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Define any three types of noises. Calculate coding efficiency of a six symbol source with
probabilities P={0.36, 0.18, 0.12, 0.09, 0.07} using Shannon Fano and Huffmen's coding
techniques.

State Nyquist sampling theorem. Explain natural sampling with its appropriate

mathematical derivation.

a) Twenty four voice signals are sampled uniformly and then have to be time division
multiplexed. The highest frequency component for each voice signal is equal to 3.4
kHz. Now,

(i)— If the signals are pulse amplitude modulated using Nyquist rate of sampling, what
- would be the minimum channel bandwidth required.

(it} If the signal are pulse code rmodulated with an 8 bit encader what would be the
sampling rate? The bit rate of the system is given as 1.5x10° bits/sec.

b} Explain the need for non uniform quantization. Determine the SQNR for delta
modulation with no slope overload condition.

State and derive the relation between entropy and information rate. Derive the expression

which shows the limit of Shannon's channel capacity theorem when bandwidth tends to

infinity.

Explain the generation and non coherent detection for BFSK signal and also show the

signal space diagram for a BFSK signal. :

Explain threshold effect in detection of FM signal. Derive the expression of error

probability for coherent detection of Phase Shift Keying (PSK).

The 1/3 rate convolutional encoder with constraint length equal to 3 has following three
generator sequences each of length 3.

( () (1) gg))"(() 1,1

(‘gg, ),g§ )@ ),0,1)

68)e8.68) =110

Determine the encoded sequence for the following input message
(migynty,mp,ma,ma)=(1 001 1)

Write short notes on:

ay The eye diagram .

b) The EI digital hierarchy
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Discuss the importance of source coding in Digital Communication system. A DMS emits
one of the seven symbol with probabilities P = [0.25, 0.2, 0.15, 0.08, 0.07, 0.03, 0.02].
Find the coding efficiency, Code Redundancy for both Shannon-Fano coding and Fixed
Length Coding and compare result.

Define the Aliasing and Aperture effects in Sampling. Explain the types of sampling
techniques with waveforms.

a) What do you mean by coﬁpmding? Briefly explain the operation of Differential PCM
(DPCM) along with derivation and block diagram.

b) The bandwidth of a TV plus audio signal is 4.5 MHz. If this signal is converted to
PCM with 1024 quantization levels, determine bit rate of the resulting PCM signal.
Let us assume that the signal is sampled at a rate 20% above the Nyquist rate.

What do you understand by Inter Symbol Interference (ISD)? Explain modified Duobinary
coding technique and illustrate it using binary input sequence 10110011,

Explain the Delta Modulation encoder and decoder with its derivations and diagram.
Compare between PCM and DM?

Explain and compare ideal and practical RC filtering of white noise with respect to
change in autocorrelation function,

Find the detection gain for SSB-SC demodulation and compare with DSB-SC.

8. Define hamming distance and hamming weight.v For a (6,3) code, the parity check matrix

, 1 01 00 v
isgivenby H={0 1 1 - 1 0}.Determine whether a received code vector 100101 is
110 01

. eTroncous.

Write short notes on: (Any two)

a) M-ary baseband data communication
b) Threshold effect is WBFM
¢) Convolutional coder with example
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Compute coding efficiency of a source with symbols {Ao,Al,'Az,A3,A4} with
corresponding probabilities {0.4,0.3,0.15,0.1,0.05} using (i) Binary coding (ii) Shannon-
Fano Coding (iii) Binary Huffman Coding [2+2+2]

Define Sampling. Explain with proper illustration the Natural Sampling and Flat Top
Sampling. Find the Nyquist rate and the interval for m(t) = sin?(400mt) ' [6+4]

. What is companding and why it is necessary? Explain any two types of companding
techniques. [2+5]

Discuss with examples, the 1mphcat10ns and llmltatmns of Shannon Hartley Channel

- -capacity theorem. [8]

.-.Draw the timing diagram of Polar NRZ, Polar RZ, Manchester and unipolar Rz for the

following binary sequence 101100001000000000111. [6]

. 'What do you mean by Stochastic Process? Explain with necessary derivation passage of

wide-sense random signals through a LTL [2+10]

Derive the expression for evaluating error probability in binary baseband system and
compare it with M-ary system. (8]

