OBJECTIVE:
To study DSB amplitude
power in side bands.

modulation

&

determine

its

modulation

factor

&

OUTCOME:
To analyze DSB/ SSB amplitude modulation & determine its modulation factor & power in side
bands.
REQUIREMENTS:
DSB/SSB AM Transmitter trainer ST-2201, CRO, CRO probes.
THEORY:
Amplitude modulation is used for broadcasting the information for long distance communication.
In addition, it is widely used in many other commercial areas. In amplitude modulation, the
amplitude of carrier is changed in accordance with the modulating signal. As a special case, let us
consider that the modulating signal is a sine wave of frequency ωm given by,
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em = Em cos ωm t

E
,

where, Em is the peak amplitude of the modulating signal. Let the carrier waveform be given by,
ec = Ec cos ωc t

where ωc is the carrier frequency and ωc >> ωm
For amplitude modulation the amplitude of modulated wave is given by,
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A(t) = (Ec + Emcos ωm t) cos ωc t

= [Ec ( 1+ Em/Ec cos ωm t )]cos ωc t

There are two side bands and a carrier in DSB signal. Since the information is available in side
bands only, the power is wasted in form of carrier. To avoid the wastage of power DSB-SC system
is used. In this system, modulating and carrier signals are applied at the input of modulator. If
balanced modulator is used which is shown in Fig. 2 the modulated signal is given by,
e(t) = cos ωc t × cos ωm t
Using trigonometric relation,
e(t) = ½ [cos(ωc + ωm)t + cos(ωc – ωm)t]

So, two side bands are obtained, one at frequency (ωc+ωm) & other at frequency (ωc-ωm). Internally,
the balance modulator generates the AM waveform which includes the carrier & both side bands. It
then offers the facility to feed a variable amount of carrier back into the modulator in anti-phase to
cancel the carrier o/p. In this way we can balance out the carrier to suppress it completely leaving
just the required DSB-SC waveform.
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Modulation Index:
It is defined as the ratio of the amplitude of base band signal to the amplitude of carrier signal. It is
denoted by ma,
m a = Em / E c
In terms of Emax & Emin , it is given by,
(

)⁄

ma = (
=

)⁄

(

)

(

)

Total power in AM wave is given by,
⁄ )

Pt = Pc (1 +
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where, Pc is carrier power and given by,
Pc =
Pt can also be written as,
Pt = Pc + P c
where, Pc

+ Pc

+ Pc

E
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is power in side bands.

PROCEDURE:
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Connect the modulating signal at one input of balance modulator.
Connect the carrier signal at other input of balance modulator.
Observe DSB modulated wave at testing point 13 on CRO.

OBSERVATION TABLE:

Table 1: Modulation index of amplitude modulated signal.

S.No

Base band signal
Amp

Freq

Carrier signal

Amp

Freq

Modulated signal
Emax

Emin

Modulation Index
ma
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RESULTS & DISCUSSION:



Amplitude modulated signal has been observed on CRO.
Its modulation index & power in side bands has also been calculated.

PRECAUTIONS:



Do not apply carrier signal of frequency higher than specified range of CRO.
Maintain amplitude of carrier greater than that of modulating signal.



Properly make the connection to the ground pin provided on the kit.



Trace the waveforms carefully.
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(a) Carrier Signal
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(b) Modulating Signal
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(c) AM Signal

Fig. 1: Amplitude Modulation Waveform
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Fig. 2 : Amplitude Modulation Circuit
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QUESTIONS:
1. Which type of modulation is used in TV transmission?
2. Explain the need of modulation and demodulation.
3. What is analog modulation and state various techniques?
4. What happens in case of over modulation?
5. Where the modulation index lies?
6. Mention the advantages of DSB SC over DSB FC.
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7. What type of carrier is used in Ring modulator?
8. What is the range of over modulation?
9. What is DSB SC?
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10. How many side band are there In DSBSC?

11. Why we use amplifier in case of long distance communication?
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OBJECTIVE:
To study amplitude demodulation by linear diode detector.
OUTCOME:
To analyze amplitude demodulation by linear diode detector.
REQUIREMENTS:
DSB/SSB AM transmitter trainer ST-2201, DSB/SSB AM receiver trainer ST-2202, CRO, CRO
probes & connecting wires.
THEORY:
Amplitude demodulation is used to recover the information content from the modulated carrier
wave. This term is traditionally used in connection with radio receivers. In a communication
system, a high frequency carrier is modulated by the low frequency information signal and the
modulated carrier, which contains the information, is transmitted by the transmitting antenna. At
the receiver the information is transmitted back from the modulated carrier. The process of
separation of information signal from the carrier is called demodulation.
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Demodulators for AM are of two types: (a) Square-law detector , (b) Linear detector.
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Here, a linear diode detector is being studied.
Fig.1 shows the circuit diagram of a linear diode detector. In this circuit the linear portion of
dynamic characteristics of diode is used, hence named linear diode detector. It consists of a half
wave rectifier followed by a capacitor input filter. Input to the circuit is an AM wave with a high
frequency carrier & a low frequency envelop corresponding to the signal. The diode cuts-off the
negative going portion of the AM wave. Capacitor C charges up to the peak of the carrier cycle
through the low resistance rd (forward resistance of diode) & then during negative half cycle tries to
discharge through relatively high resistance R. Capacitor value is chosen such that this discharge is
very small in the time between carrier half cycles. A DC level in the o/p comes because the current
through diode flows in the form of pulses occurring at the peak of each carrier cycle.
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Diode clipping effect: As capacitor C charges through rd (forward resistance of diode) &
discharges through load resistance R, the value of forward resistance of diode is very less compared
to load resistance which is in K-ohms. So charging time of C is very less compared to discharging
time. If the value of load resistance is chosen very large, discharging takes places very slowly &
some low amplitude places are left by capacitor. This leads to diode clipping effect which is shown
in Fig. 2. To remove this effect, the value of load resistance should not be very large. If the value is
very small it may lead to envelope distortion which is shown in figure.
PROCEDURE:



Connect the modulated signal to the demodulator input.
Check the demodulator output & compare with modulating signal
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OBSERVATION TABLE:
Table 1: Amplitude and Frequency of demodulated signal.

S.No.

Base band signal
Amplitude

Frequency

Demodulated signal
Amplitude

Frequency

E
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RESULTS & DISCUSSION:




Demodulated signal has been observed on CRO.
The demodulated signal is same as base band signal.
When R increases, diagonal clipping effect is visible at the output.
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PRECAUTIONS:






Don’t make connections while power is switched on.
Maintain amplitude of carrier greater than that of modulating signal.
Make tight connections.
Properly make the connection to the ground pin provided on the kit.
Trace the waveforms carefully.
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AM wave

Detected output

E
C
Detected output
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Fig. 1: Linear diode detector
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RC too large

Envelope

Fig. 2: Diode clipping effect

MIET/ECE/COMM.LAB-I/02

QUESTIONS:
1. What is the most commonly used demodulator?
2. What is AGC?
3. What is the use of AGC?
4. What is the oscillator frequency in AM receiver?
5. What is pilot carrier in SSB?
6. What is carrier frequency in AM signal?
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7. State the techniques of demodulation.
8. What is the difference between detector and demodulator?

