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SAMPLING AND ITS RECONSTRUCTIONS
EX.NO: 1

DATE:

AIM:
To study different types of signal samplings and its reconstruction.
1) Natural Sampling,
2) Sample and Hold,
3) Flat top sampling.
APPARATUS REQUIRED:


Experiment kits DCL-01



Patch Chords.



Power supply.



20MHz Dual Trace Oscilloscope.

THEORY:
Analog source of information produces an output that gives continuous possible values at any
given time. Analog signal is an electrical waveform. The sound pressure from an Orchestra is an
analog source and the voltage from a microphone responding to the sound waves represents an analog
signal. Digital source is one with an output that can have only one of the finite sets of discrete values at
any time. Temperature is an analog quantity, but when combined with an ON/OFF thermostat,
combination can be digital source. Digital signal is defined as an electrical waveform having one of a
finite set of possible amplitudes at any time. Analog and Digital information signals defined are
assumed to be `base-band’ unless otherwise specified. A base band waveform is one having its largest
spectral components clustered in a band of frequencies near zero frequency. The term `low’ is often
used to mean the same as `base-band’. All practical low pass messages will have a frequency above
which their spectral components may be considered negligible. We shall call this frequency Wf for a
message labeled f(o), the spectral extent of the message (unit is radians/sec).

SAMPLING PRINCIPLES:
When an analog message is conveyed over an Analog Communication System, the full
message is typically used at all times. To send the same analog signal over a Digital Communication
System, only its samples are required to be transmitted at periodic intervals. The receiver will receive
only samples of the message. It must attempt to re-construct the original message at all times from its

samples only. Anyone associated with Digital Communication System has to know the Principles of
Sampling and Re-Construction. It may seem astonishing that samples of a message and not the entire
waveform, which can adequately describe all the information in a signal. However, we shall find that
under some reasonable conditions, a message can be recovered exactly from its samples, even at times
in between samples.
SAMPLING THEOREM FOR LOW PASS RANDOM SIGNALS:
Let m (t) be a signal, which is band-limited such that its highest frequency spectral component is fm.
Let the values of m (t) be determined at regular intervals separated by times Ts < 1/2fm, i.e., the signal
is periodically sampled every Ts second. Then these samples m (n Ts) where n is an integer, uniquely
determine the signal and the signal may be re-constructed from these samples with no distortion. Ts
are the sampling time.
PROCEDURE:

1) NATURAL SAMPLING AND ITS RECONSTRUCTION.
PROCEDURE:
1. Refer to the Block Diagram (Fig. 1.1) & Carry out the following connections and switch
settings.
2. Connect power supply in proper polarity to the kit DCL-01 & switch it on.
3. Connect the 1KHz, 5Vpp Sine wave signal, generated onboard, to the BUF IN post of the
BUFFER and BUF OUT post of the BUFFER to the IN post of the Natural Sampling block by
means of the Connecting chords provided.
4. Connect the sampling frequency clock in the internal mode INT CLK using switch (SW4).
5. Using clock selector switch (S1) select 8 KHz sampling frequency.
6. Using switch SW2 select 50% duty cycle.
7. Connect the OUT post of the Natural sampling block to the input IN1 post of the 2nd Order
Low Pass Butterworth Filter and take necessary observation as mentioned below. (Fig. 1.4).
8. Repeat the procedure for the 2KHz sine wave signal as input.

:

2) SAMPLE AND HOLD AND ITS RECONSTRUCTION.
PROCEDURE:
1. Refer to the Block Diagram (Fig. 1.2) & Carry out the following connections
and switch settings.
2. Connect power supply in proper polarity to the kit DCL-01 & switch it on.
3. Connect the 1KHz, 5Vpp Sine wave signal, generated onboard, to the BUF IN post of the
BUFFER and the BUF OUT post of the BUFFER to the IN post of the Sample and Hold Block
by means of the Connecting chords provided.
4. Connect the sampling frequency clock in the internal mode INT CLK using switch (SW4).
5. Using clock selector switch SW1 select 8 KHz sampling frequency.
6. Using switch SW2 select 50% duty cycle.
7. Connect the OUT post of the Sample and Hold block to the input IN 1 post of the 2nd Order
Low Pass Butterworth Filter and take necessary observation as mentioned below. (Fig. 1.5)
8. 8. Repeat the procedure for the 2KHz sine wave signal as input.
3) FLAT TOP SAMPLING AND ITS RECONSTRUCTION:
PROCEDURE:
1. Refer to the Block Diagram (Fig. 1.3) & Carry out the following connections and switch
settings.
2. Connect power supply in proper polarity to the kit DCL-01 & switch it on.
3. Connect the 1KHz, 5Vpp Sine wave signal, generated onboard to the BUF IN post of the
Buffer and the BUF OUT post of the Buffer to the IN post of the Flat Top Sampling block by
means of the Connecting chords provided.
4. Connect the sampling frequency clock in the internal mode INT CLK using switch (SW4).
5. Using clock selector switch S1 select 8 KHz sampling frequency.
6. Using switch SW2 select 50% duty cycle.
7. Connect the OUT post of the Flat top sampling block to the input IN 1 of the 2nd Order Low
Pass Butterworth Filter and take necessary observation as mentioned below. (Fig. 1.6)
8. Repeat the procedure for the 2KHz sine wave signal as input.

RESULT Thus the characteristics of sampling and Reconstruction were studied and the output
waveforms were plotted.

TIME DIVISION MULTIPLEXING
EX.NO: 2

DATE:

AIM:
To study Time Division Multiplexing and Demultiplexing, using Pulse Amplitude Modulation
and Demodulation and to reconstruct the signals at the Receiver, using Filters. The Transmitter Clock
and the Channel Identification Information is linked directly to the Receiver.
APPARATUS REQUIRED:


Experimentor kits DCL-02



Patch Chords.



Power supply.



20MHz Dual Trace Oscilloscope.

THEORY:
Multiplexing is a process of combining signals from different information sources so that they
can be transmitted to a common channel. This is done by a multiplexer. Digital multiplexer is a
combinational circuit that selects data from 2n

input lines (or) group of lines and transmit them

through a single output line (or) group of lines. Multiplexing is advantageous in cases where it is
impractical and uneconomical to provide separate links for the different information sources. The two
most commonly used methods of multiplexing are Frequency division multiplexing and Time division
multiplexing.
Time division multiplexing:
It is a process of taking the samples from different information signals in time domain so that
they can be transmitted over the same channel. The main fact in the TDM technique is that there are
large intervals between the message samples. The samples from the other sources are placed within
these time intervals. In modern electronic systems, most of the digital modulation systems are based
on the principle of Pulse modulation. It involves the variation of a pulse parameter in accordance
with the information signal. The pulse modulation systems require analog information to be
sampled at predetermined time intervals. The receiver can then reconstruct the signals from the
samples if the sampling meets the Nyquist criteria. This states that for a band limited signal with a
highest frequency component fm , the signal must be sampled at a rate greater than twice the highest
frequency component in the signal for the sampled signal to be recovered exactly.

TRANSMITTER:
The Transmitter Section consists of four Analog Input signals from the Function generator fed
to the four channels of the Multiplexer where the signals fed are Time Division Multiplexed after
undergoing the sampling. The sampling process makes the signals Pulse Amplitude Modulated. The
frequencies for sampling are given from the decoder.
RECEIVER:
The Receiver Section consists of a Demultiplexer that demultiplexes the four Time Division
Multiplexed signals, which it receives from the transmitter. This Demultiplexed signals are then fed to
the reconstruction circuit, which is the filter section. The receiver timing logic is very similar to the
transmitter timing logic. The demultiplexer based on the control signals C0, C1, C2, C3 assigns the
information to the corresponding channels. The success of the demultiplexer operation is fully
dependent on how exactly, RXCH0, RXCH1, RXCH2, RXCH3 signals match with the TXCH0,
TXCH1, TXCH2, TXCH3 signals. Thus, to ensure the proper demultiplexing, two dividers are reset by
the RXCH0 signal, which corresponds with the TXCH0. The demultiplexed signals are then given to
the corresponding reconstruction units.
The signal reconstruction unit is a 4th order Active Low Pass Butterworth Filter provided for
each receiver channel. They filter out the sampling frequency and their harmonics from the
demultiplexed signal and recover the base band by an integrate action. The cut-off frequency of the 4th
Order Low Pass Butterworth Filter is 3.4KHz.

PROCEDURE:
1. Refer to the Block Diagram (Fig. 1) & Carry out the following connections and switch settings.
2. Connect power supply in proper polarity to the kit DCL-02 & switch it on.
3. Connect 250Hz, 500Hz, 1KHz, and 2KHz sine wave signals from the Function Generator to the
multiplexer inputs channel CH0, CH1, CH2, CH3 by means of the connecting chords provided.
4. Connect the multiplexer output TXD of the transmitter section to the demultiplexer input RXD of
the receiver section.
5. Connect the output of the receiver section CH0, CH1, CH2, CH3 to the IN0, IN1, IN2, IN3 of the
filter section.
6. Connect the sampling clock TX CLK and Channel Identification Clock TXSYNC of the
transmitter section to the corresponding RX CLK and RX SYNC of the receiver section
respectively.
7. Set the amplitude of the input sine wave as desired.
8. Take observations as mentioned below.

RESULT:
Thus
the

characteristics

of

sampling and

TDM

techniques

were

studied and

the

output
waveforms

were

plotted.

AMPLITUDE MODULATION AND DEMODULATION

EX.NO: 3

DATE:

AIM
To study the amplitude modulation and demodulation using ACL-01 & ACL-02 and calculate
modulation index for various modulating voltages and Study of sensitivity and selectivity of a radio
receiver
APPARATUS REQUIRED





Modules ACL-01 & ACL-02.
Power supply GND, +5V, +/-12 V.
20MHz Oscilloscope.
Connecting Links.

