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Question Review

COMMUNICATION

Sl Question Exam

Type: 1 - Bit Rate Calculation

1 Write down the steps involved in PCM for baseband signal. BUET M.Sc.

12

2 State Nyquist theorem. What is the condition to recover message signal from sampled EGCB-12,

signal. BUET M.Sc.
13

3 A signal x(t)=5 cos (1000 =t t) is sampled at nyquist sampling rate and quantized using 8 | NWPGCL-14
bit PCM system. Determine the bit rate of the digital signal.

4 A PCM system multiplexes 10 band limited voice channel (300-3400 Hz) and uses a | MCQ PGCB-
256 level quantizer, considering the standard sampling rate for telephone system the | 14
bandwidth of binary encoded signal is-

(a) 640 Kb/s (b) 80 Kb/s (c) 248 Kb/s  (d) 496 Kb/s

5 A PCM system multiplexes 20 band limited voice channel (300-3400 Hz) and uses a EGCB-12
256 level quantizer, considering the standard sampling rate for telephone system the
bandwidth of binary encoded signal is

(a) 1280 Kb/s (b) 1088 Kb/s  (c) 496 Kb/s (d) 992 Kb/s

6 A PCM system multiplexes 20 band-limited voice channels (300-3400 Hz) and uses a MCQ BPDB
256-level guantizer. Considering the standard sampling rate for telephone system, the - 14 (FF)
overall data rate of the binary encoded signal can be calculated as

(a) 64 kbps (b) 1.28 Mpbs  (c) 1.088 Mbps  (d) 5.12 Mbps

7 A PCM system multiplexes 20 band limited voice channel (300-3400 Hz). 15 of them | PGCL-11
are multiplexed and uses a 256 level quantizer, considering the standard sampling rate
for telephone system what will be the bandwidth of binary encoded signal ?

8 In PCM, the number of quantization level is increased from 4 to 64, then the bandwidth | MCQ BPDB-
requirement will approximately be increased 15

(a) 8 times (b)16 times (c) 3 times (d) 32 times

9 A PCM-TDM system multiplexes 10 band limited voice channel (300-3400 KHz) and | DPDC-14
uses a 256 level quantizer. If the signal is sampled at a rate 17 % % higher than Nyquist
rate, then what will be the maximum energy bandwidth of the transmission channel?

10 The signal x(t) =2 sin ( 500 =t ) + 3 sin ( 1400 xtt ) + 2 sin ( 3400 nt ) + 2 sin ( 6900 it ) | MCQ DPDC-
has been band limited within (300-3400 Hz). If this signal is sampled at Nyquist rate, 14
what will be output data rate if this signal is encoded with a 512 level uniform
guantization.

(@) 72kb/s  (b) 61.2kb/s (c) 55.8 kb/s  (d) 68.1 kb/s

11 A television signal (video and audio) has a bandwidth of 4.5 MHz. This signal is | PGCB-11
sampled, quantized and binary coded to obtain a PCM signal.

(a) Determine the sampling rate if the signal is to be sampled at a rate 20% above
the nyquist rate.

(b) If the samples are quantized into 1024 levels , determine the minimum
bandwidth required to transmit the signal.

12 It is desired to set up a central station for simultaneous monitoring of the | BUET MSC-
electrocardiograms (ECGs) of 10 hospital patients. The data from the rooms of the 10 | 14