9. What is the difference between coherent and non-coherent demodulation?
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10. What type of modulation is used for video signal?
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OBJECTIVE:
To study frequency modulation and determine its modulation factor.
OUTCOME:
To analyze frequency modulation & determine its modulation index.
REQUIREMENTS:
FM Mod. / Demod. kit, CRO, CRO probes, function generator & connecting wires.
THEORY:
Frequency modulation is used for broadcasting, in which frequency of the carrier is varied in
accordance with the instantaneous value of modulating voltage. The amount of change in frequency
is determined by the amplitude of the modulating signal. As seen in Fig.1, frequency of the carrier
signal increase as the amplitude of the modulating signal rises while decreases as the amplitude of
the modulating voltage drops down. When the amplitude of the modulating signal is zero the carrier
signal has frequency at its normal value “f ” called resting or centre frequency.
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In FM system the amplitude of carrier remains constant. Fig.1 shows a sinusoidal modulating signal
and a frequency modulated carrier. It can be seen in the figure that the frequency of carrier varies
according to the amplitude variations of the signal; whereas the amplitude of carrier remains
unaltered. In FM the information is being carried by the carrier in its frequency variations and not
in the amplitude. This is a great advantage in FM, because the noise generally affects the
amplitudes of a waveform. Due to this, FM is much more immune to the effects of noise as
compared to AM, where the information is carried in amplitude variation.
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An unmodulated carrier may be written as,

ec= A sin(ωct + θ )

where, ωc s the frequency of the carrier. The instantaneous frequency f of the FM carrier is given
by,
f = fc(1 + KEm cosωmt)
where, K is a proportionality constant, Em cosωmt is the instantaneous amplitude of modulating
signal and ωm is the modulating frequency.
Modulation index:

It is the ratio of frequency deviation Δf to the modulating frequency fm and given by,
mf = Δf / fm
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PROCEDURE:


Ensure that the following initial conditions exist on the ST 2203 board
(a) All Switched Faults in ‘Off’ condition
(b) Amplitude potentiometer (in mixer amplifier block ) in fully clockwise position.
(c) VCO switch (in phase locked loop detector block) in ‘Off’ position.
Switch on power to the board and measure the amplitude and frequency of the modulating
signal across the output terminal of Audio Oscillator block with the help of CRO.
Measure carrier’s frequency and amplitude by CRO across the FM output terminal and
ground terminal.
Connect Modulating signal to Audio Input terminal of Modulator block and observe FM
waveforms on the CRO across the FM output terminal.
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OBSERVATION TABLE:

Table 1: Modulation factor and frequency deviation of FM signal.

S.No.

Baseband signal

Carrier signal

Amp

Amp

Freq
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RESULTS & DISCUSSION:





E
,

Freq

Modulated signal
Fmax

Fmin

Δf

mf

Frequency modulated signal has been observed on CRO
Its modulation factor has been calculated.
As we are increasing the amplitude of baseband signal, frequency deviation increase and
hence modulation index increase.
If value of modulation index is less than and equals to 0.5 then it is called narrow band FM.

PRECAUTIONS:


Don’t make connections while the power is switched ON.



Make tight connections.



Maintain the amplitude of carrier greater than that of modulating signal.



Properly make the connection to the ground pin provided on the kit.



Trace the waveforms carefully.
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(a) Carrier signal
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(b) Modulating signal
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(c) FM signal

Fig. 1: Frequency Modulation
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Fig. 2: Frequency Modulation Circuit
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QUESTIONS:
1. What is frequency deviation in FM?
2. What is direct method of FM generation?
3. Which Side band are ignored in FM?
4. Is FM signal better than AM signal and Why?
5. What is Indirect method of FM generation?
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6. What is VCO?
7. What is CCIR?
8. How many side band are in FM?
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9. Define Frequency modulation. How it is different from phase modulation?
10. Differentiate Narrow band FM with Wide band FM.

11. In commercial FM broadcasting, the audio frequency range handled is only up to …………
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OBJECTIVE:
To study PLL 565 as frequency demodulator.
OUTCOME:
To analyze PLL 565 as frequency demodulator.
REQUIREMENTS:
FM Mod. / Demod. kit, CRO, CRO probes & connecting wires.
THEORY:
Phase-locked loops are widely employed in radio, telecommunications, computers and other
electronic applications. Phase locked loop (PLL) IC 565 & its associated circuitry has been used for
FM demodulation. The pin configuration and the block diagram of PLL IC 565 are shown in Fig. 1
(a) & (b) respectively. The PLL output is fed to a comparator and then to a wave shaping network
to give the sine wave demodulated output. Between the PLL output and comparator, an external
low pass filter is also available to reduce the noise from the PLL output.
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Fig. 2 shows FM demodulator using PLL. As soon as the input signal of frequency fS is applied to
the PLL, the phase detector compares the phase and frequency of the input signal with the output v o
of the VCO. If the two signals differ in frequency or phase, an error voltage ve is generated. The
phase detector is basically a multiplier and produces the sum (fs+fo) and difference (fs-fo) frequency
components at its output. The high frequency component (fs+fo) is filtered by the low pass filter and
the difference frequency component is amplified by the amplifier stage of gain 1.4. The amplifier
output is applied to VCO. This shifts the VCO frequency in a direction to reduce the frequency
difference between fs and fo. Once this action starts, we say that the signal is in the capture range.
The VCO continues to change frequency till its output frequency is exactly the same as the input
signal frequency. The circuit is then said to be locked. Once locked, the output frequency fo of
VCO is identical to fs except for a finite phase difference θ, which generates a corrective control
voltage vc to shift the VCO frequency from fo to fs and thereby maintain the lock. If the input
frequency is varied, as in the case of FM signal, vc will also vary in order to maintain the lock. Thus
the voltage output serves as a frequency discriminator which converts the input frequency changes
to voltage changes and is available at pin 7, i.e., the two frequencies of FM gives two different
voltages at pin 7. Pin 6 supplies reference voltage at which VCO is operated in free running mode.
The output at pin 7 is compared with reference voltage of pin 6 using a comparator made by opamp to obtain FM demodulated output.
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The output of PLL is square wave while the modulating signal is sine wave. To convert square
wave into sine wave an integrator followed by a low pass filter with op-amp, as shown in Fig.2, is
used. Since the output of integrator is not constant with frequency, therefore two zeners are
connected back-to-back to limit the output of the integrator and thus converts the triangular wave
into the trapezoid wave of constant amplitude. The low pass filter gives sine wave output which is
amplified by the op-amp.
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PROCEDURE:







Ensure that the following initial conditions exist on the ST 2203 board
(a) All Switched Faults in ‘Off’ condition.
(b) Audio oscillator block’s amplitude potentiometer in fully clockwise (maximum)
position and frequency potentiometer in fully anti- clockwise (minimum) position.
(c) Amplitude potentiometer (in mixer/amplifier block ) in fully clockwise position.
(d) VCO switch (in phase-locked loop detector block) in ‘On’ position.
Connect FM o/p terminal to PLL i/p terminal. Now FM signal gets connected to PLL
detector.
Observe the PLL o/p by CRO. PLL o/p is available in the form of square wave
corresponding to the sine wave modulating signal.
Connect PLL o/p to the i/p terminal of Low pass filter/Amplifier block.
Now connect the output terminal of Low pass filter/Amplifier block to CRO and observe
the demodulated waveform.
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OBSERVATION TABLE:
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Table 1: Amplitude and frequency of demodulated signal.
Base Band Signal
S.No.

