 FF,

0 s e |

(=) l;liﬁll states (0600)

»

L 0 } 0 0 0 ,
Serial input o———p, @ D: Q Dy Q Dy Qi Serial output
FF, FFs FF,y FF:

AERERGIR

(b) After the first clock puise (1000)

CLK o

i 0
Serial input °“"“"LD. Qno D; Q,' D Q,O D¢ Qf— Serial output

FF, FF, FF; FF,

S s

(¢) After th'c second clock ‘pulu (0100)

. 10
Serial input o—-—:?—upl Q'l D, & 0 Dy Q,l De Q Serial output

FFy FF, FF, FF,

I B s B

(d) After the third clock pulse (1010)

v

- !
"* Serial input o_,_—-(l-u Q 0 D Q ! Dy Q 0 Di Q Serial output
FF, FF» FFs FF,

- v ;;’ v;,r> ['> {_>
! CLK o—d== -

(e) After the- fourth clock pﬁlse (0101)
Fig16.12 Loading of the 4 bit serial - in, serial - out, shift register

When sérial data is transferred iﬁto a register, each new bit is clocked into the first FF at
the positive — going edge of each clock pulse. The bit that was previously stored by the
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first FF is transferred to the second FF. The bit that was stored by the second FF is
trangferred to the third FF, and so on. The bit that was stored by the last FF is shified
out.

Fig.16.12 and 16.13a illustrate this process to store the data bits 0101 in the register.
Initially all the FFs are reset, ie., Q;=0,Q;=0,Qs=0and Q= 0.

Then a ‘0’ is applied at the D, input of FF,. At the positive — going edge of the second
clock pulse, this ‘0’ is shifted to Q; of FF, and the D inputs of all other FFs are also
shiftad to their respective outputs. Therefore Q, =0, Q2 =1, Q; = 0 and Q4 = 0, after the
second clock pulse. The right most bit ‘1’ is applied at the D, input of FF. At the
positive — going edge of the first clock pulse, this ‘1’ is shifted into FF, and all other FFs
store their respective bits at the D inputs. Therefore, Q; =1, Q, =0, Q;=0and Qs=0,
after the first clock pulse. |

Then a '1’ is applied at the D, input of FF;. At the positive — going edge of the
third tlock puilse, this ‘1’ is shifted into Q, of FF, and the D inputs of all other FFs are
also shifted to their respective outputs. Therefore, Q; =1, Q2=0, Q3 = 1 anﬁl Q4 =0,
after the third clock pulse.

Then a ‘0’ is applied at the D, input of FF,. At the positive — going edge of the fourth
clock .pulse, this ‘0’ is shifted into Q, of FF, and the D inputs of all other FFs are also
shifted to their respective outputs. Therefore, Q; =0, Q; =1, Q; =0 and Q, = 1, after the
third ¢lock pulse, this ‘0’ is shifted to Q of FF, and the D inputs of all other FFg are also
shifted to their respective outputs. Therefore, Q; =0, Q; = 1, Qs = 0 and Q4 = 1, after the
fourth clock pulse.

After clock pulse Serialinput Q; Q» @ Q.

1 0. o_ O 0 Initial states
1 0 ~ 10 0 )
2 1 \ 0 1 0 0
3 0 1 o 1 0
4 SNy 40

Fig 16.13(a) Shifting in the data 0101 serially.

This completes the serial entry of 0101 into th; 4-bit register fig 16.13 shows the
timing: diagram of the loading of serial input 0101 into the 4-bit serial-in, serial-out, shift

register.
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oo,

Serial input ’I
i
o
o]
o] —

Fig 16.13(b) Timing diagram showing the loading of the serial
mput 0101 into the 4 — bit Serial-in, Serial-out, shift register.

The shifting out of the stored data 0101 serially from the régister is illustrated in Fig.
16.14 . It requires four clock pulses to shift out the 4-bit stored data.

After clock pulse  Serial input Q. Q Q@ Q.
0 \ OLININ
1 \ 0 1 0
2 0 6 o ¢ !
3 ’ o\ o o 0 o
4 _\ o o O 0

Fig 16.14 Shifting in thie data 0101 serially.

16.10 Seclyl in, Paraliel — out Shift Register

In this type of register, the data bits are entered into the register serially, but the
data stored in the register is shifted out in parallel form. Fig 16.15 shows the logic
diagram #nd the logic symbol of a 4-bit serial ~ in, paralle! - out shift register.