THEORY:
Amplitude Modulation:
Amplitude Modulation is the type of modulation where the amplitude of the carrier signal is
varied in accordance with the information bearing signal or modulating signal. The envelope, or
boundary, of amplitude modulated signal embeds the information bearing signal. The total power of
the transmitted signal varies with the modulating signal, whereas the carrier power remains constant.
A nonlinear device is used to combine the carrier and the modulating signal to generate an amplitude
modulated signal. The output of the nonlinear device consists of discrete upper & lower sidebands.
The output of a nonlinear device does not vary in direct proportion with the input. Amplitude
modulation (AM) is a technique used in electronic communication, most commonly for transmitting
information via a radio carrier wave. AM works by varying the strength of the transmitted signal in
relation to the information being sent. For example, changes in the signal strength can be used to
reflect the sounds to be reproduced by a speaker, or to specify the light intensity of television
pixels.
Let the Carrier signal is given as Vc & the message signal is considered as Vm respectively.
Vc = Vc Sin ct and Vm = Vm Sin mt
The frequencies present in the AM wave are carrier frequency and the first pair of
sideband frequencies. There are two types of AM methods. They are,
 Transistor biased AM
 Diode based AM

Transistor based AM circuit essentially uses a CE amplifier having a voltage gain of A. The
carrier signal is the input to the amplifier. The modulating signal is applied in the emitter resistance
circuit. The carrier is applied at the input of the amplifier & the modulating signal is applied in the
emitter resistance circuit. The amplifier circuit amplifies the carrier by the factor A. The
modulating signal is the part of the biasing circuit, it produces low frequency variations in the
emitter circuit, which in turn causes variation in A. The result is that the amplitude of the carrier
varies in accordance with the strength of the signal. Consequently the amplitude modulated
signal is obtained across LC. It is noted that the carrier should not influence the voltage gain A,
only the modulating signal should do this to achieve this objective, carrier should have a small
magnitude and signal should have larger magnitude.
The Diode based AM employs solid state devices. It is composed of video signal modulated with
carrier frequency using low level amplitude modulation. The output of the carrier is varied with
frequency. In this, a carrier signal is given at two junctions of the bridge. A modulated signal is given
with same input voltage at two other ends. The final output is obtained at two ends and a resistor is
connected in the unit before the output is obtained.
Amplitude Demodulation:
Demodulation is the act of extracting the original information – bearing signal from a
modulated carrier wave. A demodulator is an electronic circuit used to recover the information
content from the modulated carrier wave. The amplitude demodulation refers to any method of
modulating an electromagnetic carrier frequency by varying its amplitude in accordance with the
message intelligence that is to be transmitted. It is the reverse process of AM modulation.
Usually the AM demodulation is done by using envelope detector or peak detector or diode detector.
Because a diode is a non-linear device, non-linear mixing takes place in D1 when two or more
signals are applied to its input. The difference between AM modulator & demodulator is the output
of the modulator is tuned to some frequencies whereas the output of the demodulator is tuned to
different frequencies. The diode detects the peak of the input envelope or a shape because it
detects the shape because it detects the shape of the input envelope. The diode detects the positive
peak of the input AM signal and the low pass filter will filter the high frequency carrier therefore the
original modulating signal of same frequency but not the same amplitude can be obtained

MODEL GRAPH

PROCEDURE
Note: keep all the switch faults in off position
A. Sensitivity of a Radio Receiver via Cable:


Connect o/p of FUNCTION GENERATOR section (ACL-01) OUT post to the i/p

of Balance

Modulator (ACL-01) SIGNAL IN post.


Connect o/p of VCO (ACL-01) OUT post to the input of Balance modulator (ACL-01) CARRIER
IN post.



Connect the power supply with proper polarity to the kit ACL-01 & ACL-02, While connecting
this, ensure that the power supply is OFF.



Switch on the power supply and Carry out the following presetting:
1. FUNCTION GENERATOR: sine LEVEL about 0.5V Vpp; FREQ. about 1KHz
2. VCO: LEVEL about 2Vpp; FREQ. about 600 kHz, Switch on 1500KHz
3. BALANCED MODULATOR 1: CARRIER NULL completely rotates Clockwise or counter
clockwise, so that the modulator is “unbalanced” and an AM signal with not suppressed carrier
is obtained across the output: adjust OUTLEVEL to obtain an AM signal across the output
which amplitude is about 200mVpp.

4. LOCAL OSCILLATOR (ACL-02): 1050KHz, 2V.


Connect local oscillator OUT post to LO IN of the mixer section.



Connect balance modulator1 out to RF IN of mixer section in ACL-02.



Connect mixer OUT to IF IN of 1st IF AMPLIFIER in ACL-02.



Connect IF OUT1 of 1st IF to IF IN 1 and IF OUT2 of 1st IF to IFIN 2 of 2ND IF AMPLIFIER



Connect OUT post of 2nd IF amplifier to IN post of envelope detector.



Connect post AGC1 to post AGC 2 and jumper position as per diagram. Observe the modulated
signal envelope, which corresponds to the

waveform of the modulating signal at OUT post of

the balanced modulator1 of ACL-01. Connect the oscilloscope to the IN and OUT post of
ENVELOPE DETECTOR and detect the AM signal.


Check that the detected signal follows the behavior of the AM signal envelope vary the amplitude of
the Balanced modulator output and check the

corresponding variations at the demodulated

signal.


Adjust the input to RF IN post by varying the output of BM1 in such a way that you should get
minimum detected output of about 0.3Volt at the output of Envelope detector.



You can take the readings as per the table mentioned below for various carrier

frequencies

and corresponding Local Oscillator frequency settings.
Plot the graph of OUTPUT OF BM1 ON Y-AXIS AND LOCAL OSCILLATOR FREQUENCY
ON X-AXIS.

Switch Faults
Note: Keep the connections as per the procedure. Now put the corresponding switch fault button in
ON position and observe the effect on the output . The faults are normally used one at a time


Put switch 1 of SF1 in ACL-01switch fault section to ON position. This will short the resistor
(R56) in parallel with the bias resistor. The balance modulator 1 output gets distorted.



Put switch 2 of SF1 in ACL-01switch fault section to ON position. This will short the 1K resistor
(R32) in VCO. So when the frequency selector switch is in 1500 KHz position, we will get the
constant frequency.



Put switch 1 of SF1 in ACL-02 switch fault section to ON position. This will open the capacitor
(C35) from the emitter of the first IF amplifier. So the gain will reduce which in turn reduces the
output amplitude.



Put switch 4 of SF1 in ACL-02 switch fault section to ON position. This will open the diode D1
from the envelope detector; O/P will get disturbed in both the envelope. Also there will not be any
effect of AGC signal.

B. Selectivity of a Radio Receiver via Cable:


Connect o/p of FUNCTION GENERATOR section (ACL-01) OUT post to the i/p of Balance
Modulator (ACL-01) SIGNAL IN post.



Connect o/p of VCO (ACL-01) OUT post to the input of Balance modulator

(ACL-01)

CARRIER IN post.


Connect the power supply with proper polarity to the kit ACL-01 & ACL-02, while connecting
this, ensure that the power supply is OFF.



Switch on the power supply and Carry out the following presetting:
1.

FUNCTION GENERATOR: sine LEVEL about 0.5Vpp; FREQ. About 1 KHz

2.

VCO: LEVEL about 2Vpp; FREQ. about 850 kHz, Switch on 1500KHz

3.

BALANCED MODULATOR1: CARRIER NULL completely rotates

Clockwise or

counter clockwise, so that the modulator is “unbalanced” and an AM signal with not
suppressed carrier is obtained across the output: adjust OUTLEVEL to obtain an AM
signal across the output which amplitude is about 50mVpp.
4.

LOCAL OSCILLATOR (ACL-02): 1300KHz, 2V.



Connect local oscillator OUT post to LO IN of the mixer section.



Connect balance modulator1 out to RF IN of mixer section in ACL-02.



Connect mixer OUT to IF IN of 1st IF AMPLIFIER in ACL-02.



Connect IF OUT1 of 1st IF to IF IN 1 and IF OUT2 of 1st IF to IFIN 2 of 2ND IF AMPLIFIER.



Connect OUT post of 2nd IF amplifier to IN post of envelope detector.



Connect post AGC1 to post AGC 2 and jumper position as per diagram.



Observe the modulated signal envelope, which corresponds to the wave form of the modulating
signal at OUT post of the balanced modulator of ACL-01 Connect the oscilloscope to the IN and
OUT post of envelope DETECTOR and detect the AM signal.



Check that the detected signal follows the behavior of the AM signal envelope measure the
detected signal amplitude.



Vary the Carrier frequency of (ACL-01) in terms of 10KHz on both sides from 860KHz to 940
KHz.



Take readings of Amplitude levels at Envelope Detector output for various Carrier frequencies.

Plot the graph accordingly as per the readings taken. For the carrier frequency and o/p Amplitude

Switch Faults
Note: Keep the connections as per the procedure. Now put the corresponding switch fault button in
ON position and observe the effect on the output. The faults are normally used one at a time


Put switch 1 of SF1 in ACL-01switch fault section to ON position. This will short the resistor
(R56) in parallel with the bias resistor. The balance modulator 1 output gets distorted.



Put switch 2 of SF1 in ACL-01switch fault section to ON position. This will short the 1K resistor
(R32) in VCO. So when the frequency selector switch is in 1500 KHz position, we will get the
constant frequency.



Put switch 1 of SF1 in ACL-02 switch fault section to ON position. This will open the capacitor
(C35) from the emitter of the first IF amplifier. So the gain will reduce which in turn reduces the
output amplitude.



Put switch 4 of SF1 in ACL-02 switch fault section to ON position. This will open the diode D1
from the envelope detector; O/P will get disturbed in both the envelope. Also there will not be any
effect of AGC signal.
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TABULATION
SL.
NO

SIGNAL

1.

Modulating signal

2.

Carrier signal

3.

Modulated signal

4.

Demodulated signal

AMPLITUDE
(Volts)

TIME
(ms)

RESULT
Amplitude modulator and demodulator are constructed and its waveforms are analyzed.