Modulated
Signal
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Amplitude

Frequency

Demodulated Signal

Amplitude

Refer fig.

RESULTS & DISCUSSION:



Frequency

Demodulated signal has been observed on CRO.
The demodulated signal is found approximately same as baseband signal at transmitter side.

PRECAUTIONS:


Don’t make connections while the power is switched ON.



Make tight connections.



Properly make the connection to the ground pin provided on the kit.



Trace the waveforms carefully.
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Fig. 1(a) : Pin Configuration
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Fig. 1(b) : Block Diagram
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Fig. 2 : FM Demodulator
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QUESTIONS:
1. What Is PLL?
2. What is the frequency range of FM Carrier?
3. State advantages and disadvantages of FM
4. FM is more robust to noise compared to AM, why?
5. What is the main difference in FM and PM?
6. The range of speech signals is …………..
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7. What are advantages of FM over AM?
8. What are the disadvantages of FM over AM?
9. What is the basic principle of FM signal detection?
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10. Give the practical applications of FM.

11. Type of modulation used for voice signals in T.V ..….and for video signals in T.V is …….....
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12. Define pre-emphasis and De-emphasis processes in FM.
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OBJECTIVE:
To study Pulse Amplitude Modulation
(a) Using switching method.
(b) By sample and hold circuit.
OUTCOME:
To analyze Pulse Amplitude Modulation using switching method and by sample and hold circuit.
REQUIREMENTS:
PAM modulator trainer kit NV 6575, CRO, CRO probes & connecting wires.
THEORY:
Pulse-amplitude modulation has also been developed for the control of light-emitting diodes
(LEDs), especially for lighting applications.
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(a) Using switching method: In pulse amplitude modulation, the amplitude of the carrier pulses is
varied in accordance with the modulating signal. Pulse Amplitude Modulation is a pulse
modulation system in which the modulating signal is sampled at regular intervals, and each sample
is made proportional to the amplitude of the signal at the instant of sampling. As will be seen
shortly, the ability to use constant-amplitude pulses is a major advantage of pulse modulation, and
since pulse amplitude modulation does not utilize constant-amplitude pulses, it is infrequently used.
When it is used, the pulses frequency-modulate the carrier. It is very easy to generate and
demodulate pulse amplitude modulation. In a generator, the signal to be converted to pulse
amplitude modulation is fed to one input of an AND gate. Pulses at the sampling frequency are
applied to the other input of the AND gate to open it during the wanted time intervals. The output
of the gate then consists of pulses at the sampling rate, equal in amplitude to the signal voltage at
each instant. The pulses are then passed through a pulse-shaping network, which gives them flat
tops.
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(b) Using sample & hold circuit:

A sample and hold circuit in its simplest form is a switch S in series with a capacitor as shown in
Figure 4(b). The switch may be a relay (for very slow waveform), a sampling diode bridge gates a
bipolar transistor switch a FET controller by a gating signal voltage.
Figure 4(a) shows one of the simplest sample and hold circuit. A positive pulse at the gate of the nchannel FET will turn the switch ON and the holding capacitor C will charge the instantaneous
value of the input voltage with a time constant (R + rDS (ON)) C, where R is the very small output
resistance of the input OP-AMP voltage follower and rDS (ON) is the ON resistance of the FET. In
the absence of a positive pulse, the switch is turned OFF and the capacitor is isolated from any load
through the LM 1100 OP-AMP. Thus it will hold the voltage impressed upon it. The capacitor is
charged to the input voltage during the sampling pulse and holds the charge because a high input
impedance voltage follower circuit is connected to isolate the capacitor from the output circuit.
Therefore, the output remains almost constant at the sampling value till the next sample. The
capacitor together with the voltage follower circuit works as a zero order hold circuit.
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PROCEDURE:





Set the sine wave at 1 KHZ & the pulse at 8 KHZ / 16 KHZ.
Apply the signal at MOD SIG IN & pulse at PULSE IN in the PAM section.
Connect the CRO at the SAMPLE O/P & then SAMPLE & HOLD O/P in PAM section.
Trace the waveforms of PAM by the CRO.

OBSERVATION TABLE:
Table 1: Pulse amplitude modulation

Base Band Signal

Carrier Signal

S.No.
Amp.

Freq.

E
,

The pulse amplitude modulated and demodulated waveform has been observed on CRO.
The demodulated waveform was found same as base band signal.

PRECAUTIONS:





Freq.
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RESULTS & DISCUSSION:



Amp.

PAM Signal
by sample &
hold circuit
(Fig.)

E
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PAM Signal
using switching
method (Fig.)

Set the pulse frequency greater than to the signal.
All connections should be tight.
Trace the waveforms carefully.
Properly make the connection to the ground pin provided on the kit.
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Fig. 1: Natural sampling.
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(a)

(b)
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Fig. 2 : Sample and hold circuit
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Fig. 3 : Sample & hold waveform

Fig. 4 : Flat top sampling
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QUESTIONS:
1. What is PAM?
2. Define sampling theorem.What is the need for sampling?
3. How many types of pulse modulation systems you read?
4. What is the merit of flat top sampling?
5. How many types of PAM signal you read?
6. What is the difference between PAM, PPM and PWM?
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7. Write the two method of multiplexing.
8. What is PTM?
9. What is the difference between Natural sampling and Flat top sampling?
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10. Define Nyquist rate and Nyquist interval in sampling theorem.
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OBJECTIVE:
To demodulate the obtained PAM signal by 2nd order LPF.
OUTCOME:
To analyze the demodulation of PAM signal by 2nd order LPF.
REQUIREMENTS:
PAM modulator trainer kit NV-6575, CRO, CRO probes & connecting wires.
THEORY:
Pulse-amplitude modulation has also been developed for the control of light-emitting diodes
(LEDs), especially for lighting applications.
In PAM system the message is recovered by a low pass filter. The type of
filter
used is very important, as the signal of above the cut-off frequency would affect the
recovered signal if they are not attenuated sufficiently.
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Basic Filter: The simplest type of filter is a Resistance-capacitance (RC) filter. The high pass filter
is shown in Fig. 1 and low pass RC filters is shown in Fig. 2. The RC filter is a passive filter and
does not give a steeper fall-off. Cascading many such RC filters give a steeper fall-off but at a price
of successive attenuation of the signal.
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Active filters give much flatter response in the pass band and they also have a steeper cut-off
gradient.
The other advantages offered by active filters are:
(i) Gain frequency adjustment flexibility (i.e. easy turning).
(ii) No loading problem between sources, load or successive stages.
(iii) They are economical than passive filters.
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The active filters employ transistors or op-amps in addition to resistors and capacitors. The resistors
at the output of the op-amp create a non-inverting voltage amplifier of voltage gain K while other
resistors and capacitors set the frequency response properties of the filter.
An ideal filter should have zero loss in pass band and infinite loss in stop band. In practice no ideal
filter exists, but there are many filters which approximate the ideal filter namely, Butterworth,
Chebyshev, Bessel etc. The voltage controlled voltage source (VCVS) can be arranged in the
following manner to get the Butterworth filter. The amplitude response of a Butterworth filter is
given by,

where, n is the order of the filter.

