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INSTRUCTION MANUAL
FCR
PUSH-PULL AMPLIFIER
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L‘ngh -Pull Amplifier Apparatus has been designed to study the Output Gain, Output
war and Frequency Response of a Push Pull Amplifier.

@ Instrument comprises of the followinrg built in parts :-

PC Regulated power supply of 12V.

Two | plate (Driver Tranformers) matching transformers.

i

Three NPN transistors (CL100) are mounted on the front panel & important
connactions brought out on sockets. ,

Differenttypes of resistances and capacitors are mounted on the front panel.

THEORY
Push Pull Amplifier is a power amplifier and is frequently employed in the output stages
’Qim*tl'(;i‘nc circuits. It is used whenever high output power at high efficiency i required.
fited diagram shows the circuit of a push pull amplifier. Two trasistors TR.and TR_placed
ol to bac Kk are emiployed. Both transistors are operated in class B operatlon e collectm
jrent 18 nearly zero in the absence of the signal. The centre tapped secondary of drive.
tmf'(‘:’u'nmr T, supplies equal and opposite voltage to the base circuit of two transistors, The
:uu! transformer T, has the centre-tapped primary winding. The supply voltage Vcc is
mﬁc ted between the bases and this centre tap. The output load is connected across the
, giidary of this transformer.Input signal appears across the secondary AB of driver
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PUSH PULL AMFLIFIER CIRCUIT

&.m;former. Suppose during the first half cycle of the signal, end A becomes positive and end
%negative This will make the base emitter junction of TR, reverse biased and that of Tr.
tward biased. The circuit will conduct current cue to TR, only. Therefore, this half cycle of the
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alifil by TR only, anu appears iri the lower half of the primary of the output
Hr ne*xl héﬂf (,ycle of the signal, TR is forward blased whearas TR is reverse

. fiwlteh ON the instrument using ON/ OFF toggle switch provided on the front panel.
Gbserve the amplified output at CRO. Note down the output amplitude.
j;@@jlculme the voltage gain of the amplifier, using formula

AV = VoUr, v N

5 Rerease the frequency of the signal tovards 100KHz in small steps and n e down
i the voltage gain at differentir frequencies.

Nete down the ob:servation in table no. (1 .
. (1) and plot a graph between Volt 3
Fraquency (0 plotagrap n Voltage Gain vs

(ar ;
Gonnect the Sr. | FREQUENCY| INPUT | OUTPUT GAIN A
No. 'SIGNAL | SIGNAL | OUTPUT/INPUT

lead resis-
tance (R7 or 1
RB) across
2
autput s0ck-
gte and cal- 3.
4
5

culate the
output power
by using the
formula \. )

TABLE No. 1

P = V2 R (Vis the RMS value of the output signal)

v, -

STANDARD ACCESSORIES

One Single point Patchcord.

: instruction Manual.
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INSTRUCTION MANUAL
FOR
STUDY OF CLASS ‘A, (B’, ‘ABY’ & PUSH PULL AMPLIFIER

Class ‘A, ‘B’, ‘AB’ & Push Pull Amplifier Circuits has bezn designed to study the output gain

and frequency response of these amplifiers.

The instrument comprises of the following builtin parts:

18 DC Regulated power supply of +12V & +5V.
2 Four PNP & Four NPN Transistors are mounted on the front panel.

3. Four driver transformers are also mounted on the front panel to perform class B and Push

Pull Amplifier experiments.
4, Circuit diagram is printed & components are mounted on the front panel.

THEORY

A practical amplifier always consists of a numbei " stages that amplify a weak signal

until sufficient power is available to operate a loudspeaker = other output device. The first few
stages in this multistage amplifier have the function of onlv /oltage amplification. However, the
last stage is designed to provide maximum power. This final stage is known as power stage. The
term audio means the range of frequencies that we can hear. The range of human hearing extends

VOLTAGE « | vouneEe \ POWER |y ))
AMPLIFIER 7| AMPUFER [ 7 | AMPLFIER
MICROPHONE LOUD
SPEAKER

FIG. (1)

from 20Hz to 20kHz. Therefore, audio amplifiers amplify electrical signals that have a frequency

range corresponding to the range of human hearing i.e, 20Hz to 20kHz. Figure (1) shows the
block diagram of an audio power amplifier. The early stages built up the voltage level of the
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signal while the last stage built up powerto a Ievél sufficien! tc operate the loudspeaker’

A transistor amplifier which raises the power level of the signals that have audio frequency
is known as transistor audio power amplifier. In general, the last stage of a multistage amplifier is
the power stage, the amplifier differs from all the previous stages in that here a concentrated
effortis made to obtain maximum output power. Atransistor that is suitable for power amplification
I8 generally called a power transistor. A power amplifier is required to deliver a large amount of

- power and such it has to handle large current. In order to achive high4power amplification,
transformer coupling is used for impedence matching. If the collector current flows at all times
during the full cycle of the signal the power amplifier is known as Class ‘A’ power amplifier. A
basic class’A’ power amplifier normally consists of a singal transistor, wired in the common
emitter mode with the speaker acting as its collector load. The essential feature of this type of
amplifier is that its input (Base) is biased so that the collector current takes up a quiescent value
roughly halfway between the desired maximum and minimum swings of output current, so that
maximum undistorted output signal swings can be obtaind.

The Class ‘A’ amplifier is simple and produces excellent low distortion audio signal. Its
major dis-advantages are that it consumes a high quiescent current and is relatively inefficient. A
basic Class ‘B’ amplifier normally consists of a pair of transistors driven in antiphase but driving
& common output load. In this particular design the two transistors are wired in common emitter
mode and driven the speaker via Push-Pull transformer. The major advantages of the Class ‘B’
amplifier are that it consumes near zero quiescent current and has a very high efficiency under all
operating conditions. Its major dis-advantages is that it produces high levels of signal distortion.
The crossover distortion of the Class ‘B’ amplifier can be virtually eliminated by applying slight
forward bias to the base of each transistor, so that each transistor passes as a modest quiescent
eurrent. Such a circuit is known as a Class ‘AB’ amplifier. Circuits of this type were widely used
in early transistor power amplifier systems. The Push-Pull amplifier is a power amplifier and is

* fréguency employed in output stages of electronic circuits. It is used whenever high output power
Bt high effciency is required. Two transistors placed back to back are employed. Both transistor
#ire oporated in Class'B'’ operation i.e, collector current is nearly zero in the absence of the
ﬁgﬁgl. The centre tapped secondary of driver transformer applies equal Aand opposite volatge to
'.;‘., ﬁi@@@@@ circuits of two transistors. The output transformer has the centre tapped primary winding.
g@@ Bupply voltage VCC is connected across the secondary of this centre tap. The loudspeaker is
ﬁ@l’iﬁ@@t@d across the secondary of this transformer.

