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I | Digital Communication Systems

DESCRIPTION OF A DIGITAL
COMMUNICATION SYSTEM

k]

QUESTIONS AND AN SWERS

gital communication system and draw its Block diagram

pescribe di
pescribe sub-system of digital communication system and write its advantage an

gital Communication : In digital communication, the message signal to be transmitted is digital

d disadvantages.
in nature. This means that

sigital communication involves the transmission of information in digital form.
Bl-od\' Diagram of Digital Communication system : The below figure shows the :
The overall purpose of the system is to transmit the méssage or sequences of symb‘ols co.ml
estination point at as high a rate and accuracy as possible. The source and the destination point
in space and a communication channel connects the course to the destination point.

model of a digital communication systerm-
ng out of a source to 2

are physically separated
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The communication channel accepts electrical (i.e., electromagnetic) signals and the output of the channel is usually 2
smeared or distorted version of the input due to the nonideal nature of the communication channel. In add?tion to this, the
infoﬁnélion-hcaring signal is also corrupted by unpredictable electrical signals (i.e. noise) from both man-made and natural
_&hs\és.ﬁué, {He‘ smearing and the noise introduce errors in the conformation being transmitted and limits the rate at which

~ informationcan 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 of a digital communication system.

Transmitter (sender) : . .
Transducer : The diagram starts with the sender, which tra~smit the data and receiver receives the information at the end.
5o, the data can be audio, video, image, text or any other type. now, this information maybe analog or maybe digital. If the
information 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 information is in the form of electrical signal.

Source Encoding : The main task of source encoding is to reduce redundancy so we can use bandwidth effectively.
However, at this stage the digital data get compromised 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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modulation, So, after this block the signal will be digital.

Channcl Encoding : 1tis used to provide noise immunity 5 plexible hardware implementation because, ifharg,

b i .
4 ?ddmg r"_d““d“nc)’ in it. There arc many techniques
available forit like Block code, Cyclic code, Convolutional

code and many morctechnics arc availablo, After this block 4

the signal will be still digital signal.

Digital Modulator and Antenna ¢ To transmit information
at‘ lfmgcr distance we need to convert the low frequency
digital signal into high frequency analog signal. Digital

Modulator multiplics the digital signal we converied in '

last stage with high frequency carrier signal and convert it
in high frequency analog signal so we can casily send it
by antenna.

Roeceiver

Digital Demodulator and Antenna : 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 encoded that

- signal and converted it into digital signal. Suppose that

the source code we get of that is [010101]. After doing
channel encoding we get signal channel code
011010101(suppose). -

Now the digital modulator will transmit the signal but before
reaching to the receiver the signal may get disturbed
because of noise. 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.

Source Decoding : 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.

Advantages :

1B

2

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. '

Data correction, error detection and error correction is

M
poss|b|c

. Ewi)
change we can change the programing languag, l

[lasicr and sufficient multiplexing by mMAmm"fdiv“i
I

multiple access) & CDMA(Code-Division M“hjmn
]

Access)

Dlsadvantages:
1. High power consumption due to multiple sz, "
complex circuit a3 we show in the Digital Comm”ﬂicmiqn
Block Diagram.
2. Bandwidth per channel is very high.

. 3, synchmnizatioh is compulsory, if we don’t synchronp,

the data so there will be many errors in information,
Q2. Describe the Sampling of low-pass and band-pass igry,
Ans. Sampling of low-pass signals : Consider sampling ,
-~ continuous real signal whose spectrum is shown in Figyz,
Notice that the spectrum is symmetrical about zero Hz,
and the spectral amplitude is zero above +B Hzand beloy
B Hz, i.e., the signal is band-limited. (From a practicy
standpoiﬁL the term band-limited signal merely implies thy
any signal energy outside the range of +B Hz s below the
sensitivity of our system.) Given that the signal is sampled
atarate Sf £s samples/s, we can see the spectral replication
effects of samwling in Figure, showing the original spectrum
it addition to an infinite number of replications, whose
period of replication is fs Hz. (Although we stated in Section
that frequency-domain representations of discrete-time
sequences are themselves d-iscrete, the replicated spectra
in Figure are shown as continuous lines, instead of discret
dots, merely to keep the figure from looking too cluttered.
we'll cover the full implications of discrete frequency
spectra. Figure Spectral replications: original continuows
signal spectrum; spectral replications of the sampled signal
when fs/2 > B; frequency overlap and aliasing when the
sampling rate is too low because fs/2 <B.

\>
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“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 abstract 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 sequence of 3

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 rephcatlons ‘

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
froquency translanon operatlon or induce a change in
s ‘sa_mphng rate th:ough decxmanon or mterpolatmn the

middle of the Erequency rangc of mterest +f5/2 tnd could
cause problems.

Sampling of band-pass signals : Although satlsfymg 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

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 of A/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, witha 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 frequency component. Note

_ that the negative frequency portion of the signal, centered

at —fc, is the mirror image of the positive frequency
portion—as 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 the sample rate is 17.5 MHz shown in

Figure. the that the original spectral components remain
located at +fc, and spectral replications are located exactly
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at 45 MHz was unneceggy
atbascband, i.c., butting up against cach other at zero Hz. Figure shows that sampling ‘ Yt

insi i g age.
aliasing—instead we've used the spectral replicating effects to our Bdyaniag —
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Q3. Explain PulseAm plitude Modulation (PAM) .- : : \

Ans. Pulsc Amplitude Modulation : Pulse amplitude modulation is a technique in which the amplimde‘of eacfh pulse is controjeg
by the instantaneous amplitude of the modulation signal. It is a modulation system in which the signal gamp l‘fd atregular
intervals and each sample is made proportional to the amplitud?.:&jﬁ:fgl_é"ﬁgﬂal at the instant of sampling. This techpiqy,
transmits the data by encoding in the amplitude of a series of sig'ﬁéi'ﬁulses.

( Sinusoidal Modulatinig Signal \
. /_\ s/ ‘ ; ) e -

i
|
|
|

n . Sampling

UL UL e :
) = signalling - :

PAM  * ]

signalling i

)

Q4. Explain pulse code modulation @®CMm). T '
Ans. Pulsc code modulation (PCM) is a digital scheme for transmitting analog data, The signals in PCM are binary; that is, there
. areonly two possible states, represented by logic 1 (high) and logic 0 (low). This is true no matter ﬁqw complex the analog
waveform happens to be. Using PCM, it is possible to digitize all forms of analog data, including full-motion video, voices,
music, telemetry, and virtual reality- (VR). To obtain PCM from an analog waveform at the solirce (transmitter end) of a
communications circuit, the analog signal amblitude is sampled (measured) at régular 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 instantaneous amplitude of the analog signiléit each' sampling is rounded off to the nearest of several specific,
predetermined levels. This process is called quantization. The number of levels is always a power of 2 -- for example, 8, 16,
32, or 64. These numbers can be represented by three, four, five, or six binary digits (bits) respectively. The output of a pulse
code modulator is thus a serics of binary numbers, each represented by some power of 2 bits. At the d
end) of the communications circuit, a pulse code demodulator converts the binary numbers back int
same quantum levels as those in the modulator. These pulses are further processed to restore the origin

estination (receiver
o pulses having the
al analog waveform.
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m_gmbe Lincar phase domain model approximation for Q7. Explain the term.

¢ ml\cd-Slg““l

This generally-adopted phase noise theory based on

g jincarmodel assumption and its limit in PLL application. It

begins with explaining why all types of PLL, whethér be
currently-adopted ones or newly-emerged ADPLL, are all
pon-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
jsanon-linear system because the phase detector’s transfer
function is not linear, whatever typg it is. Phase detectors
of traditional analog PLL are categorized in three major
types: '

Multiply phase detector

Digital phase detector (such as EXOR, and JK-flip flop
phase detector) and -

Phase-frequency detector (such as three-state charge-
pump phase detector).

Q6. Describe Linear Approximation Model for Mixed-Signal

PLL. -

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

white noise of uniform probability density. Linear
approximation model is structured as this white noise
added to a linear mode] without quantization. This is similar
“to whaf.has bcen permanently done in:ADC research. But,
also similar-to ADC: research this linear approximation
model must satisfy the fo_llowmg 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 “limear
response” in the system.Figure. demonstrates the linear
phase domain model.

When B=0, it's type-I PLL; when 8 3= 0, it’s type-11 PLL.

ESIRVIEN

Auns.

1, Line code.

2. Bandwidth considerations.

3. Pulse-code modulation (PCM)

4. Time-division multiplexing (TDM)

1. Line code : A linc code is the code used for data
transmission of a digital signal over a transmission line.

This process of coding is chosen so as to avoid overlap
a‘nd @isturtion of sighal such as inter-symbol interference.
Properties of bmc*Codmg Following are the propemes
of line 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.

* The probability of error is much reduced.

Error detection is done and the bipolar too has a correction
capability.
Power density is much favorable

.~ The timing content is adequate.
“Long strings of 1s and Os is avoided to maintain

-

fransparency.
Types of Line Coding : There are 3 types of Line Coding
1. Unipolar :

2.Polar

3. Bi-polar

Bandwidth considerations : The term bandw1dth refers
to the transmission capacity of a connection and is an
important factor when determining the quality and speed
of a network or the intemet connection.There are several

-different ways to measure bandwidth. Some measurements
- are used to calculatc current data flow, while others

measure maximun flow, typical flow, or what is considered
to be good flow. Bandwidth is also akey concept in several
other technological fields. In signal processing, for example,
it is used to describe the differcnce between the upper and
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lower frequencies in a transmission such as a radio signal and is typically measured in hertz (1z), Ba”dw:dm

;u

compared to water flowing through a pipe. Bandwidth would be the rate at which water (data) flows lhmugh i

(connection) under various circumstances. Instead of bits per second, we might measure gallons per minute, The
water that possibly can flow through the pipe represents the maximum bandwidth, while the amount of Wate

currently flowing through the pipc represents the current bandwidth,

lay
:

'r’”*’«lr

r lh’,_l |

Pulse-code modulation (PCM): is a method used to digitally represent sampled analog signals, It is the Standarg form

digital avdio in computers, Compact Discs, digital telephony and other digital audio applications. In a PCM Stres

amplitude of the analog signal is sampled regularly at uniform intervals, and each sam ple is quantized to the Nearey;

within a range of digital steps.
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4. Time-division multiplexing (TDM) : is a method of transmitting and receiving independent sngnals over a common signal
path by means of synchronized switches at each end of the transmission line so that each signal appears on the line only

a fraction of time in an alternating pattern. It is used when the data rate of the transm:ss:on medium exceed.s that of signal
to be transmitted. :

o Time Division Multiplexing TDM Hicrarchy :
North America and Canada identify the digital time division multiplexing (TDM) hierarchy W as "T," as in T1, T3,and soon.

Japan identifies the digital TDM hierarchy as "J," as in J1, J3, and so on. International identifi catmn of the digital TDM
hierarchy is "E," as in E1, E3, and so on.

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

North America (Canada, Japan) International (ITU-T) 23
Designation No. of Channels (DS0s) Dt. Rate (Mbps) Level No. of Channels (DS0s) | Dt Rate (Mbps)
DS b 1.544 1- 30 2048
DsIC 43 3.152 2 120 - 8443
Ds2 9% " 6312 3 480 34368
DS-3 672 44,736 4 1920 7 139264
DS4111 4032 274.176 5 7680 565.148

2

Ffp.
2

Mof
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‘ ﬁ-nk ashan
1 e AT&T BellLabs introduced the DS-4, the

N mnl carricr (OC) was developed, which enabled the
phcingofsm"’ml DS-3s to be transmitted via fiber-optic

b\mf"

le.
bp in Frame structure of broad-band wircless

mmumc““““ system.
‘ rhe frime structure of the future broad-band wireless
¢ u“lﬂ\cdm communication system using millimeter wave
ﬁ-cquch'cs is investigated, Both portability and small
wer consumption of the terminal are realized by the gain
of base station (BS) antenna. The frame structure in this
gystem is constructed in terms of medium access control
(MAC): user data slot allocation, and call control. In
addition, tracking of mobile terminals (MTs) and wireless
path selection (WPS) are considered for the sake of narrow
peam 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. Furthermore, the effects of the over]ap
of covered area by-each BSare 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 conﬁguratton to
become effective even for MTs.
9. What Does Frame Synchronization IMean?
Ans. The term frame synchronization is used in two different
contexts. In the case of video, it refers to the process of

¢ Bf

synchronizing display pixel scanning to a synchronization
source. Inthe case of telecommunication, it is the process
by which inc;c.;ming framed data are extracted for decoding
with the h’e]’p"df frame alignment signals. This process is
cal]ed as iuch‘because framing and synchronization must
e carned oilt whenever abit sllp event occurs dunng
data transmission: Frame synchromzahon can be defined
as the process of identifying vahd data from a framed data
transmission. When data frames are fransmitted 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.