MIET/ECE/COMM.LAB-I/01

The arrangement shown in Fig. 3 can be used as second order butter worth filter with cut-off
frequency,
F = 1/2 RC
PROCEDURE:



Apply the output of the PAM modulator at the input of demodulator.
Connect the CRO with output of demodulator & trace the output waveform.

OBSERVATION TABLE:
Table 1: Amplitude and frequency of demodulated PAM signal.

S.No.

Base Band Signal
Amplitude
Frequency

PAM Signal
(Fig)

E
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RESULTS & DISCUSSION:



The pulse amplitude modulated and demodulated waveform has been observed on CRO.
The demodulated waveform was found same as baseband signal.
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PRECAUTIONS:





E
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Demodulated Signal
Amplitude
Frequency

Set the pulse frequency greater than to the signal.
All connections should be tight.
Trace the waveforms carefully.
Properly make the connection to the ground pin provided on the kit.
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Fig. 1 : A passive, analog, first-order high-pass filter
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Fig. 2 : A passive, analog, first-order low pass filter

Fig. 3 : Second order low pass filter
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QUESTIONS:
1. Define sampling theorem. What is the need for sampling?
2. What are the necessary and sufficient condition for sampling and reconstruction of a signal?
3. What was the effect on sampled signal if f s < 2 fm?
4. What are different types of sampling techniques?
5. What is aliasing effect in sampling? How to avoid it?
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6. What are the types of filters used in reconstruction?

7. Differentiate second order, fourth order and sixth order low pass filters in reconstruction
process.s
8. What is the difference between discrete and a digital signal?

E
,

9. What do you mean by reconstruction of sampling theorem?

10. As the number of samples increases, the reconstruction of original signal becomes ……………
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OBJECTIVE:
To study sampling and reconstruction of Pulse Amplitude Modulation system.
OUTCOME:
To analyze sampling using Pulse Amplitude modulation system and reconstruction of sampled
signals using filters of different orders.
REQUIREMENTS:
Sampling and reconstruction trainer ST-2151, CRO, CRO probes & connecting wires.
THEORY:
Sampling is the process of recording the values of a signal at given points in time. For example in
A/D converters. The signal which contains the information to be transmitted is known as
information signal and in case of voice communication this will be a continuously changing signal
containing speech information. The aim is to reproduce this information signal as accurately as
possible, at the distant, receiving end of the communication system.
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In analog communication systems like AM, FM, the instantaneous value of the information signal
is used to change certain parameter of the carrier signal. Pulse modulation systems differ from these
systems in a way that they transmit a limited number of discrete states of a signal at a
predetermined time; sampling can be defined as measuring the value of an information signal at
predetermined time intervals. The rate at which the signal is sampled is known as the sampling rate
or sampling frequency. It is the major parameter which decides the quality of the reproduced signal.
If the signal is sampled quite frequently (whose limit is specified by Nyquist Criterian), then it can
be reproduced exactly at the receiver with no distortion. Fig. 1 shows the natural sampling.
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Nyquist Criterion (Sampling Theorem):
The Nyquist criterion states that a continuous signal band limited to fm Hz can be completely
represented by and reconstructed from, the samples taken at a rate greater than or equal to 2 fm
samples per second. This minimum frequency is called as “Nyquist Rate”. Thus, for the faithful
reconstruction of the information signal from its samples, it is necessary that the sampling rate, f s
must be greater than 2fm.
Aliasing:
If the information signal is sampled at a rate lower than that stated by Nyquist criterion, than there
is an overlap between the information signal and the side band of harmonics. Thus the lower and
higher frequency components get mixed and cause unwanted signals to appear at the demodulator
output. This phenomenon is termed as Aliasing.
PROCEDURE:



Put the DUTY CYCLE SELECTOR Switch in position 5.
Ensure that the ‘EXT/INT’ SAMPLING SELECTOR switch is in ‘INTERNAL’ position.
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Connect the sine wave signal of 1 KHz frequency at signal input of sampling circuit.
Select the sampling frequency 2 KHz, 4 KHz, 8 KHz, 16 KHz and 32 KHz.
Trace the waveform of sampled output, which is obtained from t.p. 37, by CRO.
Connect the sampled output to the input of second order LPF and fourth order LPF, and
then trace the reconstructed output by CRO.

OBSERVATION TABLE:
Table 1: Demodulated signal by 2nd Order LPF & 4th Order LPF

S.No.

Base band signal
Amp.

Freq.

Carrier Signal

PAM signal

Freq.

2nd Order LPF 4th Order LPF
Amp.
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Freq.

Amp.

Freq.

E
,

RESULTS & DISCUSSION:
 The sampled output & reconstructed signal has been observed on CRO.
 When sampling rate decreases and duty cycle is less than and equals to 50% then 2nd Order
LPF output is distorted compared to input.
 When sampling rate decreases and duty cycle is greater than and equals to 50% then 2nd
Order LPF output is better than the input.
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PRECAUTIONS:
 Set the duty cycle carefully.
 All connections should be tight.
 Trace the waveforms carefully.
 Properly make the connection to the ground pin provided on the kit.
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Fig. 1: Natural
sampling.
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Fig. 2 : Second order low pass filter
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Fig. 3 : Fourth order low pass filter
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QUESTIONS:
1. How sampling is different from PAM?
2. What are the types of filters used in reconstruction of PAM signal?
3. Define sample and hold process.
4. Define a continuous time signal or an analog signal. Give some examples of analog signals.
5. What are different types of sampling techniques?
6. Define sampling theorem. What is the need for sampling?
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7. Define band pass sampling.
8. What is aliasing effect in sampling? How to avoid it?

9. Draw the amplitude spectrum of sampled signal if f s < 2 fm, f s = 2 fm, f s > 2 fm

E
,

10. If message frequency is 2 KHz and sampling frequency is 2 KHz, 4 KHz, 8 KHz and
16 KHz in each case the number of samples are …………………………
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OBJECTIVE:
To study Pulse Width Modulation & Pulse Position Modulation.
OUTCOME:
To analyze Pulse Width Modulation & Pulse Position Modulation.
REQUIREMENTS:
PWM Mod/Demod. Trainer NV-6576, PPM Mod/Demod. Trainer NV-6577, CRO, CRO probes &
connecting wires.
THEORY:
The INTEGRATE & DUMP module can be used to generate both PPM and PWM signals. The
same module has sub-systems which perform DIGITAL DELAY and INTEGRATEAND-HOLD
operations.