NETE ; Circuit diagrams for all the amplifiers are printed on the front panel.
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PROCEDURE
-FOR CLASS ‘A’ AMPLIFIER :
li 3 Tegnnect |‘1 ZVDC(Sr. FREQUENCY | INPUT | OUTPUT GAN )
ower su across
P PPl No. SIGNAL | SIGNAL | OUTPUT/INPUT
power supply sockets p
through patchcords 2'
as shown by dotted]
. o 3
lines in the circuit )
diagram of Class ‘A’ 5'
amplifier. i
S 47
! Connect Audio i Sl
FFrequency Function .
Generator across input sockets and set it at sine wave signal of 30mV peak to peak
amplitude, 100Hz frequency.
Connect CRO across output sockets.
Switch ON the instrument using ON/ OFF toggle switch provided on the front panel
Observe the amplified output on CRO. Note down the output amplitude.
Calculate the voltage gain of the amplifier, using formula
A\/ = VOUT/ VIN
Increase the frequency of the signal towards 100KHz in small steps and note down the

—

vellage gain at different frequencies.

Nete down the observation in table no. (1) and plota  A\GAIN | a::::ﬂ
giraph between Voltage Gain vs Frequency as shown ; ;

in Flg. /__\

FREQUENCY
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FOR CLASS ‘B’ AMPLIFIER : 17

{0

Connect -12VDC (g
power supply
across power

i FREQUENCY | INPUT OUTPUT GAIN )
No. SIGNAL | SIGNAL | OUTPUT/INPUT

’

supply sockets
f hi'miol u g .ih
patchcords as
shown by dotted
lines in the circuit

diagram of Class ™ /
i - TABLE No. (2)
B’ amplifier.

Connect Audio Frequency Function Generator across input sockets. Set the Audio
Frequency Function generator output to 50mV peak to peak, 10kHz sine wave signal.

Connect CRO across output sockets.
Switch ON the instrument using ON/ OFF toggle switch provided on the front panel.

Observe the amplified output on CRO Note down the output amplitude.

Calculate the voltage gain of the amplifier, using formula:

AV = VOUTI VIN
Increase the frequency of the signal towards 100KHz
In small steps and note down the voltage gain at different

frequencies. //\

/I\GAIN

- Nete down the observation in table no. (2) and plot a —>

3 FREQUENCY
graph between Voltage Gain vs Frequency as shown

in Fig,

10000000000000000000000000000000000000,
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- Wa will observe this amplifier does not amplify the
~ yoltage level of the input signal but only the power level of the signal amplifies. If we will

1

tovel of the signal and  ("s; | FREQUENCY | INPUT | OUTPUT GAN
does not amplify the DY SIGNAL | SIGNAL | OUTPUT/INPUT
volatge leval, p
, A 2
L ads Cannsct +6VDC S
l pawer  supply 4'
o ROTOEE  power 5'
- Bupply sockets '
Rt hrough - 2,
e _ TABLE No. (3)
o patchcords  as
£ ghown by dotted lines in the circuit diagram of Class ‘AB’ amplifier.
_' < Connect Audio Frequency Function Generator across input sockets and set it at sine
: wave signal of 2V peak to peak amplitude, 10Hz frequency.
3 Connect CRO across output sockets.
' 4, Switch ON the instrument using ON/ OFF toggle switch provided on the front panel.
| 6, Observe the output on CRO. Note down the output amplitude.

Calculate the voltage gain of the amplifier, using formula

A, i) Vour! Viy

Increase the frequency of the signal towards 100KHz in small steps and note down the

voltage gain at different frequencies.

itk /\GAIN
I Note down the observation in table no. (3) and plota | ; Z?::H :
. graph between Voltage Gain vs Frequency as shown ’ \
N
FREQUENCY £

gonnect the loudspeaker load across output socket, the amplifier will drive the loudspeaker.




FOR PUSH PULL AMPLIFIER :

. :;_;-a‘.‘:‘:zqtm'uwm:\

Connect +12VDC FREQUENCY | INPUT | OUTPUT |  GAIN
power supply | No. SIGNAL | SIGNAL | OUTPUT/INPUT

acCross power

(sr.

supply sockets
thME o™ gdih
patchcords as
shown by dotted
lines in the circuit L J
diagram of Push TABLE No. (4) N
Pull amplifier.

R e

Connect Audio Frequency Function Generator across input sockets and set it at sine
wave signal of 50mV - 100mV peak to peak amplitude, 1.5KHz frequency.

Connect CRO across output sockets.
Switch ON the instrument using ON/ OFF toggle switch provided on the front panel.
Observe the amplified output on CRO. Note down the output amplitude.

Calculate the voltage gain of the amplifier, using formula

A, = Vour! Vin

Increase the frequency of the signal in small steps /NGAIN

and note down the voltage gain at different

frequencies. m

Note down the observation in table no. (4) and plota PREQUENGY
graph between Voltage Gain vs Frequency.

Connect the load resistance (R17 or R18) across output sockets and caloulatet
power by using the formula:

P VIR (Vis the RMS value of the output signal)
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STANDARD ACCESSORIES

Two Single Point Patchcords for Interconnections.

Instruction Manual.
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INSTRUCTION MANUAL
FOR
VOLATGE REGULATOR USING IC 317

Volfage Regulation Circuits using IC 317 has been designed to study the working principle

of a voltage regulator.

The instrument comprises of the following built in parts.