"~ Qacethe dataqite-are stored, each bit appears on its respective output line and
wll bitss i avaiiblausiondtansously, rather than on a bit-by-bit basis as with the serial
cutput. ieielgal . inEtallel-giit, shift register can be used as a serial-in, serial-out,
shift register, Hidhe output’is takergfrom the Q terminal of the last FF.
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Qa QG Q Qo
Data input ——p, Q. Io, Q ] Qe ] Di Qo ]
: 'FF| FF; FF; FF,
r > > f > l—_ >
CLK o—= :
(a) Logic diagram
Datainput 1 g4
CLK »d
bk
(b) Logic symbol

Fig 16.15 ‘A 4 - bit serial - in, paraliel - out, shift register.

16.16 Parallel In, Serial — Out Shift Register:

A E o
< < S
Shift / Load : ,
o——> "
E; @ 62
D Q- D QG Dy Q —
FFy FFy FF,
J— > J_ l_
" CLK o . | !
~ (a) Logic diagram
1
Shift / Load 1 SsrRG4
CLK X , Data out
(b) Logic symbol

Fig 16.16 A 4-bit parallel - in, serial — out, shift register.
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In parallei - in, serial-out, s“' ift register, the data bits are entered simuitaneously
into their respective stages on paraill lines, rather than on a bit-by-bit basis on one line
as with serial data inputs, but the data bits are transferred out of the register serially, i.e.,
on a bit-by-bit basis over a single line. ‘

Fig 16.16 illustrates a 4-bit parallel-in, serial out, shift register using D flip-fliops. There
are four data lines A, B, C and D through which the data is entered into the register in
parallel form. The signal shift / load allows (a) the data to be entered in parallel form into.
the register and (b) the data to be shifted out serially from terminal Q..

When Shift / Load line is high, gates G,, G, and G, are disabled, but gates G,, Gs and
(¢ are enabled allowing the data bits to shift — right from one stage to the next. When
Shift / Load line is low, gates G4, Gs and Gg are disabled, whereas gates G, G, and G;
are enabled allowing the data input to appear at the D inputs of the respective flip-flops.
When a clock pulse is applied, these data bits are shifted to the Q output terminals of the
fin-fiops and therefore, data is inputted in one step. The OR gate allows either the
norma! shifting operation or the paraliel data entry depending on which AND gates are
enabled by the level on the Shift / Load input.

16.12 Parallel In, Parallel — out Shift Register:

A B C D
LD i—'—‘D LD L D
QI QI QI QM
r> I—P > >
CLK * l
. 4 ¢ ) .
Qa Qs Qc do

Fig.16.17 Logic diagram of a 4 — bit paraliel -
in, parallel - out, shift register

in a parallel — in, parallel — out, shift register, the data is entered into the register in
parallel form, and also the data is taken out of the register in paraliel form. immediately
foliowing the simultaneous entry of all data bits, the bits appéar on'the paraliel outputs.

Fig 16.17 shows a 4-bit parallel-in, parallel-out, shift register using D Flip-Flops. Data
is applied to the D input terminals of the flip-flops. When a clock pulse is applied, at the
positive going edge of that pulse, the D inputs are shifted in to the Q outputs of the Flip-
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Flops. The register now stores the data. The stored data is available instantaneously

for s‘hifting out in parallel form.
16.13 Bi-directional Shifter:

A bidirectional shift register is one in which the data bits can be shifted from left to
right or from right to left.

Fig 16.18 shows the logic diagram of a 4-bit serial-in, serial-out, bi-directional shift
register. Right/Left is the mode signal.

Din ©
Right / Left o—4{ > — — —
— —
G, s Ge G, G
D Q- D Q" D Q- D Q[ Q°
r> FF, J'> FF; . l__> FFy ""‘> FF,
ClKo , ‘ $

Fig 16.18 Logic diagram of a 4 — bit bi-directional shift register.
When Right / Left is a 1, the logic circuit works as a shift-right shift register. When Right

/Left is a O, it works as a shift - left register. The bidirectional operation is achieved by
using the mode signal and two AND gates and one OR gate for eéch stage as shown in
fig 16.18.

A-HIGH on the Right /Left control input enables the AND gates Gy, Gz, G; and Gq
and disables the AND gates Gs, Gs, Grand Gg and the state of Q output of each FF is

passed through the gate to the D input of the following FF. When a clock pulse occurs,
the data bits are then effectively shifted one place to the right. A low on the Right

/ Left control input enables the AND gates Gs, Gs, Grand Gs and disables the AND gates
G,, G2, G; and G, and the Q output of each Flip-Flop is passed to the D input of the
preceding FF. When a clock pulse occurs, the data bits are then effectively shifted one
place to the left. Hence, the circuit works as a bidirectional shift register.