E
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PWM - Modifies the width of carrier pulses in accordance with amplitude of information signal.
The Pulse Width Modulation is also often called PDM (pulse duration modulation) and less often,
PLM (pulse length modulation). In this system, as shown in Fig. 1 (b), the amplitude and starting
time of each pulse is kept constant while the width of each pulse is made proportional to the
amplitude of the signal at that instant.
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PPM – In PPM, the position of carrier pulses is modified in accordance with the amplitude of
information signal. The amplitude and width of the pulses is kept constant in this system, while the
position of each pulse, in relation to the position of a recurrent reference pulse is varied by each
instantaneous sampled value of the modulating wave (Fig. 1 (c)).
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PROCEDURE:
PWM






PPM






Set the sine wave at 1 KHz & the pulse at 8 KHz.
Apply the signal & pulse at the input of the PWM modulator.
Connect the CRO at the input & output of the PWM modulator.
Trace the waveforms of PWM by the CRO.
Apply the output of the PWM modulator at the input of demodulator.
Connect the CRO with output of demodulator & trace the output waveform.

Apply the sine wave signal at the input of the PPM modulator.
Connect the CRO at the input & output of the PPM modulator.
Trace the waveforms of PPM by CRO.
Apply the output of the PPM modulator at the input of demodulator.
Connect the CRO with output of demodulator & trace the output waveform.

MIET/ECE/COMM.LAB-I/01

OBSERVATION TABLE:
Table 1: Pulse width modulated signal.

S.No.

Base Band Signal
Amp.

Freq.

Carrier Signal
Amp.

Freq.

PWM Signal
(Fig)

Demodulated Signal
Amp.

Freq.

Table 2: Pulse position modulated signal.

S.No.

Base Band Signal
Amp.

Freq.

Carrier Signal
Amp.

Freq.

PPM Signal
(Fig)



Freq.

The pulse width modulated and pulse position modulated waveforms have been observed on
CRO.
The demodulated waveform also observed on CRO which is approximately same as the
baseband signal.
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PRECAUTIONS:





Amp.

E
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RESULTS & DISCUSSION:


E
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Demodulated Signal

Set the pulse frequency greater than the baseband signal.
All connections should be tight.
Trace the waveforms carefully.
Properly make the connection to the ground pin provided on the kit.
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Fig. 1: PWM and PPM signals.
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QUESTIONS:
1. What is sampling?
2. What is difference between PWM and PPM?
3. What are the types of filters used in reconstruction of PPM & PWM?
4. Differentiate second order, fourth order low pass filters in reconstruction process.
5. What method is used to generate PPM and PDM?
6. What is the difference between PWM and PCM?
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7. What are the advantages of PPM and PDM?
8. What are the disadvantages of PPM and PDM?
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OBJECTIVE:
To study the Sensitivity, Selectivity, and Fidelity characteristics of super heterodyne receiver.
OUTCOME:
To analyze the Sensitivity, Selectivity, and Fidelity characteristics of super heterodyne receiver.
REQUIREMENTS:
AM Receiver kit ST 2202, function generator, CRO & CRO probes.
THEORY:
Radio receivers are used for reception & demodulation of modulated signal which is transmitted
wirelessly. Radio receivers are of two types:
1. Tuned radio receivers
2. Super heterodyne radio receiver
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In super heterodyne radio receiver the incoming signal is mixed with higher frequency signal which
is generated using local oscillator. Sensitivity, selectivity & fidelity are the three parameters with
the help of which the performance of any receiver is measured. The explanation of these is given
below:

E
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Selectivity: The sensitivity of radio receiver is that characteristic which determines the minimum
strength of signal input capable of causing a desired value of signal output. Therefore, expressing in
terms of voltage or power, the sensitivity can be defined as the minimum voltage or power at the
receiver input for causing a standard output.
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In case of AM broadcast receivers, the definition of sensitivity has been standardized as “amplitude
of carrier voltage modulated 30% at 400 Hz, which when applied to the receiver input terminals
through a standard dummy antenna will develop an output of 0.5 watt in a resistance load of
appropriate value substituted for the loud speakers.”
Sensitivity: The selectivity of a radio receiver is that characteristic which determines the extent to
which it is capable of differentiating between the desired signal and signal of other frequencies.
Fidelity: This is defined as the degree with which a system accurately reproduces at its output the
essential characteristics of signal which is impressed upon its input.

PROCEDURE:

For selectivity measurement:
 Select carrier amplitude between 100 mV & 200 mV.
 Select carrier frequency approximately 1 MHz
 Select modulation frequency approximately 1 kHz.
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Generate AM signal using ST 4603 function generator & select modulation index 30% for
good response.
Select S/W of receiver in the internal mode (bypass antenna) & tune receiver at 1 MHz
frequency.
Apply AM at input of receiver, observe output waveform at output terminal of the receiver
& measure voltage.
Change input carrier frequency & observe output.
Repeat step 6 for near about 6-7 carrier frequencies below and above 1 MHz.
Make graph between Vo and fc.

For sensitivity measurement:
 Follow steps 1 to 5 of selectivity measurement as described above.
 Change carrier frequency in AM band 550-1650 kHz & accordingly change the receiver to
obtain correct display at received signal.
 Observe output voltage.
 Change carrier frequency & repeat steps 2-3.
 Plot a curve in between output voltage amplitude & carrier frequency.
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For fidelity measurement:
 Follow steps 1 to 5 of sensitivity measurement.
 Change baseband frequency in range 300-3400 Hz.
 Measure corresponding voltage at the output of receiver.
 Plot a graph between baseband frequency and gain.
 Choose 3 dB frequencies at lower and upper cut off frequency & their difference will tell
about the fidelity of receiver.
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OBSERVATION TABLE:

Table 1: For selectivity measurement

S.No.

Carrier Frequency (MHz)

Output Voltage Vo (Volt)

Table 2: For sensitivity measurement

S.No.

Carrier Frequency (MHz)

Output Voltage Vo (Volt)

Gain=20 log
(V0/Vi)
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Table 3: For fidelity measurement
S.No.

Carrier Frequency (MHz)

Gain=20 log
(V0/Vref)

Output Voltage Vo (Volt)

RESULTS & DISCUSSION:


E
C

Sensitivity, selectivity & fidelity are measured.

PRECAUTIONS:




Do not make connections while power is switched ON.
Make tight connections.
Properly make the connection to the ground pin provided on the kit.
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Fig. 1: AM superheterodyne receiver and waveforms.
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QUESTIONS:
1. What do you mean by super heterodyne receiver?
2. What is the mean of heterodyne?
3. Define selectivity and sensitivity in super heterodyne receiver.
4. Explain fidelity in super heterodyne receiver.
5. What is the role of local oscillator in super heterodyne receiver?
6. What the relationship between quality factor and bandwidth?
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7. How can we increase the sensitivity of the receiver?
8. What is the role of fidelity in receiver's performance?
9. What are the major components of super heterodyne receiver?
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10. Define the role of intermediate frequency.