1. Step down transformer having 9V-0-9V AC tapes.

2, Rectifier section having two diodes (IN 4007) to convert the AC voltage to DC voltage.
Ji Filter section having 2 electrolytic capcitor of 1000uf/ 35V & 1 Inductance.
4. Regulator section consists of IC 317 and combination of resistance & capacitor.

L oad section having different values of load resistance selectable using Band switch

<2

provided on the front panel.

6 Voltmeter and current meter are mounted on front panelto measure DC output voltage,
Output current & one AC meter to measure Ripple directly.

THEORY

Avoltage regulator maintains the output voltage constantirrespective of a.c. mains fluctuations
or load variation. The heart of a voltage regulator is a Zener Diode or Regulator (IC 317).
Since Zener Diode or Regulator maintains constant voltage irrespective of their current after

breakdown, regulation of voltage can be made available.

In an ordinary power supply, the voltage regulation is poor i,e DC output voltage changes
appreciably with load current. Moreover, output voltage also changes due to variations inthe
inputa.c. voltage. A regulated power supply consists of an ordinary power supply and voltage
regulating device as shown in circuit diagram. The output of ordinary.power supply is fed to
the voltage regulator which produces the final output the output voltage (VDC) remains constant
whether the load current changes or there are ﬂuc;(uations in the input A. ‘ ;
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7 Switch ON toggle switch S2 so that capacitor C2 also appcars in the circuit. Now the
filter circuit is in = type configuration, set the output DC volatge by using potentiometer
VR1. Again note down output voltage output current and A.C. ripple.
8 Repeat the experiment for different values of load resistances.
STANDERED ACCESSORIES —
1. Fourteen single point & one interconnectable patchcords.
2. Instruction Manual .

PROCEDURE

1 Connect the circuit as shown in Fig 1. Also connects DC voltmeter and current meter
in the space provided (shown by dotted line at the front panel).

2 Connect electronic AC voltmeter (1V/ 10Volts) at output to measure the ripple directly.
3 Connect load (R)) in circuit for measuring DC output current.

4. Switch ON the instrument using ON/ OFF toggle switch provided on the front panel.

b Nole down the observations i.e. DC output voltage, DC current and AC ripples on the
maters.
6. Switch ON the toggle switch S1 to connect the capacitor C1 in the circuit again check

the DC output voltage, DC current and AC ripples.

VOLTAGE REGULATION USING IC 317

] 250mA

0-250mA. DC

oV
1V/ 10V. AC

------
---------------------

ul [ ]
[]
J : . ® :
| < /“\;‘2 C3 | dREGULATED e AC i
l OFF OFF o?O\' :';’ O ¥ 3 ourrur ™ s " RPPLE
81

® ® /= 7 SETINPUT SETVOLTS P 500 1Ko il

é ON ON 1 VOLTS 1.5-10V.DC L i SET LOAD i

. — : _ &
FILTER SECTION  REGULATION SECTION —L- LOAD SECTION  BY . PASS
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INSTRUCTION MANUAL.
FOR
DIGITAL COMMUNICATION TRAINER (PAM,PWM,PPM)

R o R R R e T R . .

l

PAM.PWNM,PPM apparatus has been design to study the following:

l. Pulse Amplitude Modulation & Demodulatior
2 Pulse Position Moduiation & Demodutation
kN Siudy the PPM using NC input

Study Voice communication using Pulse Amplitugde Moduletion

3. Study Voice Communication using width Moduiaiien
0. Swidy Voice communication using Pulse | osition Modvilation.

INTRODUCTION OF PULSE MODULATION

Fulse Modulation may be used to transmit infermation such as continuous speecly of data Iuis 2

in which continuous waveforms are sampled ai regular inwervals. Information regarding the

sigral is transmitted only at the sampling times. togetiier with any syncheonizing pulses that may

original wave forms may be reconstituted from the

system

he required. AL the receiving end. the

irformation regarding the samples. it these are taken frequently enovugh. Despite the fact that

information ahout the signal is not supplied continuously. as in AM and FM. the resulting receiver

output can have ncgligible distortion.




Mulse modulation may be subdivided broadly into two categories. analog and digital. In the former. -

e is the ncarest variable. while in the letter a code. which

the indication of sample amplitud
.Pulse amplitude and

indicates the sample amplitude to the nearest predetermined level. is sent

pulse time modulation. to be treated next. are both analog

HILORY OF SAMPLING:-

f Aoy communication system like AM. FM the instantaneous value of the information signal is used
& ghunpe certain parameter of the carrier signal. Pulse modulation system differ from these system in a
Eg}y (hat transmit a limited no. of discrete states of a signal at a predelermined time. sampling can be
Bified as measuring the value of an information signal at predetermined rate or sampling frequency. It
§ tie major parameter. Which decide the quality of the reproduced signal. I the signal is sampled quite
uency (whose limit is specified by Nyquist criterion) then it can be reproduced exactly at the reciver

i no distortion.
‘Ql ST CRITERION

ki -ghown in the Fig. (1) the lowest sampling frequency that can be used without the side bands
§ equency component presen

flapping is twice the highest fr { in the formation signal. If we reduce this
further. the side bands and information signal will overlap and we can not
henomenon is know as fold- over

fiiipling frequency even
mver the information s
sortion or aliasing.

ignal simply be low pass filtering. This p

EYQUIST CRITERION (SAMPLING THEORM)

ignal band limited to fm Hz can be completely

i Nyquist criterion states that a continuous s
le taken at a rate greater than or equal to 2fm

‘}iﬁi’escnlted by and reconstructed from the samp

bainples/second

vmg minimum sampling frequency is calls as a NYQUIST RATE i.e. for faithful reproduction of

iformation signal s> 2fm.