16.14 Universal Shift Register:
A universal shift Register is a bidirectional register, whose input can be either in serial
form or in parallel form and whose output also can be either in serial form or in parallel

form.
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Flops. The register now stores the data. The stored data is available instantaneously

for shifting out in parallel form.
16.13 Bi-directional Shifter:

A bidirectional shift register is one in which the data bits can be shifted from left to
right or from right to left.

Fig 16.18 shows the logic diagram of a 4-bit serial-in, serial-out, bi-directional shift

register. Right/Left is the mode signal.

Din o

Right / Left o—4{>0 — - "

G, 5-5 G Gy Gy

\/

FF, FF; ) FF: FF,

RN L (o Sy s |

Fig 16.18 Logic diagram of a 4 — bit bi-directional shift register.

When Right / Left is a1, the logic circuit works as a shift-right shift register. When Right

/Left is a 0, it works as a shift — left register. The bidirectional operation is achieved by
using the mode signal and two AND gates and one OR gate for each stage as shown in
fig 16.18.

A HIGH on the Right /Left control input enables the AND gates Gi, G, Gs and G,
and disables the AND gates Gs, Gs, Grand Gg and the state of Q output of each FF is

passed through the gate to the D input of the following FF. When a clock pulse occurs,
the data bits are then effectively shifted one place to the right. A low on the Right

/ Left control input enables the AND gates Gs, Gs, Grand Gg and disables the AND gates
G,, Gy, G3 and G, and the Q output of each Flip-Flop is passed to the D input of the
preceding FF. When a clock pulse occurs, the data bits are then effectively shifted one
place to the left. Hence, the circuit works as a bidirectional shift register.

16.14 Universal Shift Register:
A universal shift Register is a bidirectional register, whose input can be either in serial
form or in parallel form and whose output also can be either in serial form or in parallel

form.
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Parallel input

A
Mod o C B Y ?)
e |S Lz
control L(>
inputs J S Shift -lef
serial inpy
Shift —right
serial input -
Qa
CLR
CLR o >0—
CLK © o>
X & & ®°/
v
Parallel output
(a) Logic diagram
(b)Truth Table
Inputs .
S, S, Clock Action
0 0 X No change
0 1 m  Shift-right
1 0 m Shift-left
1 1 m  Parllel laad

Fig 16.19 The 74194 4-bit universal shift register.

Fig 16.19 shows the logic diagrams of the 74194 4-bit universal shift register. The
output of each flip-flop is routed through AOI logic to the stage on its right and to the
stage on Its left. The mode control inputs, So and S, are used to enabie the left-to-right
connections. When it is desired to shift-right, and the right-to-left connections. When it

_is desired to Shift-Left.

The truth table (fig 16.19b) shows that no shifting occurs when S, and S, are both
LOW or both HIGH. When S, = Sy = 0, there is no change in the contents of the
register, and when S, = S, = 1, the parallel input data A, B, C and D are loaded into the
register on the rising edge of the clock pulse. The combination Sp = S; =0 is said to
inhibit the loading of serial or parallel data, since the register contents cannot change
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under that condition. The register has an asynchronous active — LOW clear input, which
van be used to reset all the flip-flops irrespective of the clock and any serial or parallel
inputs.

16.16 COUNTERS

A digital counter is a set of flip-flops (FFs) whose states change in response to pulses
applied at the input to the counter. Thus, as its name implies, a counter is used to count
pulses. A counter can also be used as a frequency divider to obtain waveforms with
frequencies that are specific functions of the clock frequency. They are also used to
perform the timing function as in digital watches, to create time delays, to produce non-
sequential binary counts, to generate pulse trains, and to act as frequency counters, etc.

Counters may be asynchronous counters or gynchronous counters. The term
asynchronous refers to events that do not occur at the same time. Asynchronous
counters are aiso called Ripple counters. The asynchronous counter has a
disadvantage, in so far as the unwanted spikes are concerned. This limitation is
overcome in parallel counters. Propagation delay is a major disadvantage in
asynchronous counters because it limits the rate at which the counter can be clocked
and creates decoding problem.

The term synchronous as applied to counter operation means that the counter is
clocked such that each flip-flop in the counter is triggered at the same time.