FREQUENCY MODULATION AND DEMODULATION
EX.NO: 4

DATE:

AIM
To study the factors about frequency, modulating and demodulating using ACL-03 & ACL-04
Kits trainer kit.
APPARATUS REQUIRED







ACL-03 & ACL-04 Kits.
Power supply.
Oscilloscope.
Volt meter.
Frequency meter.
Connecting Links.

THEORY:
Frequency modulation is a type of modulation in which the frequency of the high frequency
(Carrier) is varied in accordance with the instantaneous value of the modulating signal. There are
essentially two basic methods of generating frequency modulated signals, namely, direct method and
indirect method. In direct method the carrier frequency is directly varied in accordance with the input
base band signal, which is readily accomplished using a voltage controlled oscillator. In the indirect
method, the modulating signal is first used to produce a narrowband FM signal, and frequency
multiplication is next used to increase the frequency deviation to the desired level. The indirect
method is the preferred choice for frequency modulation when the stability of carrier
frequency is of major concern as in commercial radio broad casting.
Frequency Modulator
In this section a function generator is used. In essence the deviation sensitivity of voltage
controlled oscillator is the transfer function of the modulator (i.e its output frequency versus input
voltage characteristics)., The input to voltage controlled oscillator is a control voltage and the
output is a frequency. Therefore the deviation sensitivity for a VCO FM modulator is a change in
output frequency to change in input voltage. The deviation of a VCO is its voltage to frequency
converter ratio. In real, the frequency of oscillation for the function generator is controlled by its
input current however the input current can be controlled by an external control voltage. The
frequency of oscillation for the FM modulator varies inversely with the polarity of the control
voltage.
FM Demodulator
FM demodulation can be accomplished quite simply with a phase locked loop (PLL). The

Operation of a PLL FM demodulator requires no tuned circuits and automatically compensates for
changes in the carrier frequency due to instability in the transmit oscillator. The basic phase locked
loop circuit consists of four primary blocks a phase comparator (mixer), a low pass filter, amplifier
and a voltage controlled oscillator (VCO). With no external input signal, the output voltage, Vout
is equal to zero. The VCO operates at a set frequency called its natural or free running
frequency (fn), which is set by external resistor (Rt) and capacitor (Ct). If an input signal is applied to
the system, the phase comparator compares the phase and frequency of the input signal with the
VCO natural frequency and generates an error voltage Vd (t), that is related to the phase and
frequency difference between the two signals. This error voltage is then filtered, amplified and
applied to the input terminal of the VCO. If the input frequency fi is sufficiently close to the VCO
natural frequency, fn the feedback nature of the LL causes the VCO to synchronize or lock, to
the incoming signal. After frequency lock had occurred the VCO would track frequency changes in
the input signal by maintaining a phase error at the input of the phase comparator. Therefore if the
PLL input is a deviated FM signal and the VCO nature. Frequency If the PLL input is a deviated
FM signal and the VCO nature frequency is equal to the If center frequency, the correction voltage
produced at the output of the phase comparator and fed back to the input of the VCO is
proportional to the frequency deviation and is thus the demodulated information signal.
Consider a sine wave signal Vm(t) with pulse W and another sine wave vc(t) with upper  pulse
(FIG. 1.1):
Vm(t) = B • sin(w•t)

and

Vc(t) = A • sin(•t)

The signal vm(t) is called modulating signal, the signal vc(t) is called carrier signal.
Vary the frequency of the carrier Vc(t) in a way proportional to the amplitude of the
modulating signal Vm(t). You obtain a Vm(t) frequency modulated diagonal, which can be expressed
by the relation:
Vm(t) = A • sin [(t)], with (t) instantaneous angle function of Vm(t).
Mathematically the instantaneous pulse (t) of the FM signal by definition:
(t) =  + K• vm(t)
with  = carrier pulse
K= modulation sensitivity

MODEL GRAPH
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FM Modulator and Demodulator

PROCEDURE
Modulation
Connect the power supply with proper polarity to the kit ACL-03 while

connecting this;

ensure that the power supply is OFF.


Connect the o/p of function generator OUT post to the modulation IN of

REACTANCE

MODULATOR IN post.


Switch ON the power supply and Carry out the following presetting:
FUNCTION GENERATOR: sine wave (JP1); LEVEL about 0.1Vpp; FREQ. about 1KHz.
REACTANCE MODULATOR Level about 2Vpp; Observe the frequency of about 450 KHz
we can set the frequency by varing TR6.



Connect the oscilloscope to the output of the modulator OUT post and then observe the FM
signal

Demodulation


Connect the o/p of Function Generator (ACL-03) OUT post to the MOD IN (ACL-03) post.



Connect the o/p of FREQUENCY MODULATOR FM/RF OUT post to the I/p of RF IN of
mixer in ACL-03.



Connect the power supply with proper polarity to the kit ACL-03 & ACL-04, while connecting
this; ensure that the power supply is OFF.



Switch ON the power supply and Carry out the following presetting:
o Frequency Modulator: Switch on 500KHz; LEVEL about 1 Vpp; FREQ. about 450 KHz.
o Frequency demodulator in Foster-Seeley mode (jumpers in FS position).
o Function Generator: Sine wave (JP1); LEVEL about 100mVpp; FREQ. about 500Hz.
o Local Oscillator: LEVEL about 1 Vpp; FREQ. About1000 KHz on (Center).



Connect the LOCAL OSCILLATOR OUT to the LO IN of the MIXER and MIXER OUT to the
LIMITER IN post with the help of shorting links.



Then connect the LIMITER OUT post to the FM IN of FOSTER- SEELEY DETECTOR and
FS OUT to the IN of LOW PASS FILTER.



Then observe frequency modulated signal at FM/RF OUT post of FREQUENCY
MODULATOR and achieve the same signal by setting frequency of LOCAL OSCILLATOR at
OUT post of MIXER, then observe LIMITER OUT post where output is clear from noise and
stabilize around a value of about 1.5Vpp.



Connect the oscilloscope across post FS OUT of ACL-04 (detected signal) and FUNCTION
GENERATOR OUT post (modulating signal) of ACL-04. If the central frequency of the
discriminator and the carrier frequency of the FM signal and local oscillator frequency coincide,
you obtain two signals The fact that there is still some high-frequency ripple at the output of the
FOSTER-SEELEY DETECTOR block indicates that the passive low pass filter circuit at the
block’s output (as shown in Figure) is not sufficient to remove this unwanted high-frequency
component. We use the LOW PASS FILTER block to overcome this problem.

TABULATION:
SL.
NO

SIGNAL

1.

Modulating signal

2.

Carrier signal

3.

Modulated signal

4.

Demodulated signal

AMPLITUDE
(Volts)

RESULT:
The frequency modulator and demodulator are constructed and its waveforms are analyzed.

TIME
(ms)

PULSE CODE MODULATION

EX.NO: 5

DATE:

AIM:
To study the pulse code modulation and demodulation techniques using
DCL-04 trainer kits.

DCL-03 and

APPARATUS REQUIRED:





Experimentor kits DCL-03 & DCL-04.
Connecting chords.
Power supply.
20 MHz Dual Trace Oscilloscope.

THEORY
PRINCIPLES OF PULSE CODE MODULATION TECHNIQUES

Pulse Code Modulation is a technique, where the samples are transmitted as coded words of
finite bit (binary digit) length. In Pulse Code Modulation, first the samples are quantized, and then
encoded before transmitting as a serial bit stream.
“Quantizing” is the process where the samples are made to assume one of the finite sets of
discrete levels. Here, first the whole signal level is divided into a fixed number of discrete levels. The
samples are rounded-off to the nearest discrete level. Then corresponding to the level chosen, a code
word is assigned to the sample. This process is called “Encoding”. The process of quantizing and
encoding together is called “Analog to Digital conversion”.
The parallel data word available after the analog to digital conversion is converted to a serial
data stream after coding and sent through the channel. This coded data stream is said to be PCM coded
data and is transmitted by the serially by the PCM transmitter.
For recovering the data from the serial data stream, first the serial data is converted to a parallel
finite bit length code word. Then the receiver identifies the code word and assigns the signal levels for
the received code word. The functional block that performs this task of accepting sequences of binary
digits and generating appropriate sequences of levels is called “Digital to Analog converter”. The
sequences of level that appear at the output of the D/A converter is filtered to recover back the base
band signal.
Information from more than one source can be sent in a common channel, by properly
interleaving the samples from the various information sources in time domain. This process is
called “Time Division Multiplexing”. At the Receiver, after the D/A conversion is over, a

demultiplexing logic assigns the samples to the corresponding reconstruction units to recover the
information signals.
SYNCHRONIZATION TECHNIQUES:

For the recovery of information from the transmitted data stream, the transmitter and receiver
should be perfectly synchronized. Synchronization between transmitter and receiver is achieved in
two stages:
01) Bit Synchronization; and
02) Frame Synchronization.
BIT SYNCHRONIZATION:

To recover the information from the serial bit stream, the receiver has to know, if the received
data bit at a given instant of time, is ONE or ZERO. For determining the data bit, the clocks of
transmitter and receiver are to be perfectly synchronized. Once this Synchronization is achieved, the
receiver recovers the data, with reference to the clock.
For achieving this Synchronization, normally known as bit Synchronization, the clock of the
transmitter (TX clock) can be sent along with the data. This calls for an additional channel for clock
transmission. So normally a phase locked loop (PLL) is used at the Receiver for recovering the clock.
The phase locked loop is made to lock with the incoming data whose VCO reproduces the clock at the
Receiver.
FRAME SYNCHRONIZATION:

To recover the information transmitted from the data stream, the data is first converted
to parallel code words. After the code words are decoded using the D/A converter, demultiplexing
logic assigns the samples to the corresponding channel reconstruction units. For ensuring proper
recovery of code words, and proper assignment of channel information’s of the demultiplexing unit,
the receiver has to know where the data begins exactly. For this, at the start of every frame, a 14-bit
pseudo random sequence (PRBS) is sent, which forms the header of the data pattern.
Subsequently what follows is data corresponding to the number of channels multiplexed.
The frame sync pulse can be sent by the Transmitter along with the data and clock to achieve
frame Synchronization. But normally it is not sent, since it calls for an additional channel.
To recover the frame sync at the receiver from the data stream, a sequence similar to the one
transmitted, is generated at the Receiver. The PRBS detector compares the generated sequence with
the incoming data and locks whenever the incoming data matches with the generated sequence. The
PRBS sequence is chosen in such a way that it has minimum correlation with the data to avoid false

locks of the detector with the data bits. Once the PRBS detector is locked, it generates a frame sync
pulse, whose rising edge corresponds to the start of the frame and the time to the slot when the pseudo
random sequence occurs in the data stream. This frame sync pulse is used to code word and for
demultiplexing purposes.
PSEUDO RANDOM BIT SEQUENCES: (PRBS)

Pseudo Random Bit Sequences are widely used for Frame Synchronization purpose. They form
the header of the transmitted sequence. At the Receiver, these sequences are detected by a detector
logic, which recovers the Synchronization signal at the receiver.
Pseudo Random Bit sequence, popularly know as Pseudo Random Code Signals, are actually
deterministic signals. But they are called Pseudo Random Signals, because they have the statistical
properties of Random Signals.
Example of Random Signal: Sample signal of white noise.
The Pseudo Random Signal has got an advantage that it has minimum correlation with any data
signal, so that the false locking of the detector with data is avoided. For a signal to be Pseudo Random
in nature, it should satisfy the following properties of Randomness:
01) Balance Properties:
The given signal is said to possess good balance property, if the number of binary Ones differ
from the number of binary Zeroes, by almost one digit in one period.
02) Run Property:
The Run is defined as a sequence of single type of binary digits (either binary Ones or binary
Zeroes). The given sequence is said to satisfy the RUN property, if it satisfies the below condition:
Among the Runs of Ones and Zeroes in each period, it is desirable that about one half the Runs
of each type are of length 1, about one fourth are of length 2, and one eight are of length 3, and so on.
03) Correlation property:
If period of the sequence is compared term by term with any cyclic shift of itself, it is best if
the number of agreements differs from the number disagreements by not more than 1.

PROCEDURE:
1. Connect power supply in proper polarity to the kits DCL-03 & DCL-04 and switch it on.
2. Connect sine wave of frequency 500Hz and 1KHz to the input CH0 and CH1 of the sample
and hold logic.
3. Connect OUT 0 to CH0 IN & OUT 1 to CH1 IN.
4. Set the speed selection switch SW1 to FAST mode.
5. Select parity selection switch to NONE mode on both the kit DCL-03 and DCL-04 as shown in
switch setting diagram.
6. Connect TXDATA, TXCLK and TXSYNC of the transmitter section DCL-03 to the
corresponding RXDATA, RXCLK, and RXSYNC of the receiver section DCL-04.
7. Connect posts DAC OUT to IN post of demultiplexer section on DCL-04.
8. Ensure that FAULT SWITCH SF1 as shown in switch setting diagram introduces no fault.
9. Take the observations as mentioned below.
10. Repeat the above experiment with DC Signal at the inputs of the Channel CH 0 and CH 1.
11. Connect ground points of both the kits with the help of Connecting chord provided during
all the experiments.
OBSERVATION:
Observe the following signal on oscilloscope and plot it on the paper.
ON KIT DCL-03
1. Input signal CH 0 and CH 1.
2. Sample and Hold output OUT 0 and OUT1
3. Multiplexer clock CLK 1 and CLK 2
4. Multiplexed data MUX OUT.
5. PCM Data TX DATA, TXCLK, TXSYNC

ON KIT DCL-04
1. RXCLK, RXSYNC, RXDATA
2. DAC OUT
3. Demultiplexer clock CLK 1 and CLK 2
4. Demultiplexed Data CH 0 and CH 1
5. Received signal OUT 0 and OUT
MODEL GRAPH

TABULATION

Modulating Signal
Amplitude
(Volts)

Time
(ms)

Demodulated signal
PCM (Hex)

Amplitude
(Volts)

RESULT:
Thus the Pulse Code Modulation has been studied and their waveforms have been
plotted.

Time
(ms)

DELTA MODULATION, ADAPTIVE DELTA MODULATION
EX.NO: 6

DATE:

AIM:
Using Experimentor kit DCL-07,
a) To study Delta Modulation and Demodulation.
b) To study Adaptive Delta Modulation and demodulation.
APPARATUS REQUIRED:


Experimentor kit DCL-07.



Connecting chords.



Power supply.



20 MHz Dual Trace Oscilloscope.

THEORY
DELTA MODULATION:
Delta modulation is the differential pulse code modulation scheme in which the difference
signal is encoded into just a single bit. In digital modulation system, the analog signal is sampled and
digitally coded. This code represents the sampled amplitude of the analog signal. The digital signal
is sent to the receiver through any channel in serial form. At the receiver the digital signal is
decoded and filtered to get reconstructed analog signal. Sufficient number of samples are required
to allow the analog signal to be reconstructed accurately. Delta modulation is a process of
converting analog signal into one bit code, means only one bit is sent per sample. This bit
indicates whether the signal is larger or smaller than the previous samples. The advantage of DM
is that the modulator and demodulator circuits are much simpler than those used in traditional PCM.
Delta modulation is an encoding process where the logic levels of the transmitted pulses indicate
whether the decoded output should rise or fall at each pulse. This is a true digital encoding process
as compare to PAM, PWM and PPM.
If signal amplitude has increased in DM then modulated output is a logic level 1. If the signal
amplitude has decreased the modulator output is logic level 0. Thus the output from the modulator is a
series of zeroes and ones to indicate rise and fall of the waveform from the previous value.
The block diagram of Delta Modulation illustrates the components at the transmitter end. It
consists of Digital Sampler and an Integrator at the feedback path of Digital sampler. Let
assume that the base band signal a(t) and its quantized approximation
inputs

to

the

comparator.

i(t) are applied as

A comparator as its name suggests simply makes a comparison

between inputs. The comparator has one fixed output c(t) when a(t) > i(t) and the different output
when a(t) < i(t) the comparator output is then latched in to a D-flip/flop which is clocked by the
selected transmitter clock. Thus the output of the D-flip/flop is latched 1 or 0 synchronous
with the clock edge. This binary data stream is transmitted to the receiver and is also fed to the
input of integrator. The integrator output is then connected to the negative terminal of voltage
comparator, thus completing the modulator circuit. The waveform of the Delta Modulator is as
shown in the figure.
DELTA DEMODULATOR:
The Delta Demodulator consists of a D-flip/flop, followed by an integrator and a 2nd and 4th
order low pass butterworth filter. The Delta Demodulator receives the data stream from Dflip/flop of Delta Modulator. It latches this data at every rising edge of receiver clock. This data
stream is then fed 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 output contains sharp edges,
which is smoothened out by the 2nd order, and 4th order low pass butterworth filter whose cut-off
frequency is just above the audio band. The practical use of Delta Modulation is limited due to
following drawbacks:
1. NOISE: A noise is defined, as any unwanted random waveform accompanying the information
signal. When the signal is received at the receiver irrespective of any channel it is always
accompanied by noise.
2. DISTORTION: Distortion means that the receiver output is not the true copy of the analog
input signal at the transmitter. In Delta modulation, when the analog signal is greater than the
integrator output the integrator ramps up to meet the analog signal. The ramping rate of
integrator is constant. Therefore if the rate of change of analog input is faster than the ramping
rate, the modulator is unable to catch up with the input signal. This causes a large
disparity between the information signal and it’s
phenomenon

quantised approximation. This error

is known as Slope over loading and causes the loss of rapidly changing

information. The slope overloading waveform is as shown in the figure. The problem of slope
overload can be solved by increasing the ramping rate of the integrator. But as it can be seen
from the figure the effect of the large step size is to add large sharp edges at the integrator
output and hence it adds to noise.
3. Another problem of Delta Modulation is that it is unable to pass DC information. This is not a
serious limitation of the speech communication.

PROCEDURE
Delta Modulation
1. Connect the power supply with the proper polarity to the Kit DCL-07 and switch it ON.

2. Select sine wave input 250Hz of 0V through pot P1 and connect post 250Hz to post IN of
input buffer.
3. Connect output of buffer post OUT to Digital Sampler input post IN1.
4. Then select clock rate of 8 KHz by pressing switch S1 selected clock is indicated by LED
glow.
5. Keep Switch S2 in Δ (Delta) position.
6. Connect output of Digital Sampler post OUT to input post IN of Integrator 1.
7. Connect output of Integrator 1 post OUT to input post IN2 of Digital Sampler.
8. Then observe the Delta modulated output at output of Digital Sampler post OUT and compare
it with the clock rate selected. It is half the frequency of clock rate selected.
9. Observe the integrator output test point. It can be observe that as the clock rate is increased
amplitude of triangular waveform decreases. This is called minimum step size. These
waveforms are as shown in figure. Then increase the amplitude of 250Hz sine wave upto 0.5V.
Signal approximating 250Hz is available at the integrator output. This signal is obtained by
integrating the digital output resulting from Delta modulation.
10. Then go on increasing the amplitude of selected signal through the respective pot from 0 to 2V.
It can be observed that the digital high makes the integrator output to go upward and digital
low makes the integrator output to go downwards. Observe that the integrator output follow the
input signal. The waveforms are as shown. Observe the waveforms at various test-points in the
Delta modulator section.
11. Increase the amplitude of 250Hz sine wave through pot P1 further high and observe that the
integrator output cannot follow the input signal. State the reason.
12. Repeat the above mention procedures with different signal sources and selecting the different
clock rates and observe the response of Delta Modulator.
13. Connect Delta modulated output post OUT of Digital Sampler to the input of Delta
Demodulator section post IN of Demodulator.
14. Connect output of Demodulator post OUT to the input of Integrator 3 post IN.
15. Connect output of Integrator 3 post OUT to the input of output buffer post IN.
16. Connect output of output buffer post OUT to the input of 2nd order filter post IN.
17. Connect output of 2nd order filter post OUT to the input of 4th order filter post IN.
18. Keep Switch S4 in HIGH position.
19. Then observed various tests points in Delta Demodulator section and observe the reconstructed
signal through 2nd order filter and 4th order filter. Observe the waveforms as shown in figure.