What do you mean by optimum detector? Find the impulse response of optimum detector
in the presence of additive white noise. [2+6]

Define Hamming Weight and Hammlng Distance. Construct a (7, 4) cychc code using a
generator polynomial g(x)=x’+x?+1 with data vector 1011. [4+5]

10. An analog baseband signal, band limited to 100 Hz, is sampled at the Nyquist réte. The

samples are quantized into four message symbols that occur independently with
probabilities pl = p4 = 0.125 and p2 = p3. Determine the information rate (bits/sec) of the
message source signal. ’ v [6]

LE 2]



25 TRIEHUVAN UNIVERSITY [ Exam. B
INSTITUTE OF ENGINEERING ' Level ~ |BE G Full Marks
Examination Control Division | Pr ogr&mme BEX Pass Marks | 32 '
2074 Chaitra Year/Part |IV/I Time 3 his.

Subject: - Communication System II (£X702)

AN NN

JUwry
“ .

(O3]

10.

Candidates are required to give their answers in their own words as far as practicable.

Attempt All questions.
The figures in the margin indicate Full Marks.
Assume suitable data if necessary. -

" The source of information symbols {A0, Al, A2, A3 and A4} have corresponding
probabilities {0.4, 0.3, 0.15, 0.1 and 0.05}. Encode the source symbols using Huffman
ericoder and Shannon-Fano encoder and compare their efficiency. [8]

Briefly explain the terms "sub-sampling theory" and "operture effect". [2+2]
Explain E1 hierarchy of TDM-PCM Telephony. A television signal having a bandwidth

of 42 MHz is transmitted using binary PCM system. Given that the number of
quantization level is 512. Determine: [4+6]
i) Code word length

iy Transmission bandwidth

iii) Bit rate

iv) SQNR

What is ISI? State two solutions for zero ISI. Explain duo-binary encoding with the use of
precoder.

Draw the timing diagram of Polar NRZ, AMI and Manchester for the following binary
sequence 1011000010000000001. [6]

What do you mean by optimum detector? Show that the impluse response of the matched
filter is reverse delayed version of the input signal. Explain auto correlation function.  [2+6+3]

[2+6]

- What do you mean by Ergodic Stochastic Process? Explain w1th necessary derivaion
passage of wide-sense random signals through a LTI 12+10]
What is detecting gain? Prove that for 100% modulation of (DSB-AM), the detection gain
is less than 1. _ 7 ) [8]

. Define Hamming distance and Hamming weight. .Explain the operation a 1/3
convolutional encoder. [2+6]
Why is non uniform quantization required, explain any ene algorithms for implementing
non-uniform quantization. 51
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.Six messages are transmittéd‘with probabilities 0;3, 0.08, 0.1, 0.15, 0.25 and 0.12
respectively. Obtain their respective shannon-fano and Huffman's codes and code
efficiencies. e ‘

Ilustrate and explain the ideal sampling and reconstruction of sampled signal. Find the

- Nyquist rate and the interval for 2 n Cos(400mnt) Cos (1000nt). -

a) Differentiate between uniform quantization and non-uniform quantization. Why is

(8]

[6+4]

non-uniform quantization done for speech signal? Explain about companding laws. [2+2+2]

b) Explain why DPCM is preferred over PCM? Explain the working principle of DPCM

with necessary transmitter and receiver.

* Briefly explain Shannon Hartley channel capacity theorem its implication and theoretical

- limits. Show that channel capacity (C) = 1.44 S/Np, when the channel Band width tends to

~ infinity.

a) Explain the differences between T1 and E1 digital hierarchy.

b) With necessary derivations show that in case of PCM, SQNR increases approximately
by 6dB for each extra bit used. :

Represent binary sequence 10110101 in Polar NRZ, unipolar RZ, AMI and Manchester
codes.

Explain the modulatién and demodulation techniques used in QPSK.

8. | Derive expression for evaluating error probability of M-ary system.