JiPFECT OF DUTY CYCLE ON INFORMATION RECOVERY

on to the pulse repetition period. This

i he duty cycle of o signal is defined as the ratio of pulse durati
as equal pulse and no pulse duration:

ol
Batio can also be expressed as percentage. E.g. the square wava h
Mence its duty evele is.S or 50%

'I'hc duty cycele of the sampling of the pulse is an important parameter in pulse Amplitude modulation

qlem they govern the following important aspects.




uch pulse Amplitude

allows us to time division multiplex many s
modulation signals over same

§) | he narrower pulses

maodulation pancls i.e.we can send many no. of pulse amplitude
¥ channelata time. Hence lower duty cycle beneficial in this respect.
8) 1 he narrower pulses have wider frequency spectrum. Hence the wider bandwidth channel is

[ required
§) Nurrower pulse
width, During

1t of a pulse depends on its amplitude and
nherent noise can play a majar havoc on the
for this sake. In practice an

aking into account the efficiency.

have less power as the power conte
Transmission and demodulation the i
power signal . Hence a pulsc of larger duty-cycle is desirous
gngineering is made between narrower and broader pulse width t
requirement and inherent noise of the system.

pulse Amplitude Modulation Signal does not contain those
jonies which when multiplied by duty cycle result in an integer .c.g. the squara wave with duty
en harmonics as they result in an integer when multiplied with duty

A - . .
i 0,5 (50%) does not contain ev
wave-sampling signal only contains odd harmonics.

Fl2 The [requency spectrum of

it T hus o square

osition modulation system the
ortant. as the cut-ofT frequency

! PASS FILTER

s Amplitude Modul
by a low filter. The type of filter use
al if they were not attenuate

ASS FILTER

o- second order butterworth filters.
tages and

ation — Pulse width Modulation — Pulse p
¢ is recovered d is very imp
d sufficiently.

alfect the recovered sign

JURTH ORDER BUTTRWORTH LOW P
fourth order Butter worth filter can be formed by cascading tw )
&C are identical in both filter s

j be seen from {ig.(2). The components R

R
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hey determine the cut- off frequency.
A 0w circuit the vain of stage has been
Bi61 10 115 and that of other is set at 2.235

fhe amplituder frequency and phase/ ettt |1
I feguency responses of fourth order Butter
BV arth low pass filter are shown in fig. (3)

[ lilter design should be done critically so
Ay unwanied frequency component existing
,'fhjgz;c to the desired frequency component i
Afienuate sulliciently to save the output from
{ietiling corrupted. Through increasing order :
B dlier in dosiable. there is a price that we

iive (o pan Ton sieeper fall-off e TR o 1

i g Faen &
£ 1) Additonal circuitry increases complexity & cost
B Increase in order increases phase lag. through it is not so critical in audio circuits

i THEORY
FAM)

titlge nmplitude modulation the simplest from of pulse modulation, is illustrated in Fig. it form an

seillent instruction to pulse modulation in general. Pulse Amplitude modulation is a Pulse modulation

| 1 e in v hich the sienal is sample at regular intervals. and each sample is made proportional to the
Suiplitude ol the signal at the instant of sampling. \Either wires then sends the pulses or cable or else ix
{10 moduiate a carrier, As shown in fig.(4) Two types are double polarity pulse amptitide

] Ku]ululmn.Q\ hich is self- explanatory and signal polarity pulse Amplitude modulation) in wnich a fixed

BRIl fovel i added 1o the signal, to ensure that the pulse aie always positive. As will be seen shortly. the
Wiy 10 nee constant amplitude pulse is a major advantage of pulse modulation. andince puise
i/{?}'ﬂflmlu nodulation does not utilize constant amplitude pulses. it is infrequently used. Wien it ts used)
. ‘fiﬁ'.ﬁlll‘.ctl [requency- modulate the carrier, b

}Uh very casy Lo generate and demodulate ¥
Eitlilse Amplitude modulation. In a generator

Rilip sipnal o be converted to pulse Amplitude

mﬂdul;nmn is fed to one input of an AND gate.

E Biilee at the sampling frequencies are applied o
8 thie other mput of the and gate to open it 5 2t 8

Lty the wanted time intervals. The output
§ il the pate then consists of pulse at the
sipineg rate equal in amplitude to the A
] yignul voltage ¢cach instant. The pulse e il '
% fre then passed through a pulse shaping L R N
eiw orle which gives them flat tops. !
Fiag o
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MPLIEEAND SAMPLE HOLD OUTPUT
sampling is made very short compared to the

natural pulse amplitude modulation referred to as instantaneous pulse amplitude

horter pulse is desirous for allowing many signals to be include ,
noise due to lesser signal power. One way to :

e until the next sample is taken. This -

aveform looks as shown

Kile pulse width ol the carrier pulse trains used in natural

lLie period. the
A~ it has been discussed. s
e can be highly corrupted by
' is to hold the sample valu
s. The sample and hold w

&

gadulntion.
i °THM lormat bul the puls
Eilntnin reasonable pulse energy
Efinique 1s lormed as sample and hold technique

lgfji@l‘ g S(h)

VYAVER T

i, Mo i5h)

hich is equivalent to the signal power) is greater and so the filter output
R improved. The hold facility can be provided by a capacitor.
. Ej}ﬁn the switeh connect the capacitor to pulse amplitude modulat?on ogtpul ‘il change to the
: f@iﬂluluncmus value. A buffered sample and hold circuit consists of unity gain buffer preceding and
$eineeding the charging capacitor. The high output impendence of the loading of the. message source
d lso ensure that the capacitor charge by a constant rate irrespective of the source impendence. See

(60)

it the area under the curve (W
alitude and quality of reproduced signals

| ' -
te E
- ENG i : .
NP i i ' i
oF Amg a R i
Lo
e L e
—r et
T
i
i S 5 -
IR -

AMPLEHOLED CIRCUE

Fie. Mo (6)
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_ml henee the capacitor can hold the charger for infinity time. at least theoretically . Ilowever small

.‘i

frate Is impotent parameter is sample and hold circuit design.

