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DESCRIPTION OF A DIGITAL
COMMUNICATION SYSTEM

. Drscribe digital communication system and draw its Block diagram

Dscribe sub-system of digitalcommunication system and write its advantage and disadvantages.

SENDER

Ans
Digital

Comrmunication : In digital communication,the: message signaltobe transmitted is digital in nature. This means that

dieitalcommunication involves the transmission of information in digital form.

QUESTIONS AND ANSWECRS

Source

Block DiagramofDigital Communication system:The below figure shows the model ofa digital communication systen.

The overall purpose of the system is to transmit the méssage or sequences of synbols coming out of a source tO a

destination point at as high a rate and accuracy as possible. The source and the destination point are physically separated

in space and a communication channel connects the course to the destination point.

Destination

UNIT 01

RECEIVER

Transmitter (sender):

Source
Encoder

Source

Decoder

H

H

Digital
Communication Systems

Channel

Encoder

Channel
Decoder

Modulator

Detector/
|Demodulator

Transmitter
Antenna

Receiver

Åntenna

The communication channel accepts electrical (i.e., electromagnetic) signals and the output of the channel is usually a

smeared or distorted version of the input due to the nonideal nature of the communication channel. In addition to this, the

information-bcaring signal is also corrupted by unpredictable electrical signals (i.e. noise) from both man-made and natural

causes. Thus, the smearing and the noise introduce errors in the conformation being transmitted and limits the rate at which

information can be communicated from the source to the destination.The probability of incorrectly decoding a message

symbol at the receiver is often used as a measure of the performance ofa digitalcommunication system.

Transducer : The diagram starts with the sender, which trarsmit the data and receiver receives the information at the end.

so, the data can be audio, video, image, text or any other type. now, this information maybe analog or maybe digital. If the

ínformation signal is in electric signal then it is okay. Bui, if the information is not in the electrical signal form, (for example

audio, video, image or text) then we need to convert them in an electric signal. However, transducer converts the non-electric

signal into electric signal. So, after the first block the infomation is in the form of electricalsignal.

Source Encoding : The main task of source encoding is to reduce redundancy so we can use bandwidth effectivcly.

However, at this stage the digital data get compromiscd and there is multiple way to compress the digital data like Huffman

coding and Shannon Fano coding. Morcover, for analog redundancy we go for adaptive delta modulation and Pulse-code
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2.

modulation. So, afler this block the signal willbe digital.
Channcl Encoding : lt is used to provide noise immunity
by adding redundancy in it. There are many techniques
available for it like Blockcode, Cyclic code, Convolutional
code and many morctechnics are availabl., Aler this block
the signalwillbe still digital signal.

DigltalMfodulator and Antenna: To transmit infornation
at longer distance we necd to convert the low frequcncy
digital signal into high frequency analog signal. Digital
Modulator multiplics the digital signal vwe converted in
last stage with high frequency carrier signal and convert it
in high frequcncy analog signal so we can casily send it

by antenna.

Recciver

DigitalDemodulator andAntenna : You may understood

by its name that it will demodulate the signal that received

by the receiver antenna. And again convert the high
frequency analog signal digital signal.

Channel Decoding : Let's start from the beginning, We

transmitted a signal, firstly that converted into electrical

signal(digital or analog). After it we source encodcd that

signal and converted it into digital signal. Suppose that

the source code we get of that is [O10101]. After doing

chnnel encoding we -get signal channel code
O11010101(suppose).

Now the digital modulator will transmit the signal but before

reaching to the receiver the signal may get disturbed
because ofnoise. So the information may not remain same,

it will change. The wrong information will got at the other

end. And this thing is dangers. This is why channel
decoding is important at the receiver side.

Advantages :

SourceDecoding : Source decoder will convert the digital

signal into the analog signal. And that will again converted

into information signal by the speaker, television or any

other device. This is how our one message reach to

Someone within a second.

It is Simple and cheaper because of integrated circuits

became smaller, speedy and chep.

More privacy and security through the-use of encryption

because, we can re-arrange digital data.

2

Data correctíon, error detection and error correction is

3

1.

2

3.

possible

Flexible hardware
implementation

because,ifhardware

change wc can changethe programinglanguage.

Basier and sufficient multiplexing by TDMA(Time-divikia

multiple access) & CDMA(Code-DivisionMulirgle

Access)

Digital Communication

Dlsadvantages:

High power consumption due to multiple stages
and

complex circuit as weshow inntthe Digital Communication

Block Diagram.

Bandwidth per channel is very high.

Synchronization is compulsory, if we don't synchroniz

the data so there will be many errors in information

02, Deseribe the Sampling of loW-pass and band-pass si2nak

Ans. Sampling of low-pass signals : Consider sampling

continuous real signal whose spectrum is shown in Fipme

Notice that the spectrum is symmetrical about zero H

and the spectral amplitude is zero above +B Hz and below

-B Hz, ie., the signal is band-limited. (From a practical

standpoint, the term band-limited signalmerely implies that

any signal energy outside, the range ofB Hz is below the

sensitivity of outsystem.) Given that the signal is sampled

ata rate of ssamples/s, we can see the spectral replication

effects ofsacpling in Figure, showing the original spectnun

iñ addition to an infinite number of replications, whose

period ofreplication is fs Hz. (Although we stated in Section

that frequency-domain representations of discrete-time

sequences are themselves discrete, the replicated spectra

in Figure are shown as continuous lines, instead of discrete

dots, merely to keep the figure from looking too cluttered.

We'll cover the full implications of discrete frequency

spectra. Figure Spectral replications: original continuous

signal spectrum; spectral replications ofthe sampled signa

when fs/2 > B;frequency overlap and aliasing when the

sampling rate is too low because fs/2 <B.
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Continuous spectrum

Discrete spectrum

Ahasnga

B2

Figure is the spectrum of a continuous signal, a signal

that can only exist in one of two forms. Either it's a

continuous signal that can be sampled, through A/D

conversion,,or it is merely an absträct concept such as a

mathematical expression for a signal. It cannot be

represented in a digital machine in its current band-limited

form. Once the signal is represented by a secuence of
discrete sample values, its spectrum takes the replicated

form of Figure The replicated spectra are not just figments

of the mathematics; they exist and have a profound effect

on subsequent digital signal processing. The replications

may appear harmless, and it's natural to ask, "Why care

about spectral replications?.We're only interested in the

frequency band within +fs/2." Well, if we perform a

frequency translation operation or induce a change in

sampling rate through decimation or interpolation, the

spectral replications willshift up or down right in the

middle of the frequency range of interest +fs/2 nd could

cause problems.

Sampling of band-pass signals : Although satisfying the
majority of sampling requirements, the sampling of low

pass signals, as in Figure is not the only sampling scheme

used in practice. We can use a technique known as

bandpass sampling to sample a continuous bandpass

signal that is centered about some frequency other than

8

,-1.58

Frag

Digital Communication Systems

2/, Freg

25 Freq

zero Hz. When a continuous input signal's bandwidth and

center frequency permit us to do so, bandpass sampling

not only reduces the speed requirement ofA/D converters

below that necessary with traditional low-pass sampling;

it also reduces the amount of digital memory necessary to

capture a given time interval of a continuous signal. By

way of example, consider sampling the band-limited signal

shown in Figure centered at fc =20 MHz, with a bandwidth

B=5 MHz. We use the term bandpass sampling for the

process of sampling continuous signals whose center

frequencies have been translated up from zero Hz What

we're calling bandpass sampling goes by various other
names in the literature, such as IF sampling, harmonic

sampling, sub-Nyquist sampling, and under sampling. In

bandpass sampling, we're more concerned with a signal's

bandwidth than its highest fequency component. Note
that the negative frequency portion of the signal, centered
at -fc, is the mirror image of the positive frequency

portionas it must be for real signals. Our bandpass

signal's highest frequency component is 22.5 MHz.
Conforming to the Nyquist criterion (sampling at twice the

highest frequency content of the signal) implies that the
sampling frequency must be a minimum of 45 MHz.
Consider the effect if thesample rate is 17.5 MHz shown in

Figure. Note that the original spectral components remain
located at +fc, and spectral replications are located exactly
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ailasing instead we've

at bascband, i.c., butting up against cach other at zero Hz. Figure shows that sampling at 45 MHz was unneccasar..
4

Uscdthe spectral renlicating cffects to our advantagc.

Q3. Explain PulseAmplitude Modulation (PAM)

(a)

-AAA-INA AAA
Wo-no 0-wa+uso

Q4. Explain pulse code modulation (PCM).

(b)

ANA-AA- AAA
IFs(w)l

(c)

WC

Ans. Pulse Amplitude Modulation : Pulse amplitude modulation is a technique in which the amplitude of eachpulse is controjleA

by the instantaneous amplitude of the modulation signal. It is a modulation system in which the signal is sampled at regujr

intervals and each sample is made proportional to the amplitude ofthe signal at the instant of sampling. This technigue

transmits the data by encoding in the amplitude of a series of signal pulses.
Sinusoidal Modulatinig Signal

Digital Communication
SyMen

Message

Signal

Sampling

signalling

PAM

signalling

Ans. Pulse ode modulation (PCM) is a digital scheme for transmitting analogdata, The signals in PCM are binary; that is, there
are only two possible states, represented by logic 1 (high) and logic 0 (low). This is true no matter how complex the analog
waveform happens to be. Using PCM, it is possible to digitize all forms of analogdata, including full-motion video, voices,
music, telemetry, and virtual reality (VR). To obtain PCM from an analog waveform at the source (transmitter end) of a

communications circuit, the analog signal amplitude is sampled (measured) at regular time intervals.The sampling rate, or
number of samples per second, is several times the maximum frequency of the analog waveform in cycles per second or

hertz The instantancous amplitude of the analog signalat each sampling is rounded off to the nearest of several specific,
predetermined levels. This process is called quantization. Theiumber of levels is always a power of2 -- for example, 8, 16,
32, or 64. These numbers can bc represented by three, four, five,or six binary digits (bits) respectively. The output of apulse
code modulator is thus a series of binary numbers, each represented by some power of 2 bits. At the destination (receiver
end) of the communications circuit, a pulse code demodulator converts the binary numbers back into pulses having thesame quantum levels as those in the modulator. These pulses are further processed to restore the original analog waveform.



s
Praknshan

1

.. This generally-adopted phasc noise tlheory based on

linear modcl assumption and its limit in PLL application, It

hegins with explaining why all types of PLL, whether be

currently-adopted ones or newly-emergedADPLL, are all

non-linear system in nature. And then it explains why linear

theory can be widely used in conventional PLL.

Non-linearity in mixed-signal PLL:Traditional analog PLL

is a non-linear system because the phase detector's transfer

function is not lincar, whatever type it is. Phase detectors

of traditional analog PLL are categorized in three major 1.

types:

2

Os
DescribeLincar phase domain modcl approximation for 07, Explain theterm.

mixed-signal.

Multiply phase detector

phase detector) and

As.

Phase-frequency detector (such as three-state charge

pump phase detector).

2

4.

5.

Q6. Describe LinearApproximation Model for Mixed-Signal 6.

PLL 7.

Ans. Non-linearity effect from quantization can be modeled as

white noise of uniform probability density. Linear

approxination. model is structured as this white noise

added to a linear model without quantization. This is similar

to what has been permanently done in ADC research. But,

also similar-to ADC research, this linear approximation 2.

model must satisfy the following requirement -when input

signal of quantizer is so big that quantization error shows

irrelevance to input signal, quantization effect is equivalent

to a white noise with uniform probability distribution added

directly to original system; by this means, the staircase
response of quantization can be modeled as "linear

response'" in the system.Figure. demonstrates the linear

phase donain model.

1. Line codc.

When B-0, it's type-I PLL; when ß 0, it's type-ll PLL.

Sine Wave
Inout

PCM.

Digital phase detcctor (such as EXOR, and JK-flip flop 3. The probability of error is much reduced.

Output

2. Bandwidth considerations.

Digital Communication Systems

3. Pulsc-code modulation (PCM)

4. Time-division multiplexing (TDM)
). Line code : A linc code is the code used for data

transmission of a digital signal over a transmission líne.

Ths rocess of coding is chosen so as to avoid overlap

hd isturion of sighal such as inter-symbol interference.

Properties ofiine Eoding:Following are the properties

of liné coding -

As the coding is done to make more bits transmit on a

single signal, the bandwidth used is much reduced.

For a given bandwidth, the power is efficiently used.

Error detection is done and the bipolar too has a correction

capability.

Power density is much favorable.

2. Polar

The timing content is adequate.

3. Bi-polar

Long strings of 1s and 0s is avoided to maintain

transparency.
Types of Line Coding : There are 3 types ofLine Coding

1.Unipolar

Bandwidtl considerations : The term bandwidth refers

to the transmission capacity of a connection and is an

important factor when determining the quality and speed

of a network or the intermet connection.There are several

different ways to measure bandwidth. Some measurements
are used to calculate current data flow, while others
measure maximum flow, typical flow,or what is considered

to be good flow. Bandwidth is also a key concept in several
other technological fields. In signal processing, for example,
it is used to describe the differcnce betwcen the upper and
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3.

4.

lower frequencies in a transmission such as a radio signal and is typically measurcd in hertz (Hz). Bandvidth

compared to water flowing through a pipc. Bandwidth would bethe rate at which water (data) flowsthrough
the

(connection) under variousscircumstances. Instead of bits per second, we might mcasure gallons per minute. ThearmuAf
water that possibly can flow through the pipe represents the maximum bandwidth, while theamount of

waler

currently lowing through the pipc represents the current bandwidth.

within a range of digital steps.

DS1

Pulse-code modulatlon (PC): is a mcthod uscd to digitallyrepresent sampled analogsignals. It is the standard
digital audioin computcrs, Compact Discs, digital telephony and other digital audio applications. In a PCM

strearn,
heamplitude of the analog signal is sampled regularlyaat uniform intervals, and cach sample is quantizcd tothenearestvaly

DS2

DS-3

Time Division Multiplexing TDMHicrarchy:

Designation

Time-dlvislon multplexing (TDM) : is a method oftransmitting and receivíng independent signals over a common signal

path by mcans of synchronized switches at cach end of the transmission line so that cach signal appears on the line only

a fraction of time in an alternating pattern. It is used when the data rate of the transmission medium exceeds that of signal

to be transmitted.

DS-1C

North America and Canada identify the digital time division multiplexing (TDM) ierarchy W as "T," as in T1, T3, and so on.

Japan identifies the digital TDM hierarchy as "J," as in J1, J3, and so on. International identification of the digital TDM

hierarchy is "E," as in El, E3, and so on.

Table 13-1details the number of[DS0]channels and data rates for cach TDM hierarchy level.