The genérator polynomial of a (7,4) cyclic code is G(p) = P?+p+1. Obtain the code vector
for the code in non-systematic and systematic form with message vector 0101. ’

EE 2]
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Discuss the importance of source coding in Digital Communication System. A discrete
memory less source emits five symbols with probabilities P= {0.3,0.25,0.2,0.15,0.1}, find
coding efficiency for both fixed and shannon- Fano coding and compare results. [6+4]

Define the Aperhue and Aliasing effects? A signal g(t) = 10 cos(20mt) cos(200mt) is
sampled at the rate of 250 samples per second, then () determine the spectrum of the
resulting sampled signal, (ii) specify the cut-off frequency of the ideal reconstruction

.

filter so as to recover g(t) from its sampled version, and (i) determine the Nyquist rate

| for g(t). ’ [7+3]

o Differentiate between uniform and non-uniform quantization. The information in an
analog waveform with maximum frequency 4KHz is to be transmitted ovet a 16 - level

" 'PCM system. | [4+6]

E a) What would be the maximum number of bits per samplé?

'b) What is the minimum sampling rate and bit rate?

. @) Explain any one type of correlative coding technique with its impulse response and
" transfer function. Mention how can we minimize error in duo-binary coding. [6+2]
b) Given the binary sequence 1101010011 represent in polar NRZ, polar RZ, v
.~ Manchester and AMI codes. 4
What are the design goals of digital modulation techniques? Explain coherent binary PSK
modulation technique with its signal space diagram, modulator and demodulator. - [2+8]
Explain noise equivalent bandwidth. Prove that the impulse response of matched filter is a
time reversed delayed version of input signal S; (). [10+2]
Calculate detection gains for DSB-FC, DSB-SC and SSB and Also compare them. [8]

Why convolution coder are better suited than block coder? Determine systematic and

non-systematic code vector for a (7,4) cyclic hamming code for message vector {1010}

with generator matrix g(x) = 1+xtx’ ' [2+6]
sekook
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Distinguish between the Source coding and Channel coding. A discrete memoryless
source has an alphabet of five symbols Sy, S;, Sy, S3, S4 with probabilities of 0.55, 0.15,
0.15, 0.1 and 0.05 respectively. Determine the Huffian code for each symbol and

calculate high the coding efficiency. C[3+2+2]

State Sampling theorem in terms of transmitter and receiver. Explain aliasing and
aperture effect with remedy solutions. [4+6]

a) Derive expression for evaluating signal-to-quantization noise ratio (SQNR) for

- uniform quantization in terms of number of levels and number of bits per source
-symbol.. [7]
‘ib) Describe E1 frame and its TDM hierarchy along with signaling rate. | [3+3]

.- A continuous signal is band limited to 5 KHz. The signal is quantized in 6 levels of a
) . 1111 1 1
o - syst ith the probabilities —,—,—,—,—and-—. Calculate the entr d
_‘”’PCM system wi e pr§ abilities WRRT: 32an 2 alculate the entropy an
information rate. : [5+5]
5. Explain intersymbol interference (ISI) in baseband digital communication system with
- derivations. Also explain the ideal and practical solutions of ISI. [4+3+3]
6. Derive the expression for the IR of a matched filter. , [8]
7. a) Compute the figure of merit of non coherent FM System and explain the threshold
effects. | [6+2]
b) 'Derive the expression of error probability for coherent detection of Amplitude Shift
Keying (ASK). . [6]
8. Define Hamming Weight and Hamming Distance. Construct a (7, 4) Cyclic Code usinga
generator polynomial g(x) = x>+x*+1 with data vector 1011. [2+6]
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1. If a source emits symbols X; = {A, B, C, D, E, F} in the BCD format with
a) Probabilities P(Xi) = {0.3,0.1,0.02, 0.15, 0.4, 0.03} at arate Ry=14.4 Kbaud, find the