WIS AMPLITUDE MODULATION:-

V-
Tie modulation signal is applied to pin no. 3 of IC TL 074, this IC buffer signal and is fed to pin no. 3 &
8f 1€ DG 211 the pulse input is applied to pin no. 1 & 16 of IC DG 211. the same signal is inverted
jgguppliul 16 pin no. 9. the sample output is available at pin no. 2 the signal is buffered by 1€ Sb (11
| i) nnd owput is available on socket labeled sample output. Same output as sample output is available
pinno. 15001C DG 211. it is applied to sampled & hold circuit comparing of IC TL074. The sample
hald output is available at pin no. 8 of IC TL074 & socket labeled sample & hold output. This samplc
Il output is fed to pin no. 11°'IC DG 211, and the output is available on the socket labeled flat top

il

OUALTION:-

Aput signal o this block is first attenuated by the resistance 15K & 10K resistor, and is buffered by
FLO74) quad high speed of amp. IC. This OP amp. Is configured as non-inverting unity gain buffer.
utput of this OP-Amp. Is then fed to fourth order butter worth low pass filter. (this filter consists of
T1. 074) & different values of resistor and capacitors. The output of the filter is fed to the A.C

\Ifer circuit consists of signal OP-Amp, whose gain can be varied, by varying the potentiometer

gh & mount on the panel in demodulator section. The final output can be observed at the socket

lol demodulated output. The input to each OP-Amp and the output from each OP-Amp, are a.c
lpled with capacitors to remove any d.c off sets. ’

s e

e

TS

Sl

St

SR

i he high inpuc impendence of the succeeding buffer prevent the change Tron the capacitor due to loading

&'Bkugc current through the capacitor dielectric into positive input ol sccond bufler is always present
gvich causes gradual charge loss. The rate of change of voltage with respect to time dv/dt called as droop

~
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—i'l‘n". chreuit uses 1C 7555 timer 1C operation in monostable made. The transistor BC 327 in conjunction
fwlih when diode and resistor 1K2 operate as constant. Current source provided a constant current of 4. |
HA at the transistor collector. The pulse input is applied to capacitor In resistor 4K7 & diode at 85 j
Coivert way e range into — Ve going pulses, which are applied at pin.2 (trig) input of the 7555 used to,
Hidpger the monostable normally. a transistor internal to the 7555 shorter the output of the constant
wiitteni source Lo ground via pin no. 7 (discharge) pin when a negative going edge in applied to trigger
_:jpm of 1C 7555, its internal transistor is turn off and the constant current source in allowed to charge
ngvllm 0. 1ps at a constant rate. In addition the 7555°s output pin no. 3 is taken high. The voltage
Savions 0. 1p0s rise lincarly. This is monitored by threshold (THR) pin no. 6 input. As soon as the voltage

l {1 input reaches the level of the CTRL (control) input of 75557s output pin no. 3 is returned to a
W atite and chip internal transistor turns ON again. shorting out 0.1pt f, via diode bal 85 (pin no. 7)

e tyele is repeated every time a falling edge is applied to the 75557s output pin (pin no.3). il no signal
fiplied 1o the modulating input of PWM circuit, the voltage at the 1C’s CTRL (control pin no. 5) input

1 level of 3.3V, and the duty cycle of the square wave at its output is approximately 50%. The

ie wave is the output signal from the pulse width modulator black and can be monitored at the

gl labeled PWM. output if analog signal is applied to the modulating input of PWM circuit. This

fnput signal is a.c coupled to the 7555’s CTRL input pin no. 5 and becomes superimposed on the

I input 13.3 d.c level. The voltage on the CTRL input swing on either side +3.3V d.c in sccordance
plied analog signal. This changing voltage can be monitored on pin no.5 suppose. the voltage at

{1t pin no. 0 of 7555 IC reaches the voltage level at the CTRL pin no. 5 since capacitor 0. 1pfis

d at constant rate, it takes longer for the THR voltage to reach the CTRL voltage. so a longer high

ilse ot 1C7s output pin goes low and capacitor 0.1uf'is discharge, resulting in longer high level

e it 1C"s output pin than before. Thus causing the duty cycle of the output of pulse width modulator

“re (han S0%. Conversely if the voltage at 7555 1C°s CTRL input goes below +3.3V, capacitor

it etinrged for a period shorter than they were before hence, the duty cycle of pulse width modulation

t hsgomes less than 50%.
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The output signal to this is first attenuated by the resistance 10K resistor and is bulfered by (1CT1074)

- 4itid high speed op-amp 1C. This op-amp is configured as non-inverting unity gain buffer. The output of
i op-ampis then fed to fourth order butter worth low pass filter. TWs filter. This filter consists of 1C
11074 & dilferent values of resistor & capacitors. The output of the filter is fed to the A.(° amplificr

iglmuil consists ol signal op-amp, where gain can be varied. by varying the potentiometer which is mount

ﬂh the pancl is demodulator section. The final output can be observed at the socket labeled demodulated
Aiput, the input to cach op-amp, and the output from each op-amp. are a.c coupled with capacitor (o
EHIOve any de olT sets.

“ier- Thereis ainstant rise in amplitude of demoduiated wave this is due to abrupt change in
iilth of (he pulses. :

fFLEAE POSISTION MODULATION: -

amplitude and width of the pulses is kept constant in this system. while the positions of each pulse,
liitlon o the position of a recurrent reference pulse is varied by each instantaneous sampled value of
wilntion wave.

dlog sipnal is changed to a PWM signal first and then the PWM signal is changed to a pulse
At modulaied signal. This double modulation and the transmitter may same redundant, but the
svement m noise immunity is well worth the added effort. The PPM transmitter is far superior to
ﬁ‘.l’ will introduce error. The major disadvantage are a more complex circuit and higher costs.

>

Fig. No (12)



1 le PPN modulator circuit is shown fig. (12). The signal of the derived frequency is applied to” the
L leuit liom which the negative triggered pulse are derived with the help of the diode 4148 and or R-C
% b‘jﬂhlnuliuu which work as a differentiator. These negative triggered pulse are applied to the input of
e 7555 timer -1 which is working in the monostable mode. They decide the stating time of the PWM
{ilos. 1 he end of the signal at pin no. 5 to which the modulating signal is apply. Therefore the width of
jllllhcs depend upon the value of the modulating signal. T

W1

his PWM output from pin 3 of 7555 timer-1
jlicd in pinno. 2 0f 7555 timer 2 through the diode and R 1-c| combination.