Some of the common frame synchronization schemes are
- as follows:

1. Framing bit

Q10.

Ans.

Digital Communication Systems
2, Syncword framing

3. Cyclic redundancy check-based framing

The following are the four major methods of frame
synchronization:

Time based -- Uses a specific period of time between frames
for the synchronization.

Character counting -- Uses the count of the remaining

characters in the frame header.

Byte stuffing — 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 of a frame.
The system that carries out the frame synchronization

process is known as the frame synchronizer. A frame

synchronizer aligns the frames ofa pulse 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 synchronization process, which determines where
one frame of data ends and the next one starts.

In the case of video playback, frame synchron ization refers
to the pracess of matching the timing of an incoming video

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

synchronizer used in television production matches the

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

make sure that all the equipment works with a common

time base. This type of frame synchronizer is used to correct

the glitches that may arise in video playbacks.

Explain bit stuffing in computer Network and its

Appllmhon

Bit Stuffing in Computer Netw ork - Data link layer is

responsible for something called I'raming, which is the

division of strecam of bits from network layer-into

) manageable units (calied frames). Frames could be of 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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Applications of Bit Stuffing —
1.  Synchronize several channels before muitiplexing
2 Rate-match two single channels to each other
3. Run length limited coding

OBJECTIVE QUESTIONS AND ANSWERS

1) What arc the primary features of a transmitter?
(a) Lowerclock speed  (b) Lower transmitting power
(c) Higher clock speed  (d) None of these

Answer:d

2) The window gives a number of
(2) Bytes (b) Frames -
(c) Both optionaand b
(d) None of these

Answer: ¢ : b

3) A speech 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 bits 0 and 1 are transmitted using
bipolar pulses. Find the minimum bandwidth for distortion- _
free transmission in KHz? :
(2)98 (b)kHz
(c)64kHz (d)52kHz
(e)35kHz

Answer: b

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

(a) Switches (b) Circuit breakers
(c) Microcontroller - (d) Source encoder
Answer: d

5) According to Federal communications commission
regulations, the maximum allowable frequency deviation is

40 kHz, fora TV signal, given that the percentage modulatig,
of the audio portion is 50%. Find the frequency deviatioy
of the audio signal in KHz?

(®) 10 - bykHz
(c)20 kHz (d)30kHz
(€)40KHz

Answer: b
6) Which of the given filter has maximum {latness?

(a) Bessel filter (b) Butterworth filter *
(c) Low pass filter (d) None of thesc
Answer: b

7 Foran Amplitude modulation signal, the bandwidth is 20
kHZ, and the highest frequency component present is 650
kHz. Find the carrier frequency used for this amplitude
modulation signal?

(2)640 (b)kHz
(c) 900 kHz (d)440kHz
(€)260kHz

Answer: a

8)  Space loss occurs due to a decrease in
(a) Phase shift (b) Momentum
(c) Electric field strength :
(d) Power ;
Answer: ¢
9) Analog data with the highest harmonic at 40 kHz generated

by a sensor has been digitized using 6 level PCM. Find the
rate at which digital signal generated?
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(a) 300 kbps (b) 240 kbps
(c) 450 kbps (d) 600 kbps
Answer: b

10) A satellite receiver with a noise figure of 5.6 dI} has a
bandwidth of 24 kl1z and comprises a preamplificr with a
noise temperature 150 k and a gain of 40 dB. Ifthe reference

temperature is 300 k, find the cquivalent noise temperature
of the receiver?

(2)450K

()220 K
Answer: d
11) In frequency modulation broadeast, the maximum deviation

is 80 kHz, and the maximum modulating frequency is 20
KHz In reference to Carson’s rule, find the maximum required

®I00K
(d) 150K

bandwidth? _ .

(a)300 KHz (b)200KHz

(c) 150 KHz (d) 80KHz
Answer: b

12) 1fnoise figure ofareceiveris 1.8 at 20 oC, find its equivalent
noise tempraturc?

(a)4749K (b)384.8K
(c)2344K (d)1846K
Answer: ¢

13) I1fa 120 V carrier peak changes from 170 V to 50 V by ';1
medulating signal, find the modulation factor?

(0.5 ®)1.5
(c)2.5 3.5
Answer: a

14) RF carrier 15 kV at 1 MHz is amplitude modulated and
modulation index is 0.8. Find the peak voltage of the signal?

(@) 18kV ®22kV
(©)26kV (d) 12kV
Answer:d

15) Abroadcast ampiitude modulation radio transmitter radiates
- 140 kW when the modulation percentage is 75. Find the

carrier power? . i

@120kw () 142kW

(c) 109 kW (@ I172KW
: Answer: c

16) The power spectral 'density of a signal is
(a) Even negative and complex
(b) Odd, complex, and positive
(c) Real, odd, and negative
(d) Real, even, and non-negative .
Answer: d ?

11 A 1200 W carrier is amplitude modulated and,has a
~ sideband power 0f 400 W. Find the depth of the modulation?

(a)1.245 (b)0.775

(¢)3.639 (d) 1.059

Answer: b
18) A modulater is a device used to

() DifTerenciates two frequencies

(1) Amplify two radio frequency signal

(c) Impress the information on to a radio frequency carrier
(d) Reduce the modulating power requirement.

Answer: d

19) Ifthe two signals modulatc the same carrier with different

modulation depths of 0.4 and 0.8, Find the resulting
modulation signal?

(2)0.89 (b)0.66
(c)0.54 (d)0.16
Answer: a

20) A balanced modulator is used in the gencration of which
of the following signal?

(a) Frequency Modulation signal
(b) DSB-SCsignal
(c) ISIsignal
(d) SSB -SCsignal

Answer: b

21) Agiven AM broadcast station transmits an average carrier
power output of SOkW and uses a modulation index of
0.804 for sign wave modulation. Find the maximum

amplitude of the output ifa 60 ochm resistive load represents
the antenna?

-(a)5.88kV (b)7.66kV ) s
(©)395kV d) 1.05kV
Answer: ¢

22) Which of the given modulator is an indircct way of
generating FM?
"(a) Inductance FET modulator
b) Arfnslrong modulator
(c) Reactance tube modulator
(d) Zener dicde modulator
Answer: b.
23) Inafrequency modulation system, the maximum frequency
deviation is 2000, and modulating frequency is 2kHz. Find
the modulation index ??

(@ 1(b)2
(©3(d)4

" Answer:a

24) The maximum deviation allowed in a frequency modulation
system is 120 kHz. If the modulating signal frequency is 20
kHz, find the bandwidth requirement as per Carson’s rule?
(a) 120kHz © (b)240KlIz
(c)280kHz (d)320kHz

Answer:c
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25) In FM modulation, when the modulation index increases,
the transmitted power?

(o) Half (b) Decreased
(c) Doubled (d) Unchanged
Answer: d

26)Ina frcqucpcy modulated system, when the audio
frequency is 600 Hz, and audio frequency voltage is2.8

V, the frequency deviation ? is 5.6 kHz. If the audio
frequency voltage is now increascd to 7.4 'V, find the ncw

value of deviation?
(a)12.7kHz
(c)15.2kHz

Answer: b
27) In phase modulation, phasc deviation is proportional to

which of the following.

(a) The wavelength of the message signal

(b) Message signal

(c) The amplitude of the message sigha[
.(d) The phase shift of the message signal

Answerzb

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

Digital Comm“"icalio“
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28) A system has a receiver noisc rtfsistancc 0f 60 o b,
it is connected to an antenna with an outpy Fesis Y
of 60 ohms. FFind the nois¢ figure of the systen ane,
@1M2
(© 34

Answer: b

29) Which typc of noisc
receivers
(n) Jhonson noisc
(c) Impulse noise

Answer:

30)Whena radio recei
oscillator provides
the frequency of other

reduction by limiters in ppq

(b) Cosmic noise
(d) Partition noisc

ver is tuned to 600 kHz, its Jocy)
the mixer with input at 1000 iy,

stations? Firg

(a) 1400kHz (b) 1600 kHz
(c) 1800 kHz (d)2200kHz
Answer: a
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UNIT 02

QUANTIZATION NOISE ANALYSIS

————— —

o (T = v(nz‘,)
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)

Fig. DM TRANSMITTER

ADM :
Stands for adaptive delta modulation

In ADM additional hardware is designed to prowde
variable step size .

Thereby reducing slope overload effects without

increasing the granular noise .

QUESTIONS AND ANSWERS / \
Q1. Writcshortnotes on :
L.DM — inlegrater
2.ADM [
3.DPCM accumulator
4.ADPCM [ e |
1. DM: '
*  Itis used to reduce the bandwidth of the s:gnal Mesgeln [ e T | Y dems
*  Tthas 1-bit encoder. 1 e [ S T mocuated
*  Itisalways considered as 1-bit DPCM. = m
/ MODULATCR CHANNEL DEMOD_ULA%' Integrator
: Quantizer Integrator (2]
)N {b_ Low pas3 3 =z
\ [/ - Rlter \ - Adaptive de!ta modulator § /
Integrator DPCM : Differential pulse code modulation (DPCM) isa -
i Qll : procedure of converting an analog into a digital signal in
b2 - which an analog signal is sampled and then the difference
Over sampled

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 where code words represented a sample value.
. Basic concept of DPCM - coding a difference, is based on
the fact that most source signals show significant
correlation between successive samples so encoding uses
redundancy in sample values which implies lower bit rate.
Realization of basic concept (described above) is based
“ona 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 and predicted value (the difference between samples
-can be iﬁ;erpreted 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 i
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g;lguﬁwcs lead to good compression rates, in other cascs
M could mean expansion comparing to regular PCM

encoding,
Qphd Input \
X ("Tl)+ e (nT}) ] : v (nT,)
' Outpul
_’(}:}——h-_ Quantizer —
& - :
+
() 3 2
Pred.lctor' prev j

e

ADPCM : Adapiive 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 modulation. Adaptive differential pulse code
modulation is a very efficient digital coding of waveforms
that was develqpcd by Bell Labs in the 1970s for the
purpose of voice coding. ADPCM was also used in the
early 1990s by Interactive Multimedia Association (TMA)
for the development of legacy audio codec - also referred
toas ADPCM DVI, IMAADPCM or DVI4. Some ADPCM
methods are also used in VoIP communications.The
concept of ADPCM is to use the past behavior of a 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 original waveform.The ADPCM technique is
employed to send sound signals_through fiber-optic long-
distance lines. This is usefiil especially for organizations
that set up digital lines between remote sites to broadcast
bothk voice and data. The voice signals are digitized before
t- y are broadcasted. In the telecommunication field, the
ADPL %] technique 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 modern data. :

E;m
slde informatlon

l

Quaniliter

Q2. Describe Low-Bit-Rate Specch Coding and videg iy,
Ans. Low-bit-rate speech coding : atratcs below 4kbrs, j Reegsy

' prediction, sinusoidal coding, and waveform interpolatip
_ use more-sophisticated versions of these same concepts,

- Through investigating and analysing the previous frame

- coder and the decoder, the moving objects can be identified

for both communication and voice storage applicatiop,

At such low rates, full encoding of the speech Wavefop,
is not possible; therefore, low-rate coders rely insteaq on
parametric models to represent only the most percepty,
relevant aspects of speech. While there are a nymp,, of
different approaches for this modeling, all can be Telateg
to the basic lincar mode! of speech production, wher, a
excitation signal drives a vocal-tract filter. The basie
properties of the speech signal and of human speech
perception can explain the principles of parametric speeqy
coding as applied in early vocoders. Current Speech
modeling approaches, such as mixed excitation lineg

Modern techniques for encoding the model parameters, i
particular using the theory of vector quantization, alloy
the encoding of the model information with very few bits
per speech frame.Successful standardization of low-rate -
coders has enabled their widespread use for both military
and satellite communications, 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 (rather than
conventional motion estimation methods in which only
the immediate former ffame is used). The motion sequence
is therefore estabished alongside the image data sequence.

of this motion sequence, which are available to both the
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 transmitted at all but
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simply repeated with the data of the previously decoded
frame, and the moving region which is encoded by
compensating the motion information. The moving region
is reconstructed in the normal frame sampling frequency
while the background data arc treated coarsely by
refreshing them in a much lower frequency. The rclative
impact of the moving region with regard to the background
region is also evaluated for assigning bits to the two
scparated regions. As long as this impact is significant
enough, the background data may remain unchanged. The
final reconstructed image frame is then the coarsely

Ans.

Filter.