Adaptive Delta Modulation
1. Connect the power supply with the proper polarity to the Kit DCL-07 & switch it ON.
2. Select sine wave input 500Hz of 2V or above through pot P2 and connect post 1KHz to post
IN of input buffer.
3. Connect output of buffer post OUT to Digital Sampler input post IN1.
4. Then select clock rate of 32 KHz by pressing switch S1 selected clock is indicated by LED
glow.
5. Keep Switch S2 in Δ (Delta) position.
6. Connect output of Digital Sampler post OUT to input post IN of Integrator 2.
7. Connect output of Integrator 2 post OUT to input post IN2 of Digital Sampler.
8. Keep Switch S3 in LOW position.
9. Connect Delta modulated output post OUT of Digital Sampler to the input of Delta
Demodulator section post IN of Demodulator.
10. Connect output of Demodulator post OUT to the input of Integrator 3 post IN.
11. Connect output of Integrator 3 post OUT to the input of output buffer post IN.
12. Connect output of output buffer post OUT to the input of 2nd order filter post IN.
13. Connect output of 2nd order filter post OUT to the input of 4th order filter post IN.
14. Keep Switch S4 in LOW position.
15. Observe the output of filter at post OUT of 4th order filter.
16. Repeat the above mention procedures with different signal sources and selecting the different
clock rates and observe the response of Adaptive delta modulation. Which follows input signal
even if amplitude & frequency of input signal increases. Adaptive delta modulator matches the
slope of the input signal due to low time constant

MODEL GRAPHS

TABULATION
Amplitude

Time

Frequency

Input signal
Integrator signal
Modulated signal
Demodulated signal

RESULT:
Thus the delta and adaptive delta modulation techniques have been studied and the
corresponding graphs have been plotted.

DIGITAL MODULATION AND DEMODULATION(ASK, FSK, PSK, QPSK, DPSK, QAM)
EX.NO: 7 & 9
AIM:
To study the following digital modulation techniques
1) Amplitude shift keying.
2) Frequency shift keying.
3) Phase shift keying
4) Quadrature Phase shift keying
APPARATUS REQUIRED:


MATLAB

PROCEDURE:

1.
2.
3.
4.
5.
6.

Open MATLAB software and open the new command editor window.
Type the coding of ASK, PSK, QPSK, FSK techniques.
Save the coding using “.m” extension.
Run the coding using the toolbar given.
Enter the input values if required.
Plot the obtained output waveforms.

ASK USING MATLAB
ALGORITHM
Initialization commands
ASK modulation
1. Generate carrier signal.
2. Start FOR loop
3. Generate binary data, message signal(on-off form)
4. Generate ASK modulated signal.
5. Plot message signal and ASK modulated signal.
6. End FOR loop.
7. Plot the binary data and carrier.
ASK demodulation
1. Start FOR loop
2. Perform correlation of ASK signal with carrier to get decision variable

DATE:

3. Make decision to get demodulated binary data. If x>0, choose ‘1’ else choose ‘0’
4. Plot the demodulated binary data.
PROGRAM
%ASK Modulation
clc;
clear all;
close all;
%GENERATE CARRIER SIGNAL
Tb=1; fc=10;
t=0:Tb/100:1;
c=sqrt(2/Tb)*sin(2*pi*fc*t);
%generate message signal
N=8;
m=rand(1,N);
t1=0;t2=Tb
for i=1:N
t=[t1:.01:t2]
if m(i)>0.5
m(i)=1;
m_s=ones(1,length(t));
else
m(i)=0;
m_s=zeros(1,length(t));
end
message(i,:)=m_s;
%product of carrier and message
ask_sig(i,:)=c.*m_s;
t1=t1+(Tb+.01);
t2=t2+(Tb+.01);
%plot the message and ASK signal
subplot(5,1,2);axis([0 N -2 2]);plot(t,message(i,:),'r');
title('message signal');xlabel('t--->');ylabel('m(t)');grid on
hold on
subplot(5,1,4);plot(t,ask_sig(i,:));

title('ASK signal');xlabel('t--->');ylabel('s(t)');grid on
hold on
end
hold off
%Plot the carrier signal and input binary data
subplot(5,1,3);plot(t,c);
title('carrier signal');xlabel('t--->');ylabel('c(t)');grid on
subplot(5,1,1);stem(m);
title('binary data bits');xlabel('n--->');ylabel('b(n)');grid on
%

ASK Demodulation

t1=0;t2=Tb
for i=1:N
t=[t1:Tb/100:t2]
%correlator
x=sum(c.*ask_sig(i,:));
%decision device
if x>0
demod(i)=1;
else
demod(i)=0;
end
t1=t1+(Tb+.01);
t2=t2+(Tb+.01);
end
%plot demodulated binary data bits
subplot(5,1,5);stem(demod);
title('ASK demodulated signal'); xlabel('n--->');ylabel('b(n)');grid on

PSK USING MATLAB
ALGORITHM
Initialization commands
PSK modulation
1. Generate carrier signal.
2. Start FOR loop
3. Generate binary data, message signal in polar form
4. Generate PSK modulated signal.
5. Plot message signal and PSK modulated signal.
6. End FOR loop.
7. Plot the binary data and carrier.
PSK demodulation
1. Start FOR loop
Perform correlation of PSK signal with carrier to get decision variable
2. Make decision to get demodulated binary data. If x>0, choose ‘1’ else choose ‘0’
3. Plot the demodulated binary data.
PROGRAM
%

PSK modulation

clc;
clear all;
close all;
%GENERATE CARRIER SIGNAL
Tb=1;
t=0:Tb/100:Tb;
fc=2;
c=sqrt(2/Tb)*sin(2*pi*fc*t);
%generate message signal
N=8;
m=rand(1,N);
t1=0;t2=Tb
for i=1:N
t=[t1:.01:t2]
if m(i)>0.5
m(i)=1;

m_s=ones(1,length(t));
else
m(i)=0;
m_s=-1*ones(1,length(t));
end
message(i,:)=m_s;
%product of carrier and message signal
bpsk_sig(i,:)=c.*m_s;
%Plot the message and BPSK modulated signal
subplot(5,1,2);axis([0 N -2 2]);plot(t,message(i,:),'r');
title('message signal(POLAR form)');xlabel('t--->');ylabel('m(t)');
grid on;

hold on;

subplot(5,1,4);plot(t,bpsk_sig(i,:));
title('BPSK signal');xlabel('t--->');ylabel('s(t)');
grid on;

hold on;

t1=t1+1.01;

t2=t2+1.01;

end
hold off
%plot the input binary data and carrier signal
subplot(5,1,1);stem(m);
title('binary data bits');xlabel('n--->');ylabel('b(n)');
grid on;
subplot(5,1,3);plot(t,c);
title('carrier signal');xlabel('t--->');ylabel('c(t)');
grid on;
% PSK Demodulation
t1=0;t2=Tb
for i=1:N
t=[t1:.01:t2]
%correlator
x=sum(c.*bpsk_sig(i,:));
%decision device
if x>0
demod(i)=1;

else
demod(i)=0;
end
t1=t1+1.01;
t2=t2+1.01;
end
%plot the demodulated data bits
subplot(5,1,5);stem(demod);
title('demodulated data');xlabel('n--->');ylabel('b(n)');
grid on
FSK USING MATLAB
ALGORITHM
Initialization commands
FSK modulation
1. Generate two carriers signal.
2. Start FOR loop
3. Generate binary data, message signal and inverted message signal
4. Multiply carrier 1 with message signal and carrier 2 with inverted message signal
5. Perform addition to get the FSK modulated signal
6. Plot message signal and FSK modulated signal.
7. End FOR loop.
8. Plot the binary data and carriers.
FSK demodulation
1. Start FOR loop
2. Perform correlation of FSK modulated signal with carrier 1 and carrier 2 to get two decision
variables x1 and x2.
3. Make decisionon x = x1-x2 to get demodulated binary data. If x>0, choose ‘1’ else choose ‘0’.
4. Plot the demodulated binary data.
PROGRAM
% FSK Modulation
clc;
clear all;
close all;
%GENERATE CARRIER SIGNAL

Tb=1; fc1=2;fc2=5;
t=0:(Tb/100):Tb;
c1=sqrt(2/Tb)*sin(2*pi*fc1*t);
c2=sqrt(2/Tb)*sin(2*pi*fc2*t);
%generate message signal
N=8;
m=rand(1,N);
t1=0;t2=Tb
for i=1:N
t=[t1:(Tb/100):t2]
if m(i)>0.5
m(i)=1;
m_s=ones(1,length(t));
invm_s=zeros(1,length(t));
else
m(i)=0;
m_s=zeros(1,length(t));
invm_s=ones(1,length(t));
end
message(i,:)=m_s;
%Multiplier
fsk_sig1(i,:)=c1.*m_s;
fsk_sig2(i,:)=c2.*invm_s;
fsk=fsk_sig1+fsk_sig2;
%plotting the message signal and the modulated signal
subplot(3,2,2);axis([0 N -2 2]);plot(t,message(i,:),'r');
title('message signal');xlabel('t---->');ylabel('m(t)');grid on;hold on;
subplot(3,2,5);plot(t,fsk(i,:));
title('FSK signal');xlabel('t---->');ylabel('s(t)');grid on;hold on;
t1=t1+(Tb+.01); t2=t2+(Tb+.01);
end
hold off
%Plotting binary data bits and carrier signal
subplot(3,2,1);stem(m);

title('binary data');xlabel('n---->'); ylabel('b(n)');grid on;
subplot(3,2,3);plot(t,c1);
title('carrier signal-1');xlabel('t---->');ylabel('c1(t)');grid on;
subplot(3,2,4);plot(t,c2);
title('carrier signal-2');xlabel('t---->');ylabel('c2(t)');grid on;
% FSK Demodulation
t1=0;t2=Tb
for i=1:N
t=[t1:(Tb/100):t2]
%correlator
x1=sum(c1.*fsk_sig1(i,:));
x2=sum(c2.*fsk_sig2(i,:));
x=x1-x2;
%decision device
if x>0
demod(i)=1;
else
demod(i)=0;
end
t1=t1+(Tb+.01);
t2=t2+(Tb+.01);
end
%Plotting the demodulated data bits
subplot(3,2,6);stem(demod);
title(' demodulated data');xlabel('n---->');ylabel('b(n)'); grid on;