North America (Canada, Japan)

DS411

No. ofChannels (DSOs)

decr

24

48

Fig. PCM hierarchy

672

4032

Dt. Rate (Mbps)

1.544

3.152

6312

44.736

274.176

Level

1

2

3

5

DigitalCommunication

Sy,

International (1TU-T)

No. of Channels (DSos) Dt Rate (Mbps)

30

-120

480

1920

7680

2.048

8448

34368

139.264

S65.148
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AT&T
BelLabs introduccd the DS-4, thc

QoiealCarrier(0C) was devclopcd, which cnablcdthekundlingofsevcral
Ds-3sto be transmilted via fiber-optic

Atho
timo

able

k
Explain

Frame
structurc of brond-band wircless

ommunicationsystem.

The frame
structurc ofthe futurc broad-band wireless

multimediaacommunication system using millimoter wave
frquencies is investigated, Both portability and small *

powerrconsumption ofthe terminal are realizedbythe gain

f hase station (BS) antenna. The frame structure in this

7

systemis constructed in terms of medium access control

(MAC), user data slot allocation, and call control. In
addition, tracking of mobile terminals (MTS) and wireless

nath selection (WPS) are considered for the sake of narrow

beam width of the high gain antenna. The performances of

WPS taking into account both the MT tracking and the

shadowing caused by human bodies are evaluated by
computer simulation. Furhermore, the effects ofthe overlap

of coveredarea by-cach BS are evaluated. The throughput

performances of two configurations of whose overlap

differs are compared. The results show that the proposed

frame structure enables the site diversity configuration to

become effective even for MTS.

09. What Does Frame Synchronization Mean?

Some of the commonframesynchronization schemes are
as follows:

1. Framing bit

2. Syncword framing

DigitalCommunication Systems

3. Cyclic rcdundancy check-based framíng

Tlhe following are the four major methods of frame

synchronization:

Timc bascd--Uses a specific period oftime betwccn frames

for the synchronízation.

Character counting -- Uscs the count of the remaining

characters in the frame hcader.

Byte stufing-Uses special byte sequences like DLE (data

link escape), STX (start of text) and ETX (end of text).

Bit stuffing-- Uses special bit patterns to denote the start

and the end ofa frame.

Ans. The term frame synchronization is used in two different
contexts. In the case of video, it refers to the process of
synchronizing display pixel scanning to a synchronization

source. In the case of telecommunication, it is the process

by which incoming framed data are extracted for decoding
with the helpofframe alignment signals, This process is

called as Such because framingánd synchronization mustApplication.
be carriedout whenever. a bitslip event occurs during

data transmission.Frame synchronization can be defined
as the process of identifyingvaliddatafrom a framed data

transmission. When data frames are transmitted to a

receiver from the sender but get interrupted, the receiver

must resynchronize. The process used for the
synchronization between the sender and the receiver is

known as frame synchronization.

The system that carries out the frame synchronization

process is known as the frame synchronizer. A frame

synchronizer aligns the frames ofapulse code modulation

binary stream. Cross-correlation, self-referential

synchronization or any similar methods can be used in the

frame synchronization process. The media access control

sublayer of the data link layer usually takes care of the

frame symchronization process, which determines where

one frame of data ends and the next one starts.

In the case of video playback, frame synchronization refers

to the process of matching the timing ofan incoming video

source to the timing of an existing video system. The frame

synchronizer used in television production matches the

time base ofeach frame in a video to a professional video
system. It also makes use ofa common gunlock signal to

make sure that all the equipment works with a common

time base. This type offrame synchronizer is used to correct

the glitches that may arise in video playbacks.
Q10. Explain bit stuffing in computer Network and its

Ans. Bit Stuffing in Computer Network Data link layer is

responsible for something called Framing, which is the

division of stream of bits from network layerinto
manageable units (called franes). Frames could beof fixed

size or variable size. In variable-size framing, we need a

way to define the end of the frame and the beginning of
the next frame. Bit stuffing is the insertion of non

information bits into data. Note that stuffed bits should
not be confused with overhead bits. Overhead bits are

non-data bits that are necessary for transmission (usually
as part of headers, checksums etc.).
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1.

2
3.

(a) Bytes

Applications of Bit Stuffing

Frame sont

Answer:c

Flag

(a) 98

Framo Recioved

Flag

2) The window gives a number of

(c) Both option a and b

(d) None of these

(c) 64 kHz

(e) 35 kHz

Heoder

1) What arc the primary fcatures ofa transmitter?

Answer:b

Header

Answer: d

Synchronize several channels before muitiplexing

Rate-match two single channels to each other

Run length limited coding

OBJECTIVE QUESTIONS AND ANSWERS

(a) Lower clock speed (b) Lower transmitting power

(c) Higher clock specd (d) None of thesc

(c) Microcontroller.

Data from uppor Inyoi

(b) Frames

0001111111001111/01000

(b) kHz

(d) 52 kHz

Stuffel
000111110110011111001000

3) A spcech signal, band-limited to 8 kHz with peak to peak

between +20 V to - 20 V, and the signal are sampled at

Nyquist rate, and the bits0 and 1-are transmitted using

bipolar pulses. Find the minimum bandwidth for distortion

free transmission in KHz?

(b)Circuit breakers

(d) Source encoder

000111110110011111001000

Extra 2 Dits

Unstuffed

0001111111001111101000

Data to upper layor

4) Which of the given dcvice does the data compression?

(a) Switches

5) According to Fcderal comnunications commission

regulations, the maximum allowable frequency deviation is

(c) 20 kHz

(e) 40 kHz

Answer: b

() 10

7)

40 kHz, for a TV signal, given that the percentage modulaticn

of the audio portion is 50%. Find the frequency deviaticn

of the audio signal in KHz?

(c) Low pass filter

Answer:b

(a) Bessel filter
6) Which of the given filter has maximum flatness?

9)

(a) 640

Digital Communication

(c) 900 kHz

(e) 260 kHz

Answer: a

Trallo Flag

Trolle Flag

Answer: c

(b) kHz

(d) 30 kHz

For an Amplitude modulation signal, the bandwidth is 20

kHž, and the highest frequency component present is 6s0

kHz. Find thc carrier frequency used for this amplitude

modulation signal?

(b) Butterworth filter

(d) None of these

8) Space loss occurs due to a decrease in

(a) Phase shift (b) Momentum

(c) Electric ficld strength
(d) Power

(b) kHz

(d) 440 kHz

Analog data with the highest harmonic at 40 kHz generated

by a sensor has been digitized using6 level PCM. Find th

rate at which digital signal generated?

Answer:d
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(a) 300 kbps

(c) 450 kbps
Answer:b

10) A satellite receiver with a noisc figurc of 5.6 dB has a

bandwidth of 24 kllz and comprises a preamplifier with a
noise tepcrature 1S0k and a gain of 40dB. Ifthe reference
temperature is 300 k, find the cquivalcnt noisc temperature
of the recciver?

(1) 450 K

(c) 220 K

Answer: d

(a) 300 KHz

11) In frequcncy modulation broadcast,the maximun deviation
is SO kHz, and the maximum modulating frequency is 20
kHz. In refercncc to Carson's rulc, find the maximum required
bandwidth?

(c) 150 KHz

Answer:b

(a) 474.9 K

(c) 234.4 K

12) Ifnoise figure ofareceiver is 1.8 at 20oC, find its equivalent
noise tempraturc?

Answer:c

(a) 0.5

(c) 2.5

Answer:a

(b) 240 kbps
(d) 600 kbps

13) If a 120 V carrier peak changes from 170 V to 50 V by a
modulating signal, find the modulation factor?

(b) 300 K

(d) 1s0 K

(a) 120 kW

(c) 109 kW

(b) 200 KHz
(d) 80 KHz

Answer: c

14) RF carrier 15 kV at 1 MHz is amplitude modulated and
modulation index is 0.8. Find the peak voltage ofthe signal?
(a) 18kV (b) 22 kV

(c) 26 kV (d) 12kV

Answer: d

(b) 334.8K
(d) 184.6 K

15) A broadcast amplitude modulation radio transmitter radiates
140 kW when the modulation percentage is 75. Find the
carrier power?

(b) 1.5

(d) 3.5

)1245

(b) 142 kW

(d) 172 kW

16) The power spectral density of a signal is

(a) Even negaive and complex
(b) Odd, complex, and positive
(c) Real, odd, and negative
(d) Real, even, and non-negative

Answer: d

(c) 3.639
Answer:b
18) A modulater is a device uscd to

(a) Differenciates two frequcncics
(b) Amplify two radio freqnency signal
(c) Impress the information on to a radio frequency carrier
(d) Reduce the modulating powcr requíremcnt.

Answer:d
19) if the two signals modulatc thc sarnc carrier with different

modulation depths of 0.4 and 0.8. Find the resulting
modulation signal?
(a) 0.89

(c) 0.5-4

Answer:a

17) A 1200 W carrier is amplitude modulated and,has a

sideband power of400 W. Find the depth ofthe modulation?

(b) 0.775

20) A balanced modulator is uscd in the generation of which
of the following signal?

(b) DSB- SC signal
(a) Frequcncy Modulation signal

(c) ISI signal
(d) SSB-SC signal

-Answer:b

Digital Communication Systems

() L.059

21) Agiven AM broadcast station transmits an average carrier
power output of 5OkW and uses a modulation index of
0.804 for sign wave modulation. Find the maximum
arplitude of the output ifa 60 ohm resistive load represents
the antenna?
(a) 5.8S kV

(c)3.9S kV

Answer: c

(b) 0.66
(d) 0.16

22) Which of the given modulator is an indiréct way of
generating FM?

(a) Inductance FET modulator

(b)7.66kV

(d) 1.0S kv

(6)Armstrong modulator

(a) 1(b)2

(c) Reactance tube modulator
(d) Zener dicde modulator

Answer:b.

(c) 3 (d) 4

23) Ina frequency modulation system, the maximum frequency
deviation is 2000,and modulating frequency is 2kHz. Find
the nodulation index ??

Answcr: a

24) The maximum deviation allowed in a frequency modulation
system is 120 kHz. Ifthe modulating signal frequency is 20
kHz, find the bandwidth requirement as per Carson's rule?
(a) 120 kHz
(c) 280 kHz

Answer:c

(b) 240 kl Iz

(d) 320 kHz
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25) In FM modulation, whcn the modulation indcx incrcases,

the transmitted power?
(a) Half

(c) Doubled

Answer: d

26) In a frcquency modulatcd system, when tlhe audio

frcquency is 600Hz, and audio frequcncy voltagc is 2.8

V, the frcqucncy deviation ? is 5.6 klHz. Ifthc audio

Irequcncy voltage is now increascd to 7.4 V, find thc new

valuc of dcviation?

(a) 12. 7kHz
(c) 15. 2kHz

Answer:b

(b) Decrcascd

(d) Unchanged

(b) 14. 8kHz
(d) 17.6kHz

27) In phasc modulation, phasc deviation is proportional to

which of the following.

(6) Message signal
(a) The wavclength of the message signal

(c) The amplitude of the message signal

(d) The phase shift of the message signal

Answer:b

10

28) A
system has a rccciver noisc resistancc of60ohm,ta

it is
conncctcd to an antenna with an outputresislanc,

of 60 olhms, Find thc noiscfigurc of thcsystcm?

(a) 1(b) 2

(c)3 (d)4
Answer: b

29) Which typc of noisc rcduction by limiters in F

rcccivers

(a) Jhonson noisc

(c) Impulse noisc

Answcr:c

Digital Communication
S

30)When a radio recciver is tuncd to 600 kHz ite lot
oscillator provides the mixer with input at 1000)kHz Fird

(a) 1400 kHz

(b) Cosmic noisc

(d) Partition noise

the frequency of other stations?

(c) 1800kHz

Answer: a

(b) 1600kHz

() 2200kHz
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1.

Q1. Write short notes on :

2.

1.DM

QUESTIONS AND ANSWERS

2.ADM

3. DPCM
4.ADPCM

DM:
It is used to reduce the bandwidthof the signal
It has 1-bit encoder.

It is always considered as 1-bit DPCM.

x(nT,).

Over sampled

input

QUANTIZATIONNOISEANALYSIS

ADM:

MODULATOR

M

Quantlzer

-Integrator

R(nT,)

CHANNEL DEMODULATOR

Ouantizer:

Delay.

|Integrator

Stands for adaptive delta modulation

Fig. DMTRANSMTITTER

UNIT 02

e, (nT,) = v(nT,)

u(nT,)

Low pass
FAlter

DM
output

ACCUmulator
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In ADM additional hardware is designed to provide
variable step size.
Thereby reducing slope overload effects without
increasing the granular noise .

3.

Mesuge n

Digital Communication Systems

imiter

Integrator

gccumulator

Simpler

VCA;

Adaptve delta modulator

Integratcr

lock

LPF

Adaptive
deta
modutated
slgnal

qutput

DPCM: Differential pulse code modulation (DPCM) is a

procedure of converting an analog into a digital signal in

which an analog signal is sampled and then the differene
between the actual sample value and its predicted value
(predicted value is based on previous sample or samples)
is quantized and then encoded forming a digital value.

DPCM code words represent differences between samples
unlike PCM wherecode words representeda sample value.

Basic concept of DPCM- codinga difference, is based on

the fact that most source signals show significant
correlation between successive samples so encoing uses

redundancy in sample values which implies lower bit rate.

Realization of basic concept (described above) is based
on a technique in which we have to predict current sample
value based upon previous samples (or sample) and we

have to encode the difference between actual value of
sample andpredicted value (the difference between samples
can be interpreted as prediction error).Because it's
necessary to predict sample value DPCM is form of
predictive coding.DPCM compression depends on the

prediction technique, well-conducted prediction



Aditya Prakashan

techniques lcad to good comprcssion rates, in other cases
DPCM could mean cxpansion comparing to regular PCM
encoding.

Sampled input
x (n,)+

4.

S(nT,)

e (nT,)
Quantizer

Predictor

v (nT,) Output

u(nT,)

ADPCM :Adaptive differential pulse code modulation

(ADPCM) is a method used to convert analog signals to

binary signals. The technique converts the analog signals

by taking frequent samples of the sound and representing

the value of the sampled modulation in binary form. The

technique is a variation of the digitized method known as

pulse code moáulation. Adaptive diferential pulse code
modulation is a very efficient digitalcoding ofwaveforms

that was developcd by Bell Labs in the 1970s for the

purpose of voice coding. ADPCM was also used in the

early 1990s by Interactive Multimedia Association (IMA)

for the development of legacy audio codec - also referred

to as ADPCM DVI, IMAADPCM or DVI4. Some ADPCM

methods are also used in VolP communications.The
concept ofADPCM is to use the past behavior ofa signal
to forecast it in the future. The resulting signal will represent

the error of the prediction, which has no significance.