following: (5]
i) Information rate o _
ii) Coding efficiency both with BCD and Huffman coded signal T
b) Explain Huffman codes with examples. ' ' 4]
2. State Nyquist sampling theory. Determine the Nyquist rate and Nyquist interval for a
continuous time signal x(t)=6cosSOHt+2OSin3OOHt-1OCOSIOOHt is to be sampled and
quantize using 512 levels. : [2+5]
3. Explain E1 digital hierarchy as related to telephony system. Evaluate the expression of
SQNR in uniformly quantized PCM system. . ' ~ [4-+4]
4, Explain Shannon channel capacity theorem. Write down theoretical limitations of this
© theorem. ' ; S , [2+3]
5. a) Define Inter Symbol Interference (ISI) in baseband (Eiigital Ac'omr'xviunica.tion systém. '
Explain the ideal and practical solution for zero ISL S R \£2+6]
b) Represent binary sequence 1001001101 in polar, NRz polar RZ, Manchester and = -
AMI codes. , - o ~ o [4]
6. What do you understand by optimum detection? Show that the ii_npulse' response of the ‘ ’
optimum detector network is the time shifted replica of the incoming signal. - [2+5]
7 Find the error probability in coherent ASK and PSK detections and show that ASK
requires double the average signal power than PSK for same error probability. - [4-+3]
‘8. Explain the modulator, demodulator and signal space diagram for FSK Modulation. .. [6]
9. With necessary derivation, compare noise performance of DSB-Am, DSB-SC, SSB-SC. [8]
10. Define Hamming weight and Hamming distance for a code vector x = (O 00) and the
parity check matrix H given below. Prove that, the given code is Valid.i [2+4] -
‘Mmii10100 ’ |
H={1.1 0 1011
101100 1j,
11. Write short notes on: (any two) | : | Lo SR v [_5],__.

i) Noise Equivalent Bandwidth .
ii) M-ary baseband data communication , TR
iii) Eye Diagram o o
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. Explain in brief the functional block diagram and the basic elemenths of a digital
communication system. Explain Shannon-Fano coding,

State and prove sampling theorem. Define aliasing effect and aperture effect.
. a) Explain working principle of PCM with necessary figures and equations.

b) A PCM system uses a uniform quantizer followed by a 7 bit binary encoder. The bit
rate of the system is equal to 50*10° bits/sec. '

i) What is the maximum message signal bandwidth for which the system
operates satisfactorily? ‘ o

2.
3

. Explain the necessity of non-uniform quantization for speech signal. Derive the
-+ expression for signal to quantization noise ratio in delta modulation. )

a) Given the binary sequence 1011001010 represent ‘it in Polar NRZ, Polar RZ,
.. Manchester and AMIcodes. = e

e "ab) What do you understand by intersymbol interference? Explain Duobinary -coding
~ technique with precoder and illustrate it using binary input sequence 0010110,

'6. Prove that the impulse response of the matched filter is reverse delayed version of the
input signal.

7." Find the detection gain for SSB-SC demodulation and compare it with DSB-SC, B
8. Derive the expression for evaluation the gain parameter (SNRy/SNR;) of non-coherent
FM detector. o , . RS T

9. Derive the general expression for evaluating error probability for binary Ask system and
extend it to M-ary. : ' ~ -
10. Define Hamming weight and Hamming distance with examples. Validate the code if

. 1 01100
- received code vector code is [100011] giventhatH=[O 1 101 O]

1100 0 1]

LT

[5+3]
[5+3]
(51

[2+6]

[41

[2+5]

[8]

[3+3]

[8]
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[3+4]
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. Write down the significant of variable length coding with relevant example. A fixed

length source encoder generates six symbols with probabilities {0.2, 0.15, 0.25, 0.05, 0.3,
0.05} and encoded by unique code word. Find entropy and maximum code efficiency. [2+3] -

- Explain Sub-sampling theorem. A signal x(t) = sinc(5xt) is sampled (usmg uniformly

spaced impulses) at a rate of 10 Hz. v [2+2+7*1}
i) Sketch the sampled of signal (not to scale); '

‘i) Sketch the spectrum of the sampled signal for the range || <30 Hz;

iii) Explain whether you can recover the signal x(t) from the sampled signal.

Explain basic process of Non-uniform quantization including companding technique of its
realization. An audio signal of frequency 4 KHz and maximum dynamic range-of +2.4V
is digitized by PCM system with its bit rate of 64 KHz. Calculate numbers of bits per
sample, quantization noise power and SQNRgg. Estimate the minimum bandwidth

’{requlred for TDM of 10 such audio signals (assume no extra framing and synchronization
. blts) [3+3 +2]

A Delta modulator is used to encode speech signal band-limited to 3KHz with samplmg
, frequency 10 KHz. For maximum signal amplitude of Apax = 1, find: - [2+3+1]

i) }Mlmmum step size to avoid slope overloading.