J
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ig. No (13) 4

HEHpuL (0 pin no. 2 is the negative trigger pulses which correspond to the tralling edges of the
WASe (0nn 1he 7555 timer 2 is workin

g in a monostable mode and the width of the pulse is
poverned by R2-C2 combination. The negative trigger pulses decide the stating time of the
W and thus the output at pin no. 3 is the derived pulse position modulated output.
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I utility the fact that the gaps between the pulse of PWM sign
10 modulating signal. During the gap A-B between the pulses the transmitter is cut off and the capacitor
In charged through the R-C combination. During the pulse during B-C the
Jugh the monitor and the collector voltage become low. Thus the wave from at the collector is
oximately a saw tooth wave from whose cover lope is the modulating signal whe
Ugh o fourth order low pass filter we get the desired de-modulated output. This (il
74 & different values resistors & capacitors. The output of the filter is fed to the
it consists of° signal op-amp, whose gain can be varied, by
M on the panel in demodulator section. The final output can
;ﬁjdululcd output. The input to each op
iBltors 10 remove any d.c off sets.

al contains the information regarding
capacitor discharge

0 this passed

ter consists of 1
A.Camplilicr
varying the potentiometer which i~

be observed at the socked labeled
-amp, and the output from each Op-amp are a.c coupled with

{o There is a instant rise in amplitude of demodulated wave this is to abru pt betw
/]

een the
INPUT BLACK:-

uitallows speech and music signals as input the ME 746 trainer. It allows these signgls over
comnunications systems e.g the input block may be connected to PAM, PWM or PPM.

i
i

B Input block consists of TLO82 which is adual op-amp configured as an amplifier. Thi.s\b{zck
iput lrom microphone which can be inserted signal. This signal is then applied to the pin nv. 2

b aapucitor which is used as a.c coupling. The signal is then amplitude by thf: op-amp its output
i applicd (o 1C (TL074) which again amplifier the signal and output is applied to pinno 9 of IC
“;,Mﬂch with is configured as low pass filter with cut off frequency .304KHz. The final output is
Bl socket labeled o/p. The two zener diodes are to set the reference voltage.

ultey Input block consisﬁ of TL082 which is a dual op-amp configured as an amplifier. This block
Hput [rom microphone which can be inserted in the microphone jack provided (labeled as MIC)

Averts the sound signal to electrical signal. This signal is then applied to the pin n0.2 of IC

‘gapucitor which is used as a.c. coupling. The éignal is then amplified by the op-amp and its

further applied to 1C (TLO74) which again amplifies the signal and output is applied to pin no

"1.074) which with is configured as low pass filter with cut off frequency .304KHz . The final
Avalluble at socket labeled o/p. The two zener diodes are used to set the reference voltage.




;M ABO which is a audio amplifier. The output of this IC is

i hlL through capacitor is applied to load speaker to provide the audible output. To facilitate the use
vh'l_cml phones provided with the module the panel cont

ains the carphone socket. The module
H)mnln on - board power supply for the amplifier circuitry.

| i\.( Mains.

Ienee the module can be powered

IS SWITCHES: -

ek comprises of eight fault switches. Each of them effect different blocks on MI- 740,
T SWITCH 1 1t disconnects the resistance (1.2K) in PWM block from the eround link.

, SWILC 2: [t disconnects the link from transistor T1 collector pinnO.6 & 7 of 1C (7555),
L SWITCH 3 It cuts the feedback path. and affects the flat-top output.

NI'TCH 4 It disconnects the modulating liP to the IC (DG 211)

SWITCH S

: Itdisconnects the supply voltage of IC 7555 in PPM block.

WITCH 6: It disconnects the feed back path of IC (T1074)

VITCH 7: It disconnects the crystal o/p frequency from /iP pin nO.1 0 of IC(74HC4040)
i WITCH 8: It disconnects the square wave |iP to the sine wave converter.

/I'TCH 9: It disconnected the output of not gate to the input of IC074 & its effect of

T SWITCH 10 Its disconnected of input of demodulation & its effect the demodulated

available at pin S and this output signal after

.
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PAM

1@ B K1z 0 pulse input.
to sipnal input.
\ with the modulated output socket i.e flat top output.
with the AF signal output socket.
itrol ut minimum position.
3 Aelector switch o 1K Hz frequency.
with the Al sinal. ~
G ime/div knob to the 0.2 ms/div.
i instrument using on/off toggles switch.
g the amplitude & frequency of sine wave by amplitude pot and frequency
ive the pulse amplitude modulation i.e flat-flop modulation. .
“viitving the frequency of pulses, by connecting the pulse input to the 4 frequencies
Hilili |.e §.10.32.04 KHz in pulse output socket & also observed the corresponding effect
i,
e elfecton all the oatput, sample output & sample & hold output.
IO faultno 3.4.7.8 one by one & observe their

Hamd 1y 1o locat effect on pulse amplitude modh'lating
A ry o locale.

P j <
" PAD

the modulated output i.e flat top output to the PAM input of demodulator circuit.
1 requency selector switch to 1KHz position.

Jct the output of low pass filter to the input of AC amplifier.

ihie gain control pot in AC amplifier block in maximum position.

Hect CRO channel A with the AC amplifier output socket.

Aisen e the demodulated output. :

i the autput s not pure sine wave adjust the gain control pot of AC amplifier block.
1!’11”:11‘!) connect the sample & hold & sample outputs to demodulator circuit and see the
modulated wave from at the output of AC amplifier,

Switeh on the fault switches 1.3,4,6,7.8 one by one and see their effect on demodulated output
try locate them.

witch off the power supply.

1
£ ¥ imcnl No.:-3 i ‘ pN
N N

~ Conneet the pulse output i.e 8Khz to the pulse input.
('onncct the signal output to AF signal input,

- Conneet CRO channel A with the PWM output socket.
Conneet CRO channel B with the AF signal output socket.

[<eep amplitude control at minimum position.

I eep frequency selector switch to 1KHz frequency.

I rigger CRO with the AF signal.

(T
N

change
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L (he instument using ON/OLFL ogele switches.
Sitying the amplitude and frequency of sine wave by
teh observe the pulse widith modulated output.

8 drying the fl‘t’t](!@ﬂt{)’ al pulse, by connecting the pulsc input to the 4 frequencies

able 11 816,32,64 Kz, I pulse output socket & also obscrve (he corresponding effect

amplitude pot and frequency change

/

, p
| PN D
aiitpii to the PWM input of demodulator cireuit.

dgitor switeh to 1Khz position.