Therefore, the signal must be decoded to rebuild a more

meaningful originalwaveform.The ADPCM technique is

employed to send sound signals. through fiber-optic long
distance lines. This is useful especially for organizations

that set up digital lines between remote sites to broadcast

both voice and data. The voice signals are digitized before

t yare broadcasted. In the telecommunication field, the

AUPCitechnique is used mainly in speech compression

because the method makes it possible to reduce bit flow

without compromising quality. The ADPCM method can

be applied to all wave forms, high-quality audio, images

and other moderm data.

12
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Pradictor

Q2. Describe Low-Bit-Rate Spccch Coding andvideosignala.

Ans. Low-bit-ratespeecl coding: at ratess below4kb/s,isneeded

for both communication and voice storage application,.

is not possible; thercfore, low-rate coders relyiinsteadon

At such low rates, full encoding of the spcech wavefom

parametric models to represent onlythe mostperceptually

relcvant aspects of speech. While there are a number of

different approaches for this modeling, all can berelated

to the basic lincar model of spcech production, where an

excitation signal drives a vocal-tract filter.The ho:t

properties of the speech signal and of humanspeech

perception can explain the principles of parametric speert

coding as applied in early vocoders. Current speech

modeling approaches, such as mixed excitation linear

prediction, sinusoidal coding, and waveform interpolation

use more-sophisticated versions oftthese same concepts.

Modern techniques for encoding the model parameters, in

particular using the theory of vector quantization, alloy

the encoding of the model information with very few bis

per speech frame.Sucçessful standardization of low-rate

coders has enabled their widespread use for both military

and satellite commumications, at rates from 4kb/s all the

way down to 600 b/s. However, the goal of toll-quality

low-rate coding continues to provide a research challenge.

A New Coding Method For Low Bit-Rate Video Signals :

A hybrid motion evaluation coder for low bit-rate (64 Kb/

s) video sequence transmission is studied. More than one

previous frames are used to estimate the temporary motion

behavior in the motion evaluation process (ather than

conventional motion estimation methods in which only

the immediate former frame is used).Themotion sequence

is therefore estabished alongside the image data sequence.

Through investigating and analysing the previous frame

of this motion sequence, which are available to both the

coder and the decoder, the moving objects can be identified

from the background. The current image frame to be

encoded is then divided into two types of regions: the

background region which may not he tranismitted at all but
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Q.

simply repcated with the data of the previously decoded
frame, and the moving region which is cncoded by
compensating the motion information. The moving region
is reconstructed in thc nomal frame sampling frequency
while the background data arc treated coarscly by
refreshing them in a much lower frcquency. The relative
impact ofthe moving region with regard to the background
region is also cvaluated for assigning bits to the two
separated regions. As long as this impact is significant
enough, the background data may remain unchanged. Thc
final reconstructed image frame is then the .coarsely
processed background supcrimposed by the decoded
moving objects.

What is Baseband Transmission?
Ans. Bascband Transmission is a signaling technology that

sends digital signals over a single frequency as discrete
electrical pulses. The entire bandwidth of a baseband
system carries only one data signal and is generally less
than the amount of bandwidth available on a broadband
transmission system. The baseband signal is bidirectional
so that a baseband system can both transmit and receive
sigrals simuitaneously. Baseband signals can be
regenerated using repeaters in order to travel longer
distances before weakening and becoming unusable
because of attenuation. Baseband transmission
technologies do not use modulation, but they can use
time-division multiplexing (TDM) to accommodate multiple
channels over a single basebard transmission line.

Digital Signal

(Baseband)

Workstation

13

Moderm

Modulated

Analog Signal
(Broadband)

Ans. Matched filter definition is: ifa filter gcnerates an output to
maximizc the output pcak power ratio to mean noise power
within its frequency response then it is called a matched
filter. In telccommunications, it is the optimal linear filter
used to increasc the SNR or signal-to-noise ratio in the
cxistencc of additive stochastic noise.These types of flters
are gencrally used in radar, where a known signal is

- transmited out & the reflccted signal can be compared
with the transmitted signal. The best example ofthe matched
filter is pulsc compression because the impulse response
can be matched with input pulse signals. In image
processing, two dimensional matched filters are used to
enhance the X-Ray or SNR observations
Matclhed Filler Block Diagram :

Baseband and Broadband, Common local areanetwork
(LAN) networking technologies such as Ethernet use

baseband transmission technology. All stations on a

bascband network share the same transmission medium,
and they use the entire bandwidth of that imedium for

transmission. As a result, only one device on a baseband
network can transmit at a given instant, resulting in the
need for a media access control method to handle
contention.

Q3.What is Matched Filter ? draw block diagram for Matehed

Filter.

|Soarte

Digital Communication Systems

The block diagram of the matched filter is shown below.
Consider the following diagram where g(t) is the input
signal & w(t) is the white noise. These two signals are fed
to the h(t) filter, which maximizes the signal-to-noise
ratio(SNR) ofthe y(t) output.

LlaearTlme Invariaal

Fller of
Impulse Resonse b() Sample t hmet1

Fig. Matched Filtewhichock Diagram

X()=g() w()

Deisien Devike

Recoee

The input of filter 'x(t)' includes a pulse signal 'g(t) that is
corrupted through additive channel noise 'w(0' which is

shown in the following.

Where t' is an arbitrary observation interval. g(t) is the

pulse signal that may signify a with a binary symbol like O

or 1within a digital communication system. The "w(t)' is

the sample function of a white noise procedure of zero

mean & power spectral density is Nof2. The source of
uncertainty mainly lies in the noise.The receiver shown in

the diagram should be able to receive the pulse signal g(t)

with a good SNR, so the output can be given as y() that is

sampled at t =T. So this requirement can be satisfied by

optimizing the filter design to reduce the noise effects at

the output of the filter in some numerical sense, and thus

improve the pulse detection of the signal g(t). Since this
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filter is lincar, then the output 'y(0)' may be sinply cxpresscd

From the above cquation, go(t) is thc linenr output
coresponding to the pulse signal g(t) & n() is filtercd
noisc. Both the go(t) and n(t) arc gencratcd by the signal
&the noisc componcnts ofthe input x() comespondingly.

The purpose ofthe matched filter is to maximiso the output

signal-to-noisc actio.

Here, the matched filter is a type of lincar filter having an

impulse responsc h() in the tine domain, and in frcquency
response, is denoted by H() and when signal go() sampled
at t= T> the average power of the filter noisc. Then thc

maximum signalto noisc ratio denotcd by')'would bo

7 =lgo(T) 2/E[n^2 ()]
Wherc,

Igo(T) |2 is instantancous power in the output signal.
Eis thestatistical cxpectation operator.

E[n^2 (t)] is the average output noise power.

Q4. Describe the performance in additive Gaussian noise.

Ans.

Spectral efclency
of channel

Shannon Unit

-L6

8

y()- g0(t)+ n(0)

2

1/2 -

1/4

Capocty Boundary

CA

6 12 18

rwhlch R< C

|Bandwioh Umltad Reglon

Power Limlted Reglon)

EJN, (OB)

Fig. Graphical representation ofAdditive white Gaussian
noise (AWGN)

Additive white Gaussian noise (AWGN) is a basic noise

model used in infomation theory to mimic the efect of
many random processes that occur in nature. AWGN is

often used as a channel model in which the only impairment

lo communication is a linear addition ofwideband or white

noise with a constant spectral density (expressed as watts

per hertz of bandwidth) and a Gaussian distribution of

14

amplitude. The modcl does not accountforfading,
frcquency sclectivity, interferencc, nonlincarity

op
dispersion. However, it produces simple andtractable

mathcmatical modcls which arc uscfulIforgainingiinsight

Digital Communication
Systema

into the underlying beavior ofa system bcfore these ok

phenomcnn arc considered. Thc AWGNchanncl is aagood
model for nIany satcllite and dcep spacc communicali

links. It is not a good modcl for most terrestrial inb.

because of multipath, terrain blocking, interferencc, et
However, for terrestrial path modeling, AWGN is commonl.

uscd to simulatc background noise of the channel unde.

study, in addition to multipath, terrain blockino

interferencc, ground clutter and self interference that

modern radio systems encounter in terrestrial operation.

Q5. Describe Intcrsymbol Interference (SI) also write it
Mathematical For.

Ans. InterSymbol Interference (1SI) is a kind of distortion that

occurs when one or more symbols (pulses in digital

baseband transmission) interfere with subsequent signals.

This can cause noise in the signal which can cause the

output to be less than ideal. ISI occurs when there is

multipath propagation and/ot nonlnear frequency in the

channels. These causos on be reduced which can helo

eliminate ISI from the system to achieve an ideal output.

*Mathematical Form :
The following equation mathematically represents the

receiver output y() sampled at time t_i=i*T_b (with i

representing integer values):

y()= a;p(iT, -kT,).
k=-o

=Aa + ap(iT, -k,)
k=-0

k*i

The first term in the above equation, uta i, is produced

by the ith transmitted bit. The second term represents the

residual effect or ISI of all other transmitted bits on the

decoding of the ith bit.

Q6. Explain the term Nyquist Criterion for Zero-ISI

Ans. Nyquist proposed a condition for pulses p() to have zeru

ISIwhen transmitted through a channel with sufficicii
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bandwidth to allow the spectrum of all the transmitted
signal to pass. Nyquist proposed that a zero-ISI pulse
P) must satisfy thec condition A pulse that satisfies the
above condition at multiples ofthe bit period Tb will result
in zero-1SI ifthe whole spectrum ofthat signalis rcccived.
The reason for which these zero-1SI pulscs (also callcd
Nyquist-criterion pulscs) causc no ISI is that cach ofthese
pulscs at the sampling periods is cither equal to l at the
center of pulsc and zero the points other pulses arc
centered. In fact, there arc many pulses that satisfy these
conditions.

The

p(@)=

t=0

0 =tT,, 27,13T,..

For example, Any square puls that occurs in the time
periodTb to Tb or anypart of it (it mustbe zero at -Tband Tb) will satisfy the above condition. Also, any.
triangular waveform (, A "function) with a width that is
lessthan2Tbwillalsosatisfythe condition.Asinc function
thathas zeros at t =Tb,2Tb,3Tb, ...

will also satisfy this
condition. The problem with the sinc function is that it
extends over a very long period oftime resulting in a lot of
processing to generate it. The square pulse required a

lot ofbandwidth to be transmitted. The triangularpulse is
restricted in time but has relatively large bandwidth.
There is a set of pulses known as raised-cosine nulses

that satisfy the Nyquist criterion and require slightly larger
bandwidth than what a sinc pulse (which requires the

minimum bandwidthever)requires.
spectrum of these pulses is given by

|1- sin

20,:

lol<

15

2

2
Where o b is the frequency ofbits in rad/s (o b=2/Tb),
and x is called the excess bandwidth and it defines how
much bandwidth would be required above the minimum

Digital Communication Systems

bandwidth that is required when using a sinc pulse. The
cxcess bandwidth o x for this type ofpulses is restrictd
between.

0so, s

P(o)

Ans.

2

Sketching the spcctrum of these pulses we get

We can easily verifythat when @x=0, the abovespectrum
becomes a rect function, and therefore the pulse p(t)
becomes the usual sinc function. For o x =b/2, the
spectrum is similar to a sinc function but decays (drops to
zero) much faster than the sinc (it extends over 2 or 3 bit
periods on each side). The expense for having a pulse that
is short in time is that it requires a larger bandwidth than
the sinc function (twice as much for wX=0 b/2).

Q7. Explain Cosine Roll-offFilter.

For ease ofuse and interpretation, the user is prompted to
enter the cutoffs in units of wavelength, starting with the
small wavelength. These are internally translated to
wavenumbers for processing. In the illustration below the
filter is portrayed in the Fourier domain, and as a result rhe
horizontal axis is in units of Wavenumber. Wavenumbers
are the inverse of wavelengths.

L(k) =1, for k < ko

L(k) = cos" (k-ko
2\4-ko)

L(k) =0, for k> k,

for ko Sksk
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Paramctcrs:

ns

QS. Describe the tcrn Correlative coding.

=0.5

k, Low
wavenumbcr, starting point of thc cosinc taper: k, = Long wavelcngth-1

k, High wavcnumbcr, cndpoint of the cosinc taper. K, = Short wavelength-l

n=0
0, n0

Ans. Thc condition for zero ISI (In:er Symbol Intetference) is:

n Degrcc of the cosinc function. The dcfauit is a degree of 2 for a cosine squared roll-off.

N Nyquist wavenumber

which states that when sampling a particular sytnbol (at

time instant nT-0), the cffcct of all othcr symbols on the

curent sampled symbol is zcro.

16

onc of the practical ways to miligate ISI is to use partial

responsc signaling technique ( otherwisc called as

"correlative coding"). In partial response signaling, the

requircment of zero ISI condition is relaxed as a controlled

amount of ISIis introduced in the transmitted signal and is

counteracted in thc rccciver side.

By relaxing the zero ISI condition, the abovc cquation can

be modified as,

n=0,1

|0, otherwise

which states that the ISI is limited to two adjacent samples.

Here we introducea controlled or "deterministic" amount

of ISI and hence its cffect can be removed upon signal

detection at the receiver.

0. What is an Pqualizer, and How does it work?

L(k)

s. Equalizers are softwarc or hardwarc filters that adjust the

n=0.5

Digital Comrnunicalion
Sy

1

loudness of specific frequencics. As with all sop

cngincering, the basis is on thc human ear. Cert:i:

frequcncies are louder than others to our ears, desçiz

having the sarme or even morc energy behindit. Our ran:

is around 20-20,000 Hz, and the closer we approach o

cxcced these boundaries, thc softer things s0und

Compounded by the fact that our cars, rooms, and spealen

are in various shapes, sizes, and configurations, the saxa

note from the same instrument can sound completet

different, let alone a whole song! That's why anciet

amphitheaters were designed with acoustic projectionsä

mind, so voices could carry.

Equalizers were originally developed for physical venus

An
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such as movie theaters and outdoor arczs, placcs th2t
aren't designed with acoustics in mini, to"equalize" all of
the sound frequcncies. For cxample, some veves will
respondbettcr to bass froqucocics, so the EQ can be turnd
down on that end to prevent fecback and turrned slightty
up on the higher cnd to even thingS oUt In general, you
qualize for the physical spsce, to acoount for the particulzr
combination of the room and cquipment.
While still used in this way for live shows 2nd tbe lie.cveryday listencrs can use EQS to not only adjust fordeficicncics in their acoustics, but for more aestheticrcasons. ln your ca, forexzmple,you can't reallychanzebow the sound travels much 2side from speakerbal2nceand feding.Youcan'tmove the speakerstobeterlocaiozsor change the layoutofyourseats. Ia this case,2EQ caTbe used to lessen end srenghen, or cut 2nd boostspecific renges offrequencies.