10.
11.
12.

‘ii)'j-.f};Assuming the speech signal to be sinusoidal, find Signal to quantization noise ratio

iii) Determine the minimum transmission bandwidth.

- What is ISI? State Nyquist pulse shaping crzterla for zero ISIL Explam duo-binary

encoding with example. ‘ [2+2+4]
Why DPSK is preferred than PSK? Explain the Modulator Demodulator and Signal

Space Diagram for DPSK system. o [1+24+2+1]
Define Matched filter. Explain the approxxmatxon of the matched filter for a rectangular o
pulse using a single pole RC low pass filter with variable bandwidth. "". [2+6]
What do you mean by Random process? Explaln white noise w1th it's PSDF and
autocorrelation function. : [2+4]
With necessary derivations, explain the threshold eﬁect in envelope detector f Lor DSB-FC
modulation in analog communication system. : [7]
Derive the expression of error probability for binary PAM signal. . [5]
Explain Convolutional Coder with suitable example. - [6]
Write short notes on: (any two) ‘ [2x4]

i) Eye diagram and its significance in digital communication system
ii) Line codes
iii) Adaptive Delta Modulation

ki
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Explain the importance of source coding in digital communication system. A discrete
memory less source emits four symbols with probabilities P = {0.125, 0.125, 0.25, 0.5}. If

“the output symbols are encoded using Shannon Fano code, find the Coding efficiency and

fcompare the coding efficiency with that of BCD code. . ‘ [2+4+2]

State Nyquist sampling theory. Determine the Nyquist rate and Nyquist interval for a
continuous ' time signal x(t)=6c05501'1t+2()sm3OOHt-1OcoslOOHt is to be sampled and
quantize using 512 levels. [2+5]

.,.Explam E1l digital hierarchy as related to telephony system ‘Evaluate the expression of

: _j.SQNR in uniformly quantized PCM system. , : 5 [4+4]

Why is IPCI siiperior mver PCM‘7 Explam its working: prmcxple with: necessary.: ﬁgures and
A - [2+5]

What is Shannon's channel capac1ty theorem" Write :down theoretleal llmltatmns of this

' theorem. (I o SRR L ‘v : [HB]

S*j:fi~State Nyquist Criteria for zero' ISI in ‘both time: and: frequency domam ‘What are two major
‘uj"d1ff iculties with.duo bmary eneodmg methodand explain how can they besolved?. = [3+6]

. :"Represent ‘binary sequence 1001001101 in -polar, NRz, polar RZ, Manchester and AMI
-codes. ‘ (4]

Define moment and central moment of continuous random vanable Show that first central

. moment is always zero. Determine the noise equivalent bandwidth of RC-LPF and that of

10.

11.

12.

ideal LPF of zero frequency response one. Also, find output noise power of this RC-LPF

when input is white noise. o ‘ 5
What do you mean by optimum deteetor" Fmd the 1mpulse response of optlmum detector in
the presence of additive white noise. : L . [1+6] S
Derwe the expression for evaluatmg the gam parameter (S\TRO/SNR) of nen-coherent FM |
detector. _ e . [81 -
With necessary assumption, derwe the expressmn for blt error probabﬂlty fml bmary ASK
system. : - [6]
Define Hamming weight and Hamming distance for a code vector x = (0111000) and the
parity check matrix H given below. Prove that, the given code is valid. ~ [2+4]
11101-00] .
H=i1 1 0 1 0 1 1
1 011 001

Ix7 -
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Explain the importance of source coding in Digital Communication System. A discrete
memory less source emits one of the eight symbeols with probabilities P = {0.25, 0.20, 0.2,
0.15, 0.08, 0.07, 0.03, 0.02}. If the output symbols are encoded using Huffman code, find
the Coding efficiency and csuiput bit if the symbol rate of the source is 1000 symbols per

second. B [2+4+2]
State and explain Nyquist- Katelmkov sampling theorem with time domain and frequency
domain analysis, Define aliasing and aperature effect. ' [6+2]

[2+3+2]

) | Find SQNR of the PCM signal

‘_/

Find the sampling frrequency required when same signal uses delta modulation
for ‘:ame SQNR