T
E
I
M

MIET/ECE/COMM.LAB-I/05

OBJECTIVE :
To study pulse code modulation and demodulation technique.
OUTCOME:
To analyze pulse code modulation and demodulation technique.
REQUIREMENTS:
PCM modulation kit ST-2103, PCM demodulation kit ST-2104, CRO, CRO probes and connecting
wires.
THEORY:
Pulse code modulation is a process of converting an analog signal into digital. The voice or any
data input is first sampled using a sampler (which is a simple switch) and then quantized.
Quantization is the process of converting a given signal amplitude to an equivalent binary number
with fixed number of bits.The PCM Transmitter samples the analog input, time division multiplex
and many such channels, quantizes it & code it by analog to digital conversion. As it is known, the
binary number system consists of binary digits '0' and '1'. The group of n bits is called as word and
is used to distinguish one code from the other. The range of decimal numbers represented by such n
bits code is equal to 2n (including 0) e.g. If we take an 8 bit word, the number or different codes
possible is equal to 28 = 256 i.e. we have 0 to 255 code levels available.
A digital-to-analog converter, or simply DAC, is a semiconductor device that is used to convert a
digital code into an analog signal. Digital-to-analog conversion is the primary means by which
digital equipment such as computer-based systems are able to translate digital data into real-world
signals that are more understandable to or use able by humans, such as music, speech, pictures,
video, and the like. It also allows digital control of machines, equipment, household appliances, and
the like. A typical digital-to-analog converter outputs an analog signal, which is usually voltage or
current that is proportional to the value of the digital code provided to its inputs. Most DAC's have
several digital input pins to receive all the bits of its input digital code in parallel (at the same time).
Some DAC's, however, are designed to receive the input digital data in serial form (one bit at a
time), so these only have a single digital input pin. A simple DAC may be implemented using an
op-amp circuit known as a summer, so named because its output voltage is the sum of its input
voltages. Each of its inputs uses a resistor of different binary weight, such that if R0=R, then
R1=R/2, R2=R/4, R3=R/8,.., RN-1=R/(2N-1). The output of a summer circuit with N bits is:Vo= VR (Rf / R) (SN-12N-1 + SN-22N-2+...+S020)
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Fig 3: Block Diagram of PCM
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Fig 2: Wave Form of PCM technique
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Where VR is the voltage to which the bit is connected when the digital input is '1'. A digital input
is '0' if the bit is connected to 0V (ground). A 4-bit summer circuit is shown in Fig. 2. At the
demodulator the received bits are first converted into parallel frames and each frame is dequantized to an equivalent analog value. This analog value is thus equivalent to a sampler output.
This is the demodulated signal.
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Fig 1: SAR Analog to Digital Converter

Fig 2: An Op Amp Summer Circuit Used as a DAC
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PROCEDURE:
 Initial set up for trainer ST-2103 and ST-2104
a) Mode Switch Position : FAST position
b) Pseudo random sync code generator switch : OFF position
c) Error check code selector switches A & B : A = 0 & B =0 Position ('Off' Mode).
d) All switched faults : OFF position.
 Connect analog signals 1KHz and 2KHz of function generator block to CH 0 and CH 1
 Now connect the CRO at the PCM output terminal and trace the pulse code modulated
waveform.
 For demodulation
a) Connect TX. Clock output TP3 RX. Clock input TP46
b) Connect TX. to output TP4
RX sync input TP47
c) Connect PCM output TP44
PCM input TP1
 Now connect the CRO at TP 33 and TP 36 of trainer ST-2104 to observe the demodulated
waveform.
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RESULTS & DISCUSSION:
 The pulse code modulated and demodulated waveform has been observed on CRO.
 The demodulated waveform was found same as base band signal.
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PRECAUTIONS:




Don’t apply external DC power supply on the modulator/demodulator trainer kit.
All connections should be tight.
Trace the waveforms carefully.
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QUESTIONS:
1. Define a discrete time signal. Give some examples of discrete signals.
2. Define a digital signal. Give some examples.
3. What is the need for converting a continuous signal into a discrete signal?
4. What is the difference between PAM and PCM?
5. What is the difference between discrete and a digital signal?
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6. How to convert an analog signal into a digital signals?
7. What are the applications of PCM?
8. What are the disadvantages of Pulse code modulation?
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9. Explain about zero-order hold circuit.

10. What is multiplexing? How many types of multiplexing possible in communication?
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OBJECTIVE:
To study Delta Modulation and Demodulation technique.
OUTCOME:
To analyze delta modulation and demodulation technique.
REQUIREMENTS:
Delta modulation & demodulation trainer ST-2105, CRO, CRO probes and connecting wires.
THEORY:
Delta modulation is a system of digital modulation developed after pulse code modulation. In this
system, at each sampling time, say the Kth sampling time, the difference between the sample value
at sampling time K and the sample value at the previous sampling time (K-1) is encoded into just a
single bit. i.e. at each sampling time we ask simple question.Has the signal amplitude increased or
decreased since the last sample was taken? If signal amplitude has increased, then modulator's
output is at logic level 1. If the signal amplitude has decreased, the modulator output is at logic
level 0. Thus, the output from the modulator is a series of zeros and ones to indicate rise and fall of
the waveform since the previous value. One way in which delta modulator and demodulator is
assembled is as show in figure 1 and figure 2.
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Fig 1: Delta Modulator
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Fig 2: Delta demodulator

The Delta Modulator Works as follows :
The analog signal which is to be encoded into digital data is applied to the +ve input of the voltage
comparator which compares it with the signal applied to its -ve input from the integrator output
(more about this signal in forth coming paragraph). The comparator's output is logic '0' or '1'
depending on whether the input signal at +ve terminal is lower or greater then the -ve terminals
input signal. The comparator's output is then latched into a D-flip-flop which is clocked by the
transmitter clock. Thus, the output of D-flip-Flop is a latched 'l' or '0' synchronous with the
transmitter clock edge. This binary data stream is transmitted to receiver and is also fed to the
unipolar to bipolar converter. This block converts logic '0' to voltage level of + 4V and logic 'l' to
voltage level - 4V.
The Bipolar output is applied to the integrator whose output is as follows:
 Rising linear ramp signal when - 4V is applied to it, (corresponding to binary 1)
 Falling linear ramp signal when + 4V is applied to it (corresponding to binary 0).
The integrator output is then connected to the -ve terminal of voltage comparator, thus completing
the modulator circuit. Let us understand the working of modulator circuit with the analog input
waveform applied as below:
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Suppose at some time-instance t = 0, the integrator output voltage is lower than the analog input.
This causes the voltage comparator voltage to go high i.e. logic '1'. This data is latched in the DFlip- Flop at the rising edge of transmitter clock., The latched '1' output of D- flip is translated to 4V by the unipolar to bipolar converter block. The integrator then ramps up to catch analog signal.
At the next clock cycle t = 1, the integrator output becomes more than the analog input, so a '0' is
latched into D-Flip-Flop. The integrator now ramps downward as +4V voltage signal from unipolar
to bipolar converter appears at its input. Thus, the ramp signal again tries to catch the fallen analog
signal. As we can observe, after several clock cycles the integrator output is approximation of the
analog input which tries to catch up the analog input at each sample time. The data stream from Dflip-flop is the delta modulators output. The delta demodulator consists of a D-Flip-Flop a unipolar
to bipolar converter followed by an integrator and a low pass filter. The delta demodulator receives
the data from D-Flip-Flop of delta modulator. It latches this data at every rising edge of receiver
clock, which is delayed by half clock period with respect to transmitter clock. This has been done
so that the data from transmitter may settle down before being latched into the receiver Flip-Flop.
The unipolar to bipolar converter changes the output from D-Flip-Flop to either - 4V or + 4V for
logic '1' and '0' respectively. As it has been seen in case of modulator when the output from
unipolar to bipolar converter is applied to integrator, its output tries to follow the analog signal in
ramp fashion and hence is a good approximation of the signal itself. The integrator's output
contains sharp edges, which are smoothened out' by the low - pass filter, whose cutoff frequency is
just above the audio band.
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PROCEDURE:
 Apply the analog signal at the Delta trainer’s input.
 Apply the pulse at the pulse input.
 Connect the CRO at the output terminal & observe the coded signal.
 Connect the modulator’s O/P at the demodulator’s I/P terminal .
 Connect the clock at demodulator I/P terminal.