Borking ofEqualized :Equalizers wor in renges, orbands." Odás are that your car a he minimn h2s 2

three, fe, or evea p i5tazhe bani Prozsirli:

the soi

Q9.Describe How AÁdaptireEqualizationWoris2lso drawitsbhckdzgramAns. Digital communicationssystems 2re desimed to rensnithighspie toghbres rpie5
MHz-wide dowmstream chanels or 6.4 Hzuideupstren ctamels iá essebe o 2is gsTe
presence of distortion in the chanel resalts in someihin: allad ine5bol eISI iáa ze iee
transmission erTOrs.One wzytocompensate for or reiuceISI istonoporzeier aSii
the channelcharacteristics are known2nd don'ichange ovetine,fxei-vzeealizerscbe nsei#oa=a29gacable networkthe signal pan between theheziend anieachct noia (r ãzzisep bz) isie, 5 Z S

Dizl Caiir Syens

Theequalizer isa sTmallp2ssivecircuit thathes tireopposite 2nglitnde-vessiypTse cieâciccencable preceding the arap. The equalizer is in efet e bioadbend î ta aasetise aægen

Eqvalzer'sfrequsny respoSe
Spectrum's frequency response

after equalization

Figure 1. Eqvalizaion inthecoaialGistribinnetaOk

fits-all fxed equalizer is impractical. Furhermore, distoricns czsz ISi caa dnge n s ie esomehow be adjustable tocompnsztefor chznges in chennel coniions Adeve pazseaos nsárspupose.

bandwidth, resulting in a fizt amplitude-versus-fquncy pen a ihe seorod ps alsegs Aöaie
Equalization
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Adnptive cqualization perfoms a function similar to that

ofa coble amplificr's fixed-value plug-in cqualizer, Rather

than cqualizing the cntire downstream or upstrcam RP

spectrum, it deals with just a singlc channel. Adaptive

mcans the cqualizer can change its characteristics as

channcl conditions change.An adaptive cqualizer is a

digital circuit that compensates for a digital signal's in

channcl complex frcquency response impaiments. The

cable industry has long uscd the tem frcqucncy response

to describe amplitude (or magnitude)-versus-frequcncy
that is, what is sccn on the display of test equipment used

to swecp outside plant. Tue frcqucncy response is a

complex cntity that has two components: amplitude

versus-frequcncy, and phase-versus-frequency. An

adaptivc cqualizer can compensatec for in-channel

amplitudc- and phase-versus-frequency impairments.

Block diagram of Adaptive cqualization :

Figure illustratcs a block diagram of a generic adaptive

cqualizcr. The top row with boxes labcled Z-1 can be

thought of as a tapped delay linc. Each box markcd Z-1 is

a dclay clement, with the amount of timc delay per"box"

cqual to the rcciprocal of the symbol rate in a T-spaced

cqualizcr. A delay clement is often called a tap, but a tap

1.

Q10. Explain Digital Subscriber Line (DSL), write its types and benifits.

Types ofDSL

also canbe considered the combination ofa.delayclemtea

the point where some ofthe signal is "1appcd" of,

with cqualization cocfficicnts that set the gain for

multiplicr. The boxes labeled b-2, b- 1, b0,, ctc.,aremliglity

lap. The algorithm adjusts thc cqualizationcocfficieat

that set tlhc gain for cach multiplicr. Thccirclesmarkeis

LETACRY

arc summing or combining círcuits.

UNEQUAUZEO

HUT

*Its aim is to maintain the high speed of the data being transferred.

PCS

Vree Sa

Digitall Communication
Sytey

Delayeement

Ans. Digital Subscriber Linc (DSL, originally, digital subscriber loop) is a communication medium, which is used to tran fe

intemct through copper wirc tclecommunicaticn line. Along with cable internet, DSL is one of the most popular ways ISP.

provide broadband intemet access.

Malntp

Ngorm for

ttplersih
Cómelente

One tap is called the main tap (highlighted in red in Figaur

The main tap has a gain of 1, and passes the input signal

iLs original amplitude. Other taps represent either the

"past" or "future" relative to the main tap, and vary tha

amplitudes oftherespcctive signals passing through then

as required.

"If we ask that how we gonna achieve such a thing i.e., both telephone and internet facility, then the ansver is by usine

splitters or DSL filters(shown in the belowv diagram). Basically, the splitter isused to splits the frequency and make sure that

they can't get intemupted.

LCUAL
CUTPUT

Symmetric DSL- SDSL, Splis the upstreamand downstream frequencies evenly, providing equal speeds to both uplozding
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2. Asymmctric DSL - ADSL, provides a wider frcqucncy
rangc for downstreamtransfers, which offers scveral times
faster dowIstrcam spccds. an ADSL conncction may offer
20 Mbps downstrcam and 1.5 Mbps upstrcam, it is becausc
most uscrs downlond more data than they upload.

Bencfits -

and downloading data transfcr. This conncction may
provide 2 Mbps upstrcam and downstrcam.it is mostly
prcferrcd bysmallorganizations.

No Additional Wiring -A DSL conncctionmakes usc of
your cxisting tclephonc wiring, so you willnot have to
pay for cxpensive upgradcs to your phonc systcm.
Cost-EfTcctive - DSL intcrmct is a very cost-cffcctive
method and is best in conncctivity
Availability ofDSL modems by the service providers.
Users can usc both telephonc lines and the internet at thesamc time. And it is because the voice and digital signalsarctransferrcd in different frcquencies.
Uscrs can choose between different connection speeds
andpricing from variousproviders.
DSL Internet service only works over a limited physical
distance and remains unavailable in many areas where the
local telephone infrastructure does not support DSI.
technology. The service is not available everywhere. The
connection is faster for receiving data than it is for sending
data over the Internet.

OBJECTIVE QUESTIONS AND ANSWERS
Which modulation technique does not use past information
for modulation

1. Delta modulation
2. P' Code modulation

3.Ad.iptive Differential Pulse Code Modulation
4 1Japtive Delta Modulation

Anwer: 2

A speech signal is sampled at 8 kHz and encoded in PCM
format using 8-bit/sample PCM data is transmitted through
a baseband channel via 4-level PAM. Minimum Bandwidth
required for transmission is

1 16kHz

3.24kHz
Answer :1

3. Comparing Delta Modulation (DM) with PCM systems,
DM requires:

1,a lower sampling rate

2.8 kHz

4. 10kHz

2. a higher sampling rate

19

4. simpler hardware
1. 12 and 4 only
3.2,3 and 4 only

Answer:3
4.

9

3. lcast bandwidh

5.

6.

Companding is used to

I.

4. incrcasc the power content of the modulated signal
Answer:2

1. overcome quantising noisc in PCM
2. protcct smallsignals in PCM from quantising noise
3, PCM rcceivers to feduce impulse noise

Output SNR ofan bit PCM was found to be30 dB, desired
SNR is 42 dB. To achieve desired SNR by increasing the
number of quantization Jevels, then new levels will be
1. 128

3.2018
Answer :1

3.NF
Answer:3

Digital Communication Systems

2. 1,2 and3only

4. 1,3 and 4 only

The bandwidth of a N' bit binary coded PCM signal for
modulating a signal having bandwidth of f Hz is
1. N Hz

1100

3.30

Answer:2

The temperature of aparticular place varies between 14°C
and 34°C. For the purpose oftransmitting the ternperature
record ofthat placeusing PCM, the recordissampled at an
appropriate sampling rate and the samples are quantized.
If the error in representation of the samples due to.
quantization is not to exceed÷ 1% of thedynamic range.
what is the minimum number of quantization levels that
can be used?

2.512
4. 1024

&. A signal is sampled 8 kHz and is quantized using 8- bit
uniform quantizer assuming SNR, for a sinusoidal signal,
the correct statement for PCM signal with a bit rate of R is:
1.R=32 kbps,SNR.=49.8 dB

2.50

4.15

2. R=64kbps, SNR =5S.8dB

1.62 dB

3. R=64 kbps. SNR =49.8dB

4.R=32 kbps, SNR, =25.8dB

Answer:3

3.74 dB

2.f
4.N

A 12-bitADChas input signal range of÷1V. The signal to
quantization noise ratio ifa sine wave signal with 0.25 V
peak voltage is given as input is:

2.72 dB

4.48 dB
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Answer:1
10. Discrete samples of an analog signal atc uniformly 15. What is the frequency and type of modulation

used
inanquantized to PCM.1fthe maximum value of analogsample

is to be represcnted within 0. 1% accuracy, then the nminimum
number of binary digits requircd per samplc is

1.4

3.10

Answer:3
11. Directions: The itcm consists of two statcmcnts, onc

labcled as the 'Assertion (A Jthe othcr as 'Reason
(R)'. Youarc to Cxaminc thesc twO statemcnts carefully
and sclcct the answers to the item using the codes given

Asscrtion (A): PCM/FM systems transTnit PCM pul by
modulating a high-frcqucncy carricr and henceoccupy larg
bandwidth and climinate distortion.

2.8

Rcason (R): Large bandwidth ensures SNR trade-off and
hence distortionless transmission is ensured.

4. 12

1. Both Aand R individually truc and R is the correct
cxplanation ofA
2. Both A and Rarc individually true but R is not the correct
explanation ofA
3.Aistruc but R is false

Answer:1

4. A is falsc but R is truc

PCM system becausc:

20

1. Noise is lower and is proportional to reciprocal of
bandwidth

2. Bandwidth is larger and detection is casier

Answer:4

3. Quantization noise is lesser other things being equal

4. Quantization noise is ncarly zero since 21" levels are

available

is

13. Ina communication system, noisc duc to quantization eror

1. Lincar and signal-dependent
2. Nonlincar and signal-dependent

J. 10kH2

3.35 Hiz

3. Lincar and signal independent at low frequencies only
4.Non-lincar and signal-dependent allow frequencies only

AsWer :

34. In a PCM»fstem, the amplitude levels are transmited as 7

bit code-words. The sampling is done at 10 kHz The
bzndwidth of the system is

2.20 kHz

4.70 kHz

Answer: 4

Answer :2

IR Remote controls for TV?

1. 108.1 kIlz, FM

3.98kIlz, PM

16. Theamplitude ofa random signal is uniformly distributed

bctwecn -SV and 5V. If the signal to quantization
noise

ratio required in unifornly quantizing the :signal is43,

1S.

Answer:3

3.0.0667V

12 A 13 bit PCM system performance is better than an 8 bit 19. Asignal having a bandwidth of S MHz is transmitted using

the step size of the quantization is approximately -

1.0.0333V

20.

digital?

17 Which one of the following communication system i.

.AM

Answer :4

3. AV

Digital Conimunication!
Syilems

2.38 kHz, PCM

4.98.1 MHz, AM

Answer: 120

2.0.05 V

Which is the sequence for PCM?
1. Sampling, Encoding, Quantizing

2. Quantizing, Sampling, Encoding

3. Quantizing, Encoding, Sampling

4. Sampling. Quantizing, Encoding

Answer:4

4,0.10 V

2. FM

4.PCM

the Pulse code modulation (PCM) scheme as follows. The

signal is sampled at a rate of S0% above the Nyquist rate

and quantized into 256 levels. The binary pulse ratc of the

PCM signal in Mbits per second is

3.A is true but R is false

4.A is false but R is true

Directions: The item consists of two statements, one

labelled as the Assertion (A) and the other as Reason (R)'.

Youare to examine these two statements carcfully and select

the answers to the item using the codes given bclow:
Assertion (A): When coding signals like specch signals a

law or p-law quantizers are used.
Reason (R): A-law and p-law quantizers occupy smaller
bandwidth than uniform quantizers.

Answer:3

1. Both A and R individually true and R is he correct

explanation ofA

2. BothA and Rare individually true but R is not the correct

explanation ofA

below:
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d) and d().

QUESTIONS AND ANSWVERS
Q1. Ilustrate the Gcometric represcntation of Signals.
Ans. Derive Gcomctrical reprcscntation ofsignal.

combinations of tvo orthormormalbasis functions

G() and (). arce orthonormal if:

AOA)dt=0 (orhogonality).

GEOMETRIC REPRESENTATION OF

(normalized to have unit energy)
The representations are

s)=S14 (()+ s22(0)

s;(0)= S214() +s2()
where

Sy=s(0,(()dt, i.je {1,2).
0

9()

5,()

21

UNIT 03

S;()

SIGNALS

0

Ís09,(9d.

Basis Vectors :

Digital Communication Systems

is the projection of s,() onto ,().

The set of basis vectors {e, e, ..,e} of a space are
chosen such that: Should be complcte or span the vector
space: any vector a can be expressed as a linear
combination of these vectors.
Each basis vector should be orthogonal to all others
Each basis vector should be normalized:
A set of basis vectors satisfying these properties is also
said to be a complete
orthonormal basis
In an n-dim space, we can have at most n basis vectors
Signal Space :Basic Idea: Ifa signal can be represented
by n-tuple, then it can be treated in much the same way as
an-dim vector.

Let f,().S().... fn() be n signals
Consider a signal x() and suppose that Ifevery signal can
be written as above ~~ basisfunctionsand we have a
n-dim signal space

Orthonormal Basis :

Signal set {fk(t)}n is an orthogonal set if

0jk

|C; j=k

If cj=1{pk(0) is an orthonormal set.

Consider a set of M signals (M-ary symbol) (si(), i= 1,

2,..., M) with finite energy. That is

Then, we can express each ofthese waveforms as weighted
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QUESTIONS AND ANSWERS
Q1. Ilustrate theGeomctric representntion ofSignals.
Ans. Derive Geometrical representation of signal.

combinations of two orthomormal basis functions

4() and ().

T

Ja040)dt = 0(orhogonality),

0

() and (). are orthonornal if:

GEOMETRICREPRESENTATION OF

(nomalized to havc unit energY)

0

The representations arc

where

s()=s1()+si2,()
s,()= s1 (() +S26,()

Tsy= Js04 ()d, i. je {l1, 2),.

5,()

21

UNIT 03

5;(0)

SIGNALS

js06,0)dt.

Basis Vectors :

is the projection of s, () onto , ().

Digital Communication Systems

The set of basis vcctors {c,, e,, ...,e,} of a space are
chosen such that: Should be complcte or span the vector
spacc: any vector a can be expressed as a linear
combination of these vectors.
Each basis vector should be orthogonal to all others
Each basis vector should be normalized:
A set of basis vectors satisfying these properties is also
said to be a complete
ortlhonormal basis
In an n-dim space, we can have at most n basis vectors
Signal Space :Basic Idea: Ifa signal can be represented
by n-tuple, then it can be treated in much the same way as
an-dim vector.

Let fl). f,()... fn() be n signals
Considera signal x(t) and suppose that Ifeverysignal can

basisfunctions and we have a
be writtenas above

n-dim signal spacce

Orthonormal Basis :

Signal set (fk(t)}n is an orthogonal sct if

0 jk
le, j=k

If cj =1j{pk()} is an orthonormal set.