QPSK USING MATLAB
ALGORITHM
Initialization commands
QPSK modulation
1. Generate quadrature carriers.
2. Start FOR loop
3. Generate binary data, message signal(bipolar form)
4. Multiply carrier 1 with odd bits of message signal and carrier 2 with even bits of message
signal
5. Perform addition of odd and even modulated signals to get the QPSK modulated signal
6. Plot QPSK modulated signal.
7. End FOR loop.
8. Plot the binary data and carriers.
QPSK demodulation
1. Start FOR loop
2. Perform correlation of QPSK modulated signal with quadrature carriers to get two decision
variables x1 and x2.
3. Make decision on x1 and x2 and multiplex to get demodulated binary data.
If x1>0and x2>0, choose ‘11’. If x1>0and x2<0, choose ‘10’. If x1<0and x2>0, choose ‘01. If
x1<0and x2<0, choose ‘00’.
4. End FOR loop
5. Plot demodulated data
PROGRAM
% QPSK Modulation
clc;
clear all;
close all;
%GENERATE QUADRATURE CARRIER SIGNAL
Tb=1;t=0:(Tb/100):Tb;fc=1;
c1=sqrt(2/Tb)*cos(2*pi*fc*t);
c2=sqrt(2/Tb)*sin(2*pi*fc*t);
%generate message signal
N=8;m=rand(1,N);
t1=0;t2=Tb

for i=1:2:(N-1)
t=[t1:(Tb/100):t2]
if m(i)>0.5
m(i)=1;
m_s=ones(1,length(t));
else
m(i)=0;
m_s=-1*ones(1,length(t));
end
%odd bits modulated signal
odd_sig(i,:)=c1.*m_s;
if m(i+1)>0.5
m(i+1)=1;
m_s=ones(1,length(t));
else
m(i+1)=0;
m_s=-1*ones(1,length(t));
end
%even bits modulated signal
even_sig(i,:)=c2.*m_s;
%qpsk signal
qpsk=odd_sig+even_sig;
%Plot the QPSK modulated signal
subplot(3,2,4);plot(t,qpsk(i,:));
title('QPSK signal');xlabel('t---->');ylabel('s(t)');grid on; hold on;
t1=t1+(Tb+.01); t2=t2+(Tb+.01);
end
hold off
%Plot the binary data bits and carrier signal
subplot(3,2,1);stem(m);
title('binary data bits');xlabel('n---->');ylabel('b(n)');grid on;
subplot(3,2,2);plot(t,c1);
title('carrier signal-1');xlabel('t---->');ylabel('c1(t)');grid on;
subplot(3,2,3);plot(t,c2);

title('carrier signal-2');xlabel('t---->');ylabel('c2(t)');grid on;
% QPSK Demodulation
t1=0;t2=Tb
for i=1:N-1
t=[t1:(Tb/100):t2]
%correlator
x1=sum(c1.*qpsk(i,:));
x2=sum(c2.*qpsk(i,:));
%decision device
if (x1>0&&x2>0)
demod(i)=1;
demod(i+1)=1;
elseif (x1>0&&x2<0)
demod(i)=1;
demod(i+1)=0;
elseif (x1<0&&x2<0)
demod(i)=0;
demod(i+1)=0;
elseif (x1<0&&x2>0)
demod(i)=0;
demod(i+1)=1;
end
t1=t1+(Tb+.01); t2=t2+(Tb+.01);
end
subplot(3,2,5);stem(demod);
title('qpsk demodulated bits');xlabel('n---->');ylabel('b(n)');grid on;

Differential Phase-Shift Keying (DPSK) MATLAB code

close all;
clear all;
clc;

B = [1 0 0 1 0 0 1 1];
B_not = ~B;
count = 0;
Dk=[];
for i=1:1:length(B);

if(B(i)==0)
count = count + 1;
if(count>1)
Dk(i) =0;
else
Dk(i) = 1;
end

else
if(B(i)==1)
Dk(i)=1;
count = 0;
end

end
end

Dk_not = ~Dk;
Result = [];
Result1 = [];
Result2 = [];
Result1 = Dk & B;

Result2 = Dk_not & B_not;
Result = xor(Result1,Result2);

Final = [];
for i= 1:1:length(Result+1)
Final(1)=1;
Final(i+1)= Result(i);
end

Main_Final = ~ Final;

fs=1000;
f = 1;
Signal = [];
time = [];
t=0:1/fs:1;
for i=1:1: length(Main_Final);
Signal =[ Signal (Main_Final(i)==0)*sin(2*pi*f*t)+...
(Main_Final(i)==1)*-cos(2*pi*f*t)];
time=[time t];
t=t+1;
end

plot(time,Signal,'red','LineWidth',2.5);
axis([0 time(end) -2 2]);
xlabel('Time(t)');
title(['Differential Phase Shift Keying [' num2str(Main_Final) ']']);
ylabel('Amplitude');
grid on;

M ary-QAM modulation
clc;
clear all;
close all;

M=4;
%M=input(' enter the value of M array for QAM modulation : ');
fprintf('\n\n\n');

%XXXXXXXX input chaking loop XXXXXXXXXXXX
Ld=log2(M);
ds=ceil(Ld);
dif=ds-Ld;
if(dif~=0)
error('the value of M is only acceptable if log2(M)is an integer');
end

%XXXXXX binary Information Generation XXXXXXXXXXXX
nbit=16;

%number of information bits

msg=round(rand(nbit,1));

% information generation as binary form

disp(' binary information at transmitter ');
disp(msg);
fprintf('\n\n');

%XX representation of transmitting binary information as digital signal XXX
x=msg;
bp=.000001;
bit=[];
for n=1:1:length(x)
if x(n)==1;
se=ones(1,100);
else x(n)==0;

% bit period

se=zeros(1,100);
end
bit=[bit se];

end
t1=bp/100:bp/100:100*length(x)*(bp/100);
figure(1)
subplot(3,1,1);
plot(t1,bit,'lineWidth',2.5);grid on;
axis([ 0 bp*length(x) -.5 1.5]);
ylabel('amplitude(volt)');
xlabel(' time(sec)');
title('transmitting information as digital signal');

% binary information convert into symbolic form for M-array QAM modulation
M=M;

% order of QAM modulation

msg_reshape=reshape(msg,log2(M),nbit/log2(M))';
disp(' information are reshaped for convert symbolic form');
disp(msg_reshape);
fprintf('\n\n');

size(msg_reshape);
for(j=1:1:nbit/log2(M))
for(i=1:1:log2(M))
a(j,i)=num2str(msg_reshape(j,i));
end
end

as=bin2dec(a);
ass=as';
figure(1)
subplot(3,1,2);

stem(ass,'Linewidth',2.0);
title('serial symbol for M-array QAM modulation at transmitter');
xlabel('n(discrete time)');
ylabel(' magnitude');

disp('symbolic form information for M-array QAM ');
disp(ass);
fprintf('\n\n');

%XXXXXXXXXX Mapping for M-array QAM modulation XXXXXXX
M=M;

%order of QAM modulation

x1=[0:M-1];
p=qammod(ass,M)
sym=0:1:M-1;

%constalation design for M-array QAM acording to symbol

% considerable symbol of M-array QAM, just for scatterplot

pp=qammod(sym,M);

%constalation diagram for M-array QAM

scatterplot(pp),grid on;
title('consttelation diagram for M-array QAM');

%XXXXXXX M-array QAM modulation XXXXXXXXXXXXX
RR=real(p)
II=imag(p)
sp=bp*2;
sr=1/sp;

%symbol period for M-array QAM
% symbol rate

f=sr*2;
t=sp/100:sp/100:sp;
ss=length(t);
m=[];
for(k=1:1:length(RR))
yr=RR(k)*cos(2*pi*f*t);

% inphase or real component

yim=II(k)*sin(2*pi*f*t);

% Quadrature or imagenary component

y=yr+yim;
m=[m y];
end

tt=sp/100:sp/100:sp*length(RR);
figure(1);
subplot(3,1,3);
plot(tt,m);
title('waveform for M-array QAM modulation acording to symbolic information');
xlabel('time(sec)');
ylabel('amplitude(volt)');

%XXXXXXX M-array QAM demodulation XXXXXXXXXXXXXXXXX
m1=[];
m2=[];
for n=ss:ss:length(m)
t=sp/100:sp/100:sp;
y1=cos(2*pi*f*t);

% inphase component

y2=sin(2*pi*f*t);

% quadrature component

mm1=y1.*m((n-(ss-1)):n);
mm2=y2.*m((n-(ss-1)):n);
z1=trapz(t,mm1)

% integration

z2=trapz(t,mm2)

% integration

zz1=round(2*z1/sp)
zz2=round(2*z2/sp)
m1=[m1 zz1]
m2=[m2 zz2]
end

%XXXXXXXXXXX de-mapping for M-array QAM modulation XXXXXXXXXX
clear i;
clear j;
for (k=1:1:length(m1))
gt(k)=m1(k)+j*m2(k);
end
gt

ax=qamdemod(gt,M);
figure(3);
subplot(2,1,1);
stem(ax,'linewidth',2);
title(' re-obtain symbol after M-array QAM demodulation ');
xlabel('n(discrete time)');
ylabel(' magnitude');

disp('re-obtain symbol after M-array QAM demodulation ');
disp(ax);
fprintf('\n\n');

bi_in=dec2bin(ax);
[row col]=size(bi_in);
p=1;
for(i=1:1:row)
for(j=1:1:col)
re_bi_in(p)=str2num(bi_in(i,j));
p=p+1;
end
end
disp('re-obtain binary information after M-array QAM demodulation');
disp(re_bi_in')
fprintf('\n\n');

%XX representation of receiving binary information as digital signal XXXXXX
x=re_bi_in;
bp=.000001;
bit=[];
for n=1:1:length(x)
if x(n)==1;
se=ones(1,100);

% bit period

else x(n)==0;
se=zeros(1,100);
end
bit=[bit se];

end
t1=bp/100:bp/100:100*length(x)*(bp/100);
figure(3)
subplot(2,1,2);
plot(t1,bit,'lineWidth',2.5);grid on;
axis([ 0 bp*length(x) -.5 1.5]);
ylabel('amplitude(volt)');
xlabel(' time(sec)');
title('receiving information as digital signal after M-array QAM demoduation');

RESULT
The program for ASK, FSK, PSK, QPSK, DPSK and QAM modulation and demodulation has
been simulated in MATLAB and necessary graphs are plotted.