patients are brought to a processing center over wires and are sampled, quantized,
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binary coded, and time-division multiplexed. The multiplexed data are now transmitted
to the monitoring station. The ECG signal bandwidth is 100 Hz. The maximum
acceptable error in sample amplitudes is 0.25% of the peak signal amplitude. The
sampling rate must be at least twice the Nyquist rate. Determine the minimum cable
bandwidth needed to transmit these data.
13 What is the resolution of a 8-bit ADC operating at 10 V range MCQ BPDB-
(a) 39.06 mV (b)244mV  (c)0.625V  (d) None of the above 13
Type-2: SNR Related
14 In which of the following noise level is reduced? (4 values of SNR were given) MCQ BPDB
-14 (FF)
15 Bandwidth = ... KHz, SNR= ... dB, what is bit rate? MCQ BPDB
-14 (FF)
16 For a voice channel, if the signal power level is -3dbm (-5 MW) and noise level is -20 MCQ EGCB-
dbm (0.01 MW), then SNR = 12
(@) 17 dbm (b) 16.9dbm  (c) 50 dbm (d) None of these
17 x (t) = 1.5 cos (800xt) is to be PCM with minimum SQNR of 25dB. How many bytes BUET MSC-
are required for encoding each having uniform quantization. 14
18 Signal power =2 MW, Noise power = 1.95 MW. Find maximum data rate and Shanon’s | BUET MSC-
capacity. [Find maximum delta modulation €32 shanon’s theorem (300-3300) Hz €2 14
51391 5 TS Sgret et | semrst #[ea=ifs Tt A4S A== ]
19 What is the SNR (in dB) of a voice channel if the signal power level is 0.52 mW and MCQ DPDC
noise level is 0.01 mW? -14
(a) 52 dB (b)34.32dB  (c)17.16dB  (d)
20 The Bandwidth of a signal is 10 KHz and SNR is 12 dB. Find the bit rate (According to | BPDB-14
Jahid Sumon, Maximum bit rate) of the binary PCM . (FF)
21 If the signal at beginning of a cable with —0.3 dB/km has a power of 2 mW, what is the | PGCB-11
power of the signal at 5 km?
22 A transmitter is transmitting data at a rate of 65 Kbps. At the receiver, the error detector | PGCB-11
detects 32 errors in the received bits in 15 seconds of the data transmission. Calculate
Bit error rate (BER) of the communication system.
23 Describe pre-emphasis and de-emphasis. DWASA-11
Type-3: Spectrum Drawing
24 For maximum frequency B draw the frequency spectrum of DSB-SC and SSB. PGCB-14
25 Assignal A, Sin f, 7t and carrier is A sin( 2af;t + 0 ). Find the DSB, Amplitude BPDB-11
modulated signal and draw the upper and lower sideband frequency spectrum.
26 x(t) =2 sin (400 mt ) + 4 cos ( 600 wt ). Sampling of 2400 Hz. BUET MSC-
(a) Find the equation of x(n). 14
(b) Find the period of x(n).
(c) Draw the spectrum of x(n).
27 If m(t)= 2 sin 2000zt + 4 sin 4000mxt, then DWAGSA-
(i) Find minimum sampling frequency required to avoid aliasing 2014
(ii) If sampling frequency is 10KHz, draw the spectrum of the sampled signal.
28 A signal x(t)=2 sin(400xt)+ 6 sin(640xt) is ideally sampled at 500 Hz and then fed to BPDB-13
an ideal lowpass filler with a cut-off frequency of 400Hz. Determine the frequencies
that will be available at the output.
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29 Draw the frequency spectrum of x(t) and y(t): EGCB-14
x(t)
w12 —%% 10
freq spectrum of m(t)
c(t)=cos wt
30 The spectrum of a modulating signal is shown in the figure. Draw the spectrum of DSB- | DPDC-14
SC, SSB+C, and VSB modulated signals for this modulating signal assuming a carrier
signal of C (t) = Ac Cos 2xt fc’ t
31 BUET M.Sc.
Am Cos 2T':fmt % > 2 -14
A, Cos 2nft
32 If m(t) = B Sinc (2nBt) , B=1000 & &, =10000x, then Draw the Spectrum of DSB-SC BUET M.Sc.
and LSB signal. -12
33 Find a signal g(t) that is band-limited to B Hz and whose samples are DWASA-11
g(0) =1 and 8(xTs) =g(x2Ts) =8(x3 Ts) =....=0
where the sampling interval Ts is the Nyquist interval for g(t), that is, Ts = 1/2B.
34 If m(t) = B cos ot and index p=1, then find ® Ay (t) and sketch it. DWASA-11
35 @B square GJR QBT triangular wave (783 e | @3 P Tocecoe PR f¢ | DWASA-14
@ (CHRGA?) ST M|
f,=4KHz f, = 8KHz fi=6KHz f,=-12KHZ
Type-4: Modulation & Power of Modulated wave
36 A LKW Carrier is amplitude modulated to a depth of 60%. Calculate total power and BUET M.Sc.
Sideband Power of the modulated wave. 12
Type-5: Others
37 Demonstrate OOK, FSK, PSK signal assuming a bit sequence 01001101. EGCB-12
38 Write down the advantages and limitations of digital communication. PGCL-11
39 The main reason for the superiority of digital communication over analog MCQ DPDC
communication is -14