Hiannel A with the AC amplifier output socket.

eiiiodulated output on CRO.

ot proper sine wave adjust the gain control pot AC amplifier block.

Wl no. 1.2,6,7.8, one by one & obscrve their effect on demodulated output & try (o

liere is an instant rise in amplitude at the demodulated this is due to abrupt change in
idth of the pulses.

PP
Comnect the pulses output i.e 8Khz to the pulse input of PWM block. - PR
Connect Al signal output to the signal input of PWM block.  ~

Conneet P'WM output to PPM input. )

Conneel CRO channel A with the PPM output socket. ¥ f
Conneet CRO channels B with the AF signal output socket.
INeep fregquency sclector switch to TKhz frequency.
Frigger CRZWHD the AT signal.

Trigger CRO time/div knob to the 0.2ms/div.

Switeh ON the, Instrument using ON/OFF toggle switch.
Varying the amplitude and frequency of sine wave by amplitude pot and frequency change over
switch. Observe the pulse width modulated output.

Also try varylng the voltage of pulse, by connecting the pulse input to the 4 frequencies
available i.c 8,16,32,64K0/. In pulse output socket & also observe the corresponding clfeet on
the modulated output,
Switch on fault ne, 1,2,5,7,8 one by one & observe their effect on pulse position modulation
output & try to lagate them.

/ Switch off'the power gupply.



/PD

I'I'M output to the PPM input of demodulator elreult,
iy sclector switch to 1KHz position.
(put of low pass filter to the input of AC amplifier,
rol pot in AC amplifier block maximum position,
1) channel A with the AC amplifier output socket,
lenodulated output on CRO. '
Il [ not proper sine wave adjust the gain control pot of AC #iplificr block.
1¢ fault no. 1,2.5.7.8 one by one & observe their effeet on demiodulated output & try -
Hiem.
he power supply.

i instant rise in amplitude at the demodulation this is dug {0 ahirupt change in

s between the pulses.

No.:-7
I'M using DC input

e¢t the circuit as per experiment no-5 expect to connect the Al input of the PWM block.
et DC output to the AF input of PWM block.
¢ the pulse position modulation at PPM output.

i fault no. 1,2.5.7.8 one by one & observe their effect on pulse position madulation
vy to locate them.
the power supply.

fophone in the MIC socket in audio input block.
Hlitput ol'audio input block to AF signal input of pulse amplitude modulution

17 pulse output of pulse amplitude modulation block.
output of pulse amplitude modulation block to PAM input of demodulator

;u‘()l pot of AC amplifier in mid position.
o AC amplifier block to input of audio output tblock.

@ mlcm phmw in the input.
= Bwitch off the power supply.
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INSTRUCTION MANUL
| FOR
AMPLITUDE MODULATION & DEMODULATION

i
|

mplitude modulation & demodulation apparatus has been designed to study

e following:

A Aniplitude Modulation & Calculation of Modulation Index Percentage
Modulation of Side Band Frequency.
13, Amplitude Demodulator.

he mstruments comprises of the following built parts:

I. I'ixed output DC regulated power supply of = 12Volts.
2. Built in Carrier Sine Wave generator of 450 KHz frequency 2.5V peak to

peak amplitude.
3. Built in Audio Frequency Function Generator of 1 KHz 1.5V peak to Peak

Amplitude. :
4. Circuit diagram for modulator & demodulator are printed on the front panel

T TV

B S — SRR R Fage

N ey

=z

and components are soldered behind the front panel.

THEORY

Modulation is the process in which some property of high frequency wave,
dlso called as carrier wave c, is altered in such way by low frequency
information signal, called as ‘modulating wave om, to transmit from one place to
other plice through air. In double sideband amplitude modulation the amplitude of
carrier wave is altered by modulating wave such to from an envelope upon the
carrier on both sides. A“hon linear element is used to perform the high level
modulation and a linear element for low level miodulation. Properly biased
(ransistors provide linear/non linear operation with some amplification. The AM
wave is represents as shown in fig. (3) and its sidebands as shown in Fig. (4). The

top envelope is represents as

Vet Vim sin omt,
Where the bottom envelope is represented as

(Ve Vi sin omt,)

When Ve is the carrier voltage, Vm is the modulating voltage: It is shown
(hat formatting of envelops depends upon the term Ve+Vm, where Ve is kept

constant hence the envelope height depends upon Vm only. The ratio between
or factor mf, which 1s

envelope amplitude is called as modulation index

represented as




R

V' max— ¥ min/2

V' max+V min/2

Caleulating mf with 100 gives percentage modulation m%, which should
acver - 100. The power radiated in a given load is related in two terms, one the
carricr power Pc and the other is modulated carrier power Pm. The difference of
two sideband power s which is equal to Pusb+Plsb. The Pm is related with Pe as

Pni mf?2

e 2
1

1 THEORY OF OPERATION

For Amplitude Modulation
Iigure (1) that shows the shows the internal circuit of the chip. We see that
the carrier signal 1s applied (o pins 8§ and 10 in a common mode to a set of cross
E coupled differential amplifiers (Q1 with Q4 and Q2 with Q3). Transistor Q7 and
Q8 serve as the constant current generator for the differential amplifiers, wheras
the bias voltage applicd (o pin 5 determines the amount of current through the

HIPNA! N ) — v 14 -VDC
Gan adj 2 ] —— 13
Gam ad) 3 emd M }—— 12 Output
LT L pa— 1496 — 11
Bias 5 — DiP }—— 1D Cacrierin
Gitput  —d —— 5
: : - s Gatirty
ouput 6 (@ €) 12 Output
£ \
§ Gamnecin 0 Q1 Q2 Q3 Q4

Laner in @
Signalw 4 @_——és Qs 1 Signaiin

2 Ganady

@ 3 Ganad,

Q7

T l-d L —eln

5000 ﬁom%
voc 14 (@)

amplifiers. The resistor connected to pins 2 and 3 sets the modulator gain with a
smaller resistor resulting in higher gain. The DC voltage difference between pins 1
and 4 will balance the differential amplifiers for complete carrier regection by
equalizing the current in each differential amplifier. When the message signal is
applied to pins 1 and 4 transistor Q5 and Q6 will alternately increase (or decrease)

FIG.1

3 T e 2=
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the current through their associated amplifier to output the sum and difference

frequencies in the side band pair. The output is taken pin 6 for the modulator.