LINE CODING
EX.NO: 8

DATE:

AIM
To study and examine line coding and decoding using the following techniques and also plot
their output waveform.
1. Non Return to Zero - Level (NRZ-L)
2. Non Return to Zero - Mark (NRZ-M)
3. Non Return to Zero - Space (NRZ-S)
4. Unipolar to Bipolar-Bipolar to Unipolar
5. Manchester Coding
APPARATUS REQUIRED:


Experimentor Kits DCL-05 & DCL-06.



Patch Chords.



Power supply.



20MHz Dual Trace Oscilloscope.

THEORY:
NON - RETURN TO ZERO signal are the easiest formats that can be generated. These signals
do not return to zero with the clock. The frequency component associated with these signals are half
that of the clock frequency. The following data formats come under this category. Non-return to zero
encoding is commonly used in slow speed communications interfaces for both synchronous and
asynchronous transmission. Using NRZ, logic 1 bit is sent as a high value and a logic 0 bit is sent as a
low value.
A) Non-Return to zero - LEVEL - NRZ-L,
B) Non-Return to zero - MARK - NRZ-M
C) Non-Return to zero - SPACE - NRZ-S

A) NON-RETURN TO ZERO - LEVEL (NRZ-L):
This is the most extensively used waveform in digital logics. The data format is very simple
where all ‘ones’ are represented by `high’ and all `zeros’ by `low’. The data format is directly
available at the output of all digital data generation logics and hence very easy to generate. Here all
the transitions take place at the rising edge of the clock.

B) NON-RETURN TO ZERO - MARK (NRZ-M):
These waveforms are extensively used in magnetic tape recording. In this data format,
all `ones’ are marked by change in levels and all “zeros’ by no transitions, and the transitions take
place at the rising edge of the clock.
C) NON-RETURN TO ZERO - SPACE (NRZ-S),
This type of waveform is marked by change in levels for `zeros’ and no transition for `ones’
and the transitions take place at the rising edge of the clock. This format is also used in magnetic
tape recording.
D) UNIPOLAR AND BIPOLAR:
Unipolar signals are those signals, which have transition between 0 to +VCC. Bipolar signals
are those signals, which have transition between +VCC to -VCC.
The coding of basic data NRZ-L into NRZ-M and NRZ-S format can be understand by
referring to circuit description manual and Waveforms.
For the decoding the NRZ coded data, first of all the clock is recovered from the incoming
coded data by using Phase Locked Loop techniques on kit DCL-06. Waveforms show the data stream
and clock using a typical NRZ-L protocol. In this data format, ‘ones’ are represented by highs and
‘zeros’ are represented by lows. In the data stream, it should be guaranteed that continuously more
than 5 zeros or 5 ones should not occur in succession while transmitting data.
This ensures that the slowest rate of changes will then be a frequency corresponding to onetwelfth clock. The fastest rate of change of frequency will correspond to one- half of the clock
frequency with alternate one and zeroes occurring in the data stream.
E) MANCHESTER CODING
In Manchester Coding `one’ is represented by a half bit wide pulse positioned during the first
half of the bit interval and a `zero’ is represented by a half bit wide pulse positioned during the second
half of the bit interval.

PROCEDURE:
NOTE: KEEP THE SWITCH FAULTS IN OFF POSITION.
1. Refer to the block diagram and carry out the following connections and switch settings.
2. Connect power supply in proper polarity to the kits DCL-05 & DCL-06 and switch it on.
3. Connect CLOCK and DATA generated on DCL-05 to CODING CLOCK IN and
DATA INPUT respectively by means of the patch-chords provided.
4. Connect the coded data NRZ-L on DCL-05 to the corresponding DATA INPUT NRZ-L,
of the decoding logic on DCL-06.
5. Keep the switch SW2 for NRZ-L to ON position for decoding logic as shown in the block
diagram.
6. Observe the coded and decoded signal on the oscilloscope.
7. Connect the coded data NRZ-M on DCL-05 to the corresponding DATA INPUT NRZ-M,
of the decoding logic on DCL-06.
8. Keep the switch SW2 for NRZ-M to ON position for decoding logic as shown in the block
diagram.
9. Observe the coded and decoded signal on the oscilloscope

MODEL GRAPH:

RESULT:
Thus the characteristics of line coding and decoding techniques were studied and the output
waveforms were plotted.

ERROR CONTROL CODING USING MATLAB
EX.NO: 10

DATE:

AIM :
To implement the error control linear and cyclic block codes and using MATLAB program.
APPARATUS REQUIRED :
PC with MATLAB software.
THEORY :
It’s a sub class of linear block codes. Advantage of cyclic codes is that they are easy to encode. A
binary code is to be cyclic code it exhibits two fundamental properties


Linearity property



Cyclic property

In coding theory, a linear code is an error-correcting code for which any linear combination of
code words is also a codeword. Linear codes are traditionally partitioned into block codes and
convolutional codes, although Turbo codes can be seen as a hybrid of these two types. Linear codes
allow for more efficient encoding and decoding algorithms than other codes. Linear codes are used in
forward error correction and are applied in methods for transmitting symbols (e.g., bits) on a
communications channel so that, if errors occur in the communication, some errors can be corrected or
detected by the recipient of a message block. The code words in a linear block code are blocks of
symbols which are encoded using more symbols than the original value to be sent. A linear code of
length n transmits blocks containing n symbols. For example, the [7,4,3] Hamming code is a linear
binary code which represents 4-bit messages using 7-bit code words. Two distinct code words differ in
at least three bits. As a consequence, up to two errors per codeword can be detected and a single error
can be corrected. This code contains 24=16 code words.
PROCEDURE :
1. Use the communication block set.
2. Perform the coding technique for the message that is generated randomly.
3. Similarly generate a noisy code signal randomly.
4. Perform the decoding operation.
5. Analyze the result and bit error rate is calculated.

PROGRAM :
LINEAR BLOCK CODES
clc;
clear all;
close all;
%Input Generator Matrix
g=input('Enter The Generator Matrix');
disp('The order of Linear block code for given generator matrix is:');
[n,k]=size(transpose(g))
fori=1:2^k
for j=k:-1:1
if rem(i-1,2^(-j+k+1))>=2^(-j+k)
u(i,j)=1;
else
u(i,j)=0;
end
end
end
u
disp('The possible codewords are:')
c=rem(u*g,2)
disp('The minimum hamming distance dmin for given block code is=')
d_min=min(sum((c(2:2^k,:))'))
disp('The error correction capability is= ')
ec = (d_min-1)/2
%Code Word
r=input('Enter the received code word:')
p=[g(:,n-k+2:n)];
h=[transpose(p),eye(n-k)];
disp('Hamming code')
ht=transpose(h)
disp('syndrome decoding table');
sundromematrix = ht
errorpattern = eye(n)

disp('Syndrome of a given codeword is:')
s=rem(r*ht,2)
fori=1:1:size(ht)
if(ht(i,1:3)==s)
r(i)=1-r(i);
break;
end
end
disp('The error is in bit:')
i
disp('The corrected codeword is:')
r
disp(' actual message bit is:')
m=[r(1:k)]

CYCLIC BLOCK CODES
clc
close all;
clear all;
n=6;
k=4;
data=randint(5,k,[0 1]);
disp('data');
disp(data);
code=encode(data,n,k,'%cyclic,binary');
disp('code');
disp(code);
e=randerr(5,n,[0 1;.5 .5]);
disp('randerr');
disp(e);
noise=rem([code+e],2);
disp('noise');
disp(noise);
newdata=decode(noise,n,k,'%cyclic,binary');

disp('newdata');
disp(newdata);
[numerr,ratio]=biterr(newdata,data);
disp('The bit error ratio is');
disp(ratio);

RESULT :
Thus the program for error control cyclic and linear block code is implemented and the outputs
are verified.

EQUALIZATION – ZERO FORCING & LMS ALGORITHMS
EX.NO: 12

DATE:

AIM :
To implement the Equalization – Zero Forcing & LMS algorithms using MATLAB program.
APPARATUS REQUIRED :
PC with MATLAB software.