(a) The use of simple electronic circuitry. (b) The use of amplifiers periodically
(c) The use of regenerative repeaters (d) The use of A/D and D/A converters
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40 The main advantage of a digital communication system over that of an analog one is MCQ BPDB-
(a) reduced complexity of the receiver  (b) robustness to noise 13
(c) use of regenerative repeaters (d) all of the above
41 Explain the slop overload effect of delta modulation. BPDB-11
42 What is power line communication? Give some example. BPDB-12
43 Write a few applications of Power Line Carrier Communication (PLCC). BPDB-13
44 Abbreviate: VSAT, WiMAX, WLAN, ADSL, SONET, OFDMA DWASA-14
45 What is meant by: OFDM, GMSK, WiMAX, DWDM, PSTN, BISDT. BUET M.Sc.
Unknown
46 What is erlang of telephone traffic? Related Math. BUET M.Sc.
Unknown
47 What are the Common Multiple Access Technologies? Differentiate between | BUET M.Sc.
Multiplexing & Multiple Access Technologies. 12
48 why is parallel transmission more useful than serial transmission? MCQ DPDC-
(a) For long distance data transmission (b) For short distance data transmission 14
(c) For synchronous transmission (d) For Asynchronous transmission
49 Envelop detector is helpful for which of the following modulation? (€2 5122 f5g @61 | MCQ DPDC-
f2e) (a) ASK (b) ASK and FSK (c) FSK  (d) PSK 14
50 Find the probable bandwidth of the following signal MCQ
/\ /\ DWASA-14
) | 2 Q
51 Inter-symbol interference occurs when MCQ BPDB-
(a) channel bandwidth (BW) is close to the signal BW 13
(b) signal BW is much larger than channel BW
(c) channel BW is much larger than signal BW
(d) channel BW is large as signal BW
52 Which one of the following is a valid uplink frequency band used in a GSM system MCQ BPDB-
(a) 1930-1990 MHz  (b) 890-915 MHz (c) 440-460 MHz  (d) 935-960 MHz 13
53 For modulation, a GSM system generally employs MCQ BPDB-
(@) GMSK  (b) 8-PSK  (c) QPSK (d) both (a) and (b) 13, MCQ
BUET
M.Sc.-13
54 Which statement is TRUE regarding analog modulation techniques? MCQ BPDB-
(a) FM signal offers better receptive quality compared with AM because it has | 13
narrower bandwidth than that of AM
(b) FM signal is more noise resistant than PM signal
(c) Synchronous detection can be used for AM, and PM signals
(d) None of the above
55 A discrete time signal is given by x(n) = Cos [(n=)/9]. The signal is MCQ BPDB-
(a) periodic with period N=9 samples.  (b) periodic with period N=18 samples. | 15
(c) periodic with period N=32 samples. (d) aperiodic
56 What is the carrier in Submarine Cable? MCQ BUET

M.Sc.-13
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| 1 | Write down the steps involved in PCM for baseband signal. | BUET M.Sc. 12 |

PCM involves three main steps:
e Sampling
¢ Quantization
e Coding
Sampling
Sampling involves measuring the analog signal at specific time intervals.

TS
J/
?
o 7w T T T
Analogue signal Sampling Sampled signal

The accuracy of describing the analog signal in digital terms depends on how often the analog signal
is sampled. This is expressed as the sampling frequency. The sampling theory states that:

Quantized
value

To reproduce an analog signal without distortion, Sampled
the signal must be sampled with at least twice the value
frequency of the highest frequency component in
the analog signal.

D = Quantized error

Quantization 9 —— /
Quantization is to give each sample a value. /" :
| >
% A AL >~
I” 2fr, 3T, 4T, 5T, 6T, 7T, Ql time
Coding % ——= .
Coding involves converting the quantized values o \
into binary. *

d ——

Figure: Quantization

2 | State Nyquist theorem. What is the condition to recover message signal from sampled EGCB-12,
signal. BUET M.Sc. 13

Nyquist theorem is a theorem that is followed in the digitization of analog signals. It is states that-

“A signal must be sampled at least twice as fast as the bandwidth of the signal to accurately reconstruct the
waveform; otherwise, the high-frequency content will alias at a frequency inside the spectrum of interest
(passband).”