) If the .system uses DM using Nyquist sampling rate, find SQNR degradation in
DM as compared to PCM,

- What do you mean hv ﬂampanding‘? Explain T1 hievarchy of TDM-PCM telephony. - [2+4]

What is ISI? State Nyquist pulse shaping criteria for zero | s |. ‘Explain duo-binary -

encoding with example. 2+2+6}

What do you understand by differential cbding‘? Explain differential phase shift keying -

modulation and detection with example and diagrams. ) 3{2+5] 

Prove that the ‘mpulse response of the matched filter is a time reversed delayed version of . .
the input szg,nai Sﬂ‘f} ‘ - 6]

With necessary derivations, compare the noise performance of DSB-SC and S8B-SC

modulations in anaiog communication system. - [6]

Define random process? show that the output of LTI is WSSP if the input is also a WSSP. [2+6]

What is the ‘impoftance of hamming distance and hamming weight in coding theory?
Explain with example the syndrome decoding method in linear block coding. [2+5]

Derive the expression of error probability in case of M-ary system. Compare binary and
M-ary scheme in terms of bandwidth efficiency and system complexity. [5+3]

Fok
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Assume suitable data if necessary.

. Elaborate importance of source encoder? Write algorithm for Huffman’s coding.

What are the practical factors to be considered while sampling? Explain. If two band
limited signals X;[t] and X,[t] have bandwidths of W, and W, Hertz respectively,
sﬁmate the maximum - sampling interval mqw&md for the signai given by
Yt =X [ Xz [1]

What are the signalling {bﬂ.} rate and bmdw}dth reguirement for the Ti and E1 digital

carrier systems‘? Explain bﬁeﬂy about Differential Pulse Code Modulation (DPCM)
encoder. ‘

[2+3]

[6+2]

[3+4]

Define PMA PWM and PPM with cor*espandmg waveforms. A Television signal having -

a bandwidth of 4.8MHz is transmitted using binary PCM system. Given that the number

if) Trensmigsion bandwidth
iii) Final bit rate
iv) Output signal‘to quzmtizatiwn neise ratio

.- Derive the expression for evaluating signal to, quantization noise mti@ @QNR) for Deita

modulation.
Represent bmm’y ac,quema ’{)11‘}{)101@ in Pular NRZ Polar RZ, Manchester and AMI

‘ codes

10,

11.

12.

Explain the Modulator Demodulator and ‘mgnal Space Diagram fcor QPSK ‘modulation
with relevant derivations.

Differentiate between message and mformatmn‘? A discrete source is emitting one of 5
1

posmbks syymbols per 10 Microsec. The pmbabﬂmw are %’%’%’16 .

c'md~L . Find (a)
16
Symbol rate (b) Source cntmpy (c) Information rate

Explam the approximation of the matched fiiter for a rect‘mguiar pulse using an Ideal low
pass filter with variable bandwidth.

Derive the expression for evaluatmg error probability in binary communication system?
What is threshold effect in FM? How it can be minimized?

The generator palynomlal of a (7,4) cyclic code is g(x) = 1+x+x’. Find the code for the
message vector 1011 in a non-syste matic and systematic form.

Write short notes on:

2) Linear prediction theory/coding
by White noize and its psdf

Hioke

" of quantization levels is 512. Determine: o [L5+I41L5+1.5+1.5]
1) Codeword length '

™ "R S
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Candidates are required to give their answers in their own words as far as practicable.
Attempt All questions.
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Assume suitable data if necessary.

What is source coding? Develop Huffman coding of a 5 symbol source with probabilities:
Se=103, S5;,=025 S;=072, S3=015 Ss=0.1. And also calculate Coding

efficiency. : ‘ O [143+1]

a) With mathematical derivaﬁon show that original band limited signal band limited
- signal can be reconstructed. from its samples taken at Nyquist rate. »

b) What is aliasing effect and how it can be minimized?

a) Find the signal to quantlzatlon noise ratio in Umform Quantlzatlon in term of no of

T f?“f’b1ts per source sample.

b) Explain functional block. dlagram of the PCM system. Find the 51gnahng tate of the Ty,
. system and draw its frame diagram.

- the bandwidth of the channel B tends to infinity.