RESULT:
 The Delta modulated and demodulated waveform has been observed on CRO.
 The demodulated waveform was found same as base band signal.
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PRECAUTIONS:
 Don’t apply external DC power supply on the modulator/demodulator trainer kit.
 Set the pulse frequency greater than to the signal frequency.
 All connections should be tight.
 Trace the waveforms carefully.
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QUESTIONS:
1. Define Delta modulation. Why it is better?
2. Define step size.
3. What is Quantization error?
4. What is the maximum value of Quantization error?
5. What is granular noise? Define slope overload.
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6. When granular noise and slope overload occur in Delta modulation?
7. What are the analog pulse modulation methods?

8. In digital transmission, the modulation technique that requires minimum bandwidth is ………….
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9. In Delta Modulation, the bit rate is ……………………
10. What is the advantage of using ADM?

T
E
I
M

MIET/ECE/COMM.LAB-I/05

OBJECTIVE :
Design and implement an FM radio receiver in 88-108 MHz.
OUTCOME:
To create FM receiver for 88-108 MHz range.
REQUIREMENTS:
FM Radio Receiver kit, Multimeter.
THEORY:
Radio receiver design includes the electronic design of different components of a radio
receiver which processes the radio frequency signal from an antenna in order to produce usable
information such as audio. The complexity of a modern receiver and the possible range of circuitry
and methods employed are more generally covered in electronics and communications engineering.
The term radio receiver is understood in this article to mean any device which is intended to receive
a radio signal in order to generate useful information from the signal, most notably a recreation of
the so-called base band signal (such as audio) which modulated the radio signal at the time of
transmission in a communications or broadcast system.
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The oscillator is adjusted between 87-108 MHz. Because of the synchronization, the oscillator
output will have the same frequency deviation as the received signal from the FM antenna. This
deviations are caused by the broadcasted audio informations . The coil details are presented in the
FM receiver circuit diagram. The radio receiver is adjusted on different stations with the help of
capacitor. Potentiometer is adjusted untill the best reception is obtained. If we attach an audio
amplifier and a speaker then this FM receiver can be made very compact as a pocket radio
specification.
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Fig. 1 shows the block diagram of a typical FM broadcast receiver. It is a super hetero dyne circuit
with a tuned RF amplifier so that maximum signal sensitivity is 1 to 10mV. The RF stage tuned
circuits and local oscillator are tuned by a three ganged variable capacitor controlled from a panel
knob. The oscillator frequency can be varied from 98.7 MHz to 118.7 MHz. Yielding an
intermediate frequency of 10.7 MHz.
The IF amplifier section if several high gain stages, of which one or more amplitude limiters. The
high gain non limiting input stage, followed by one amplitude limiting stage. All stages are sound to
give the desired band pass characteristics this is centered on 10.7 MHz and has a 180 KHz bandwidth
to pass the desired signal. Amplitude limiting is usually arranged to have an on set threshold of about
1mV at the limiting - stage input, corresponding to the level of input signal. Which may be set at
10mV or lower.
The FM detector is used to detect the audio signal.
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Fig. 1: FM radio receiver circuit in 88-108MHz

PROCEDURE:


E
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Connect the dc supply to the FM Receiver tune gain capacitor to reach station frequency
program comes from the loud speaker.

RESULTS & DISCUSSION:



FM Radio receiver implemented.
By changing the value of variable capacitance, the carrier frequency of FM circuit can be
changed.

PRECAUTION:




Do not make connections while power is switched ON.
Do not use external power supply.
Make tight connection.
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QUESTIONS
1. What is operating frequency range of FM receiver?
2. Why the range of operating frequency range is in MHz?
3. What is the principle of operation FM receiver?
4. What are drawbacks of FM receiver? How can we overcome them?
5. What the minimum signal strength that is required for proper receiving the signal?
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6. What is signal to noise ratio? Explain its role in FM receiver.
7. Is FM receiver digital or analog? Explain.
8.

What are the components required to design FM receiver? Also write their specifications.
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9. What is the advantage of FM receiver?
10. How we set frequency range of FM receiver?
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OBJECTIVE:
To generate DSB/SSB amplitude modulation & plot its fourier transform using MATLAB.
OUTCOME:
To generate and analyze DSB/SSB amplitude modulation using MATLAB.
REQUIREMENTS:
MATLAB Software
THEORY:
Modulation is the process of changing one or more characteristics of the carrier signal in
accordance with the modulating signal (also known as baseband signal). In AM, the amplitude of
high frequency carrier signal is varied in accordance with the amplitude of modulating signal, thus
given this name. AM is analog modulation scheme with a variety of application area such as
transmission in All India Radio (AIR), Hobby Kits, Robotics etc. In AIR, AM is used in short wave
(SW1 and SW2) and medium wave (MW) bands.
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Various types of AM signals are DSB-C, DSB-SC, SSB, SSB-SC & VSB etc. The general equation
for AM (DSB-C) is given as:
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………………(1)

Where e is the AM signal, sinmt is the modulating signal, sinct is the carrier signal and m is the
modulation index of AM signal.
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For better understanding, it becomes essential to analyze the signal in frequency domain.
Frequency analysis can be carried out using FFT (amplitude versus frequency) or from Power
Spectral Density Curve (power versus frequency). Power versus frequency curve is specifically
referred as spectrogram in the literature.
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EXPERIMENTATION PROCEDURE:
Step 1: Take an input as a baseband signal

Step 2: Select a high frequency carrier signal

Step 3: Perform the amplitude modulation on the baseband signal (as per equation (1))
Step 4: Plot the FFT characteristic of the modulated signal
MATLAB PROGRAM:

%----Programme to plot DSB-SC and SSB-SC signals and the corresponding spectrum-------------------------------------------------------------fc=100;
%fs=250;
fs=1000;
t=[0:2*fs+1]'/fs;
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x=sin(5*pi*t);
xc=2*sin(200*pi*t);
%yd=ammod(x,fc,fs) + xc;
yd=ammod(x,fc,fs)
ydd=amdemod(yd,fc,fs)
ys=ssbmod(x,fc,fs);
ysd=amdemod(ys,fc,fs)
zd=fft(yd);
zd=abs(zd(1:length(zd)/2+1));
frqd=[0:length(zd)-1]*fs/length(zd)/2;
zs=fft(ys);
zs=abs(zs(1:length(zs)/2+1));
frqs=[0:length(zs)-1]*fs/length(zs)/2;
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%subplot(2,1,1);plot(frqd,zd);
%title(' Spectrum of Double-sideband signal,fc=100hz,fs=250hz,fm=10hz.');
%xlabel('Frequency (Hz)');ylabel('Amplitude');
%subplot(2,1,2);plot(frqs,zs);
%title(' Spectrum of single-sideband signal,fc=100hz,fs=250hz,fm=10hz.')
figure
subplot(4,1,1);plot(t,x,'k')
title('(a) Time domain waveform of baseband signal')
xlabel('Time');ylabel('Amplitude');
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subplot(4,1,2); plot(t(1:400),yd(1:400),'k')
title('(b) Time domain waveform of DSB-SC signal')
xlabel('Time');ylabel('Amplitude');
subplot(4,1,3);plot(frqd(1:400),zd(1:400),'k')
title('(c) Spectrum of DSB-SC signal')
xlabel('Frequency(Hz)');ylabel('Amplitude');
subplot(4,1,4);plot(t,ydd,'k')
title('(d) Time domain waveform of demodulated signal')
xlabel('Time');ylabel('Amplitude');