Matched filter definition is: ifa filter generates an output to
maximizc the output peak power ratio to mean noise power
within its frequency response then it is called a matched
filter. In telecommunications, it is the optimal linear filter
used to increase the SNR or signal-to-noise ratio in the
existence of additive stochastic noise.These types of filters
are generally used in radar, where a known signal is

“transmitted out & the reflected signal can be compared

with the transmitted signal. The best example of the matched

filter is pulse 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
+ ° Matched Filter Block Diagram ;

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) of the y(t) output. .

processed background superimposed by the decoded
moving objects, -

Q. WhatisBascband Transmission? :

Ans. Baseband 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
signals simuitaneously. Baseband signals can be’

regenerated using repeaters in order to travel longer Linear Tume Ivariat = m a
: . Decivien Device
st . . Fllter of
distances before weakening and becoming unusable Tmpulse Resonse by ~ Sumplestimr=1
bscause of attenuation. Baseband transmission .
. H n :
technologies do not use modulation, but they tan use Von Sy o

time-division multiplexing (TDM) to accommodate multiple
channels over a single basebard transmission line.

] 1 SR,

k Fig. Matched Filtewhichock Diagram

)

Modulated <. <] ; Rk B Iie
Digital Signal Analog Signal 2 The input of filter *x(t) m.cludes'a_pjjlse signal ‘g(t) that is
'(Baseband) (Broadband) corrupted through additive channel naise ‘w(t)’ which is

— : ' - shown in the following.

bl A= a MU 6 20 owing.,

g _J‘U‘l_n_ [N UL X = 20~ WD)

VioRBlon = -2 5 =1 ok

Where ‘t" is an arbitrary observation interval. g(t) is the
pulse signal that may signify a with a binary symbol like 0
“or | withina digital communication system. The ‘w(t) is
the sample function of a white noise procedure of zero
“mes;m & 'po;.ver spectral density is No/2. The source of
s 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(t) that is
sampled at t =T. So this requirement can be satisfied by
o.ptimizing the filter design to reduce the noise effects at
the output of the filter in some numerical sense, and thus
improve the ﬁulse detection of the signal g(t). Since this

Baseband and Broadband , Common loca) area n_etwork
(L.AN) 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 medium 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 Matched




Aditya Prakashan 14

Digital Communicatiop, Sysy
Cmy

s -

filter is lincar, then the output *y(t)" may be simply expressed
s i
(1) =g0(t)+n(1)

From the above equation, go(t) is the lincar output
corresponding to the pulsc signal g(t) & n(t) is filtered
noise. Both the go(t) and n(t) are generated by the signal
& the noise components of the input x(t) correspondingly.
The purposc of the matched filter is to maximise the output
signal-to-noise actio.

Here, the matched filter is a type of lincar filter having an
impulse response h(t) in the time domain, and in frequency
response, is denoted by H(f) and when signal go(t) sampled
at t= T >> the average power of the filter noisc. Then the

maximum signal to noisc ratio denoted by * 77 * would be

=|go(T) 2/ E[n"2 (1)]
Where,
|go(T) |2 is instantancous power in the output signal.
E is the statistical expectation operator.
E[n"2 (t)] is the average output noise power.
Q4. Describe the performance in additive Gaussian noise.

N

/ Capacity Boundary

C=R
Spectral efficiency 4
of channel 4

Iﬁagbnbrmﬁ<c

Shannon Limit [ Bandwicth Limitad Region|

l1 L L 1 > EJ"H"B
12 | Power Limited Reglon

114

-y
(=]
—
[
-
=]

-t5
i

Y

Fig. Graphical representation of Additive white Gaussian
N\ noise (AWGN) )
Additive white Gaussian noise (AWGN) is a basic noise
model used in information theory to mimic the effect of
many random processes that occur in nature. AWGN is
often used as a channel model in which the only impairment

amplitude. The model docs not account for fadiy
frequency sclectivity, interfcrence, nOﬂllI‘lcqmy
dispersion. However, it produces simple and lrachh'
mathematical models which arc usclul for gaining j insig
into the underlying behavior of a system before theg, Othey
phenomenn are considered. The AWGN channel js 5 2o
model for many satellite and deep space CUmmunicm,'nn
links. It is not a good model for most terrestrig| links
because of multipath, terrain blocking, inlcrfcrcncc, ete,
However, for terrestrial path modeling, AWGN is commopj,
used to simulate background noisc of the channe| under
study, in addition to multipath, terrain blocking,
interference, ground clutter and self interference that

modern radio systems encounter in terrestrial operatiop,

Q5 . Describe Intersymbol Interference (ISI) also write jyg

Mathematical Form.

" Ans. InterSymbol Interference (ISI) is = kind of distortion that

occurs when one or more symbols (pulses in digita]
baseband transmission) intecfere with subsequent signals.
This can cause noise in the signal which can cause the
output to be less than ideal. 1SI occurs when there js
multipath propagation ard/at nonlinear frequency in the
channels. These causes ean be reduced which can help
eliminate ISI from the system to achieve an ideal output,
* Mathematfical Form : 3

The following equation mathematically represents the
receiver output y(t) sampled at time t_i=i*T_b (with i

representing integer values):

Y)=p Y, agp(iT, —kT;) .

k=—0

ua v u Y, apliTy - kf},)

k=—
) ki
The first term in the above equaﬁoﬁ, p*a 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.

to communication is a linear addition of wideband or white - Qg, Explain the term Nyquist Criterion for Zero-ISI °
noise with a constant spectral density (expressed as watts Ans. Nyquist proposed a condition for pulses p(t) to have zerv~

per hertz of bandwidth) and ‘a Gaussian distribution of

[SI when transmitted through a channel with sufficicui
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bandwidth to allow the spectrum of all the transmitted
signal to pass. Nyquist proposed that a zero-ISI pulse
p(t) must satisfy the condition A pulse that satisfies the
above condition at multiples of the bit period Tb will result
in zero—1ISTif the whole spectrum of that si gnalisreceived.
The reason for which these zero-1SI pulses (also called
Nyquist—criterion pulses) cause no ISI is that cach of these
pulses at the sampling periods is cither cqual to 1 at the
center of pulse and zero the points other pulses arc

centered. In fact, there are many pulses that satisfy these °
conditions. “

N 1 t:O
p(n)=
0 t=:l:1"b,:t21],,i3Tb,...

For example, Any square pulse that occurs in the time -

period -Tb to Tb or any part of it (it must be zero at —Tb
and Tb) will satisfy the above condition. Also, any
triangular waveform (» A function) with a width that is
less than 2Tb will also satisfy the condition. A sinc function
that has zeros at t="Tb, 2Tb, 3Tb, ... will also satisfy this
condition. The problem with the sinc function is that it
extends overa very long period of time resulting in a lot of
processing to gencrate it. The Square pulse ~ required a
lot of bandwidth to be transmitted. The triangular pulse is
restricted in time but has relatively large bandwidth,

ko

Digital Communication Systems

bandwidth that is required when using a sinc pulse. The

excess bandwidth @) x for this type of pulses is restricted
between. ' '
o,

0<a, 5L
2

Sketching the Spectrum of these pulses we get

t :
§+ Dy >it Dy 3

sfssnsansasane

assnessnnnaanss

@,/2 — @, @, /2 + @,

We can easiiy verify that when @ x=0, the above Spectrum
becomes a rect function, and therefore the pulse p(t)
becomes the usual sinc function. For @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
perfods 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 @ x =@ b/2).

There is a set of pulses known as raised-cosine pulses Q7. Explain Cosine Roll-off Filter.

that satisfy the Nyquist criterion and require slightly Jarger ARS: For.ease of use and interpretation, the user is prompted to i

bandwidth than what a sinc pulse (which requires the
minimum bandwidth ever) requires,,
The spectrum of these pulses is given by -

Pl | e 0 —w, /2 @y
S|1-sin| —=2—=1| |lo-—Lt|<w,
2 20, .
p(@) =1 , o,
0 |co|>—2"—+a>x |
L ]a)|<-ai’-+a)x

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

- small wavelength. These are internally translated to

enter the cutoffs in units of wavelength, starting with the

wavenumbers for processing. In the illustration below the
filter is portrayed in the Fourier domain, and as a result the

horizontal axis is in units of Wavenumber. Wavenumbers
are the inverse of wavelengths.

L(k)=1, fork <k,

al T k=K o L
L(k)=cos l:—i-[kl —k(;)]’ forkg <k <k

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

I
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At

—_—

-
) X
iy <l
Y]
Paramclers: ,
wavelength-1

he cosine taper: K = Long
K, = Short wavelength-1

f2 for a cosine squared roll-off.

k, Low wavenumber, starting point of {
k, High wavenumber, cnd point of the cosinc taper.
n Degree of the cosine function. The defaultis a degrec 0
N Nyquist wavenumber ——
Q8. Describe the term Correlative coding. :

loudness of specific frequencies. As with alf 5oy, |

ter Symbol Interference) is:
cnginecring, the basis is on the human ear. Censy| —

" Ans. The condition for zero ISI (In:zs

p(nT)={]’ n=0 frequencics are louder than others to our ears, desp, | Q9
0, n=0 having the same or even more energy behind it. Ourregy, | An
which states that when sampling a particular symbol (at is around 20-20,000 Hz,. and the closer We.appfoach o

: . exceed these boundarices, the softer things soun
time instant nT=0), the effect of all other symbols on the Compounded by the fact o remroniifand sm
current sampled symbol is 2¢10- are in various shapes, sizes, and configurations, the s
one of the practical ways to miligate ISI is to use partial note from the same instrument can sound complete}
responsc signaling technique ( othcrwise called as different, let alone a whole song! That’s why ancic:;
acorrelative coding™). In partial response signaling, the amphitheaters were designed with acoustic projections
requirement of zero IS condition is relaxed as a controlled mind, so voices could carry.

amount of ISI is introduced in the transmitted signal and is

counteracted in the receiver side.
By relaxing the zero ISI condition, the above cquation can

be modified as,
(nT) 1, n=0,1
nT)=
& 0, otherwise

which states that the ISI is limited to two adjacent samples.
Here we introduce a controlled or “deterministic” amount
of IS znd hence its effect can be removed upon signal
detection at the receiver.

. What is 2n Equalizer, and How does it work?

s. Equalizers are software or hardware filters that adjust the Equalizers were originally developed for physical venes
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such as movie theaters and outdoor areas, places that 2uzl-bud EQ. mzzing you om o o boost -‘::E‘""'
aren’t designed with 2acoustics i mind. 1o “equalizz™ zil of = o rem ot Tisme 202 2ies referred 40 25 el 22
the sound frequencies. For cxample, somz veaves will “bass” bands, respechy ~y Witz somd sysems m=y Beve
respond better to bass frequencies, so the EQ czn bz turn=d tres, v, T evea o to teehie baadks ProEssioss] o3
down on that end to prevent feedback and turned slightly eguipTIct uses TRV o Gy hemds. The e Bas

up on the higher end to even things out In generzl. you

you have, B more Ehisions
equalize for the physical space, to accownt for the particuler

TI0S o hove T S wide ===
- ) ) =
of bvmen heeon Beczres of 5t 2ot b

et bmd oo 2
combination of the room and cquipment. small gz of Som S e - e pa—
While still used in this way for live shows znd the like,

the sormd
everyvday listeners can use EQs to not only 2
deficiencies

adjust for
in their acoustics, but for more assihenic
reasons. Ia your car, for example, you can’t rezlly chenze
how the sound travels much 2side from spezier bzlemee
and fading. You can’t move the Spezkersto benar Inczsions
or change the lavow of your sezts. In this 22, zmEQc
be used to lessen zad streagihen, or “ept™ 2n4 “boosL”
specific ranges of frequencies.
Working of Equalizeq - Equalizers work i
“bands.” Odds

arezhatyourcarazthemin'mnmhzsa

izned 10 Tensmit hizh-speed = tronsh i Fseas SErelk v e 5
els or 6.4 Mz e Upsiesm chzmnels w3y
presence of distortion in the chernel resals in SCmething c2llad frersmig) =

& SIopDle ©vEios Seoriore The
Y00l merfereoe (IST), 5555 o= = =
transmission errors. Onenz}'tocompenzeferorr:éa:e!ﬁis;o Doorpor=a

[¥-

e S e R

zre kmown znd dony Chznze overtime, Sxad getas so=lizmm o b nsed SosT= mzgoesd
czblenem'oﬂcﬁjesignzlpa.hbawmﬁ:ehszﬁ.mdadﬁrh:z&hmoﬁ::a(mc'i-;—zxﬁ—m OX) S 5oo= sz oot
fits-all ﬁxedequalizzrisimp:acﬁchFm'ﬁ:emmé,di; rdons ____;Lcic,—_-,:z:_:eam::am:sw::—::zs
somghowhadjustablemmnq}mieforchzng"inohzaxlmﬁmé ==thve ‘_z_’Z?:-_-,zasz:i?:\:r_—:‘f:ri-_.;:
purpose. -
The equa]l'zerisasmallpassh‘:mwm&@ﬁm@%‘-mﬂ;m'@mﬁ&'@cm
mbleprecedhgth:mnp.ﬁecqualizerisineﬁmabmimﬂiﬁzﬁzmk&tﬁ?ﬁ_@mbfrﬂm
bandwidth, resulting in a fizt amplitude-versus-fregnency SPPIEm 2 e seoond a—ys Bear] S=== AfeyTye
Equalization - :
o=y e B T -
[T Hiliitnn, -
< ~~

n — 38 3TRasyngys
aﬂﬁrequamha ——

\_ Figure 1. Equalization in the comvial disribmmion memoct 5/

Vet
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Adnptive equalization performs a function similar to that
of n coble amplifier's fixed-value plug-in equalizer. Rather
than equalizing the cnlire downstream or upstream RF
spectrum, it deals with just a single channel. Adaptive
means the cqualizer can change its characteristics as
channel conditions change.An adaptive equalizer is a
digital circuit thal compensates for a digital signal's in-
channel complex frequency response impairments. The
cablc industry has long used the term frequency responsc
to describe amplitude (or magnitude)-versus-frequency—
that is, what is seen on the display of test equipment used
to sweep outside plant. True frequency response is a
complex entity that has two components: amplitude-
versus-frequency, and phasc-versus-frequency. An
adaptive cqualizer can compensate for in-channel
amplitude- and phase-versus-frequency impairments.
Block diagram of Adaptive equalization :

Figure illustratcs a block diagram of a gcncn'é adaptive
cqualizer. The top row with boxes labeled Z-1 can be
thought of as a tapped dclay line. Each box marked Z-1 is
a delay element, with the amount of time delay per “box”
equal to the reciprocal of the symbol rate in a T-spaced
cqualizer. A delay clement is often called a tap, but a tap

also can be considered the combination ofa d"""?clﬁ
the point where some of the signal is “tappeq» ﬂfl'. Ity
multiplicr. The boxes labeled b-2, b-1, bo'm‘:--ﬂrcm,llw

wilh equalization cocfTicients that sct the pai, o
tap. The algorithm adjusts the equalization Coef
{hat sct the gain for cach multiplier. The circleg m

arc summing or combining circuits,

ﬁ

UNEQUALZED
MNFUT .