+4  State Nyquist pulse shapmg criteria for Zero ISL Dlscuss any one pulse shapmg‘
- method of ISI reduction.

OR

b) A discrete source. emits one of 6 possible symbols per 10us in statistiéally

independent manner. The symbol probabilities are %4, %, %, 1/8, 1/16 and 1/ 16’_

respectively. Calculaie symbol rate, entropy and information rate.
a) What is DPSK and how it can be implemented?
b) What is modem? Discuss the modes of operation of modems.

a) Define noise eq;ui;/alent bandwidth. Find mean and AC function at the output when a
WSSP signal is passed through the LTI system.

b) Realize the md{ched filter with relevant mathematical support.

. a) What is capture effect? Calculate the gam parameter in DSB-FC with envelop

detectlon

b) Compare AM and FM in terms of power efﬁ<:1ency, brand width efficiency and’

system complexity. Calculate the error probability of coherent ASK.
a) Define Hamming Weight and Humming Distance.

b) What, is binary Cychc Code? Construct a (7,4) Cyclic Code using a generator
pol'~ nomial g(x) x+x>+1 with data vector 1011

* sk

{
|

151

Bl

(8]

i [3‘+3] “

gl"a)ﬁ__:;.Deﬁne Information and Entropy. Calculate the upper hmlt of the channel capac1ty es

124

[6]
[4]
[4]

[3+5]
[4]

[2+5]

[3+4]
[2]

[1+4]
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What are the advantages of Digital Communication System as compared to analog
. communication system? Elaborate the importance of Source and channel encoders in
Digital communication system.

2. What do you mean by aperture effect in Sampling? How can it be corrected? A band pass
sxgnal with the spectrum in the range of (80-115) KHz is to be dlgmzed Calculate
minimum sampling frequency required for the signal..

3. Explain the E1 digital hlerarchy A speech signal with maximum frequency of 4 KHz and

Calculate the SQNR -and number of bits per sample
; t‘ do you mean by compandmg Why is it necessary’? Explam different ty‘pes of

quantlzed in 8 levels, the. probab;l),ty of occurrence.of the level are 0.1, 0.15, 0.15, 0. 05,
10.2,0. 05 0.18,0.12. Find the mlmmum no of bits per sample and information rate.

6. What is ISI? Explam two practical methods of minimizing ISI.
7. Explain FSK modulation with its modulator, demodulator and signal space diagrams.

8. What do you mean by random process? Explain White noise with its PSDF and Auto
correlation function. : :

9. Derive the expressmn for error probablhty for binary PAM system and extend it to M-ary
system.

" 10. Explain the threshold effect in non coherent detectwn of FM signal. How can it be
corrected?

11. Derive the expression of error probability for coherent detectlon of Amplitude Shift -

Keying (ASK).
12. Write ‘notes on:

a) The éye diagram
. b) Syndrome calculation in linear systematic block code.

ko

. maximum amplitude of £ 1.1V is apphed to a PCM system Wwith its bit rate of 32 Kbps.
- [4+3]

[2+3]

[5+3]

h 4]
mal of bandwidth 4.5 KHz is sampled at the double rate’ glven by Nyquist, the 51gna1 : B

“
[2+6]
18]

- [6+2]

[4+3].

[6]
[8]
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1. State Nyguish sampling theory? Why sub-sampling is done in digital coni:hunication?
Explain the effects of deviation that arises because of practical sampling as compared

with ideal sampling. , [142+3]

2 What do you mean by Pulse Code Modulation? Differentiate between uniform
quantization apd.non-yniform quantization.. [3+5]

3 Explain the operation of Differential PCM along with its derivations and diagram.

.Draw the staircase approximation diagram using delta modulation for the data

+21111000010101010. ' ) ‘ . [6+2]

An analog signal bandlimited to 10KHz is sampled at Nyquist rate and quantizedin 8

- levels with probabilities of 1/4, 1/5, 1/5, 1/10, 1/10, 1/20, 1/20, 1/20 respectively.