T
E
I

figure
subplot(4,1,1);plot(t,x,'k')
title('(a) Time domain waveform of baseband signal')
xlabel('Time');ylabel('Amplitude');
subplot(4,1,2); plot(t(1:400),ys(1:400),'k')
title('(b) Time domain waveform of SSB-SC modulated signal')
xlabel('Time');ylabel('Amplitude');
subplot(4,1,3);plot(frqs,zs,'k')
title('(c) Spectrum of SSB-SC modulated signal')
xlabel('Frequency(Hz)');ylabel('Amplitude');
subplot(4,1,4);plot(t,ysd,'k')
title('(d) Time domain waveform of reconstructed signal')
xlabel('Time');ylabel('Amplitude');
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RESUlT & DISCUSSIONS:
Results corresponding to experimentation are shown in following plots.
Amplitude

1
0
-1

0

0.5

1
1.5
Time
(b) Time domain waveform of DSB-SC signal

0

0.05

0.1

0
80

85

90

0.15

0.2
0.25
0.3
Time
(c) Spectrum of DSB-SC signal

2

0.35

2
0
-2

100
105
110
115
Frequency(Hz)
(d) Time domain waveform of demodulated signal

0

95

0.5

E
,

1
Time

0.4

E
C

500

Amplitude

Amplitude

Amplitude

(a) Time domain waveform of baseband signal
1
0
-1

1.5

120

2

Amplitude

Fig. 1: (a) Baseband signal (b) DSB-SC signal (c) FFT plot of DSB-SC signal (d) Reconstructed baseband
signal.
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(a) Time domain waveform of baseband signal
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Fig. 2: (a) Baseband signal (b) SSB-SC signal (c) FFT plot of SSB-SC signal (d) Reconstructed
baseband signal.
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From the results, following conclusions can be drawn:
 If baseband signal is a single tone modulating signal, then, SSB-SC waveform is same as
baseband signal itself (refer Fig. 1).
 As expected, SSB-SC signal has only one sideband and no carrier components (refer FFT
plot of SSB-SC).
 The reconstructed SSB-SC signal is same as original baseband signal.
 The amplitude of DSB-SC signal is varying in accordance with baseband signal amplitude
(refer Fig. 2).
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 As expected, DSB-SC spectrum has only two sideband with no carrier component (refer
FFT plot in Fig. 2).
The time-domain waveform of DSB-C and its corresponding spectrum can be seen in the similar
way.
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PRECAUTIONS:





Write MATLAB syntax correctly.
Don’t forget to use the semicolon, to suppress the output in command window.
Handling Error should be avoided.
M-file should be saved in proper location.
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QUESTIONS:
1. Explain the need of modulation and demodulation.
2. What is analog modulation and state various techniques?
3. What happens in case of over modulation?
4. Where the modulation index lies?
5. Mention the advantages of DSBSC over DS.
6. What is the range of over modulation?
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7. What is DSBSC?
8. How many side band are there In DSBSC?
9. What are the applications of MATLAB for communication?
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OBJECTIVE:
To generate frequency modulation and plot its spectrum using MATLAB.
OUTCOME:
To generate and analyze frequency modulation using MATLAB.
REQUIREMENTS:
MATLAB Software
THEORY:
Like AM, FM is also an analog modulation scheme, but rather than varying the carrier amplitude,
here, instantaneous carrier frequency is varied in accordance with instantaneous amplitude of the
base band signal. Being more immune to noisy, FM is widely used in a number of applications such
as AIR broadcasting, hobby kits, walky-talky systems, etc. General expressions for FM signal for
single tone modulating signal can be written as:
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ψ FM (t) = A Cos (⍵ct +mf Sin ⍵mt)..................................................(1)
where mf = △f/fm is modulation index of FM signal
△f is frequency deviation of FM signal.
fm = Modulating signal frequency
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For better understanding, it becomes essential to analyze the signal in frequency domain.
Frequency analysis can be carried out using FFT (amplitude versus frequency) or from Power
Spectral Density Curve (power versus frequency). Power versus frequency curve is specifically
referred as spectrogram in the literature.
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EXPERIMENTATION PROCEDURE:
Step 1: Take an input as a baseband signal

Step 2: Select a high frequency carrier signal

M

Step 3: Perform the frequency modulation on the baseband signal (as per equation (1))
Step 4: Plot the FFT characteristic of the modulated signal.
MATLAB PROGRAM:

clear all;
clc;
close all;
ac = 1;
%am =0.5;
am =0.5;
fc = 100;
fm = 10;
fs = 20*fc;
t = 0:1/fs:4/fm;
freqdev = 50;
x_carrier = ac*cos(2*pi*fc*t);
x_modulating = am*cos(2*pi*fm*t);
x_fm_mod = fmmod(x_modulating,fc,fs,freqdev)
figure
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subplot(211)
plot(t,x_modulating)
subplot(212)
plot(t,x_fm_mod)
Ts = 1/fs;
% Sample time
L = length(x_fm_mod);
% Length of signal
t = (0:L-1)*Ts;
% Time vector
NFFT = 2^nextpow2(L); % Next power of 2 from length of y
Y = fft(x_fm_mod,NFFT)/L;
f = fs/2*linspace(0,1,NFFT/2);
figure
plot(f,2*abs(Y(1:NFFT/2)))
title('DSB-SC Spectrum')
xlabel('Frequency (Hz)')
ylabel('|Y(f)|')
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RESULTS & DISCUSSIONS:
Results corresponding to experimentation are shown in following plots.
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Fig. 1: (a) Baseband signal (b) Carrier signal (c) FM signal
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Fig. 2: (a) FFT plot of FM signal .

PRECAUTIONS:
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Write MATLAB syntax correctly.
Don’t forget to use the semicolon, to suppress the output in command window.
Handling Error should be avoided.
M-file should be saved in proper location.
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QUESTIONS:
1. What is frequency deviation in FM?
2. What is direct method of FM generation?
3. Which Side band are ignored in FM?
4. Is FM signal better than AM signal and Why?
5. What is Indirect method of FM generation?
6. How many side band are in FM?
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7. Define Frequency modulation. How it is different from phase modulation?
8. Differentiate Narrow band FM with Wide band FM.

9. In commercial FM broadcasting, the audio frequency range handled is only up to ……...
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10. What are the applications of MATLAB for communication?
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