.
!'Tﬂkr;
Moy
fciey

ar"ﬂlh

Mutipy
i e
L A

Delayslemant

Mainfsp

L {17
TR

Mgerarm for

1ap gun acjusemant

One tap is called the main tap (highlighted in red in Figur,
The main tap has a gain of 1, and passes the input Signah;
its original amplitude. Other taps rcpresent either the

“past” or “futurc” relative to the main tap, and vary 4, |

_amplitudes of the respective signals passing through then
as required. '

—_—

Q10. Explain Digital Subscriber Line (DSL) , write its types and benifits. N
Ans. Digital Subscriber Line (DSL, originally, digital subscriber loop) is a communication medium, which is used to transfe
internet through copper wire telecommunicaticu line. Along with cable internet, DSL is one of the most popular ways |sp,

provide broadband internet access.

*Its aim is to maintain the high speed of the data being transferred.
*If we ask that how we gonna achieve such a thing i.e., both telephone and internet facility, then the answer is by using
splitters or DSL filters(shown in the below diagram). Basically, the splitter is used to splits the frequency and make sure tha

they can't get interrupted.
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Types of DSL—

Symmetric DSL— SDSL, splits the.upstream and downstream frequencies evenly, providing equal speedsto both uploading

P
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and downloading data transfer. This conncction may
provide 2 Mbps upstream and downstream. it is mostly
preferred by small organizations.

2. Asymmectric DSL - ADSL, provides a wider frequency
rnn'gc for downstream transfers, which offers several times
faster downstream specds. an ADSL connection may offer
20 Mbps downstrcam and 1.5 Mbps upstream, it is because
most users download more data than they upload,

Bencfits -

*  No Additional Wiring — A DSL connection makes usc of

your existing telephone wiring, so you will not have to

pay for expensive upgrades 1o your phone system.

Cost-Effective — DSL internet is a very cost-effective

method and is best in conncctivity

Availability of DSL modems by the service providers,

Users can use both telephone lines and the internet at the

same time. And it is because the voice and digital signals

are transferred in different frequencies.

Users can choose between different connection speeds

and pricing from varjous providers.

DSL Internet service only works over a limited physical

distance and remains unavailable in many areas where the

local telephone infrastructure does not support DSL
technology. The service is not available everywhere, The

connection is faster for receiving data than it is for seuding '

data over the Internet.

OBJECTIVE QUESTIONS AND ANSWERS

3. least bandwidth
4, simpler hardware

1. 12and 4 only 2,1,2and 3 only
3.2,3and 4 only 4.1,3 and 4 only
Answer: 3

4,

Companding is used to
1. overcome quantising noisc in PCM

2. protect small signals in PCM from quantising noise
3. PCM receivers to reduce impulse noise

4. increase the power content of the modulated signal

Answer: 2

5.

Output SNR of a n bit PCM was found to be 30 dB, desired
SNR is 42 dB. To achieve desired SNR by increasing the
number of quantization levels, then new levels will be

1.128 2.512
3.2018 4.1024
Answer: 1

6.

The bandwidth of a “N’ bit binary coded PCM signal for
modulating a signal having bandwidth of ‘f Hzis

1.ffNHz 2.f
3.NF ) 4.N
Answer: 3

7.

1. Which modulation technique does not use past information

for modulation

1. Delta modulation

2.P' - Code modulation >

3. Ad.prive Differential Pulse Code Modulation

<1-\daptive Delta Modulation :
Answer: 2 i '

2 Aspeechsignal is sampled at 8 kHz and encoded in PCM

format using 8-bit/sample PCM data is transmitted through
2 baseband channel via 4-level PAM. Minimum Bandwidth
-required for transmission is [

116kHz 2.8kHz
3.24kHz 4_10kHz
Answer : |

3. Comparing Delta Modulation (DM) with PCM systems,
DM requires: '
1..alower sampling rate
2. ahigher sampling rate

The temperature of a particular place varies between 14°C
and 34°C. For the purpose of transmitting the temperature
record of that place using PCM, the record is sampled 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 the dynamic range.
what is the minimum number of quantization levels that
can be used?

1100 2.50
3.30 4.15
Answer:2

8

A signal is sampled 8 kHz and is quantized using 8 - bit

. uniform quantizer assuming SNRq 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.R=64 kbps, SNR_=55.8dB :

3.R=64 kbps. SNR_=49.8 dB e
4.R=32kbps, SNRq= 25.8dB

Answer: 3

9.

A 12-bit ADC has input signal range of = 1 V, The signal to
quantization noise ratio if a sine wave signal with 025V
peak voltage is given as mput is:

- 1.62dB - 2.72dB

3.74dB 4.48dB

A P E D L b
e
i
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Answer @1

10. Discrete samples of an analog signal are uniformly
quantized to PCM. If the maximum value of analog sample
is 10 be represented within 0.1% accuracy, then the minimum
number of binary digits required per sample is

1.4 2.8
3.10 4.12
Answer : 3

11. Directions: The item consists of two statements, one
labeled as the *Assertion (AY J the other as ‘Reason
(R)". You are to cxaminc these two statements carefully
and sclect the answers to the item using the codes given
belows
Assertion (A): PCM/FM systems transmit PCM pu'- = by
modulating a high-frequency carrier and hence occupy 1arg~
bandwidth and climinate distortion.

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

1. Both A and R individually truc and R is the correct
cxplanation of A

2. Both Aand Rare individually true but R is not the correct
cxplanation of A

3.Aistruc but R is false

4. Ais false but R is true

Answer: |

12 A 13 bit PCM system pcrl'ormancc is better than an 8 bit
PCM system because:

1. Noisc is lower and is proportional to rcc;procal of
bandwidth

2. Bandwidth is larger and detection is casier
3. Quantization noise is lesser other things being equal

4. Quantization noisc is ncarly zero since 2" levels are
- available

Answer : 4

13. Inacommunication system, noisc due to quantization crror

is

1. Linear and signal-dependent

2. Nonlincar and signal-dependent

3. Linear and signal independent at low frequencies only

4.Non-linear and signal-dependent allow frequencies only

ANSWET

14. Ina FCM. sstem, the amplitude levels are transmitted as 7
bit code-words. The sampling is done at 10 kHz. The
bzndwidth of the system is

1.10kH= 2.20kHz
3.35Kz 4.70kHz

Answer ;4

15. What is the frequency and type of modulatiap Ctii
IR Remote controls for TV?
1.108.1klz, FM 2,38 kHz, PCM
3.98kHz PM 4.98.1 MHz, AM

Answer: 2

16. The amplitude of a random signal is uniformly dm”bm
between —5V and 5V. If the signal to quantizatjq, Nois,

ratio required in uniformly quantizing the signaj 5 43 5d8

the step size of the quantization is approximately _

1.0.0333V 2.005V
3.0.0667V 4.0.10V
Answer: 3

'

17. Which one of the following communication System

digital? \
AM 2.F'M
3. PAM 4. PCM
Answer: 4

18. Which is the sequence for PCM?
1. Sampling, Encoding, Quantizing
2. Quantizing, Sampling, Encoding
3. Quantizing, Encoding, Sampling
4, Sampling, Quantizing, Encoding

Answer: 4

19. A signal having a bandwidth of 5 MHz is transmitted using
the Pulse code modulation (PCM) scheme as follows, The
signal is sampled at a rate of 50% above the Nyquist rate
and quantized into 256 levels. The binary pulse rate of the
PCM signal in Mbits per second is____

Answer: 120

20. Directions: The item consists of two statements, one
labelled as the Assertion (A) and the other as Reason (R)',
You are to examine these two statements carcfully and select
the answers to the item using the codes given below:

Assertion (A): When coding signals like speech signals a-
law or p-law quantizers are used.

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

1. Both A and R individually true and R is the comect
explanation of A

2. Both Aand Rare individually true but R is not the correct
explanation of A

3.Aistrue but R is false
4. Ais false but R is true

Answer: 3

-
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GEOMETRIC REPRESENTATION OF
__SIGNALS

QUESTIONS AND ANSWERS

QI. Tlustrate the Geometric representation of Signals,
Ans. Derive Geometrical representation of signal,
combinations of two orthorormal basis functions

A (") and dy (1),
(1) and &, (r). are orthonormal if ;

0

J-;q (1), (N)dlt =0 (orhogonality),
0 .

7y, o
[&@de= [ (r=1
0 (]

(normalized to have unit energy)
The representations are

5(1) =_-5'n¢|(f)+312¢3(')
Sy() =55, (1) +5565 (1)

where ;

V. ‘
sy=[s:08,(), i.je 1,2,
{1 »

(X0
A
23 i 5,(1)
Sy 711 5.(r)
' > 0,1
0 ‘n 9

~ Orthonormal Basis : = ‘
i

1

i

1f ¢f =1V = {pk(r)} is an orthonormal set.

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

Ty
ISI(’MJ(’)‘”' is the projection of 5,(f) onto ,(1).
0

Basis Vectors :

The set of basis vectors {e}, &, -s€,} of a space are
chosen such that: Should be complete or span the vector
Space: any vector a can be expressed as a linear
combination of these vectors. ,
Each basis vector should be orthogoljal 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: If a signal can be represented
by n-tuple, then it can be treated in much the same way as

an-dim vector. ;j
Let (1), f5(0). ..., fa(t) be n signals - i
Consider a signal x(t) and suppose that If every signal can £
be written as above =5 ~~ basisfiinctions and we have a :
n-dim signal space

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

0 j=k-
c, Jj=k

[, ¢yt ={

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

.[s,-z(t)a’rg ©

Then, we can express each of these waveforms as weighted
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QUESTIONS AND ANSWERS n
QI. Tlustrate the Geometric representation of Signals.
8 (7 ndt. iect
Ans. Derive Geometrical representation of signal, 6[ 108, (dt. s he projection of s;(f) onto ¢, ().
combinations of two orthomormal basis functions

Basis Vectors :

r 5 (f). .
A(1) and ¢, (1) The set of basis vectors {ey, ey, ....e,} of a space are
¢,(¢) and @, (1). arc orthonormal if : chosen such that: Should be complete 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

Tj’ﬁl( y Tj'¢22( G said to be a complete
= 1)l = ’
0 0

)
[&((0yar=0 (orhogonality),
0

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

(normalized to have unit energy)
The representations are

an-dim vector. ' —
s5il)=s t)+s ! F
10=suh ) 1262(0) Let [y(0), £5(1), ...., fa(1) be n signals g
$y(1) =59, (1) + Sa26 (1) : ~ Consider a signal x(t) and suppose that If every signal can
vchere . be written as above = ~ ~ basisfunctions and we have a

n-dim signal space

T a5 7 Orthonormal Basis :
ST Js,(t)gﬁ{(f) i jef{l2). Signal set {fk(t)}n is an orthogonal st if
(1) ' “ 0 j=k
i [#© toar= {CJ L
: ~n - ¢
f |
o 5,(4) If & =1Vj = {@k(6)}is an orthonormal set. ke
12 Sl | S .
Consider a sct of M signals (M-ary symbol) {si(r), i =1, !
2,..., M} with finite energy. That is !
) 5:01) [st(ydr <o
| et
' == = 0
0 o -

3 Then, we can express each of these waveforms as weighted
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A?
§(N=3%", i
E‘u%(f) fori= Lo M

{0, )} T'

Where N i i i
o < Misthe dimension of the signal space and are
the orthonorma) basis functions

Let, fora convenient set of {40} i=12,...Nand0 <t

<T
N
5 )= ESU@J@‘), i=1,2, ~wy Mand 0 <t <T, such
that,
= :
Sy = Js. (O)p, ()dr
Now,

We can represent a signal si(t) as a column vector
whose elements are the scalar coefficients |
n,J=1,2,....,N:

Sin IxN

These M energy signals or vectors can be viewed as a set
of M points in an N — dimensional Euclidean space, known
as the,,Signal Space’.Signal Constellation is the collection
of M signals points (or messages) on the signal space.
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Now, the length.or norm of a vector jg dc”otcl
d 3y j
The squarcd norm is the inne product of the y |
(3
r
—() = — il 2
T -)-3
Jel
The cosine of the angle between two vectors jg

53
—_ —_— Ll }

cos (angle between §; &5, ) = T=f=7
il

E" &s_j' are orthogonal to each other jf (}: ;)
’
IfE; is me_energy of the i-th signal vector,

T

7| N ra
E = [s}() df=L Z]SU‘?’J(’) [Z‘W’k(f)]df
; = P

J=1k=1

N N -
=Zzsu-’rk L @; (1) i (1) at

ortho-normal set
N . S,

s 2.