16.16 Asynchronous counters: |

in a asynchronous counter, the flip-flop output transition serves as a source of
triggering other flip-flops. in other words, the CP inputs of all flip-fiops are triggered not
by the incoming puises but rather by the transition that that occurs in other flip-flops. In
this section, we present some asynchronous counters and explain their operation.

Four ~ Bit Asynchronous Binary Counter:

Four -~ Bit asynchronous binary counter consists of a series connection of
complementing flip-flops, with the output of each flip-fiop connected to the CP input of
the next higher-order flip-flop. The flip-fiop lading the least significant bit receives the
incoming count puises. The diagram of a 4 ~ bit binary ripple counter is shown in fig
18.2C. All J and K inputs are equal to '1’. The small circle in the CP input indicates that
the flip flop complements during 8 negative-going transition or when the output to which
it is connected goes from 1 t0 0,
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To next Q 1 Q Jp—1 Q JpF—1 Q | I
. swge < < < 4 Count

) pulscs
K F—I K p—oI K b—1 K 1

—

Fig 16.20 4 - bit binary ripple counter

Table 16.2 Count sequence for a binary ripple counter

Count sequence
A Ay A A

Conditions for complementing flip-flops

0 0 0 0 ComplementA,

0 0 0 1 ComplementA, A, willgofrom Ito0andComplement A,

0 0 1 0 Complement A,

0 0 1 1 ComplementA,; A, will gofrom | to0and Complement A,
|72 ) A, will go from 1 to 0 and Complement A,

0 00 0 Complement A,

0 1 0 1 ComplementA, A, willgofrom1to0and Complement A,

0 1 1 0 ComplementA,

0 1 1 1 ComplementA; A, will gofrom 1to0and Complement A,

NN A, will go from | to 0 and Complement A,

1 0 0 0 andsoon... A3 will go from | to 0 and Complement A,

To understand the operation of the binary counter, refer to its count sequence given in
Table 16.2. It is obvious that the lowest order bit A; must be complemented with each
count pulse. Every time A, goes from 1 to 0, it complements A,. Every time A, goes
from 1 to O, it complements A,, and so on. For example, take the transition from count
0101 to 1000. The arrows in the table emphasize the transition in this case. Ay is
complemented with the count pulse. Since A, goes from 1 to 0, it triggers A, and
complements it. As a result, A, goes from 1to 0, which in turn complements A;. A; now
goes from 1 to O, which complements Aq. The output transition of A,, if connected to a
next stage, will not trigger the next flip-flop, since it goes from O to 1. The fIip-flopé
change one at a time in rapid succession, and the signal propagates through the counter
in a ripple fashion. Hence asynchronous counters are sometimes called asynchronous
counters. |
The 7493A Four - Bit binary counter:-

The 7493A is presented as an example of a specific integrated circuit asynchronous
counter. As the logic diagram in fig 16.21 shows, this device actually consists of a single
flip-flop and a three —bit asynchronous counter. This arrangement is for flexibility. it can
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be used as a divide — by-2 device using only the single flip-flop, or it can be used as a
modulus ~ 8 counter using only the three-bit counter position. This device also provides
gated reset inputs, RO(1) and RO(2). When both of these inputs are HIGH, the counter

is RESET to the 0000 state by CLR .

ck B -

J J ] A
@ ¥R K K Kr

:
RO(2) —_/CLR I(lz) 9 3) (16)
Q Qs Qc Qo
(LSB) (MSB)

Fig 16.21 The 7493A four-bit binary counter logic diagram. (Pin numbers are in
parentheses, and all J-K inputs are internally connected HIGH.

Additionally, the 7493A can be used as a four-bit modules-16 counter (counts 0
through 151) by connecting Qa output to the CLK B input as shown in fig 16.22.

CLK A——d>C CLK Aeud> ¢
CLK B o> C CLKB C
RO(1) DIV 16 RO (D) Div.io
RO (2) Counter RO (2) L Counter
Qa Qs Qc Qo Qr Qe Qc Qo
(a) 7493A connected as a (a) 7493 A connected as a
modulus-16 counter decade counter

Fig 16.22 Two configurations of the 7493A asynchronous counter.

It can also be configured as a decade counter with asynchronous recycling by using
the gated reset inputs for partial decoding of count 1040, as shown in fig 16.22(b).

Asynchronous Decade Counters:

Counters with ten states in their sequence are cailed decade counter. A decade
counter with a count sequence of 0(0000) through 9(1001) is a BCD decade counter
because its ten-state sequence is the BCD code. This type of counter is very usefui in
display applications in which BCD is required for conversion to a decimal readout.