DEMODULATION OF AM WAVE

There are may procedure to demodulate the amplitude modulated waves. In
present board (envelope detection) linear diode demodulation circuitry is provided.
In lincar diode detector cireuits, diode presents a low ohmic path to input signal in

O—P+ ©

OA79

FIG.2
onc direction only. For this reason changes in the peak current through the diode

will remain confined to straight portion of V olt-ampere characteristics of the diode
in other words it can be said that it acts as half wave rectifier carrier wave
components. When carrier is presented only the average current lavg will pass
through the diode and has a constant amplitude output. When modulated wave is
al the input the current 1 peak varies through forms a low pass filter to remove
these HF components (in actual practice pye filters are employed). The maximum
time constant is kept max equal RLC= 1/ocom.

The detection efficieny of diode detector is calculated from (he input
modulated signal power, or by mean of modulation depth and detected output as

f} = average potential across RL/peak input signal voltage

The maximum detection efficiency lies between 80-90%, and upto 60-70%
of modulation index.

PROCEDURE

For Modulation
1. Connect the carrier OSC output to carrier input.

2. Connect AF signal output to AF signal input.

f. Connect CRO channel A with the Amplitude Modulation output sockets.
. Connect the CRO channel B with the AF signal output sockets.

5. Keep the Amplitude control at minimum position,

6. Switch ON the instrument using ON/OFF toggle switch,

R P A s

e

TR P St

R s f B T R —




7. Adjust CRO time base for 0.2ms.DV and vert gain at 1V/Div a band will
appear upon the screen. Position it at the center of the screen & calculate

o—7N -©

OAT79

RL
s 10K ¢

FIG.3
the value of modulation index percentage modulation upper side band
frequency and lower side band frequency.

Formula used calculation of modulation index or modulation coefficient and
side band frequencies. :

ma =2V max -2V min/2V max +-2V min_

Percent modulation = ma x 100% s

Upper side band frequency =carrier signal frequency + modulating signal
frequency.

Connect the resistance box across the modulated output sockets in paralle!
with CRO leads measure the signal in Vpp.

Feed one volt p-p AF signal to the AF input. Trace out the pattern of the

modulated wave and measure amplitudes in Vpp as shown in Fig, (4).
Ve Modulation Depth =AB

© Vmsintmt

(Vc +Vm sinlimt)
]
Enveldp formation of Amplitude Modulated Wavéform
;' v( Carr
Lsb : Usb
: : : Fig.4
: H H
...... O -
fc.fm fc Fc +1im

10.Increase AF input to successive levels and note amplitude A and B, for
each increment. Calculate modulation factor for each input. Draw a plot
between input signal (AF) modulation factor. The curve of the graph shown
the modulation process. Increase maximum AF signal to observe the

distorted wave form since cut-off and saturation of the transistor Q5.

Pl

~

)eeeooo

e s

X K K |

.zz:m‘m.
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11. Calculate peak power and Pc = VPP& RL and modulated power 2Pm =
VA%RL, where AV is the pp amplitude traces from modulated envelope.
IFind out the power in side bands as p side bands = Pm. PC.

12. Plot side bands spectrum measuring AF and carrier signal frequencies.

13. Trigger CRO with input signal (For external triggering)

Note: - If resistance box and resistor is not available then modulated output may
be terminated in provided RL = 10K in demodulator circuit as shown Fig, 3) &

Fig. (4).

For Demodulation
[. Connect the Amplitude modulation circuit to the input of Amplitude

" demodulation circuit. ‘
2. Connect the CRO channel A with the amplitude demodulation qutput.

Envelop

Carrier
component >

Demodulated signal without ‘¢’
Fig. 5 (1)

VAV

Output wave form with ‘c’
Fig. 5 (2)
Detector output
volt Output
“A ‘( distort
H A
- «
: .0' . Max.
. o+ efiicience
° v feaide ™ _a
= Clrunsnas = AB
;‘0‘::- llllll llb L—ECX100
Peak input voltage

Vpeak

Different wave form at demodulator and its response curve
Fig. 5(3)

3. Remain C out Circuit and no RL should be connected across modulated

output sockets then the output is as shown in fig. 5 (i).

Connect CRO channel B with the AF modulated signal output.

Connect C in the Circuit and note its effect upon the RIF components as

shown in Fig. 5 (ii).

6. Feed AT signal for different modulation factor and note the amplitude of
demodulated output voltage in p-p, and input voltage as Vp=Vpp/2 or-A/S.

7. Plot a response curve between output vollage and Vp input. Select the
linear part of the curve and calculate the efficiency of the detector as

B=Slope of the curve as shown in Fig. 5 (iii).
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. aadat ol timstormer variable in sieps. resistence, capucitor nelwork and a coil
it phase shifling in network is fed 1o cathode say eseillaror (o fore _;;uzzl and
pnt o P hysteresis produced is noticed on the o
HITE 15 @i vyl un(lu'luu'lcl.

7ol oaeiater, oanpielo cireyll

Cotbthe instrument after plugging for each plate and ground of CR.G
'rinat are provided for each plate and groar ui CR.O

snniect horizontal (X) plates o7 C.R.O
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vt feed the vertical (Y) plates of C.R.O ground terminal zee connected to the

notential of the respective plat

it potential in network the deflection notice on X .0 con 50 inene w0 or
i switch sported by potentiometer (Level).

i ’-.e'f:nary of solenoid =1 0000
Wire No, S, W.G = 44

«econdary of solenoid = 280 .
e No. S.W.G = 24 ]
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rods are provided to vary the curves in shay ape sfter inserbing in the solenoid.

‘e connect. ampere meter ]Ar];‘u AC. A _fead is pZ'OVidt‘-(i to short thee s
in umpere meter is not connected o output will be seen il theae ©ochey are cpen.

‘et are to connzct volt meter 16V A.C.
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