To reproduce an analog signal without distortion, the signal must be sampled with at least twice the
frequency of the highest frequency component in the analog signal.
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Basics of Type: 1

PG (CEIRE m,
*A=2m, /L L=7T
*Pm=mp ’I2 L=64+ - o - - - — - - _ 03
* Po= 8%*/12 = m, %/ 312 \
Pw/ Pq= 3122 R 48 N 02
* SNR (in dB) =10 log (Pm, Pq) L=4 7
=10 log (3L%/2) * =3f " """- - 01
| SNR (in dB) =1.76 + 20 log L | | \ //
*L=2" Step Size A é{ __________ —--- |
SNR (indB) = 1.76 +6.02 n L=1

«Z 3@c 6dB Rule of SNR =11 2 |

Ry = bit rate
= No. of bit used to encode a sample * sampling Rate
* Ry = nfs
*L=2"
*fnag =2 fm
* fs = fNQ
* Standard sampling rate for telephone system = 8KHz
* \We can transmit up to 2 bit/s with 1Hz Bandwidth. (Minimum Bandwidth Recquired 51251 @351 I9%©
W)
* Maximum acceptable quantization error = A /2

PTG 3 [F7?
m, = Signal peak value
2mj, = Operating Range
A = step size = resulation
L = No. of Quantization level
n = No. of bits in the sample’s code
Pwv= Signal power (average/or R.M.S.)
Po= Quantization Noise power (average)
fs = Sampling frequency
fm = message signal’s frequency
fna = Nyquist frequency
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3 | A signal x(t)=5 cos (1000 = t) is sampled at nyquist sampling rate and quantized using 8 bit
PCM system. Determine the bit rate of the digital signal.

NWPGCL-14

Frequency of the message signal, f.,,= 1000x /2 == 500 Hz
So, Sampling frequency, fs = Nyquist frequency, fng =2fy, = 2*500 Hz = 1000 Hz
No. of bit, n =8.

So, Bit rate of the digital signal, R, = nfs= 8*1000 Hz = 8 KHz Ans.

4 | A PCM system multiplexes 10 band limited voice channel (300-3400 Hz) and uses a 256
level quantizer, considering the standard sampling rate for telephone system the
bandwidth of binary encoded signal is-

(a) 640 Kb/s (b) 80 Kb/s (c) 248 Kb/s  (d) 496 Kb/s

MCQ PGCB-
14

L=256=2%=2".

So, No. of bits, n =8.

Standard sampling frequency, f; = 8KHz (J3& 7@ 7s)
So, Bandwidth for every channel, Ry, = nf, = 8*8 =64 KHz

So, Bandwidth for 10 channels = 64*10 = 640 KHz

5 | A PCM system multiplexes 20 band limited voice channel (300-3400 Hz) and uses a 256
level quantizer, considering the standard sampling rate for telephone system the bandwidth
of binary encoded signal is

(a) 1280 Kbi/s (b) 1088 Kb/s  (c) 496 Kb/s (d) 992 Kb/s

EGCB-12

8 TR I3 ST | AT B BT T ST (SOBIR) Gy faes (2050) | ©2 Teae
Ao faes 231 =i, 1280 Kb/s

6 | A PCM system multiplexes 20 band-limited voice channels (300-3400 Hz) and uses a 256-
level quantizer. Considering the standard sampling rate for telephone system, the overall
data rate of the binary encoded signal can be calculated as

(a) 64 kbps (b) 1.28 Mpbs  (c) 1.088 Mbps  (d) 5.12 Mbps

MCQ BPDB
— 14 (FF)

€ R A9 qxRA | @43 1280 Kh/s = 1.28 Mpbs

7 | A PCM system multiplexes 20 band limited voice channel (300-3400 Hz). 15 of them are
multiplexed and uses a 256 level quantizer, considering the standard sampling rate for
telephone system what will be the bandwidth of binary encoded signal ?

PGCL-11

L=256=2°=2",

So, No. of bits, n =8.

Standard sampling frequency, f, = 8KHz

So, Bandwidth for every channel, Ry, = nf, = 8*8 =64 KHz
So, Bandwidth for 10 channels = 64*15 = 960 KHz
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8 | In PCM, the number of quantization level is increased from 4 to 64, then the bandwidth MCQ BPDB-
requirement will approximately be increased 15
(a) 8 times (b)16 times (c) 3 times (d) 32 times
L,=4=2=2".S0,n,=2
L,=64=2°=2"S0,n,=6
Rp1= ny*f;
Rp2= nz*fs
So, Ryz/ Ry = no*f/ ny*f,=ny/ ny = 6/2 = 3 times. Ans.
9 | APCM-TDM system multiplexes 10 band limited voice channel (300-3400 KHz) and uses a | DPDC-14

256 level quantizer. If the signal is sampled at a rate 17 % % higher than Nyquist rate, then
what will be the maximum energy bandwidth of the transmission channel?