A decade counter requires four flip-flops. We will now take a four-bit asynchronous
counter and modify its sequence in order to understand the principle of truncated




ACHARYA NAGARJUNA UNIVERSITY  16.21 CENTER FOR DISTANCE EDUCATION

counters. One method of achieving this recycling after the count of 8 (1001) is to
decode count 1010(1010) with a NAND gate and connect the output of the NAND gate to
ihe clear (CLR) inputs of the flip-flops, as shown in Fig.16.23a.

10 decoder ——

. - CLR.
HIGH
] QA - ) Q| QC QD

4 J J J
CLK e ¢ c c c
K q K g K K R
1
FIe A FIFB FIFC F/FD
® |
papspEgEnEpEpiyEpEpECE
, !
Qa J -
o [
Qe
Qo
(o ¥

(b)
Fig 16.23 An asynchronously clocked decade
counter with asynchrorous recycling.

Notice that only Qs and Qp are connected to the NAND gate inputs. This is an
sxample of partial decoding, in which the two unique states (Qs = 1and Qp = 0) are
aufficient to decode the count of 104, because none of the other states (O through 8)
nave both Qs and Qp HIGH at the same time. When the counter goes into count
1010(1010), the decoding gate output goes LOW and asynchronously RESETS all of the
{lip-flops.

The resulting timing diagram Is shown in Fig.18.23 Notice that there is a glitch on the
Qs wave form. The reason for this glitch is that Qs must first go HIGH before the count
of 1040 can be decoded. Not until several nano seconds after the counter goes to the
count of 1040 does the output of the decoding gate go LOW. Thus, the counter is in the
1010 state for a short time before it is RESET back to 0000, thus prodﬁclng the glitch on

Q.
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16.17 SYNCHRONOUS COUNTERS

Synchronous counters are distinguished from ripple counters in that clock pulses are
applied to the CP inputs of all flip-flops. The common puise triggers al! the filp-fiops
simuitaneously, rather than one at a time in succession as in a ripple counter. The
decision whether a flip-flop is to be complemented or not is determined from the values
of the J and K inputs at the time of the puise. If J = K = 0, the flip-flop remains
unchanged. If J = K = 1, the flip-flop complements. In this section, we pragant sure
typical MSI synchronous counters and explain their operation.
Three ~ Bit Synchronous Binary counter:

Three bit synchronous binary counter is shown in fig 16.24/a) and its timing diagram
in fig 16.24(b). An understanding of this counter can be achieved by a caraf.
examinationr ~f its sequence of states as shown in Table 16.3.

HIGH

|
Qa
J ; J "jl —Q
c c C
K K K
CLK 1 1
FFA FFB FFC

Fig 16.24(a) A three - bit synchronous binary counter,

k[ TLFLLL LI TLPL

QA

Q. ——

Q e
Fig 16.24(b) Timing diagram for the counter
: of figure.

First , let us look at Qa. Notice that Qs changes on each clock pulse zs we prograse
from Its original state to its final state and then back to its original state. To produce this
operation, FFA must be helid in the toggle mode by constant HIGH on its J and K inputs.
Now let us see what Qs does. Notice that it goes to the opposite atate following sach

time Qa is @ 1. This occurs at CLK;, CLK,, CLKs and CilKs. CLK, causes the counter to
" recycle. To produce this operation, Qa is connected to the J and K inputs of FFB. When
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Qaisa1 and a clock pulse occurs. FFB is the toggle mode and will change state. The

other times when Qa is a 0, FFB is in the no-change mode and remains in its present

state.

Table 16.3 State sequence for a three-stage binary counter.

| Clock Pulse Or Or Oa
0 0 0 0
1 0 0 1
2 0 1 0
3 0 1 1
4 1 0 0
5 1 0 1
6 ] 1 0
7 1 1 1.

Next, let us see how FFC is made to change at the proper times according to the binary
sequence. Notice that both times Q¢ changes state, it is preceded by the unique
condition of both Qa and Qg being HIGH. This condition is detected by the AND gate
and applied to the J and K inputs of FFC. Whenever both Qa and Qg being HIGH, the
output of the AND gate makes the J and K inputs of FFC HIGH, and FFC toggle on the
following clock pulse. At all other times, the J and K inputs of FFC are held LOW by the
AND gate output, and FFC does not change state.

15.18 SUMMARY

@

A flip-flop is the basic memory element; it can store a ‘0’ ora ‘1’

A flip flop is known more formally as a bistable mutivibrator. it has two stable
states.