CHANNEL EQUALIZATION USING LMS 1
clc;
clear all;
close all;
M=3000;

% number of data samples

T=2000;

% number of training symbols

dB=25;

% SNR in dB value

L=20; % length for smoothing(L+1)
ChL=5; % length of the channel(ChL+1)
EqD=round((L+ChL)/2); %delay for equalization

Ch=randn(1,ChL+1)+sqrt(-1)*randn(1,ChL+1); % complex channel
Ch=Ch/norm(Ch);

% scale the channel with norm

TxS=round(rand(1,M))*2-1; % QPSK transmitted sequence
TxS=TxS+sqrt(-1)*(round(rand(1,M))*2-1);

x=filter(Ch,1,TxS); %channel distortion
n=randn(1,M); %+sqrt(-1)*randn(1,M); %Additive white gaussian noise
n=n/norm(n)*10^(-dB/20)*norm(x); % scale the noise power in accordance with SNR
x=x+n;

% received noisy signal

K=M-L; %% Discarding several starting samples for avoiding 0's and negative
X=zeros(L+1,K); % each vector column is a sample
for i=1:K
X(:,i)=x(i+L:-1:i).';
end

%adaptive LMS Equalizer
e=zeros(1,T-10); % initial error
c=zeros(L+1,1); % initial condition
mu=0.001;

% step size

for i=1:T-10
e(i)=TxS(i+10+L-EqD)-c'*X(:,i+10); % instant error
c=c+mu*conj(e(i))*X(:,i+10);

% update filter or equalizer coefficient

end

sb=c'*X; % recieved symbol estimation

%SER(decision part)
sb1=sb/norm(c); % normalize the output
sb1=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); %symbol detection
start=7;
sb2=sb1-TxS(start+1:start+length(sb1)); % error detection
SER=length(find(sb2~=0))/length(sb2); % SER calculation
disp(SER);

% plot of transmitted symbols
subplot(2,2,1),
plot(TxS,'*');
grid,title('Input symbols'); xlabel('real part'),ylabel('imaginary part')
axis([-2 2 -2 2])

% plot of received symbols
subplot(2,2,2),
plot(x,'o');

grid, title('Received samples'); xlabel('real part'), ylabel('imaginary part')

% plots of the equalized symbols
subplot(2,2,3),
plot(sb,'o');
grid, title('Equalized symbols'), xlabel('real part'), ylabel('imaginary part')

% convergence
subplot(2,2,4),
plot(abs(e));
grid, title('Convergence'), xlabel('n'), ylabel('error signal')
%%

CHANNEL EQUALIZATION USING LMS 2
clc
close all
clear all
N=1000;
t=[0:N-1];
w0=0.001; phi=0.1;
d=sin(2*pi*[1:N]*w0+phi); % desired signal
x=d+randn(1,N)*0.5;% channel output
w=zeros(1,N);
mu=0.02;
for i=1:N
e(i) = d(i) - w(i)' * x(i); %error=desired signal-equalized signal
w(i+1) = w(i) + mu * e(i) * x(i); % tap weight updation using LMS
end
for i=1:N
yd(i) = sum(w(i+1)' * x(i)); % Adaptive Desired output
end
subplot(221),plot(t,d),ylabel('Desired Signal'),
subplot(222),plot(t,x),ylabel('Input Signal+Noise'),

subplot(223),plot(t,e),ylabel('Error'),
subplot(224),plot(t,yd),ylabel('Adaptive Desired output');

Zero Forcing Equalizer 1

% Zero forcing equalizer with additive noise in the received signals.

T = 1;

% Bit period

tau = 3;

% Time constant of channel

SNR = 100; % Ratio of signal power to noise power (NOT in dB)

dt = 0.01; % Sampling time in simulation
N = 100;

% Number of bits to generate

clear t1 t2 c x y

% Create output pulse: rectangular pulse convolved with first-order
% low-pass filter impulse response.

t1 = (dt:dt:T)';
c(1:100,1) = 1 - exp(-t1/tau);
t2 = (T+dt:dt:T+5*tau)';
c(101:100+length(t2),1) = c(100)*exp(-(t2-T)/tau);

figure(1)
plot([t1; t2], c)
xlabel('Time (sec)')
ylabel('c(t)')
title('Smeared pulse c(t)')

% Generate bit stream

b = rand(N,1);
z0 = find(b < 0.5);

z1 = find(b >= 0.5);
b(z0) = -1*ones(size(z0));
b(z1) = +1*ones(size(z1));

% Create received signal with ISI

nT = T/dt;
nc = length(c);
nx = N*nT;
x = zeros(nx, 1);
for n=1:N
i1 = (n-1)*nT;
y = [zeros(i1,1); b(n)*c; zeros(N*nT-i1-nc,1)];
x = x + y(1:nx);
end

% Add noise of the specified level

sp = sum(x.*x)/length(x); % Signal power
np = sp/SNR;

% Noise power

noise = sqrt(np) * randn(length(x),1);
x = x + noise;

% Plot eye diagram

figure(2)
t3 = dt:dt:2;
plot(t3, x(1:200));
hold on
for n=3:2:N
plot(t3, x((n-1)*nT+1:(n+1)*nT));
end
hold off
xlabel('Time (sec)')

title('Eye diagram with no equalization')

% Compute number of bit errors

xT = x(nT:nT:nx);
dz0 = find(xT < 0);
dz1 = find(xT >= 0);

db = b;
db(dz0) = -1*ones(size(dz0));
db(dz1) = +1*ones(size(dz1));

err = find(db ~= b);

fprintf('No equalizer: %d bits out of %d in error\n', length(err), N);

% Define length of zero-forcing equalizer

Ne = 5*tau/T;

% Get samples of c(t) to solve for zero-forcing equalizer weights

cT = c(nT:nT:nc);
csamp = [zeros(2*Ne,1); cT; zeros(2*Ne+1-length(cT),1)];

% Construct the matrix on the left side of zero-forcing equalizer equation

C = zeros(2*Ne+1,2*Ne+1);
for ne = 1:2*Ne+1
C(ne,:) = csamp(2*Ne+ne:-1:ne)';
end

% Right side of zero-forcing equalizer weight equation

r = [zeros(Ne,1); 1; zeros(Ne,1)];

% Solve for zero-forcing equalizer weights

w = C \ r;

% Process the received signal with the zero-forcing equalizer

nw = length(w);
z99 = [1; zeros(nT-1,1)];
hzf = kron(w, z99);
yall = conv(x, hzf);

% Impulse response of equalizer
% Do the equalization filtering

y = yall((Ne*nT+1):(length(yall)-(Ne+1)*nT)+1);

% Eye diagram of equalized signal

figure(3)
plot(t3, y(1:200));
hold on
for n=3:2:N
plot(t3, y((n-1)*nT+1:(n+1)*nT));
end
hold off
xlabel('Time (sec)')
title('Eye diagram after zero-forcing equalization')

% Compute number of bit errors

yT = y(nT:nT:nx);
dz0 = find(yT < 0);
dz1 = find(yT >= 0);

db = b;

db(dz0) = -1*ones(size(dz0));
db(dz1) = +1*ones(size(dz1));

err = find(db ~= b);

fprintf('Zero-forcing equalizer: %d bits out of %d in error\n', length(err), N);

Zero Forcing Equalizer 2
T = 1;

% Bit period

tau = 1;

% Time constant of channel

dt = 0.01; % Sampling time in simulation
N = 100;

% Number of bits to generate

clear t1 t2 c x y
% Create output pulse: rectangular pulse convolved with first-order
% low-pass filter impulse response.

t1 = (dt:dt:T)';
c(1:100,1) = 1 - exp(-t1/tau);
t2 = (T+dt:dt:T+5*tau)';
c(101:100+length(t2),1) = c(100)*exp(-(t2-T)/tau);

figure(1)
plot([t1; t2], c)
xlabel('Time (sec)')
ylabel('c(t)')
title('Smeared pulse c(t)')

% Generate bit stream

b = rand(N,1);
z0 = find(b < 0.5);
z1 = find(b >= 0.5);
b(z0) = -1*ones(size(z0));
b(z1) = +1*ones(size(z1));

% Create received signal with ISI

nT = T/dt;
nc = length(c);
nx = N*nT;
x = zeros(nx, 1);
for n=1:N
i1 = (n-1)*nT;
y = [zeros(i1,1); b(n)*c; zeros(N*nT-i1-nc,1)];
x = x + y(1:nx);
end

% Plot eye diagram

figure(2)
t3 = dt:dt:2;
plot(t3, x(1:200));
hold on
for n=3:2:N
plot(t3, x((n-1)*nT+1:(n+1)*nT));
end
hold off
xlabel('Time (sec)')
title('Eye diagram with no equalization')

% Compute number of bit errors

xT = x(nT:nT:nx);
dz0 = find(xT < 0);
dz1 = find(xT >= 0);

db = b;
db(dz0) = -1*ones(size(dz0));
db(dz1) = +1*ones(size(dz1));

err = find(db ~= b);
fprintf('No equalizer: %d bits out of %d in error\n', length(err), N);

% Define length of zero-forcing equalizer

Ne = 5*tau/T;

% Get samples of c(t) to solve for zero-forcing equalizer weights

cT = c(nT:nT:nc);
csamp = [zeros(2*Ne,1); cT; zeros(2*Ne+1-length(cT),1)];

% Construct the matrix on the left side of zero-forcing equalizer equation

C = zeros(2*Ne+1,2*Ne+1);
for ne = 1:2*Ne+1
C(ne,:) = csamp(2*Ne+ne:-1:ne)';
end

% Right side of zero-forcing equalizer weight equation

r = [zeros(Ne,1); 1; zeros(Ne,1)];

% Solve for ZF equalizer weights

w = C \ r;

% Process the received signal with the zero-forcing equalizer

nw = length(w);
z99 = [1; zeros(nT-1,1)];
hzf = kron(w, z99);
yall = conv(x, hzf);

% Impulse response of equalizer
% Do the equalization filtering

y = yall((Ne*nT+1):(length(yall)-(Ne+1)*nT)+1);

% Eye diagram of equalized signal
figure(3)
plot(t3, y(1:200));
hold on
for n=3:2:N
plot(t3, y((n-1)*nT+1:(n+1)*nT));
end
hold off
xlabel('Time (sec)')
title('Eye diagram after zero-forcing equalization')

% Compute number of bit errors

yT = y(nT:nT:nx);
dz0 = find(yT < 0);
dz1 = find(yT >= 0);
db = b;
db(dz0) = -1*ones(size(dz0));
db(dz1) = +1*ones(size(dz1));

err = find(db ~= b);
fprintf('Zero-forcing equalizer: %d bits out of %d in error\n', length(err), N);

RESULT :
Thus the program for LMS equalizer and Zero Forcing Equalizer is implemented and the
outputs are verified.