Here,
Maximum frequency of the message signal, f,= 3400 Hz.

~ Nyquist frequency of the signal, fng = 2 fr= 2* 3400 Hz =6.8 KHz

=~ Sampling frequency of the signal, fs =17 L % (=17.65%) higher than Nyquist rate

17
= 1.1765*6.8 KHz = 8KHz
Quantization Level, L = 256 = 2% = 2"
=~ No. of bits in the code, n=8

~ Maximum energy bandwidth of one channel = n fs = 8*8 KHz = 64 KHz.

. Maximum energy bandwidth of 10 channel = 10* 64 KHz =640 KHz Ans.

10 | The signal x(t) = 2 sin ( 500 «it ) + 3 sin ( 1400 7t ) + 2 sin ( 3400 7t ) + 2 sin ( 6900 7t )

has been band limited within (300-3400 Hz). If this signal is sampled at Nyquist rate,

what will be output data rate if this signal is encoded with a 512 level uniform quantization.
(@) 72 kb/s (b)) 61.2kb/s (c) 55.8 kb/s  (d) 68.1 kb/s

MCQ DPDC-
14

AL A2 [T T TS AFANL @l MBI AFCE @ N {FF™ A @ <1512 Affers Sroweera
a1 widie T et zae 1 2o 6900m/27 = 3450 KHz. {58 191951151 (300-3400 Hz) @ 3re

o rordie PreiriceTs Fpeaf™ 3400 Hz @3 @ 0o “iRea w1l =idfie,

Maximum frequency of the message signal, f,, = 3400 Hz.

So, Sampling frequency, fs = Nyquist frequency, fng =2fn = 2*3400 Hz = 6800 Hz = 6.8 KHz.

Quantization Level, L = 512= 2° = 2"
~ No. of bits in the code, n=9
~ Output Data rate, R, = n fs = 9%6.8 kb/s = 61.2 kb/s Ans.
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11 | A television signal (video and audio) has a bandwidth of 4.5 MHz. This signal is sampled, | PGCB-11
guantized and binary coded to obtain a PCM signal.
(a) Determine the sampling rate if the signal is to be sampled at a rate 20% above the
nyquist rate.
(b) If the samples are quantized into 1024 levels , determine the minimum bandwidth
required to transmit the signal.
Frequency of the message signal, f., = 4.5 MHz
Nyquist frequency, fng =2fn=2* 4.5 MHz = 9 MHz
(20% above It 1.2 @)
(@) So, Sampling frequency, fs = 1.2*9 MHz = 10.8 MHz Ans.
(b) L=1024=2" =2",
n=10
Ry, =n fs =10*10.8 =108 bit/s.
But We can transmit up to 2 bit/s with 1Hz Bandwidth. (Reference Example 6.2, B.P. Lathi)
So, Minimum bandwidth required to transmit the signal = 108/2 = 54Hz. Ans.
12 | It is desired to set up a central station for simultaneous monitoring of the | BUET MSC-
electrocardiograms (ECGs) of 10 hospital patients. The data from the rooms of the 10 | 14

patients are brought to a processing center over wires and are sampled, quantized, binary
coded, and time-division multiplexed. The multiplexed data are now transmitted to the
monitoring station. The ECG signal bandwidth is 100 Hz. The maximum acceptable error
in sample amplitudes is 0.25% of the peak signal amplitude. The sampling rate must be at
least twice the Nyquist rate. Determine the minimum cable bandwidth needed to transmit
these data.

Signal bandwidth, f;,, = 100 Hz.

Nyquist rate of each signal, fyg =2f, = 2*100 Hz=200Hz

So, Sampling frequencyof each signal, fs = 2* fyo = 2*200 Hz=400Hz
Given, maximum acceptable error, A /2 < 0.0025 mj,

or, (2my /L)/2 <0.0025 m,
or, 1/L <0.0025
or, L= 400

But L should be a power of 2. So, L=512=2° =2"
(9 28 = 256 [T 400 €T (5T (B | ©IZ 400 @ (5T TG 2- O 2! ANGHI 29 = 512 4= FCACZ | ©F =1 ZCeT no. of bits, n @
A WSS ST | 5 G 72yt S 1 wifire 7re 2A1ea, 7 a7 7o = 1)

So, No. of bit required, n = 9.
So, minimum bit rate required for one patient, R, =n fs = 9*400 bit/s = 3600 bit/s

We can transmit up to 2 bit/s with 1Hz Bandwidth.