Flip-Flops are used for data storage, counting, frequency division, parallel-to -
serial and serial-to-parallel data conversion, etc.

An unclocked flip-flop is called a latch, because the output of the flip-flop latches
on to a 1 or a 0 immediately after the input is applied.

The clocked D latch is called a transparent D latch, because its output follows the
input when the clock is HIGH.

The J-K Flip-Flop is the. most versatile and most widely used of all the flip-flops.

T flip-flops are not widely available as commercial items.

The master-slave flip-flop is made up of two flip-flops- a master and slave. It was
developed to make synchronous operation of flip-flops more predictable by
cvercoming the problem of race in clock flip ~flops.
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e Aregister is a set of FFs used to store binary data.

o Aregister in which shifting of data takes place is called a shift register.

e In a serial - in, serial - out, shift register, data is fed in serially, that is one bit at a
time on a single line and data is also shifted out serially.

e In a serial-in, parallel-out, shift register, data is fed in serially but data is shifted
out in parallel form, that is all bits at a time.

* In a parallel-in, serial-out, shift register, data is fed in, in parallel form but shifted
out in serial form.

e In a parallel ~ in, parallel — out, shift register, data is both fed in and shifted out in
paraliel form. }

e |n a universal shift register, data can be shifted from left — to ~ right or right ~to —
left and also data can be shifted in or shifted out in serial form or in parallel form.

o Shift registers are used in digital system to provide time delays. They are also
used for serial / parallel data conversion and in construction of ring counters.

e A digital counter is a set of FFS whose states change in response to pulses
applied at the input to the counter.

e Counters may be asynchronous counters or synchronous counters.

e Asynchronous counters are also called ripple counters.

e In asynchronous counters, all the FF s do not change states simultaneously.
They are serial counters.

e In synchronous counters, all the FF s change state simultaneously. They are
parallel counters.

e In asynchronous counters if the clock frequency is very high owing to
accumulation of propagation delay, skipping of states may occur.

e In synchronous counters, the propagation delays of individuals FF s do not add
together.

e Synchronous counters have the advantages of high speed and less severe
decoding problems, but the disadvantage of more circuitry than that of
asynchronous counters.

e Generation of pulse trains using indirect logic has the advantage that any counter
(ripple or synchronous) with the correct number of states can form the generator.

16.19 KEY TERMINOLOGY
Flip - Flop: A memory device capable of storing a logic level.
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D flip-flop: A type of bit table , multi vibrator in which the output follows the state of the
O input.

Register: A group of fiip ~flops capable of storing data.

Shift Register: A digital circuit capable of storing and shifting binary data.

Universal shift register: Shift - right, shift — left, shift register which can input and
output data either serially or parallely.

Counter: A digital circuit capable of counting electronic events, such as pulses, by
processing through a sequence of binary states.

Asynchronous counter: A type of counter in which the external clock signal is applied
only to the first FF and the output of each FF serves as the clock input to the next FF in
the chain.

Synchronous counter; A counter in which the circuit out puts can change state only on
the transitions of a clock.

Bipary counter: A counter in which the states of FF 8 represent the binary number
equivalent to the number of puises that have occurred at the input of the counter.

Ripple counter: A counter in which the external clock signal is applied to the first FF
and then the clock input to every otie: “F is the output of the preceding FF.

16.20 SELF — ASSESSMENT QUESTIONS

1. Distinguish between combinational and sequential switching circuits

2. How do you build a latch using universal gates?

3. Explain the operation of clocked SR flip-flop.

4. List the different types of latches and flip-flops. Name the applications of each
type.
How does a J-K flip ~flop differ from an 8-R flip-flop in its basic operation? What
is its advantage over an S-R flip — flop?

o

6. What do you mean by toggling?

7. What is a serial-in, serial-out, shift register? Explain the operation of it.

8. What is a parallel-in, serial-out, shift register? Explain the operation of circuit.

9. What is a serial — in, paraliel-out, shift register? Explain the operation of the
circuit.

10. What is a parallel - in, Parallel ~ out, shift register? Explain the operation of the
circuit.

11. What is a universal shift register? Explain the operation of the circuit.
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12. What is the basic difference between a counter and a shift register?
13. What is the advantage of a synchronous counter over asynchronous counter?
What is its disadvantage?
14. Explain the operation of 4-bit Asynchronous Binary counter.
15. Explain the operation of Decade counter.
16. What is synchronous counter? Explain the operation of 3-bit synchronous binary
counters.
17. Explain the operation of synchronous decade counter.
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