Consider a sct of M signals (M-ary symbol) {si(), i= 1,

2,.., M} with finite energy. That is

Then, we can express cach ofthese waveforms as weighted
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lincnrcombination
oforthonormalsignals

s,()-u()fori=l...M

whercN<Misthcdimcnsionofthesignalspaccnndarccalledthcorthonommalbasis functions
Let, fora convenicnt sctof{: (0)),j=1,2,..„Nand0 ssT,

s,()=,(). i=1,2,..,.Mand0 st<T,such

that,

jel

T

S; =

0

Now, we can represent a signal si(t) as a column vector
whose elements are the scalar cocfficients
sij, j=1,2,...,.N:

S

Si2

22

|SIN JxN

;i=1l,2,....M

These M energy signals or vectors can be viewed as a set
ofM points in an N–dimensional Euclidean space, known
as the ,Signal Space'.Signal Constellation is the collection

of M signals points (or messages) on thè signal space.

SE

zD Slgna)
Npuc

Now, the length.or norm of a Veclor is denotcd.

The squarcd norm is the innc product of

hevector.

Thc cosinc of the anglc betwccn twovectorsis
defineda,

cos (angle bctwecn s &s, )=

s,&s, are orthogonal to each other if

IfE, is the energy of the i-th signal vector,

NN

T

J=l k=l

Digital Communication

nSyey

ortho-normal set

N

Jel

j=l

N

For a pair ofsignals s, () and s(),

j=l

N

as {9; (0)} forms an

E--Ž(-y-[ls0-s0j4
It may now be guessed intuitively that we should chonse

s,() and s (0) such that the Euclidean distance betwen

them, i.e. -s is as much as possible to ensure thut

their detection is more robust even in presence of noise.

For example, if s (t) and s,(t) have same energy E, (ie.

they are cquidistance from the origin), then an obvious

coice for maximum distance of separation is, s;()=

Q2. Explain the term Maximum Likelihood Decoding.

Ans. Consider a set of possible codewords (valid codewords

set Y) generated by an encoder in the transmitter side. We

pick one codeword out of this set ( call it y ) and transmt
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it vin a Binary Symmetric Channcl (BSC)with probability

of crmor (To know what is n 3SC - click here ). At the

receiver side we reccive the distorted version of y ( call

this erroncous codeword N). Maxinmum Likelihood

Decoding chooscs onc codewond fiom Y (the list of all

possible codewords) which maximizes the following

pobabiliy.
P(osent |x eceived)

Meaning thatthe receiver computes P(_1,), P(y_2,x),

P(_3,x),\cdots,P(_n,x). and chooses a codeword (y)

which gives the maxinmumprobability. In pmctice wve don't

knowy (at the rocciver) but we know x. So how to compute

the probability. Maximum Likelihood Estimation (MLE)
comes to our rescuc.For a detailced cxplanation on MLE

refcr here The ainm ofmaximum likclihood cstimation is to

find the paramcter value(s) that makes thc observed data

most likely. Understanding thc difference betwcen

prediction and cstimation is important at this point.

Estimation diflers from prediction in the following way

In estimation problems, likolihood of the paramcters is

estimated based on given data/obscrvation vector. In

prediction problems, probability is uscd as a measure to

predict the outcome from known parameters ofa model.

Q3. Describe Correlation recciver.

23

Ans. We have ignored the form of the signal term v() coming

from thc recciver, and havc simply examincd the

implications of thresholding the combined signal plus

noise. In practicc, the shape of the signal coming from the

Q4.Explain match filter anddraw its block dingrnm.?

Ans. Matched Filters :

Digital Communlcation Systems

receiver is largely under the control ofthe systlem designcr,

nnd its properties aro choscn to mcct such spccificd criterin

ns dosirnblo timo or range sidelobo levcls, rcsolution, ctc.

The ntost flundamental criterion, against which all other

criteria mst be balanccd, is tlhe nbility to detcct largels,

which, ns wo havo sccn, is a functlon ofthe SNR. Hencc a

natural priority is to design the recciver to maximize SNR..

We know,that the noisc power m is dependent only on the

gain of the recciver, not on the shape of its impulse
response function. IHence, for fixcd gain, the bcst SNR is

obtaincd by maximizing the response to the signal term:

This is achicved by an clegant, conceptually simple and

readily inmplemented proccssing scheme, known as the

corrclation recciver, whose frequency-domain
implementation is the matched filter.

Sigel g()

The scheme relies on a fundamental result known as the

Cauchy-Schwartz incquality. This states that, given two

functions f(s) and g(s) of finite energy, then

Source

with cquality ifandonly if

fs)=cgls)
for somc constant c. Hcrc the' asterisk denotcs complex

conjugatc, and we allow complex functions so that we

can, ifdesircd, usc complex representations ofrcal signals

The matched filter is the optimal lincar filter for maximizing the signal to noisc ratio (SNR)in the prescnce of additive

stochastic noise.

Or...

Matched filters arce commonly used in radar, in which a signal is sent out, and we measure the rcflected signals, looking for

something similar to what was sent out.

Two-dimensional matched flters are comnmonly used in image processing, o.g, to improve SNR for X-ray pictures

A general representation for a matched filter is illustratcd in Figure.

LIncar TIme Invarlant

Flter of
Impulse Resonse h()

3Shlte Nolse n()

Sample at timet-T

Decision Derico

Receiver

tFlnrorue coni
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Fig.Matchedfilter
Thefilterinputx()consistsofapulsesignalgt)cormupted
byadditivechannclnoiscw(0),asshownby.x()=g()+w(),
whereT is an arbitrary observation interval. The pulsesignalg(0)mayrepresentabinarysymbolIorOinadigitalcommunication

system.

24

ostsT

Thew()isthesamplefunctionofawhitenoiseprocessof
zeromean andpovwerspectraldensityNo2.Thesource ofuncertainty lics in thenoisew(t).The function ofthe recciver is to detect thepulsesignalg) inanoptimummanner,given thereceivedsignalx(t).Tosatisfythisrequirement,wehave tooptimizethedesignofthe filter so as to minimize the effects ofnoise at thefilteroutputinsomestatisticalsense,andtherebyenhancethe detection ofthe pulsesigral g().

x()= 8()+ n(),

Since the filter is linear, the res:lting output'y()maybeexpressed as

definedas 7=

where go(t) and n(t) areproducedby the signal and noisecomponents of the inputx(t), respectively.
A simplewayofdescribingthe requirementthat the outputsignal component go(t) be considerablý greater than theoutputnoise component n(t) is to have the filter make theinstantaneous power in the output signal go(t), measuredattime t=T,as largeas possible compared with the average
power of the output noise n(t). This is equivalent to
maximizing thepeakpulse signal-to-noise ratio,

Q5. Describe Average bit error rate (ABER) for uncoding
OOKformat.

Ans. In this sectio we derive the analytical expression for the
ABER associated with an UWOC IMDD system using an
OOK signaling technique. For this purpose, and as a

previous step, the associated conditional BER (CBER) S
firstly calculated for a given electrical signal-to-noise ratio

(SNR) when analyzing an AWGN channel in the ideal case

of absence of turbulence (namely SNRO), assuming each

transmitted symbol cqually likely to be sent. In addition,

the conditional bit error probabilities when the transmitted

bit is 0" or "1"are assumed to be equal. Hence, and from,

the CBER of IM/DD with AWGN

cxpressed as

,(e|l)=

1

1

eSNRI

whereSNRO = iso/SN whereiso=aRP,denotesthesigacurrent in absence of turbulence-inducedfading,
witharepresenting tthe attenuation coefficient associated
tothemedium. Therefore, the. ABER, Pb(e), canbeobtainedby

averaging P,(c|Doverthe PDF ofthe irradiance,

obtain that

Digital Communication
s

channcl

In Eq.,the PDF of the optical inradiance issdefined:according
to the Weibull model, as indicated in Eq. Now,byusingtheintegration by parts formula for solving Eq.,weCan

d=(B(e|NE,DE-5R(elD]F()4.

F)=1-ep

using
O0K

SNR,/)

2/2

-SinceP(e8) =0 andFI(0) =0 (note that negative values
for the optical irradiance are not allowed), then the last

Rxpression can be reduced to:

SNR,I
2V2

SNRO

2/2r

where the cumulative distribution function (CDF) for the
irradiance, I, is directly obtained by integratingEq, as:

Thus,we can employ [28, Ec. (06.27.13.0005.01)] to derive
an expression for the derivative ofPb(e|) with respect to:

SNR,!
2/2

2

Next we introduce the last result in Ea.in order to solve the

resulting integral. To this aim, a generalized Gauss-Laguemt

quadrature is proposed, defined by:

,0).Hence.
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efoat =)H,fu)+E,

here B is a constant, x;is the i-th zero of the LaguerTe

nolynomial, L;(*), H; is the corresponding weight

cocfficient and E, is the truncation error. If the

normalization of the Laguere polynmomials is choscn so

that

Eo-m m!

then, according to, the weight coefficiets are given by

H,=
r(7+p+1)x,

Hence, Eq.can be rewritten as

(SNR

242

i=1,2,.,n)

after having used the following change of variables:

n

2V2

A.SNR,

SNR
2V2

Finally, we can apply Eq. to solve Eq. as:

IdI.

22
ASNR

25

where B=2 directlyobtained by comparing Eq. with

Eq. so the weight coefficients, Hi, given in Eq. can be

directly calculated.

As a remarking comment, we can repeat all these steps to

derive a closed-from expression for the exactABER ofthe

UWOC system using an exponentiated Weibull distribution

instead of the Weibullone shown in Eq. The analytical

procedure is shown in the Appendix. For the sake of
simplicity, this paper is focused on the Weibull distribution

since, as we commented above, large receiving apertures

are commonly employed in UWOC, which leads to an

Digital Communication Systems

cfectively rcduced turbulence accurately modeled by the

simplest Weibulldistribution.

Q6. Illustratc Error probabilitics of noncoherentand coherent

FSK.

Ans WVe analyze thecrror performancc oftwo-hop relay networks

adopting frequency shift keying (FSK) over frequency flat

Rayleigh fading channcls. It is assumcd that relay networks

consist ofa source, a relay, and a destination without a

dircct path signal from the source to the destination and

the relay adopts the amplify-and-forward protocol with a

fixed gain. Firstly, considering imperfect frequency and

phase synchronization, we obtain the exact error

probability expressions for noncoherent and coherent

binary FSK (BFSK).Secondly, assuming pefect frequency

and phase synchronization, we derive a closed-form error

probability approximation for coherent M-ary FSK

(MFSK). The proposed methods can also be used for the

error performance analysis of classical one-hop FSK

systems with perfect/imperfect frequency and phase

synchronization. The obtained error probability
expressions will help the design oftwo-hop relay networks

adopting FSK in determining the system parameters such

as the transmission power at the source, the amplifying

-coefficient at the relay, and the maximum affordable

frequency and phase offsets to satisfy the required error

performance.

07. Write short notes on:

1. Understanding Quadrature Phase Shift (QPSK)

2. Differential Phase Shift Keying (DPSK)

Ans. 1. QPSK : In the world of wiredelectronics, analog signals

exhibit continuous variations whereas digital signals

assume (ideally) one of two discrete states. This

distinction can be extended to systems that transmit data

via electromagnetic radiation instead of electric current

traveling through wires.When used for analog signals,

frequency modulation and amplitude modulation lead to

continuous variations in the frequency or amplitude of a

carrier wave. When modulation techniques are used for

digital communication, the variations applied to the carrier
are restricted according to the discrete information being

transmitted.Examples ofcommon digital modulation types

are OOK (on/off keying), ASK (amplitude shift keying),

and FSK (frequency shift keying). These schemes cause

ce

D
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the carrier to assume onc oftwo possible states depending on whether the system must transmit a binary I
| orabinary

%,
each discrete carrier state isreferredto as

2,
doesn't represent 0or 1--itrepresents
DPSK: In Differential Phasce Shif Keying IDPSK thc phase ofthe modulated signal is shifed relative to

theprevioussiznaelement. Noreferencesignalisconsidered
DPSK technique docsn't nccd a reference oscillator.
The following figurereprescnts the model waveform ofDPSK.

00, 01, 10, or II:

Q8. DefineQAM (quadratureamplitude modulation)

It is seen from the above figure hat,,if the data bit is Lowi.e., 0, then the phase of thesignal is not reversed, but continued
as it was. Ifthedata is a High i.e., 1, then the phase of the signal is reversed, as with NRZI, invert on. Ifwe observe the aboye

wavefom, we can say that the High state represents an Min the modulating signal and the Low state represents a W in the

modulating signal.

Amplitude

26

Modulation

Ans. QAM (quadrature amplitude modulation) is a method ofcombining two amplitude modulation (AM) signals into a single

channel. This approach helps double its effective bandwidth. QAM is also used with pulse AM(PAM) in digital systems.

like wireless applications.A QAM modulator works like a translator, helping to translate digital pckets into an analog signal
to transfer data seamlessly. QAM is used to achieve high levels of spectrum usage efficiency. This is accomplished by

-utilizing both the amplitude and phase components to provide aform ofmodulation. In this scenario, the QAM signal comes

with two carriers. Each bas the same frequency but differs in phases by 90 degrees, or one-quarter of a cycle, which is the

basis for the term quadrature. One signal is called the I signal, and the other is called the Q signal. Mathematically, one of he

signals can be represented with a sine wave and the other by a cosine wave. The two modulated carriers combine at the

source for transmission. At the destination, the carriers separate, and the data is extracted from each. Then, the data is

incorporated into the original modulating information.

Frequency

Modulation

Digital Communication
nSystem

Phase

Modulation

Tpcht

Adi

A

sa symbol.Quadrature phasc shift keying (QPSK) is another
modulation.echniqe,

and it's a particularly interesting one because it actually transmitstwo bits pcr symbol. In other words, a

QPSKsymta,

dhere. The signal phase follows the bigh or lowstate of the previouselement.
Ths
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09
Delinc

MinimumShift Key(MSK) Modulation and its Key

fentures,

Ans.
MinimumShit Key Modulation is anothertypc of digital

modulation
ntechnique uscd to convert a digital signal into

analog
signals. It is also called Minimun-slhi keying

nSK)or Advancc Frcqucncy Shift Keying bccausc it is a

ne of continuous-phase frcqucncy-shift keying.

Ko features of Minimum Shif Key (MSK) Modulation :

Minimu-shift keying or MSK was first developcd by thc

Collins Radio cmployccs MclvinL. DoclzandEarl T. Hcald

in the latc 1950s.

It is encoded with bits alternating betwecn qadraturc

components, with thc Q component delaycd by half the

symbol period.