: {»Calculate the entropy and the information rate, S 18]

What do you mean by duo-binary encoding? What is its importance? Explain duo-

.~ binary encoding with example, o | - [4+4]

6 lvi,::i,,Blia‘f’sk-gthe spectrum and Autd-correiaﬁéh function with the necessary éeriya_;ipxx; for -
- the White Noise passed through the a RC low pass filter. - . [8] -

7 What is the signficance of Noise Equivallent Bandwidth in communiCatibn system?
Derive the expression for Noise Equivallent Bandwidth for the case of Bandpass
- filter. - 4 S | [4+4]
8 What is detector gain?Prove that for 100% modulation of DSB-AM; the detector gain is
lessthan 1. o - [2+6]
9  Why pre-emphasis and deempharis networks are used in FM system? Explain, [8]
10 Write short notes on: - ' [4x2]
) Colvolution coding - ‘

(b) Distortion ‘
: sk
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1. State and ezp lain meuts of dig?tal com‘numsatmn ﬂys“ms D iscuss the "+
- si ic _LEI"le 'flf‘OdeT and-channel modulator i in DCb o (4+6)

X‘Qlam any two ISsues {GOHS‘dPIaﬁOHS) that have to be ta_ ken care of while L
sa.m:;hng continuous time signals, A ea_rtl-ﬂ:lluaku data recorder traces the signals -
that uﬁd:lg its po lanz.y a maximurn of f thirty times each 10 sez. Estimate the
Nyquist sampling fIGC!LETlCY and the data rata ifthis szgﬂal is to be converted into |
ali}bltPCMsL,nal SR 4 L (644

3. -Defing quantization. A szgnal havn ng 'the dynarmc range of & 5 Vis to be
‘uniformly qu.m.lzed to 128 representation levels. Estimate the required ste ep size,”
-jﬁP power of quantization noise produced and the maximum ‘llﬁ’lal to quantization
“iioise ra.tio E’EL can be ac hxeved , P - SRR -'(4*‘@

N

= be, ween information and e;.trop y. Derive the expression IGZ‘ the
2 source that emits M non-equzp;obable symbols in statistically
1°1depﬂndem manmner. . . Lo A (4-1-6)

gl

5. Derive the maﬁnemaucsl expression of the szgnal at the mput ofthe receiver of a _ ,Y '
baseband digital communication system and based on that xpressiorn, define e,
" Inter-Symbel Interference (ESD State and EAPZGITE Nyquist Pulse sha ing criteria g

for zero ISI, o o .o (614)
6 .De bi Siganly probabl ty and bit error raté. Derive the expression for eval nating o
bit error probability for a binary channel with addi ‘éwe Gaussian noise,. - (4+6) |-
T Beﬂ ve the general ep.presslon for the 1mpul:>e rssmmse ofa maxche"i filter Wher' -
' the shape ofthf;-: svgra to be= &mected is z(t) - L (10)
8 Writsnoteson . . S (5—1-5)-.
Perform mauce evalua im of DCS using Eye diagiam | -

o P

Cyclic codes
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I.. . Compare digital and analog communication systems, Draw functional block
©. diagram.of DCS and explain the s g;ﬁfﬁcan@@of channel encoder and source "
- encoder. | A T R - (4+6)
2. . State and explain Nyquist sampling theorem. A “sipnal X(t) = 10 cos (2r.2000.£) = _
© _dcos (2w 3000 £) is to be samipled and quantized using 256 levels, caleulate the. S
minimum sampling frequency and sampling period, — = . (6 '
3. - Derive the expression for evaluating signal to quantization noige ratip (SQNR) for :'
u:zi,fo:m_quamizaﬁon;in,,terms.g:;f anm'zn.befr;offquaa_tizaﬂm‘I‘eave‘ls‘ and number of bits )
- per source sample, | - T T ooy
_Explain the basic principleof TDM. Discuss T1 and E1 “hierarchy of TDM- i
: ' PCM telephony, e R e A )
v \v{{‘\’* 5 2 Define information and cniropy.  Relate the m::észige, the entropy and the

- © information, |- BRI C ) B
‘ 6. Derive the expression for evaluating error probability in bin ' basebeand system with
‘additive Gaussian noise in ths chanpel, o - . L (e

7. Derive the expression for the impulse Tesponse of a-maiched filter when the input

excitation islz(f)]  ~ . - R ¢10))

8. Write brief notes on; S - L (5+5)

Noise equivalent bendwidig,
 Conveolutional coding (-

o p