-S4
J=1

Fora péir of signals s; (D and s, (f),

“

“; ‘5”2 - J%(Su F slsr")2 = LT[S:- 0) =5, (I)]zdr

It may now be guessed intuitively that we shdﬁld choose |

5; (1) and 5, (t) such that the Euclidean distance betweer

them, i.e. usj -8 " is as much as possible to ensure that

their detection is more robust even in presence of noise.
For example, if s,(t) and.s,(t) have same energy E, (e
they are equidistance from the origin), then an obviows
coice for maximum distance of separation is, 5;(t) =-5,

®. N
Q2. Explain the term Maximum Likelihood Decoding.
oo . Ans. Consider a set of possible codewords (valid codewords-

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

pick one codeword out of this set ( call it y ) and transm

~,

cﬁncd 3

as {(Pi. (f)} formgan

|
Td]
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itvin a Binary Symmetric Channel (BSC) with probability
of error p ( To know what is a BSC - click here ). At the
receiver side we receive the distorted version of y (eall
this erroncous codeword X Maximum Likelihood
Decoding chooses one codewond from Y (the list of all
possible codewords) which maximizes the following
probability.

P (v sent | x received)]
Meaning that the receiver computes Py_1,X), P(y_2,x),
P(y_3,%),\cdots,P(y_n,X). and chooses a codeword (y)
which gives the maximum probability. Inpractice we don't
know y (at the receiver) butwe know x. So how to compute
the probability. Maximum Likelihood Estimation (MLE)
comes to our rescue, For a detailed explanation on MLE -
refer here The aim of maximum likelihood estimation is to
find the parameter value(s) that makes the observed data '
most likely. Understanding the difference between
prediction and estimation is important at this point.
Estimation differs from prediction in the following way ...
In estimation problems, likelihood of the parameters is
estimated based on given data/observation vector. In
prediction problems, probability is used as a measure to
predict the outcome from known parameters of n model.

Q3. Describe Correlation recciver,
Ans. We have ignored the form of the signal term v(t) coming

from the recciver, and have simply examined the
implications of thresholding the combined signal plus
noise. In practice, the shape of the signal coming from the

roceiver Is largely under the control ofthe system designer,
and lis properties Are chosern to meet such specified criterin
ns dosirable timoe or range sidelobe levels, resolution, ete.
The wost fundamental criterfon, against which all other
criterla must be balanced, is the nbility to detect largets,
wliiel, as we have seen, is a function of the SNR. Hence a
natural priority is to deslgn the receiver to maximize SNR..
We know, that the noise power m is dependent only on the
gain of the receiver, not on the shape of its impulse
response function. Hence, for fixed gain, the best SNR is
obtained by maximizing the response to the signal term:
This is achicved by an elegant, conceptually simple and
readily implemented processing scheme, known as the
correlation receiver, whose frequency-domain
implementation is the matched filter.

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 cnergy, then

| 7628 sy

2
< [V ds [ g(o) av

with cquality if and only if -

fls) = cg(s)
for some constant c. Here the asterisk denotes complex
conjugate, and we allow complex functions so that we
can, ifdesired, use complex representations of real signals
O....

Q4. Explain match filter and draw its block dingram. ?
Ans. Matched Filters : ‘
The matched filter is the optimal linear filter for maximizing the signal to noise ratio (SNR) in the presence of additive

stochastic noise.

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

something similar to what was sent out.

Two-dimensional matched filters are commonly used in image processing, e.g., to improve SNR for X-ray pictures
A general representation for a matched filter is illustrated in Figure.

Siged g9 1) Lincar Time Invarlant w0 ¥m Decision Device
Filter of
Source Impulsc Resonse h(‘) Sample at timet=T
) Receiver
\ White Nolse n(t) TFlnraruc rny

e el L
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apulse signal &(t) corrupted
), as shown by,

-0S(<T

obscrvation interval, The pulse
abinary symbo) 1 or 0 in adigital

X(0) =gy (1) +n(p),
where go(t) and n(t) are produced by the signal and noise
components of the input x(t), respectively.

A simple way of describing the requirement that the output
signal component go(t) be considerably greater than the
output noise component n(t) is to have the filter make the
instantaneous Power in the output signa] 20(t), measured -
attime t =T, as large as possible compared with the average
Power of the output noise n(t). This is e
maximizing the peak pulse signal-to-noise ra

quiv-ale_nt to
tio,

lg, @

definedas 77 = W

QS. Describe Average bit error rate (ABER) for uncoding
OOK format. ' i

Ans. In this section we derive the analytical expression for the
ABER associated withan UWOC IM/DD system using an
OOK signaling technique. For this purpose, and as a
previous step, the associated conditional BER (CBER) is
firstly calculated for a given electrical signal-to-noise ratio
(SNR) when analyzing an AWGN channel in the ideal case
of zbsence of turbulence (namely SNRO), assuming each
transmitted symbol equally likely to be sent. In addition,
the conditional bit error probabilities when the transmitted
bitis*0” or*1” are assumed to be equal. Hence, and from,

£xpression can be reduced to:

- S
_dif[ﬁ;(elf)] =—§j% .exp{_(SNROIJ J

ons,.
the CBER of IM/DD with AWGN channe| us

cxpressed as

_1 sl _l SNR 1
”b‘“""if’ﬁ(zﬁah,}‘z”ﬁ(?‘*)

<y
lng OQKi
|

2V2

where SNRO =igy/sy, where igg= aRP, den
current in absence of turbulence-indycey fadjng il

W] 1

representing the attenuation coefficient associateq |,
medium. Therefore, the ABER, Pb(e), can be ob

o theSfDu]

4

taineq;.
averaging Py(c|l) over the PDF of the imadiance, f(n, Hee:fcl-
Tl SNROI)
By=| e (Il
b 6[ 5 rfe [ 2 fi(h

InEq., the PDF of the optical irradiance js define
to the Weibull model, as indicated in Eq. Noy, by usig
the integration by parts formula for solving Eq. ye can
obtain that - R

daccorg;

S R
B =Bl DEWDE - [ 2[Rl D] R

: Sm . Pb(els)_ =0 and FI(0) = 0 (note that negative valye

for the optical irradiance are not allowed), then the [

' a1 (sveY] .
oLl S o

where the cufnulative distribution function (CDF) for the
irradiance, I, is directly obtained by integrating Eq. as;

F1(1)=1—CXP[—(IJ e '

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

242

Next we introduce the last result in Eq.in order to solve the
resulting integral. To this aim, a generalized Gauss-Laguer
quadrature is proposed, defined by:

-

flLe,

| B S
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n
()
[ f)e = LIS () 4E,
; i=1
where B is a constant, X; is the i~th zero of the Laguerre
polynomial, Lf (%), H; is the corresponding weight

cocfficient and E_ is the truncation error. If the
normalization of the Laguerre polynomials is chosen so

that

e Z (n+ﬁ] (=x)"

n-m) ml
then, according to, the weight coefTicierits are given by
C(n+ B +1)x
nl(n+1) [ A (x, )]

H, = = (i=1,2,..,1)

Hence, Eq.can be rewritten as

J_\FJ

w | :
1 i
=—— |x Zexp(-x)|1—ex
\/EOI p(—x)| 1-exp [ASNRO

after having used the following change of variables:

- oo[SMRY (ﬂ&)z
x-(zﬁ)l, dv=2 2 Idl.

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

7 where [3 = -—1/2 dlrectly obtamed by comparmg }':‘.q with

Eq. so the welght coefﬁclents Hl glven in Eq. can be
directly calculated.
As aremarking comment, we can repeat all these steps to

derive a closed-from expression for the exact ABER of the

UWOC system using an exponentiated Weibull distribution
instead of the Weibull one 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

4

Q6.

An

effectively reduced turbulence accurately modeled by the
simplest Weibull distribution,

Ilustrate Error probabilitics of noncoherent and coherent
FSK.

s. We analyze the error performance of two-hop relay networks

adopting frequency shift keying (FSK) over frequency flat
Raylcigh fading channels. It is assumed that relay networks
consist of a 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 perfect 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
synchronizatibn. The obtained error probability
expressions will help the design of two-hop relay networks
adopting FSK in determining the systém parémeters such
as the transmission power at the source, the amplifying
coefficient at the relay, and the maximum affordable

* frequency and phase offsets to satlsfy the required error

Q7.

Ans,

performance.

Write short notes on:

1. Understanding Quadrature Phase Shift (QPSK)

2. Differential Phase Shift Keying (DPSK)

1. QPSK : In the world of wired electronics, analog signals
exhibit continuous variations whereas digital signals
assume (ldeally) 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 fréquency 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 of common digital modulation types
are OOK (on/off keying), ASK (amplitude shift keying),
and FSK (frequency shift keying). These schemes cause

=
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:::?i:;:e:: :SS lfme one of two possible states depending on whcthcr'the sy.smm "l:;!: )U,:r;snr:::; :r:f:;ryl I .or a bihanj,:"
and it's g pmi&rl;cr sl:.:tc is referred to as symbol,Quadrature phase sh:ﬂ'kcymg @ Fol it Gl wordsu ation to, niq.,!'
doesn"t repre cularly lntc‘rcsﬁng one because it actually transmits two bils per symbol. » 3 QPsk Ey’hhq‘:
DPSK : I:D.Senl 0 o.r 1—it represents 00, 01, IO,‘or 1. ' o _ |

i ifferential Phase Shift Keying DPSK the phase of the modulated signal is shifted relative to the Previoy, y
element. No reference signal is considered here. The signal phasc follows the high or low state of the previoug °Icmentl y
DPSK technique doesn’t need a reference oscillator. I

The following figure represents the model waveform of DPSK.*
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™ H b N td 5
i }: ¢ e 3 3
VIRV ST i
o 4} 3 S -
ST oAt LA f3A, ,.
foed ¢ VRSS
= .:.,.‘;,.,H‘.\k"ﬂ e =

Itis seen from the above figure that, if the data bit is Low i.c., 0, then the phase of the signal is not reversed, but continyeg
asitwas. Ifthe datais a Highi.e., 1, then the phase of the signal is reversed, as with NRZI, invert on. If we observe the aboye
waveform, we can say that the High state represents an M in the modulating signal and the Low state represents a W i the

modulating signal,

Q8. DefineQAM (quad!'ature amplitude modulaﬁohn)
Ans. QAM (quadrature amplitude modulation) is a method of combining 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 packets into an analog signy)
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 a form of modulation. In this scenario, the QAM signal comeg

with two carriers. Each has the same frequency but differs in phases bjr 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 the
signals can be represented with a sine wave and the other by a cosine wave. The two modulated carriers combine at fhe
source for transmission. At the destination, the carriers separate, and the data is extracted from each. Then, the data s

incorporated into the original modulating information.
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i Prnanhnn .
M el o Minimum shint Key (MSK) Modulation and its Key
C

" fontures: i
imum ghift Key Modulation is another type of digital

s i gulation technique used to convert a digital signal into
analog signals. 1t is also called Minimum-shifl keying
§SK) or Advance Frequency Shift Keying becauseitis a
ype of continuous-phase frequency-shift keying,
(ey features of Minimum Shift Key (MSK) Modulation :
Minimum-shiﬂ keying or MSK was first developed by the
Collins Radio employees MelvinL. Doclzand Earl T, Heald
in the late 1950s.
(R encoded with bits alternating between quadrature
components, with the Q component delayed by half the
symbol period.