Minimum Shift Keying is the most effective digital

modulation technique. It can be implemented for almost

every stream ofbits much easier than the Phase Shift Key,

Frequency Shift Key and Amplitude Shift Key of digital

modulation technique.

The Minimum Shift Keying's concept is based on the

positioning of bits such as even bits and odd bits for the

given bitstream and the bit positioning frequency

generating table.

MSK is the most widely used digital modulation

technology because of its ability and flexibility to handle

"One(1)" and "Zero(O)" transition of binarybits.

Q10. Explain Multicarrier Modulation and its development.

Ans. Multicarrier modulation is a form ofsignal wayeform that

uses multiple normallýclose spaced carriers in a block to

carry the information. Multicarrier modulation, MCM is a

technique for transmitting data by sending the data over

multiple carriers which are normally close spaced.

Multicarrier modulation has several advantages including

resilience to interference, resilience to narrow band fading

and multipath effects. As a result, multicarrier modulation

techniques are widely used for data transmission as it is 2.

able to provide an effective signal waveform which is

spectrally efficient and resilient to the real world

environment.

Digital
Communication Systems

data stream from those reccivcd on the individual carriers.

It ispossible to use a varicty of different techniques for

multicarricr transmissions. Each form ofMCM has its own

advantages and can be sucd in diferent applications.

Multicarrier modulation basics : Multicarrier modulation

operates by dividing the data stream to be transmitted

into a number of lower data rate data streams. Each of the

lower data rate streams is then used to modulate an

individual carrier. When the overall transmission is

received, the receiver has to then re-assembles the overall

Carrier 1 Carriern

Sidabands from

other carriers cancel

on carrier n

frequen

Q11. Writethe Difference between Bandwidth and Data Rate.

Ans. I. Bandwidth :Bandwidth is defined as the potential of

the data that is to be transferred in a specific period of

time. It is the data carrying capacity of the network or

transmission medium. In simple words, it is the maximum

amount of data that can be transferred per second on

link. It is generally measured in bits per second(bps), Mega

bits per second(Mbps) or Giga bits per second(Gbps). For

example, ifbandwidth is 100 Mbps, it meansmaximum 100

Mb data can be transferred per second on that çhannel.

Data Rate : Data Rate is defined as the amount of data

transmitted during a specified time period over a network.

It is the speed at which data is transferred from one device

to another or between a peripheral device and the computer.

It is generally measured in Mega bits per second(Mbps)

or Mega bytes per second(MBps). For example, if

bandwidth is 100 Mbps but data rate is 50 Mbps, it means

maximum 100 Mb data can be transferred but channel is

transmitting only 50 Mb data per second.

Fig. One form of multicarriermodulation is OFDM

Development of MCM : The history of multicarrier

modulation can said to have been started by military users.

The first MCM were military HF radio links in the late

1950s and early 1960s. Here several channels were sued to

overcome the effects of fading. Originally the concept of

MCM required the use of several- channels that were

separated from each other by the use of steep sided filters

of they were close spaced. In this way, interference from

ihe different channls could be eliminated.
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Slno.

1.

2.

3.

4.

S.

6.

7.

Difference between Bandwidth and Data Ratc:

1. For generation ofFSK the data pattern will be

2 NRZ patterm

4

OBJECTTVEQUESTIONS AND ANSWERS

It is the potcntial of the data that is to

be transfercd in a spccific period oftime.
Itis the number of bits per sccond

1. RZ pattem

5.

that a link can send or rcccivc.

Answer-2)

Normally it is mcasurcd in bps, Mbps or Gbps.

It refers to maximum data transmission spccd.

It is physical laycr property in OSI model.

It shows the capacity of the channcl.
It docs not depend on propertics of

sender or recciver.

3. Split-phase Manchester
4. None

2. The bit rate ofdigital communication system is 34 M bits/
sec. The Baud rate will be in OPSK modulation
techniques

Answer-(2)

1. 8.5 M bits/sec2 17 M bits/sec
3. 32 M bits/sec

1

3: In Coherent demodulation technique of FSK signal can

Bandwidth

be affected using

4

2 Bandpass filters and envelope detector
3. Matched filter

Answer-(1)

2

Correlation receiver

3.

1. 60 Mbps

Discriminator detection

The bit rate of a digital communication system using
QPSK modulation techniques in 30 MBPS. So, The
system

4. 64 M bits/sec

The baud rate equal to 15 Mbps

Answer-(2)

The baud rate equal to 30 Mbps
4. The baud ráte equal to 7.5 Mbps

1. DPSK

If the maximum instantaneous phase transition ofa
digital modulation techniques kept at 90, the modulation
will be organized as

3. OOPSK

2 QPSK

4. BPSK

28

DataRate

time period overa nctwork.It istheamount ofdata
transmittcd during aspecified

It is the spccd ofdata
transmission.

It is normally mcasurcd in Mbps or MBps.

It refcrs to the actual data transmission speed.

While it is
common in all layers.

It shows the present speed of data transmission

While it gets affe cted by sender or receiver:

Answer-(2)

6 The modulatiou techniques employed in for telephone

modems is ?

1. QAM
3. QPSK

Answer-(1)
7. BPSK signal can be

1. low pass filters

3. A high pass filter

Answer-(1)

1. 45 s
3. 50 us

Answer-(2)

1. 200

3. 800

8. In asystem using in FSK, the '0' and '1' bit aro

represented by sine waves of 10 and 2S KHz

Answer--(3)

correspondingly. These waveforms will b Orthogonal

for bit interval of

3.

erfe )
erfe)

Answer-(3)

Digital Communicat TSyMem

2 GMSK

1. 05

4. GESK

demodulated by using,

3. 025

2

Answer-(2)

4.

9. If the baud rate is 400 for a QPSK signal, the rate Is

error?

2
4.

A band pass filter

4.

10. For a BPSK system, the bit error probability is given by,

None of these

2.

4.

200 11s

250 us

11. The width of the power spectral density main love given
the bandwidths of MSK signal and is given by
times the baseband frequency ()

2400
1600

erfc )
erfe )

2 0.75

4. 2.0

......

12: Which of the following gives the least probability of
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L In
Amplitude

Shift Keying

2
In

Frequency

: In Phase Shift Keying

i In Differcntial Phasc Shift Keying.

Answer-(3)

I3.
Whichofthe:following digital modulation tcchniques are

,employed in tclephone moden?

1.
QAM

3
QPSK

Answer-(4)

M which gives

1. ASK

3. BPSK

Answer-(l)

1. PSK

3. FSK
Answer-3)

16. Bandwidth ofMSK
1. higher than

3 equal to

Answer-(1)

1

15, Whose bandwidth is maximum?

17. Equalizer is used to

Shifn Keying

Answer-(2)

3.

1.. Bit-error rate

maximum probability of crror?

Answer(d)

1. 0.001s

2

3. 0.0025s

Answer- (c)

3.

4 nonc of thesc

Increase the signal to noise ratio at the receiver

2 Equalize the distortion introduced by channel

1. ISIincrcase

2 - BFSK

4.

3. Decrease the error probability of signal detection

4. None of these

2 Error-vector magnitude

Answer -(1)

18. Eye-pattern is utilized for the study of

3.

4.

2 ASK

2
4

1. Reduce and SI

GMSK

The Quantization noises

4. Inter-symbol interferer.zes

Answer-(1)

Increase bit ratc

19. TheNyquist interval for m(t)= is

DBPSK

2

Timing jitterincreases

4.

20. In Eye Patterm, as eye closes:

DPSK

4. Timing jitter decreases

lower than

that of QPSK.

Both (a) and (b)

2
4

21. Transversal equalizer uses tapped delay line to

2 ISIdecrease

0005s

250 us

Reduce BER

Increase bandwidths

29

22. AMIl is another name of which proccss?
1. Polar
3

Answer-(2)

for

1.

2
3.

On-off

23. To cncoding ín binary, the Differential encoding utilizcd

4. Signal's phase

Signal freq.

Answer-(3)

Signal's amplitudc

The Signal transitions

acknowledged as

1.

b. The Polar signaling

as
1.

24. Altermate Mark Inversion (AMI) signaling is

a The Bipolar signaling

Digital Communication Systems

The Manchester signaling
d. The Unipolar signaling

Answer-(b)

2.

25. Eye pattern is used to study

ISI

3.
. Error rate

Ánswer-(1)
26. A scheme in that'1 is representing by a +ve. pulse for a

half of symbol duration, a -ve. pulse for remaining half of

the symbol and for "0' the order is inverted is identified

4.

31.. Unipolar-NRZ

.3. BPRZ-AMI::

Answer-(3)

The NRZ unipolar 2.

3. The NRZ bipolar 4

Answer-(4)

4. Unipolar signaling

2

Answer-(4)

4.

Bipolar

28. On-off signaling is known as

izt1. P-NRZ

None of these

27. A line code which has zero dc element for pulse

transmission of random Binary data is

3. BP-AMI-RZ

Answer-(3)

3. Manchester signaling

Quantization noise

None of these

1. Bipolar signaling 2. Polar signaling

The NRZ polar
The Manchester code

2Unipolar-RZ
4. BPNRZ

29. Which is the most commonly used line coding format

with best overall desirable properties?

2. P-RZ

4. UP-RZ
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QUESTIONS AND ANSWERS

UNIT 04

INTRODUCTION1TO
INFORMATION,AND

CODING THEORIES

Q1. Dscribe InformationandCoding Theorics.

30

Ans. Information theory: Information theory is the scientiic
study of the quantification, storage, and communication
of digital information.The ficld was fundamentally

Digital Communication

Syh.

Hartley, in the 1920s, and Claude Shannon in the 1940s.The
ficld is at the interscction of probability theory, statistics,
computer science, statistical mechanics, information
cngincering, and clcctrical engineering. A key measure in
information theory is entropy. Entropy quantifies the
amount of uncertainty involved in the value of a random
variable or the outcome ofa random process. For example,
identifying the outcome ofa fair coin flip (withtwoequally
likely outcomes) provides less information (lower entropy)
than specifying the outcome from a roll ofa die (with six
equally likely outcomes). Some other important measures
in informmation theory are mutual information, channel
capacity, error exponents, and relative entropy. Important
sub-fields of information theory include source coding,
algorithmic complexity theory, algorithmic information
theory and information-theoretic security. Applications of
fundamental topics of infomation theory include source

coding/data compression (e.g. for ZIP files), and channel
coding/error detection and correction (e.g. for DSL). Its
impact has been crcial to the success of the Voyager
missions to deep space, the invention of the compact disc,
the feasibility of mobile phones and the development of
the Intermet. The theory has also found applications in
other areas, including statistical inference, cryptography,
neurobiology, perception, linguistics, the evolution and
function of molecular codes (bioinfornatics), thermal
physics, molecular dynamics, quantum computing, black
holes, information retrieval, intelligence gathering,
plagiarisim detection pattern recognition, anomaly
detection and even art creation.

Information theory studiesthe transmission,
procesing,

cxtraction, and utilization of information. Abstracaliy,

information can be thought of :as the resolution
ouncertainty. In the cásc of communication ofinformatica

over a noisy channel, this:abstract concept wasformalizA

establishced by the works of Harry Nyquist and Ralph

.
in 1948 by Claude Shannon in a paper entitled A

Mathematical Theory of Communication, in whi
information is thought of as a set of possible messages,

and the goal is to send thesemeessages over anoisy
channel; and to have the receiver reconstructthemessage

withlow probability oferror, in spite of thechannel noite

Shannon's main result, the noisy-channel codingtheore

showed that, in the limit of manychannel uses, the rate nf

information that is asymptotically achievable is equal

the channel capacity, a quatity dependent merely on the

statistics of the channel over which the messages are sent

Coding Theories : Coding theory is the study of the

properties ofcodes and theirrespective fitness for specit:

applications. Codes are used for data compression.

cryptography, error detection and correction, data

transmission and data storage. Codes are studied by

various scientific disciplinessuch as information theory,

electrical engineering, mathematics, linguistics, and

computer science-for thèpurpose of designing efficient

and reliable data transmission methods. This typically

involves the removal ofredundancy and the corection or

detection of errors in the transmitted data.
There arefour types of coding :

1. Data compression (or.source coding).
2. Error control (or channel coding).
3. Cryptographic coding.
4.Linecoding.

Data compression attempts to remove unwanted
redundancy from the data fromasource in order to transnt

it moreefficiently. For example, ZIP data compression makes

data files smaller, for purposes such as to reduce Intenet
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traflic. Data compression and error correction may be
shudiedin combination. Error corrcction adds uscful
redundancy to the data from a source to make the
transmission more robust to disturbances prescnt on the *

nemission channcl. The ordinary user nnay not bo aware 1*

ofmany applications using crror correction. Atypical music '
ompact disc (CD) uscs the Reed-Solomon code to comcct

forscratches and dust. In this application the transnnission

channel is the CD itself. Cell phones also use coding
techniques to corect for the fading and noise of high
freouency radiotransmission. Data modems, telephone
transmissions, and the NASA Deep Space Network all *

employ channel coding techniquesto get the bits through,

for example the turbo code and LDPC codes.

02 Define Information Measures.
Ans. There are many more measures of information than are

typically presented in an information theory book. Below

is a list ofmany of them. For much more information and

implementations of many of them, please see the dit

documentation. In the following, alternative names for
measures are given in square brackets.

There are a variety of measures directly based on

Shannon's original measures, begin sums and differences
of entropies:

Entropy

Mutual Information

Multivariate Mutual Information [Co-Infornation]
Total Correlation [Multi-Information, Integration]

Binding Information (Dual Total Corelation]
Residual Entropy (Erasure Entropy]

There are other measures that are not directly
representable on -diagrams, but are entropies or mutual
informations ofaxiliary variables:
Gacs-Korner Common Infomation [Zero-Error Infomation]
Wyner Common Information
Minimal MarkovChain Information

Minimal Functional Markov Chain Information

31

Joined Minimal Sufficient Statistic
Intrinsic Information [Intrinsically Conditional Mutual
Information]

Reduced Intrinsic Information
There are measures which are not exactly entropies and
the like, but are related:
Interaction Information

TSEComplexity

Digital Communication Systems

There are a variety ofmeasures of divergenceor distance

betveen distributions:
Jenscn-Slhannon Divergence

Rclative Entropy (Kullback-Leibler Divergence]

Cross Entropy.

Jensen-Renyi Divergence
Jensen-Tsallis Divcrgence

Lastly there are a number of alteriative information

measures:
Cumulative Residual Entropy

Extropy.

Perplexity

Renyi Entropy

Tsallis Entropy

Q3. DescribeShannon Entropy.
Ans. The Shannon entropy equation provides a way to estimate

the average minimum number of bits needed to encodea

string of symbols, based on the frequency of the symbols.

Shannon's entropy equation:

H(X)=-)p log, P

In the Shannon entropy equation, pi is the probability ofa

given symbol.