+  Minimum Shift Keying is the most effective digital
modulation technique. 1t can be implemented for almost
every stream of bits 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(0)" transition of binary bits.

Q10.Explain Multicarrier Modulation and its develbp'ment.
_ Multicarrier modulation is a form of signal wayeform that
uses multiple normally close spaced carriers ina block to
carry the information. Multicarrier modulation, MCM isa
technique for transmitting data by sending the data over
multiple carriers Wl_jich_ are normally close spaced.
Multicarrier modulation has several advantages including
resilience to iﬁterfcrc_qqé, resilience to narrow band fading
and multipath eﬁ'ects.'A_s a result, multicarrier modulation
techniques are widely used for data transmission as it is
able to provide an effective signal waveform which is
spectrally efficient and resilient to the real world
environment.
Multicarrier modulation basics : Multicarrier modulation
operates by dividing the data stream 1o be transmitted
into a number of lower data rate data streams. Each of the
Jower 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

data stream from those received on the individual carriers.
It is possible to usc a varicty of different techniques for
multicarrier transmissions, Each form ofM.CM has its own

advantages and can be sued in different applications.

(

K' Fig. One form of multicarrier modulation s OFDU

Carriern

—
\ Sidobands from
‘ﬁlher carriers cancel
1 ’;
|

on catrier n
frequency

Carrier 1

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 iate
1950s and early 1960s. Here ceveral channels were sued to

_overcome the cffects of fading. Originally the cqncépt 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
the different channels could be eliminated.

Q11. Write the Difference between Bandwidth and Data Rate.

. Ans.

1. 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 a

link. It is generally measured in bits per second(bps), Mega
bits per second(Mbps) or Giga bits per second(Gbps). For
example, if bandwidth is 100 Mbps, it means maximum 100
Mb data can be transferred per second on that channel.
Data Rate : Data Rate is defined as the amount of data
transmitted during a specified time period over.a network.
Itis 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 fransferred but channel is
transmitting only 50 Mb data per second.
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Data Rale

Itis the potential of the data that is to

be transferred in a specific period of time.
2. It is the number of bits per second

that a link can send or receive.

[t Is the amount of data transmitted during a specif
(is

time period overd network.
It is the speed of data transmission.

casured in Mbps or MBps.

o ) mmally m
3, Normally it is measured in bps, Mbps or Gbps. s F:rs o the actual data transmission speed.
4, It refers to maximum data transmission speed. It ll'::l b Tt all layers. .
. . . itis
] Itis physical layer property in OSI model. W |1 :ws (he present speed of data transmlssron
6. It shows the capacity of the channel. T, ts affected by sender or receiver:
7 It does not depend on properties of While it g¢ )
sender or receiver. B
Answer-— (2) di | fi
OBJECTIVE QUESTIONS AND ANSWERS 6. The modulatiou techniques employed in for telephone

1. For generation of FSK the data pattern will be modems is 7

1. RZ patten 2 NRZ pattemn 1. QAM 2 Ghok

3. Split-phase Manchester 3, QPSK 4. GFSK

4. None Answer—(1)
Answer-(2)

2. The bit rate of digital communication system is 34 M bits/

sec. The Baud rate will be in QPSK modulation
techniques
L. 8.5 M bits/sec 2
3. 32 M bits/sec
Answer—(2)
3. In Coherent demodulation techmque of FSK SIgnal can
be affected using
L. Correlation receiver
2 Bandpass filters and envelope detector
3. Matched filter
4. Discriminator detection -
Answer-(1)
4. The bit rate of a digital communication system using

" QPSK modulation techniques in 30 MBPS. So, The
system

1. 60 Mbps
2 The baud rate equal to 15 Mbps
3. The baud rate equal to 30 Mbps
4. The baud rate equal to 7.5 Mbps
Answer—(2)
5. If the maximum instantaneous phase transition of a
digital modulation techniques kept at 90°, the modulation

17 M bits/sec
4. 64 M bits/sec

will be organized as
1. DPSK 2 QPSK
3. OQPSK 4. BPSK

7. BPSK signal can be demodulated by using,
1. low pass filters 2. A band pass filter
3, Ahigh pass filter 4. None of these
Answer—(1)
8. Inasystem uSmg m FSK, the ‘0’ and ‘1’ bit are
represented by sine waves of 10 and 25 KHz
correspondingly. These waveforms will be Orthogonal

 for bit interval of -
1L 45ps 2. 200 ps
3. '50ps 4, 250ps
Answer—(2)
9, Ifthe baud rate is 400 for a QPSK signal, the rate [s
I - 200 2.400
3. 80 4. 1600
Answer—(3) :
10. Fora BPSK system, the bit error probability is given by,
L. efc( 2 erfc()
3. erfe() 4 efe(

Answer—(3)

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

L 05 2 075
3. 025 4. 20
Answer—(2)

- 12: Which of the following gwcs the least probability of

error?

\
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i e sude Shift Keyin
' lnAmPI““ cohn YIng
]

' |nFrequency Shift Keying
jn Phasc Shif Keying
n Differential Phasc Shift Keying

el — (3)

.*"‘- which of the following digital modulation techniques are

v unplﬂ)'l‘d in tclephone modem?

L QAM 2 GMsK
; QPSK 4. none of these

Ans\\‘cr— (4)
4, Which gives maximum probability of error?

1. ASK 2 BFSK
3° BPRSK 4. DBPSK
~ answer=(1)
15, Whose bandwidth is maximum?
1. PSK 2 ASK
3. FSK 4, DPSK
Answer—(3) i
16. Bandwidth of MSK that of QPSK.
1. higher than 2. lower than
3. equalto 4. Both(a)and (b)
Answer—(1) '
17. Equalizeris used to
1. Increase the signal to noise ratio at the receiver
2 Equalize the distortion introduced by channel
3. Decrease the error probability of signal detection
4. None of these

Answer—(2) ; :
18. Eye-pattern is utilized for the study of
L. Bit-errorrate
2. Error-vector magnitude
3. The Quantization noises
-4." Inter-symbol interferences

Answer—(d) ST
19. The Nyquist interval form(t) = is
L 0001s - 2 0.005s
3. 0.0025s S 4 250ps
Answer —(c) e
20. In Eye Pattern, as eye closes: .
1. ISlincrease 2. 1SIdecrease

3. Timing jitter increases
4., Timing jitter decreases
Answer—(1)
21, Transversal equalizer uses tapped delay line to
1. Reduce and SI 2 Reduce BER
3, Increase bitrate 4. Increase bandwidths

Answer—(1)

22, AML is another name of which process?
1. Polar 2. Bipolar
3. On-off 4, None of these
Answer-(2)
23. Toencoding in binary, the Differential encoding utilized
for
1. The Signal transitions
2. Signal freq.
3. Signal's amplitude *
4.  Signal's phasc .
Answer-(3)
24. Alternate Mark Inversion (AMI) signaling is
acknowledged as
a. TheBipolarsignaling
b. The Polar signaling -
¢. The Manchester signaling
d. The Unipolar signaling

~ Answer—(b) .
- 25. Eye pattern is used to study

2. Quantization noise

1. ISI
3. Ermorrate 4. None of these
Answer—(1)

26. A scheme in that ‘1 is representing by a +ve. pulse fora
half of symbol duration, a -ve. pulse for remaining half of
the symbol and for ‘0’ the order is inverted is identified
as .

. TheNRZunipolar 2 ~TheNRZ polar
3. TheNRZbipolar 4. The Manchester code

Answer—(4)

27. A line code which has zero dc element for pulse -
transmission of random Binary data is
1. Unipolar-NRZ 2. Unipolar-RZ
3. BPRZ-AMI - 4. BPNRZ

Answer—(3)

28. On-off signaling is known as _

1. Bipolarsignaling 2 . Polarsignaling
3, Manchester signaling
4. Unipolarsignaling

Answer—(4) ' :

29. ‘Which is the most commonly used line coding format
with best overall desirable properties? '

1. P-NRZ 2. PRZ
3. BP-AMI-RZ 4 UP-RZ
Answer—(3)
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INTRODUCTION TO INFORMATION ANy
CODING THEORIES
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QUESTIONS AND ANSWERS

'QI. Describe T, Information and Coding Thcorics.
Ans, Information theory: Information theory is the scientific

study of the quantification, storage, and communication
of d:gltal information.The ficld was fundamentally

established by the works of Harry Nyquist and Rﬂlph' :

Hartley, in the 1920, and Claude Shannon in the 1940s.The
ficld is at the interscction of probability theory, statistics,
computer science, statistical mechanics, information

engineering, and electrical engineering. A key measure in -

information theory is entropy. Entropy quantifies the

amount of upcertainty involved in the value of a random

variable or the outcome of a random process. For example,
identifying the outcome of a fair coin flip (with two equally

likely outcomes) provides less mformahon (lower entroPY) N

than specifying the outcome from a roll of a die (with six

equally likely outcomes). Some other i 1mportant measures

in information 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 information theory include source *

coding/data compression (e.g. for ZIP fi les), and channel
coding/error detection and correction (e.g. for DSL). Its
impact has been cnicial 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 Internet. The theory has also found applications in
other areas, including statistical inference, cryptography,
neurobiology, perception, linguistics, the evolution and
function of molecular codes (bioinformatics), thermal
physics, molecular dynamics, quantum computing, black

holes, information retrieval, intelligence gathering,

plagiarism detection pattern recognition, anomaly
detection and even art creation,

- and the goal is to’ send these-messages over 2 noi,

“showed that, in the limit of many channel uses, the rate o
, information that is asymptotlcally achievable is equal i
the channel capacity, 2 quanﬁty dependent merely o,

.properties of codes and their respective fitness for specific

. various scientific dlsc1phnes—such as information theory,

' and reliable data transmission methods. This typically

\\
Information theory studies the transmission, Proces;,

extraction, and utilization of information, AbStram
information can be thought of as the resolutig, -
uncertainty. In the case of communication ormfm.m i, of
over a noisy channel, this abstract concept was ﬂnma,mw1
in 1948 by Claude Shannon in a paper e"tllledA
Mathematical Theory of Communication, i, Whig
information is thought of as a set of possible Messagy,

channel and to have the receiver reconstruct the Messzy
with' iow probablllty of error, in spite of the channe| Noise
sha.nnon s main result, the noisy-channel coding theoren

statistics of the: channel over-which the messages are sent
Coding Theories ; Coding theory is the study of (he

apphcatlons Codes are used for data compression,
cryptography, error detection: and correction, dal
transmlssmn and data storage. Codes are studied by

electrical engx_neenng, mat_hematlcs, linguistics, and
computer science—for the purpose of designing efficient

involves the removal of reduudancy and the correction or
detection of errors in the transmitted data.
There are four types of coding : |

1. Data compression (or source coding).
2. Error cohtrol (or channel codingj._ )

3. Cryptographic codmg

4.Line coding. e
Data compression attempts to remove unwanted
redundancy from the data from a source in orderto transmit
it more efficiently. For example, ZIP data compression makes
data files smaller, for purposes such as to reduce Intem!
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QX Define Information Measures.
Aps. There are many more measures of information than are
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i
mmwﬂsmn and error correction may be

audied in combination. Error correction adds uscful

redundancy to the data from a source to make the *
rransmission more robust to disturbances present on the *
mmmnsslon channel. The ordinary user may not be aware 1*
ofmany applumons using crror correction. Atypical music '*
compact disc (CD) uses the Reed-Solomon code to correct * *
for scratches and dust. In this application the transmission
channel is the CD itself. Cell phones also use coding
techniques to correct for the fading and noise of high *
frequency radio transmission. Data modems, telephone *
transmissions, and the NASA Deep Space Network all *
employ channel coding techniques to get the bits through, *
for example the turbo code and LDPC codes. =t

typically presented in an information theory book. Below
is a list of many 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-Information]
Total Correlation [Multi-Information, Integration]
Binding Information [Dual Total Correlation]
Residual Entropy [Erasure Entropy] :
There_are other measures that are not directly
represemable onl- dragrams but are entropies or mutual
mﬁ.armanons of ma::hary variables:
: Gat:s-Knmer Common Infonnanon [Zem-Exror Information]
Wyner Common Information  * "~
Minimal Markov Chain Information
Minimal Functional Markov Chain Information
Joined Minimal Sufficient Statistic
Intrinsic Information [Intrinsically Conditioral Mutual
Information)
Reduced Intrinsic Information
There are measures which are not exactly entropies and
the like, but are related:
Interaction Information
TSE Complexity

log, (1) =

Digital Communication Systems

There are avariety of measures of divergence or distance
between distributions:

Jensen-Shannon  Divergence

Relative Entropy [Kullback - Leibler Divergence]

Cross Entropy.

Jensen-Renyi Divergence

Jensen-Tsallis Divergence

Lastly, there are a number of alternative information
measures: '

Cumulative Residual Entropy

Extropy

Perplexity

Renyi Entropy

Tsallis Entropy

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

the average minimum number of bits needed to encode a
string of symbols, based on the frequency of the symbols.
Shannon’s entropy equation:

N-I

H(X)=-) p;log, P
: =0

In the Shannon entropy equation, pi is the probability of a
given symbol.

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

log, (n)
log,(2)

The minimum average number of bits is per Syﬁlbol is
num Bits =[H(X)]

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

occurance frequencies are:
A=05 -
B=02
C=0.1
D=0.1
E=0.

The average minimum number of bits needed to rcpresent :

a symbol is

H(X) =—[(0.510g20.5 + 021020.2 + (0.110g20.1)*3)]
H(X) =—[-0.5+ (-0.46438) + (-0.9965))
HX)=-[-19] '

HX)=19

at

- ral N
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Rounding up, we get 2 bits/per symbol. To represent a ten

character string AAAAABBCDE would require 20 bits if
the string were encoded optimally. Such an optimal
encoding would allocate fewer bits for the frequency
occuring symbols (e.g., A and B) and long bit sequences
for the more infrequent symbols (C,D,E).

This example is borrowed from A Guide to Dala
Compression Methods by Solomon. Note that the
frequence of the symbols also happens to match the
frequence in the string. This will not usually be the case
and it scems to me that there are two ways to apply the
Shannon entropy equation :

1. The symbol set has a known frequency, which does not
necessarily correspond to the frequency in the message
string. For example, characters in a natural language, like
english, have a particular average frequency: The number

Digital Communicatio“
N

ig a conceptin information theory that began 5, " a". |
b Shannon (O cxtend the idea of (Sha l!rnu

by Claude f S My
ure of average surprisal o "
entropy, 8 meas fa Fang,

yariable, to continuous probab'ility djs'fibu“q""
Unforiunately, Shannon did not derive this formy, .*\
rather just assumed it was thf: correct continuoy ana|’,, "‘4
of discretc entropy, but it is no‘t.'rhc actual comin:
version of discrete entropy is the limiting density °fdix,‘:
points (LDDP). Differential entropy (describeg hm}.ﬁ
commonly encountered in the literature, but itjs , Iimjﬁ:
case of the LDDP, and one that loses its fung,, em,j
association with discrete entropy.

Let X be a random variable with a probabiliy 4.,

. 3 . ; )
function f whose support is a set X. Thc differenti| entry

- h(X) or h(f) is defined as.

of bits per character can be calculated from this frequency ‘

set using the Shannon entropy equation. A constant
number of bits per character is used for any string in the
natural language. e, T
2. Symbol frequency can be calculzted for a particular
message. The Shannon entropy equation can be used
calculate the number of bits per symbol for that particular
message. :

Shannon entropy provides a lower beund for the

compression that can be achieved by the data

representation (coding) compression step. Shannon
entropy makes no statement about the compression
efficiency that can be achicved by predictive compression.
Algorithmic complexity (Kolmogorov coiplexity) theory
deals with this area. Given an infinite data set (something
that only mathematicians possess), the data set can be
examined for randornness. 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 comprcsséd. :
Note that without an infinite data set, this determination
is not always possible. A finite set of ¢:::its generated for
a pi expansion satisify tests for randznmess. However,
these digits must be pseudo-random, since they are
generated from a deterministic process. Algorithmic
complexity theory views a pi expansion of any number of
digits as compressible to the function that generated the
sequence (a relatively small number of bits).
Q4. Illustrate Differential entropy. :
Ans. Differential entropy (also referred to as continuous entropy)

QO = El-log/ ()] =-[7(®)log 7 (x)ax

Q5. Exp!aih mutua! infoﬁnation also write its Properties

ADps.

uses. i eCaer e :

Mz;rubl ]nj'an;ra!fon + The Mutual Information betwer,
two random variables measures non-linear relatig,,
between them. Besides, it indicates l_:low much informati,
can be obtained from a random variable by obseryg
another random variable. It is closely linked to the concep
of entropy. This is because it can also be known as
reduction of uncertainty of a random variable if anotherjs
knc;wn. T herefore,- a high mutual information valy:
indfcatés a large reduction of uncertainty whereas 3 |y

" value indicates a small reduction. If the mutual informatiog

is zero, that means that the two random variables
independent.

Propertics of Mutual Information : The main propetties |-

of the Mutual Information are the following:

* *Non-negative: I(X;Y)=0

* Symmetric: (X;Y) =1(Y;X) |
*IY)=0 & X,Y'independent, because in that cas
P(oY)=P(X)P(y) £

Since mutual information has only lower boundarics,
sometimes it is difficult to interpret the obtained resut

_ Looking at the equation that relates mutual informatio

with entropy and the Venn diagram, we can see that itis
possible to obtain the maximum value of the munal

- information.

0\
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mk) +HY)-(X,Y)
maGY)=min (HEOH))
0< ]O(;Y) < min (H(X),H(Y))

XYY 1xy) ;
Lou®) ™ Tmax(X;Y) ™ min(H(X), H(Y))

Uses t Inthe field of machinc lcaming, one of its main
uses is in decision trees. It is used for looking for the
optimum split of the features to choose the nodes that
composc the tree (also called information gain).

Another use is for feature selection. When having a big

Digital Communication Systems

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:

Block coding

Convolutional coding

Blnck diagram Linear block codes

Linear Block Codes

dataset with a big range of features, mutual information || Mesaze F Channel Coded Message ‘'’
can help to select a subset of those features in order to |- - _

discard the trrelevant ones.
In other fields, mutual information is also widely used.
For example, in telecommunications, it is used to calculate.
the channel capacity.
Q6. Explain Linear block coding.
Ans. The purpose of error control coding is to enable the receiver

Encoder

The encoder generates a block of n coded bits from k
information bits and we call this as (n, k) block codes. The
coded bits are also called as code word symbols.

Q7. Describe Hard and Soft decision decoding.

e

Ans. 1. Hard decision decoding: Assume that our communication model consists of a parity encodcr, communication channel
(attenuates the data randomly) and a hard decision decoder The message bits “01” are apphed to the parity encoder and we

get “0117 as the output codeword.

Min Hamming X \
distance =1 - -
Valid codewords are

“D00", “011” and
“101* -

R e N L “"E'

T ard decliloa | Decoder i

& (L — |
o ———xon g . !

ks LS e o uoolw 'ih‘.-u Er—

% 4

-2 ;Q-—- Hard decision threshold » 0.5V

e » Sampling Instants

}

I-.—_.
‘ | 1

0 0

1

Hard decision output . w—Recelved slgnal .
\ Figure 1: Hard decision dei:oding — asimple illustration /

_', Transmitted signal

The output codeword “011” is transmitted through the channel. “0” is transmitted as “0 Volt and “1” as “1 Volt”, The channel
attenuates the signal that is being transmitted and the receiver sees a distorted waveform (“Red colorwavcfonn") 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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A Trkashan = 1s below the threshold and “17ifyp, vﬂ[e"“
decision detector determines the state of the bit to be “0” if the yoltage level f: js “001”. Perhaps this “001" outpy, i nblga
level is above the threshold. Therefore, the output of the hard decision blociablc above) , which implies that the :l.
valid codeword ( compare this with the all possible codewords given in l|!°| ¢ hard decision block with the a| Po'.m.agc
bits eannot be recovered property. The decoder compares the output ‘zr ; ;llustrntc d in the table below). iy

; c(a
codewords and computes the minimum Hamming distance for cach cas A —
]
00 o0l I
011 00l i
110 . 0ol ]

" the hard decision decoding is employed the probability of regpvering our

amming distance. In our case, the Minimyy

o di der may choose any of th
Hamming distance is *1” and there are 3 valid codewords with this distance. The deco 4 ¥ ol'the thr,,

: »_thic i transmitted) is always 1/3, g
possibility and the probability of getting the correct codeword (001 —this is what we tra : - 0 Whey
data (in this particular case) is 1/3. Lets see what

The decoder’s job is to choose a valid codeword which has the minimum H

“Soft decision decoding™ offurs ... , ,

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

In Hard decision decoding, the received codeword is compared with the all possible codewords and th_c codeword whigy
gives the minimum Hamming distance is selected '

In Soft decision decoding, the received codeword is compared with the all possible codewords and th? codeword whicy
gives the minimum Euclidean distance is selected. Thus the soft decisjon decoding improves the decision making proce
by supplying additional reliability information ( calculated Euclidean distance or calculated log'-l?kelihoori ratio) _
For the same encoder and channel combination lets see the effect of replacing the hard decision block with a soft dCCif"i"“

block.

. Min Euclidzan .
/ ) . . - distanca m0.44

- vplid cadeward ks
011"

' -  Rellablity
M?”“ 2 Information l
MO l "

Even pariy “011"

054 " .::::. .\_ : :;3

I ey Sﬂmp!lrtg- Instants

ey Tranamitted ll.wul

m— Recelved signal

\ Figure 2: Soft-decision decoding —a simple illustration ; - : /
Voltage levels of the received signal at each sampling i}'lstant are shown in the figure. The soft decision block calculates the
Euclidean distance between the received signal and the all possible codewords. - - = '

’
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ML Prz —rds —Voltage levels at cach sampling Tuclidean distance calculation Zuclidean ¢l
f [
lid ©© instant of received waveform
0.69
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T e codeword (which is what we transmitted). The decoder

The minimum Euclidean dis
selects this codeword as the output. Even though the p

in recovering the data in this case. This fact delineates the improvement

used in combination with forward error correcting (FEC) schemes like conv
ders uses all of the information

decision making whereas the hard decision decoders does not fully utilize the
(evident from calculating Hamming distance just by comparing the

can understand that the soft decision deco

actual voltage levels).

Soft decision decoding scheme is often realized using Viterbi decoders. Suchd
(SOVA) which takes into accotint the apriori probabilities

reliability of the decision.

tance is “0:49" correspondingto “0 117
arity encoder cannot correct err

of the input symbols producing a soft o

ors, the soft decision scheme helped
en when this soft decision scheme is
olution codes, LDPC etc From this illustration we
( voltage levels in this case) in the process of
information available in the received signal
| with the threshold whereby peglecting the

that will be se

signal leve

ecoders utilize Soft Qutput Viterbi Algorithm
utput indicating the

08. Writeshortnoteson
1. Hamming code.
2. Reed - Solomon (RS) code.
3.Concatenated code. ~

Hamming Code :Once the receiver
it performs recalculations 10
e steps for recalculation

Decoding a message in
. gels an incoming message,
detect errors and correct them. Th

are -

Ans. 1.Hamming Code : Hamming code is a block code that is Stép | - Calculation 6 ¢ the mimber © # redundant bits.

| capable. of de.:teclnnbg' :lp to tonsunulta:(:Ol;S bltde:m;.a;f Step 2 - Positioning the redundant bits.
: :;me‘:t-mgfimg e-bi erro:is. tlw:hs. ev;_ ope thy b " Step 3 - Parity checking. 7
ammi g : :
ng for error comrection. In this Cacing me ot ¢ Step 4 - Error detection and correction.

source encodes the message by inserting redundant bits
~— within the message. These redundant bits are extra bits

- thatare generated and inserted at specific positions in the

message itself to enable error detection and correction.
When the destination receives this message, it performs
recalculations to detect errors and find the bit position
that has error. =
Encoding a message by Hamming Code : The procedure
used by the sender to encode the message encompasses
the following steps - i
Step 1 - Calculation of the number of redundant bits.
Step 2 - Positioning the redundant bits.
Step 3 - Calculating the values of each redundant bit. - )

2. Reed - Solomon (RS) Code : Reed - Solomon error 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. AReed -
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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Application Areas of Reed-Solomon Codes :
prominent application arcas arc -

Storage areas like CDs, DVDs, Blu-ray Discs

2. High speed data transmission technologies such as DSL
and WiMAX

3. High speed modems .

4. QR Codes

5. Broadcast systems such as satellite communications
6. Storage systems such as RAID 6.

Concatenated code : Concatenated Codes is a type of error-
correcting code formed by the series combinations of two
or even more codes to form a complex one. By this
approach, a long length code 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 of something. Here in

reference to coding, concatenation is the series
combination of two different codes that forms 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
explanation. However, with technological advancements,
the concept was improvised and became popular.
Me =over, in the 1970s NASA started utilizing the
concater+ied 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
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Convnlu(lnnal Codes and its structure,

der will be rCPr‘-’Scmc‘d in mnr.iy differeny b

cquivnlcnl ways. Also, the main df:cod'|ng strategy for
lutional codes, hased on the Viterbi Algorithy, i

convo derstanding of convolutiona| Cadey

i un
be described. A firm ; |
is an important prcrcquisuc to the understanding Of tupy,

Describe

codes.

Strueture ¢
bits into the data strea
in Figure

A convolutional code introduces redunday,
m through the use of linear shif

registers as shown
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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.