To calculate log, from another log base (e.g., log10 or loge):

log, (n) =

A=0.5

N

The minimum average number ofbits is per symbol is

num Bits =[H(X)]

B=0.2

If we have a symbol set {A,B,C,D,E} where the symbol
occurance frequencies are:

C=0.1

(=0

D=0.1
E-0.1

log, (n)
log, (2)

The average minimum number ofbits needed to represent
a symbol is

H() =-[(O.5log20.5 + 0.2log20.2 + (0.1log20.1)*3)]
H(X) =--0.5+(-0.46438) + (-0.9965)]

HX)=1.9

H(X)=-[-19]
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Rounding up, we get 2 bits/per synbol, To represent a ten
character string AAAAABBCDEwould require 20 bits
the string were encoded optimally. Such an optimal
cncoding would allocate fewer bits for the frequency
occuring symbols (c.g., A and B) and long bit sequcnces
for themorc infrequent symbols(C,D,E).
This examplc is borrowed from A Guidc to Data
Compression Methods by Solomon. Note that the
frequence of the symbols also happens to match the
frcquence in the string. This will not usually be the Case

and it scems to me that thcre arc two ways to apply the
Shannon cntropy cquation :

The symbol set has a known frequency, which does not

necessarily correspond to the frequency in the message

strìng. For example, characters in a natural language, like

cnglish, have a particular average frequency. The number

ofbits per character can be calculated from this frequency
set using the Shannon entropy equation. A constant

Symbol frequency can be calculated for a particular

message. The Shannon entropy equation can be used
calculate the number ofbits per symbol for that paticular
message.

Shannon entropy provides a lower bound for the

compression that can be achievcd by the data

representation (coding) compression step. Shannon

entropy makes no statement about the compression
efficiency that can bc acbicved by predicive conpression.
Algorithmic complexity (Kolmogorov conplexity) theory

deals with this area. Given an infinite data set (something

that only mathematicians possess), the data set can be

examined for randoraness. If the data set is not random,

then there is some program that will generate or approximate

it and the data set can, in theory, be compressed.

Note that without an infinite data set, this determination

is not always possible. A finite set ofd:its generated for

a pi expansion satisify tests for randonness. However,

these digits must be pseudo-random, since they are

generated from a deterministic process. Algorithmic

complexity theory views a pi expansion ofany number of
digits as compressible to the function that generatcd the
sequence (a relatively small number of bits).

Q4. Illustrate Differential entropy.

Ans. Differential entropy (alsoreferredto as continuous entropy)

Digital CCommunication

is aconceptin
information1 theory that began:

number of bits per character is used for any string in the 05. Explain mutualinformation also write its propertiet ov)

natural language.
Ans.

cntropy, a
measurc of avcrage surprisalofatantm

by Claude Shannon to extend the jdea of(Shantra

variable, to
continuous probabilitydistributioy

Unfortunately, Shannon did not derive thisformula,;

rather just assumed it was the correcttcontinuousan

version ofdiscrcte entropy isthe limiting densityofdisaes

of discrete cntropy, but it is not.The actualContinu%

points (LDDP). Difierential entropy (described
herej

icommonlyencountered in the literature, but itis aimititg
case of the LDDP, and one that loses itsfundament

association with discrete entropy.

Let X be a random variable with aprobability
densiny

functionfwhose support is a set X. The differential
entrop

h() or h() is definedas.

H(X)=E-ogf(X)]= -|f()logf()d

uses.
Mutual Information :The Mutual Information behu

tworandom variables measures non-linear relationt

between them. Besides, it indicates how much information

can be obtained fron a random variable by obserin

another random variable. It is closely linked to the concev

of entropy. This is because it can also be known as tha

reduction of uncertaintyofa random variable if another ik

known. Therefore, a high mutual information value

indicates a large reduction of uncertainty whereas a loK

value indicates a small reduction.Ifthe mutual information

is zero, that means that the two random variables are

independent.

Propertics of MutualInformation: The main properties

ofthe Mutual Information are the following:

*Non-negative: I(X;Y=0
*Symmetric: I(X;Y)=I(Y;X)
* I(X;Y) =0 4> X,Y independent, because in that cas:

P(ry) =P(x)P(Y)

Since mutual information has only lower boundaries

sometimes it is difficult to interpret the obtained resut

Looking at the equation that relates mutual infornatios

with entropy and the Venn diagram, we can see that it s

possible to obtain the maximum value of the mutdl

information.

Áds

Q6

An

Q7

An
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IX;Y)=H)+H(Y)-(X,Y)

Ima(1;Y)=min (H(X),HY)

0sI(X:Y) S min(H(X),H())

1(X;Y)
Imax(X; Y) min(H(X),H(Y)

I(X; Y)

1Iscs: In the field of machinc learning, one of its main
uses is in decision trees. It is uscd for looking forthe

ontimum split of the features to choosc the nodes that
compose the tree (also called information gain),
Another usc is for feature sclection. When having a big
dataset with a big range of features, mutual information
can help toselect a subset of those features in order to
discard the irelevant ones.

In other fields, mutual information is also widely used.
For example, in telecommunications, it is used to calculate
the channel capacity.

06. Explain Linear block coding.
-Ans. The purpose oferTor control coding is to enable the receiver

07. DescribeHard and Soft decision decoding.

-*O1"

33

Eu parity

Catoder

*"011"

1

Channd

1.

2

to detect or even correct the errors by introducing some

redundancies in to the data to be transmitted. There are

basically two mechanisms for adding redundancy:

Blockcoding

Convolutional coding

1

Message k

Dlnck diagram Lincar block codes :

Ans. 1. Hard decision decoding: Assume that our communication model consists of a parity encoder, communication channel

(attenuates the data randomly) and a hard decision decoder The message bits "01" are applied to the parity encoder and we

get "011" as the output codeword.

Linear BlockCodes

Channel

Encoder

Hard deisloa

Hard decislon output

Digital Communication Systems

The encoder generates a block ofn coded bits from k

information bits and we call this as (n, k) block codes. The
coded bits are also called as code word synbols.

A001"

Min Hamming
distance -1

Valld codewords are
*D00, "O11" and

101"

Decodsr

Hard decslon threshold a 0.5V

Sampling lnstants

Figure 1: Hard decision decoding–a simple illustration

Coded Mess3ge 1'

Transmltted signal

Received slgnal

The output codeword"011" is transmitted through the channel. "0" istransmitted as "0 Volt and“1" as "1 Volt". The channel
zttenuates the signal that is being transmitted and the receiver sees a distorted waveform ("Red colorwaveform"), The hard
decision decoder makes a decision based on the threshold voltage. In our case the threshold voltage is chosen as 0.5 Volt

( midway between "0" and "1" Volt ). At each sampling instant in the receiver (as shown in the figure above) the hard
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000

level is above the threshold. Therefore,the output ofthe hard decision block is "001", Perhapsthis "001"o
output

isNOAa
decisiondetector determines the state of the bit to be 0" ifthe voltage level falls belowthe

threshold and »

ifhevolap,

bits cannot be rocovered properly. The decoder co
compares the output ofthe hard decision block withtheallposble

011

101

110

"Soft decision decoding" off:rs ...

001

001

Erea partty

001

|"011"

34

001

1

The decoder's job is to choosea valid codeword which has the mínimum Hamming distance. In our case.
the minimum

Hamming distance is "1" and there arc 3 valid codewords with this distance. The dccoder may choose any
ofthethree

possibility andthe probability of getinggthe correct codeword ("001"-this is what we transmitted) is always 1/3.Sowhen

the hard decision decoding is employedIthe probability of reoovering our data (in this particular case) is 1/3. Lets
seewhat

Sojt Decision Decoding : The difference between hard and soft decision decoder is as follows :

In Hard decision decoding, the reccivcd codeword is compared with the all possible codewords and the codeword whiek

gives the minimum Hamming distance is selected

Digital Communication
Syslemy

In Soft decision decoding, the received codeword is compared with the all possible codewords and the codeword wbich

gives the minimum Euclidean distance is selected. Thus the soft decisjon decoding improves the decision making proces

by supplyingadditional reliability information (calculated Euclidean distance or calculated log-likelihood ratio)

For the same encoder and channel combination lets see the effect of replacing the hard decision block with a soft decision

block.

Sof decisloa

Rellabljty
Informatlon

0.7V

Figure 2: Soft-decision decoding-a simple illustration

Min Euclldgan
dlstance 0.44

Valld codeword s

"011

1

Decoder

Sampling Instants

1

Transmited slgnal

Recelved slgnal

Voltage levels ofthereceived signal at each sampling instant are shown in the figure. The soft decision block calculates the

Euclidean distance between the received signal and the all possible codewords.

valid codeword ( compare this withthe all
possible

codewords given in thetable above), which implies that.
hemeinge

codewords and computesthe minimum Hamming
distanccforcach casc(as

illustratcdin thetable below).
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Valid

codewords

V00
OvOvov)

011oviVIV)

101ivovIV)

J10iVIvoV)

Voltage levels at cach sampling

instant of reccived wavcform

02V0.4V0.7V

02V0.4V0.7V

02V0.4V0.7V

02V0.4V0.7V

08. Write short notes on:

1.Hamming code.

2. Reed -Solomon (RS) code.

3. Concatenated code.

35

Euclidean distance calculation

(0-0.2)2+(0-04)2+ (0-0.7T2

Step 1-Calculation of the number of redundantbits.

(00.2)2+(1-0.4)2+(1-0.7)2

Step 2 - Positioning the redundant bits.
Step 3-Calculating the values of each redundant bit.

(1-0.2)2+(004)2+(1-0.7)2

(1-02)2+(1-0.4)2+ (0-0.72

Ans. 1.Hamming Code : Hamming code is a block code that 1s

capable of detecting up to two simultaneous bit errors and

correcting single-bit errors. It was developed by R.W.

Hamming for error correction. In this coding method, the

source encodes the message by inserting redundant bits

within the message. These redundant bits are extra bits

that aretaregenerated and inserted at specific positions in the
message itself to enable error detection and corection.

When the destination receives this message, it performs
recalculations to detect errors and fnd the bit position

that has error.

The minimum Euclidean distance is "0.49" corresponding to "0 1 1" codeword (which is what we transmitted). The decoder

selects this codeword as the output. Even though the parity encoder cannot corect errors, the soft decision scherne helped

in recovering the data in this case.: This fact delineates the improvement that will be seen when this soft decision scheme is

used in combination with forward error correcting(FEC) schemes like convolution codes, ILDPC etcFrom this illustration we

can understand that the soft decision decoders uses all of the information ( voltage levels in this case) in the process of

decision making whereas the hard decision decoders does not fully utilize the information available in the received signal

(evident from calculating Hamming distance just by comparing the signal level with the threshold whereby neglecting the

actual voltage levels).

Encoding a message by Hamming Code :The procedure

used by the sender to encode the message encompasses

the following steps -

Soft decision decoding scheme is often realized using Viterbi decoders. Such decoders utilize Soft Output ViterbiAlgorithm

(SOVA) which takes into account the apriori probabilities of the input symbols producing a soft output indicating the

reliability ofthedecision.

Digital
Euclideandistance

are

0.69

O49

089

I49

Step 4- Errordetection and correction.

Decodinga message in Hamming Code :Once the receiver

gets an incoming message, itperforms recalculations to

detecterTors andcorrect them. The steps forrecalculation

Sten 1Calculation ofthe nunber of redundant bits.

Step 2- Positioning the redundant bits.

Step 3 -Parity checking.

2. Reed- Solomon (RS) Code:Reed-Solomon eror correcting

codes are one of the oldest codes that were introduced in

1960s by Irving S. Reed and Gustave Solomon. It is a

subclass of non - binary BCH codes. BCH codes (Bose
Chaudhuri-Hocquenghem codes) are cyclic ECCs that are

constructed using polynomials over data blocks. A Reed -

Solomon encoder accepts a block of data and adds
-redundant bits (parity bits) before transmitting it over

noisy channels. On receiving the data, a decoder corrects
the error depending upon the code characteristics.
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1.

3.

TuptedMesage

hesonon

pominentapplication arcas arc
Applicetion Areas of Recd-Solomon Codes : The

MeSgt bes rty brs

Storagc arcas likc CDs, DVDs, Blu-ray Discs

and WiMAX

Dita Blect

2. High spcod data transmission technologies such as DSL

3. High spced modems
4.QR Codes

5. Broadcast systems such as satellite communications

6. Storagesystems such as RAID 6.

Concatenated code: Concatenated Codes is atype oferor
corecting code formed by the series combinations oftwo
or even more codes to form a complex one. By this

approach, a long length codc is produced that increases

the randomness thereby increasing the encryption ability.

This facilitates more secured data communication.

Basically, the word 'concatenation' is used in reference to

a serially interconnected orientation ofsomething. Here in

reference to coding, concatenation is the series

combination of twodifferent codes that foms a long stream

of codes. Concatenated codes came into existence in the

year 1965 and were introduced by David Forney an

American Electrical Engineer, in relevance to a theoretical

cxplanation. However, with technological advanccments,

the concept was improvised and became popular.
M 3over, in the 1970s NASA started utilizing the

concatered codes as its standard tool for coding in space

communication. As the concatenated codes are series

interconnection, likewise there is another coding that

includes parallel interconnection and it is known as turbo

code. However, concatenated code was the first one that

gained huge importance in space communication. Thus,

turbo code and various other modern capacity similar

coding techniques are considered as an elaboration of it.
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Q9.

Describe
Convolntional Codes:and its structurc,

Ans.The cncoder will be
representcd in manydifferent

bu

cquivalent ways. Also, the main decodingstratcgy
for

convolutional codes, bascdonthe Viterbi.Algorithm,
will

be
described. A fim

understanding of convolutionalIcodes

is an important
prercquisite to the understandingofturbo

codes.

Digital| Communication:System

SYructure: A
convolutional code introduces rodundant

bits into the data strcamthrough thc use of linearshift

registcrs as shown in Figure

D

Figure: Example convolutional encoder where x() js an

input information bit stream and c(i) is an output encoded

bit stream
The information bits are input into shift registers and the

output encoded bits are obtained by modulo-2 addition of

the input information bits and the contents of the shif

registers. The connections to the modulo-2 adders were

developed heuristically with no algebraic or combinatorial

foundation.

k

n

The code rate r for a convolutional code is defined as:

- where k is the number of parallel input information bits

and n is the number of paralleloutput encoded bits at one

time interval. The constraint length K for a convolutional

code is defined as

Km-+1(2.2) where n is the maximum number of stages

(memory size) in any shift register. The shift rogisters store

the state information of the convolutional encoder and

the constraint length relates the number ofbits upon which

the output depends. For the convolutional cncoder shown



Aditya
Prakashan

in Fig.the coderater=2/3,the maximum memorysizc m=3,andtheconstraint lcngth K=4, A convolutional code can bccomesey complicatcd with various code rates and constraint lengtls. Ás a rcsult, a simple convolutional code will be uscd todcseribe the code propertics as shown in fig.