Figure: Example convolutional encoder where x(i) is an
input information bit stream and c(i) is an output encoded
bit stream ey

The information bits are input
" 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 withno algebraic or combinatorial

into shift registers and the

foundation.
The code rate r fora convolutional code is defined as:

r=—

n

. where k is the number of parallel input information bits
and n is the number of parallel output encoded bits at one
time interval. The constraint length K for a convolutional

. code is defined as : - '
K m=+ 1 (2.2) where m is the maximum number of stages
(memory size) in any shift register. The shift rcgisters store
» the state information of the convolutional encoder and
the constraint length relates the number of bits upon which
the output depends. For the convolutional encoder shown
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in Fig. the coderate r=2/3  the maximum memory size m=3

) : ]
very complicated with various code Tates and constraint le
describe the code propertics as shown iy, fig.
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and the constraint length K=4, A convolutional cade can become
ngths, As a result, a simple convolutional code will be used to

\J

)

7 J
S & Figure : Convolutional encoder with k=1,n=2,r=1/2,m=2,andK=3.. _ : )
.Q10. Describe the method of decoding for the Viterbi and BCJR algorithms with the help of suitable diagrams. '_
Axs. 1. BCJR algorithm : The BCJR algorithm is 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 soft
decisions invented byBai;], Cocke, Jelnek and :
Raviv. The viterbi algorithm is an algorithm, which operates on the principle of the maximum likelihood degoding. The
maximumn likelihood decoder, which examine received sequence and detect a valid path which has the smallest harnmiqg
distance 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 a]gori?lun because of

backward recursions. ;

LSYS
-
=7 LP]
=E= =

B>
B~ DEC 2

p2 —

\ Fig : Structure of a Turbo Decoder based on either SOVA or the BCJR Algorithm, )

In decoding section the received sequence is partitioned in to three, that are systematic bits, and parity check bits 1 and 2
- Here the systematic bits, parity check bits] and a priori information, which is taken from SISO Decoder 2 is taken as the
input to SISO Decoder 1 and the decoder 1 outputs extrinsic information and the log likelihood ratio as a result of estimation
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of a bit sequence by use of
§0VA. §180 Decoder, which produces a-posterior]
information by decoding a-priori information. Systematic

mfo.tmation' parity information and a priori information are
the inputs to the SISO Decoder.

G

G’Stemaﬁc Information 1
rE SISO ‘ :

Pariyinformgtlon | 1 cODER
kwhﬂmmmq§

 a-posterlor Information
by : ; :

Fig : Structure of the SISO Decoder

Consider u = (u,, v, ... u) be the information bits
represented by the binary random variables. In the case of
systematic encoders, one of the outputs xs = (Xs,, X5;-.+
xs,,) is similar to the information sequence u and the nextis
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). In the case of radix-2 trellises
the log domain computations of ﬂie BCIR 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 intérleaved 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
andalog likelihood ratio. For a second 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 BCIR decoding of a convolutional
turbo cnoodcr's to 10 iterations are conducted.

Viterbl decording algorithm ; 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
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paths and keeping the most likely path throy hirey
in cach node. A hard decision on the transmitteq g
cquenQ

means that the path solection leaves with a single i
the Trellis. By usiag this algorithm the maximu lkefy M
sequence can be fourid. At the early point of the geg,
~ process, loss of valuable information takes place duef:
the hard decision making. a- priori information the ol
algorithm accepts the soft-inputs in the form of by itd'oe:
not produce' soft-outputs. By using the encoders Trel
diagram yiterbi algorithm works as maximum kel
séqliencc estimator. So that it selects a path with the higheg
likelihood by looking all possible sequences Trellis diagryy,

elly

J018,

e
1008

1010

111e

Fig : Trellis Diagram for one 8 State Constituent Encoder
It finds which path has the highest likelihood bY
°°“5_i,defiﬂg the Hamming distance between incoming bit
and possible transitions in the encoder (or Trellis) 53
metric. The BCJR algorithm, which produces asoft gstimate
for each bit by considering the incoming bitsasa maximu?

" a- posteriori probability (MAP) detection problem- Buttré
viterbi algorithm finds the most likely sequence and instesd
of maximizing the likelihood function for each bitit ™

et
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7 qveral Dits at oncc. So PC-”? algorithm has the best Q12. Describe Low-Density Parity Check (LDPC) code and
.crmrmnncc than the Viterbi algorithm, Consider a

% nstituent encoder with its trellis diagram, at whic) several Ans.

[ ]
wrlle its endoding and decoding,

assible paths arc available. The amount of memory
oquired 10 calculate the all possible paths is very large.
go to reduce the amount of memory viterbi introduces
paths through the Trellis dingram with smallest Hamming
distance arc known as survivor paths, Consider K is the
constraint length of the encoder that is the encoders memory
pllus 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
forward through the branch and depends on the code in
the Frame new decisions are made,

Low - density parity check (LDPC) cade is a linear error-
correcting block code, suitable for error correction in large
block sizes transmitted via very noisy channels, LDPC
was developed by Robert G, Gallager, in his doctoral
dissertation at the Massachusetts Institute of Technology
in 1960. So, these codes arc also known as Gallager codes.
* Encoding by Low-Density Parity Check Codes : Alow
- density parity check (LFPC) code is specified by a parity-
check matrix containing mostly Os and a low density of Is.
The rows of the matrix represent the equations 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 of 1s in each column and is the

Q11. Whatare turbo codes? And what role of turbo codes. number of 1s in each row, holding the following properties

Ans. Turbo codes form the basis of mobile communications in - '
3G and 4G networks. Invented in 1991 by Claude Berrou, j isthe small fixed number of 1’s in each column, where j >
and published in 1993 with Alain Glavieux and Punya 3 '
Thitimajshin'la, they have now become a reference point

_ inthe field of information and communication

technologies. As Télécom Bretagne, birthplace of these
“error—_correcﬁ_ng 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.
Role of turbo codes : 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 extremely costly in terms of bandwidth
and energy 'r':on_sumption.

k is the small fixed number of 1's in each row, wherek > j.

Exanmple I - Parity Check Matrix of Hamming Code : The

following parity check matrix Hamming code havingn=7,

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

given alongside -

-Parity Equations

1.1 1 01 0 0 |x=x+rntgory+ntnte=0

11 0 1 0 1 0rx=x+ntxorn+ntr+y,=0 "/

Turbo codes are a much more developed way of integrating 101 10 . 0 1 |n=xntoinornsg+yty=0
information redﬁndéncy._Thcy are based on the '
transmission of the-initi'alfﬁé'ssagc in three copies. The
first copy is the raw, non-encoded information. The second
is modified by encoding cach bit of information using an
algorithm shared by the coder and decoder, Finéily,
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 decoded and compared in order to find
the original message.

Example 2 - Low - Density Parity Check Matrix : This
examples illustrates an (12, 3, 4) LDPC matrix,i.e.n=12,j=
3 and k = 4. This implies that each equation operates on 4
code symbols and each code symbol appears in 3
equations. Unlike parity check matrix of the Hamming code,
this code does not have any diagonal 1s in parity bits.
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decoding techniques of LDPC codes - 'l L,

1. Inthe firsttechnique, the decoder does all the parity checks Aﬂs‘;’: ;‘e SNRof 8 kHzwhite bandlimited Gaussiap Changy)
as per the parity equations. If any bit is contained inmore ** haiinél capacity is:
than a fixed number of unsatisfied parity equations, the lls 22 : : fbgl:c ;, J;;’* 53.26 Kbps
value of that bit is reversed. Once the new values aré ﬁlﬁ {7Kbps ‘ "51‘3;26’.184. Kbps
obtained, parity equations ar: recompu&d using the new i 3 ‘J P . d oF
values. The procedure is repeated until all the par ity ATSWEr: i S .
"equations are satisfied. This decoding procedure is simple The chane! capnclty‘lf\mgﬁ{‘;{ [ed. o s
and but s applicable only when the parity-check sets ar¢ !
small

2. The second method performs probabilistic algorithms on
LDPC graphs. The graph is a sparse bipartite graph that
contains two sets of nodes, one set representing the parity Answer : 1 AR
equations and the other setreprescnting the code symbols. 6. A binary random varlable Xukes he value 2 or-2. Ty
A line connects node in first set to ths second if a code probability P(X =2) = ?'3@_‘“'“" of (rohnded oy |

symbol is present in the cquation, Decoding s done by  ome d°°im'f‘| place), fonzfncl‘l it Pﬁ“"pyﬁbf Xis

passing messages along the lines of the graph. Messages maimum,is R

are passed from message nodes to check nodes, and from Answer:0.5 T .
7. Fora White Additive Gaissian Channel, the chamel

check nodes back to message nodes and their parity values - i s o
are calculated The two subclasses of these methods are bandwidih is 100 MHZ’*_a.‘Tdth”_ 8/N power ratiois 40d3,
find the Channel capacity.in bits/sec

belief propagation and maximum likelihood ecoding.
Though these decoding élgorithms are complex; they yield 1.1328.786 x 10°bitslsec
better results than the former. oy 2.1248.687x 10°bits/sec
OBJECTIVE QUESTIONSANDANSWERS > 1245.687 x 10billco
1.~ An event has two possible outcomes with probability P, 4.2245.687 10_6 bits/sec

Rt |

1, bits per channel . S
2, number of input channgls connected
3. calls per channel E

4, number of output channels connected
oo d

‘ 1

= 1/2.and P,= 1/64. The rate of information wih 16 Answer:l ‘
outcomes per second is: 8. Channel capacity of anoise-free channel havingm *
1, (384 bitssec 2. (38/64) bitslsce | symbols is givenby: -
3,(38/2) bits/sec 4. (38/32) bitslsec . lL.m! 2.2
Answer:] DT 3.Logm 4m
Answer: 3 !

2 Let(X,X,)be independent random varibales, le has
mezn 0 and variance |, while X, has mean | andwariance 9, Aspeech signal, band-limited to 4 KHz, is sampledat B
4. The mutual information I(X, X,) between X, and X, in times the Nyquist rato, The speech samples assumed 0

bits is

o)
P —
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pe statistically independeny and y
the range =5 V10 +5 V. qare Subseq
g-bit uniform quantizer and thep

mt‘onnly distributeg in
uently quantizeq inan
ransmitted oyer g

reliable transmission of (o sign
small probability of transmissiq
wo decimal places) is

Answer: 9.24-9.28

10. - For asystem having 16 distinct s

al with an arbitrarily

nerror (rounded off to
kliz,

: } ymbols, mhximum
cntropy 1s obtained when probabilitics are:
1.1/8 2.1/4
3113 4.1116

Answer : 4

11. Ananalog baseband signal, band-
sampled at the Nyquist rate, The

into four message symbols that occur independently
with probabilities P =P =0.12

\ . SandP,=p The
information rate (bits/sec) of the message source is

limited to 100 Hz, is
samples are quantized

Answer: 360-363

12. A binary communication system makes use of the

symbols “zero” and “one”, There are channel errors.
Consider the following events:

X,: a"“zero” is transmitted

X,.a “one” is transmitted

Y, a“zero” isreceived -
y,:a“one” is received

The following probabilities are given:

1 3 y 1
P(xo)=EaP(J’o |x0) =:!-and P(Yy Ix[)=5‘~.

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 A

Answer:0.80-0.82

13. is also called vertical redundancy check, one of

the types of error 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 six messages with probabilities 1/8, 1/8, 1/8,
1/8, 1/4, and 1/4 respectively?

al Communication Systems

1.1 bilslmcssagc 2:25 bits/message

KK hilslmcs;agc
Answer 12
15, If the probabiljg

! ) Y of a message is 174, then the
information in bits is:

4.4,5 bits/message

1. 8bit 2. 4bit
3.2bit 4, | bit
Answer : 3

16. In a high school havin
and gir! students, 75
and the remaining 2
Commerce students
than are Science sty

& cqual number of boy students

% of the students study Science

5% students study Commerce,

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

Answer:3.320-3.325

17. AnIdeal power limited communication channel with
additive white Gaussian noise is having 4 kHz band
width and Signal to Noise ratio of 255. The channe)
capacity is:

1. 8 kilo bits/see
3. 16kilo bits/sec
Answer : 4

2.9.63 kilo bits/sec
4,32 kilo bits/ sec

- 18. Discrete source S'l has 4 equiprobable symbols while

discrete source S, has 16 equiprobable symbols. When
the entropy of these two sources is compared, the
entropy of:

1. S, is greater than S,
2.5, islessthan S,
3.5, isequalto §,
) Depends on Fate of symbols/second
Answer : 2 '

19. In a binary source, 0s occur three times as often as is.
What is the information contained in the is?

1.0.415bit 2.0.333 bit
3.3bit " 4.2bit
Answer: 4

20. A source produces three symbols A, B- and C with
probabilities, P(A)=1/2, P(B)=1/4 and P(C)= 1/4. The
. source entropy is

. 1. 1/2 bit/symbol
2. 1 bit/symbol
3. 11/4 bits/symbol
4,1 1/2 bits/symbol

Answer : 4



Notes :