D
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Figure :Convolutional encoder withk=1, n=2,r= 1I2, m=2, and K=3.Q10. Describe the method ofdecoding for the Viterbiand BCJR algorithms with the help of suitable diagrams.

IPI

Ans. 1. BCJR algorithm: The BCJR algorithmis implemented to solve the maximum a posteriori probability detection problem,
which is a soft input soft output decoding algorithm with two recursions that is forward and backward both involve softdecisions invented byBahl, Cocke, Jelnek and

Digital Communication Systems

D

Raviv. The viterbi ålgorithm is an algorithm, which operates on the principle of the maximum likelihood decoding. Themaximun likelihood decoder, which examine received sequence änd detect a valid path which has the smallest hammingdistance from the received sequence. The viterbi algorithm is a soft input hard output algorithm, in which only the forward
recursion involving soft decisions is possible. The BCJR algorithm is more complex than the viterbi algorithm because ofbackward recursions.

DEC 1

DEC2

T

Fig:Structure of a Turbo Decoder based on either SOVA or the BCJRAlgorithm.
In decoding section the received sequence is partitioned in to three, that are systematic bits, and parity check bits I and 2Herc the systematic bits, parity check bits1 and a priori information, which is taken from SISO Decoder 2 is taken as theinput to SISO Decoder 1 and the decoder loutputs extrinsic information and the log likelihood ratio as a result ofestimation
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of a bit sequence by use of

2.

Systematic Informetion

SOVA, SISO Decoder, which produces a-posterlori
information by decoding a-priori infomation. Systematic.

information, parity infomation and apriori infomation are

the inputs to the SISO Decoder.

Parityinforngtlon

A-prlod Inforrmatdon

SISO

DECODER

38

d-posterlorl Information

Vuerbl decording algorlthm : The viterbi algorithm was

introduced in 1967.The maximum likelihood decoding of

convolutional codes can be executed by using this

algorithm. This algorithm works by rejecting the less likely

paths and kecping the most likely path throughthetreli,
in each node. A hard decision onthe transmittedsequence

meansthatthe pet solection leaves with a singlepathin
the Trellis. By uiagthis algorithm the maximum1ikelihood

sequence can befound..At the carly point of theedecoding

process, loss of valuable information takes place dueto
the

e
l hard decision making. a- priori information

thevierbi
algorithm accepts the soft-inputs in the form ofbutitdoe

Fig: Structure of theSISO Decoder

Consideru= (u,,u,., u,)be the information bits

represented by the binary random variables. In the case of

systematic encoders, one of the outputs xs = (XS,, XS,-..

xs,) is similar tothe information sequence u andthe next isJ00
the parity information sequence output xp = (xp, xp,..
xp,). In the MAP decoding scheme, the decoder decides

whether uk+1 or uk = -1,which depends on the sign of
the log-likelihood ratio (LLR). Inthecase of radix- trellises100
the log domain computations of the BCJR algorithm can

be separated in to three main categories that are branch

metric computation, forward/backward metric computation

and combination of forward and backward state metrics.

The interleaved version of the extrinsic information is

provided as an input to decoder 2, where it is used as a

priori information and the decoding is performed together

with an interleaved version of the systematic bits and the

parity check bits. SISO decoder 2- also based on SOVA

like SISO decoder 1,which outputs extrinsic information

and a log likelihood ratio. For a sècond iteration the SISO

decoder takes the deinterleaved version of extrinsic

information and the log likelihood ratio and is used as a
priori information in SISO decoder 1. Two LLR outputs

after the number of iterations are used to make a hard

decision. In the case of BCJR decoding of aconvolutional

turbo encoder 8 to 10 iterations are conducted.

not produce soft-outputs. By using the encoders Trellis

diagram viterbi algorithm works as maximum likelihood

Sequencc estimator. Sothat iit selects a path withthehighest

likelihood by lookinggall possible sequences Trellisdiagram.

J014

J11•

1000

1010

110®

111•

0(000

(001)

(010)

(011)

(100)

(101)
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(110)

(111)

Fig: Trellis Diagram for one 8State Constituent Encoder

It finds which path has the highest likelibood by

considering the Hanming distance between incoming bis

and possible transitions in the encoder (or Trellis) as

metric. The BCJR algorithm, whichp
produces a softestimate

for each bit by considering the incoming bits as a
maximum

a- posteriori probability (MAP) detection problem. Buru

viterbialgorithm finds the most likely sequence i
and

instead

ofmaximizing the ikelihood function for each bitit
estimates
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severalbits at oncc. So BCJR algorithm has the best 012, Descrlbc Low-Density Parity Check (LDPC) code andperformancc
than the Viterbi algorithm. Considera

Cs toreducc thc anmount of memory vitcrbi introduccs
naths through the Trellis diagram witlh smallest Hamming

distance arc known as survivor paths. Consider K is the

constraint lengh ofthe encoder that is the cncoders memory.

plus onc (K= M+1), the Viterbi only takes 2K-1 survivor

paths. The Viterbi algorithm works well on the Small frames

on the Trellis diagram. So for cach iteration, decision of

the best path is calculated. The decoding window moving

fonward through the branch and depends on the code in

the Frame new decisions are made.
011. What are turbo codes? And what role of turbocodes.

Ans. Turbo codes form the bäsis of mobile communications in

3G and 4G networks. Invented in 1991 by Claude Berrou,

and published in 1993 with Alain Glavieux and Punya

Thitimajshima, they have now become a reference point

in the field of information and communication

technologies. As Télécom Bretagne, birthplace of these

"error-corecting codes", prepares to host the 9th

international symposium on turbo codes, let's take a

closer look at how these codes work and the important

role they play in our daily lives.

constitucnt cncoder with itstrellis diagran, atvwhich several Ans. Low- density parity check (LDPC) code is a linear crror-
possible

paths arc available. The amount of mcmory

roquiredto calculate the all possible paths is vcry large.

Role of turbocodes : In the digital communications

sector, there are several error-correcting codes, with

varying levels of complexity. Typically, repeating the

same message several times in binary code is a relatively

safe bet, yet it is extrenmely costly in terns of bandwidth

and energy. consumption.
Turbo codesarc a much more developed way of integrating

information redundancy. They are based on the
transmission of the initial message in three copies. The

first copy is the raw, non-cncoded information. The second

is modificd by encoding cach bit of information using an

algorithm shared by the coder and decoder. Finally,

another version of the message is also encoded, but after

modification (specifically, a permutation). In this third case,

it is no longer the original message that is encoded and

then sent, but rather a transformed version. These three

versions are then decodcd and compared in order to find

the original message.

wrlte its endoding and decoding.

Digital Communication Systems

correcting block codc, suitable for error corrcction in large

block slzes transmitted via very noisy channcls. LDPC
was devcloped by Robert G. Gallager, in his doctoral

dissertation at the Massachusetts Institute of Technology
in 1960. So, these codes are also known as Gallager codes.

* Encodlng by Low-Density Parlty Check Codes : A low
-

density parity check (1LFPC) code is specified by a parity
check matrix containing mostly 0s and a low density of is.

The rows of the matrix represent the cquations and the

columns represent the bits in the codeword, i.e. code

symbols. A LDPC codc is represented by
, where is the

block length, is the number ofls in each column and is the

number of ls in each row, holdíng the following properties

jis the srmall fixed number of1's in cach column, where j>

3

kis the small fixed number of1 's in each row, where k>j.

Exanple 1 - Parity Check Matrix ofHamming Code : The

following parity check matrix Hamming code having n =7,

with 4 information bits followed by 3 even parity bits. The
check digits are diagonally 1.The parity equations are

given alongside -

amälorAParity BitsA

1.1 1 0 1 0

Parity Equations

1 1 0 1 0 10,= Xti+i, or x, +x+Itx,=0 I

1 0 1 10 0 1x,= X,tx,+i, or x, +X,+x,t ,=0

Example 2 - Low - Density Parity Check Matrix : This
examples illustrates an (12,3,4) LDPCmatrix, i.e. n=12,j=

3and k= 4. This implies that each cquation operates on 4

code symbols and each code symbol appears in 3

equations. Unlike parity check matrix ofthe Hanmming code,

this code does not have any diagonal ls in parity bits.
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Decoding ofLDPC Codes: Therc are two possible

decoding techniques of LDPC codes -

Parlly tqustlons

than a fixcd number of unsatisfied parity equations, the

valuc of that bit is reversed. Once the new values are

obtained, parity equations ar: recomputed using the nevw

quatons are satisfied.This decoding procedure is simple

and but is applicable only when the parity-check sets are

Small.

2 The second method performs probabilistic algorithms on

LDPC graphs. The graph is a sparse bipartite graph that

contains twO sets ofnodes,one set representing the parity

cquations and the other set representing the code symbols.

A line connects node in first set to the second if a code

symbol is present in the equation. Decoding is done by

passing messages along the lines of the graph. Messages

are passed from message nodes to check nodes, and from

check nodes back to message nodes and their parity values

are calculated.The two subclasses of these methods are

belief propagation and maximum likelihood Jecoding.

Though these decoding álgorithms are complex, they yield

better results than the former.

OBJECTIVE QUESTIONSAND ANSWERS

1. An event has two possible outcomes with probablty P,

= 12 and P,=1/64.The rate of informationwith 16

Outcomes per second is:

1.(38/4) bitssec 2.(38/64) bits/sec

3.(3812) bits/sec 4.(38/32)bits/sec

Answer:l

Answer:0

2 Let (X, X) be independent random varibales. X, has

mean 0 and variance I, while X, has mean 1 andvariance

4, The mutul information I(X, X,) between X, and X, in

bits is

3.
A(7,4)blockcodehas a generator matrixas

In the first technique, the decoder does all the parityychecks
Answer:1

as perthe parity cquations. Ifanybit is contained in more
4. IftheSNRof& kHz white

bandlimited
Gaussianchannel

5.

Gnl0.0 1, 01|1
Jo0 01 I01|

values. The procedure is repeated until allthe parity
Answer:3

Ifthereis
cror inthe7th Bittthensyndromeforhesate

villbe,
1.001

7.

3.100

12.40 kbps

9.

3,66.47kbps

is25 dB the chañnèlcapacityis:

2.010

Answer: 0.5

4.011

DigitalComnunicatioM
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The channel cap4city'simeasured in terms of:

1.bits per channel

4. number ofourput channels connected

Answer : 1

2. number ofinput channélsonnected

3. calls perchannel

6. A binary random variable Xtakes the value+2 or-2

probability PCX=+2)=a.Tho yalue ofa (toundedoft

one decimal place), for wfich the entropy öfX is

maximurm, is

%.2:53.26kops

4,26:84 kbps

2.1248,687x 10° bits/sec

3. 1245.687x 10 bits/sec

4,2245.687 x 10 bits/sec

Answer: 1

1.m

For a WhiteAdditive Gausslan Channel, the channel

bandwidth is 100 MHz, and the S/N power ratio is 40 dB,

find the Channelcapacity,in bis/sec

1,1328,786x 10 bits/sec

3.Log,m

Answer:3

8. Channel capacity of anoise-free channel having m

symbols is given by:

2,2

4.m

A speech signal, band-limited to 4 kHz. is sampled at l2

times the Nyquist rato. The speech samples assumed®

ate
show,.
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statistically independcnt

andunifonlydistributcdinthe range -5V1o+5 V, arcsubscquently
quantizcdinan8-bit unifomquantizcrandthentransmittcd overavoice-grade,AWGN tclephonc clhanncl. Iftheratiooftlhctransmittcdsignal powerto channcl noise power is 26dB, the minimunm channelbandwidthrequircdto cnsurereliabletransmission ofthesignal witlh an arbitrarilysmallprobability oftransmissioncrror (roundedofftowo decimal placcs) is klHz.

Answcr: 9.24-9.28

.Forasystemhaving 16 distinctsymbols,maximumcntropy is obtaincd when probabilities are:
1. 1/8

3.1/3
Answer 4

11. An analogbaseband signal.,band-limited to 100 Hz, issampled at the Nyquistrate. The samples are quantizedinto four message symbols that occur independently
withprobabilitiesP,=P,=0.125 and P,p,- The
information rate (bits/sec) of the message source is

Answer: 360-363

12 A binary communication system makes use of the
symbols "zero" and "one".There are channel errors.
Consider the following events:

13.

X,:a "zero" is transmitted

X,. a "one" is transmitted

Y,:a zero" is received

2. 1/4

4.1116

y,:a"one" isreceived

The following probabilities are given:

PG)

Answer:0.80-0.82

The information in bits that you obtain when you learn
which symbol has been received (while you know that a

zero has been transmitted) is

is also called vertical redundancy check, one of
the types of crror detection in communications.
1. Longitudinal check

2. Sum technique

3. Parity checking

4. Cyclic check

Answer:3
14. What is the entropy of a communication system that

consists of sixmessages with probabilities 1/8, 1/8, 1/8,

1/8,1/4, and 1/4 respectively?

41
DigitalCommunicationSystems1.1bits/mcssage 2.2.,5 bits/message

3.3 bits/mcssage 4.4.5 bits/message
Ansiwer :2

15. Ifthe probability ofa message is 1/4, then theinformation in bits is:
1,8bit

3.2bit

Answer:3
16. In a high school having cqual number of boy studentsand girl students, 75% of the students study Scienceand the remaining 25% students study Commerce.

Commerce students are two times more likely to be a boythan are Science students. The amount of information
gained in knowing that a randomly selected girl student
studies Commerce (rounded offto threc decimal places)
is bits.

17. An Ideal power limited communication channel with
additive white Gaussian noise is having 4 kHz band
width and Signal to Noise ratio of255. The channel
capacity is:

1.8kilo bits/see

3.16kilo bits/sec

Answer:4

entropy of:.

18. Discrete source $, has 4 equiprobable symbols while
discrete source S, has 16 equiprobable symbols. When
the entropy of these two sources is compared, the

2. S, is less than S,

3. S, is equal to S,

2.4bit

1.S, is greater than S,

4.I bit

1.0.415 bit

3.3 bit

Answer :4

4. Depends on Fate of symbols/second

Answer:2

2.9.63 kilo bits/sec

4.32 kilo bits/sec

19, In a binary source, Os occur three times as often as is.

What is the information contained in the is?

1. 1/2 bit/symbol

2. 1bit/symbol

20. A source produces three symbols A, B and C with
probabilities, P(A) = 12, P(B)= 1/4 and P(C)= 1/4. The
source entropy is

Answer :4

2.0.333 bit

4.2 bit

3. 11/4 bits/symbol

4.1'1/2 bits/symbol

=POol%9)=žond plo l)=5

Answer:3.320-3.325



Notes :