So, minimum cable bandwidth needed to transmit these data for each patient= 3600/2 = 1800 Hz.

So, minimum cable bandwidth needed to transmit these data for 10 patients= 1800*10 Hz = 18000Hz
= 18KHz Ans.
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13

What is the resolution of a 8-bit ADC operating at 10 V range
(a) 39.06 mV (b) 244 mV  (c) 0.625V  (d) None of the above

MCQ BPDB-
13

Here, Operating Range, 2m, =10 V

No. of bit, n=8
So, Quantization Level, L= 2" =28=256
So, resulation, A= 2my /L=10/256 = 0.0390625 V =39.0625 mV Ans.

Basics of Type: 2

2
SNR = Dt _ (A“iml) _ Tsigua

P Apoi .
X R nolse nOEe \where P is average power & o is variance
P.
SNRgg = 10log,, (;m) = Flignal,dB — Proise,dB,
Prignat in W
SNRdEﬂ:l =10 ]'Dglﬂ (;Imﬂl—]:llrﬂw_ = Psigtm],d'ﬁﬂ:l - R.nise,dﬂm

Aﬂig,m[ 2 Asignnl
SNRa4s = 10log,, Y = 20logy, 2 .

o SNRqap &~ 6.02-n 4 1.761 @t 6dB rule of SNR @ =11 23 | n=bit rate

C = Blog, (1 + E)
N / 9% Shanon’s Capacity Theorem '8 I+ 2|
C = Channnel capacity in bit/s
S=Signal power
N= Noise power.
B = frequency/Bandwidth of the message signal

@ 7@ S/N 3 SNR & T GG TS A | GT& S/N A1 SNR @31 T (SR (el AT ot
SICE IT(6 IR 0 = |

logy(z) =c &=, b° =
Tdie, b 3 2T TS A O T X J G612 Z0% log 4 (X) @3 NI |

14

MCQ BPDB
-14 (FF)

In which of the following noise level is reduced? (4 values of SNR were given)
p.
SNR — _°&ignal .
Pnuis

FICE2 9 SNR I ©F TS NS I TS 1000 W | F6E2 SNR @F T IAFCT 3, 9, 8 8
¢ (TITCIE A ATHE ¢ (BPEE PToIIEaa WS (FI0Se AACHE 3 |
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15 | Bandwidth = ... KHz, SNR= ... dB, what is bit rate? MCQ BPDB
-14 (FF)
@2, €7, Bandwidth = 2.4 KHz= 2400Hz 498 S/N = 20 dB =10"(20/10)=100 W
)

C = Blog, (1 + E)
= 2400 log, 101 = 2400*6.658211=15,965 bt/s
16 | For a voice channel, if the signal power level is -3dom (-5 MW) and noise level is -20 dom | MCQ EGCB-

(0.01 MW), then SNR = 12

(@) 17 dom (b) 16.9dbm  (c) 50 dbm (d) None of these
SNRggm = Riguu,dnm - Pnnhe,dl]ﬂfl
=-3—(-20) dBm = 17dBm Ans.

17 | x (t) = 1.5 cos (800mxt) is to be PCM with minimum SQNR of 25dB. How many bytes are BUET MSC-

required for encoding each having uniform quantization. 14

Frequency of the signal, B = 800z / 2x = 400 Hz.
SONR =25 dB = 10*°* W = 316.23 W

(*BHICE SANE FNVCER & (BHTREF do W O IR Yo @ A6 T T2 27 1)

C=B log, (1+SQNR) = 400*(1+316.23) bit/s = 126892 bit/s.
So, bytes required per second = 126892/8 = 15861.5 byte Ans.
(1 byte=8bit)

18 | Signal power =2 MW, Noise power = 1.95 MW. Find maximum data rate and Shanon’s
capacity. [Find maximum delta modulation €32 shanon’s theorem (300-3300) Hz @3 5137
1 7S Srarel et | wwre! @9 I TS A ]

BUET MSC-
14

Let, Maximum frequency of the signal, B = 3300 Hz.
)
C = Blog, (1 + ﬁ)
= 3300 log, (1+1.02564)
= 3300 log, (2.02564)

= 3300 * 1.018378
= 3360.6474 bit/s Ans.

19 | What is the SNR (in dB) of a voice channel if the signal power level is 0.52 mW and noise
level is 0.01 mW?
() 52 dB (b)34.32dB  (c)17.16dB  (d)

MCQ DPDC
-14

SNRgg = 10log,, (‘2;’““)

noise

=10 logy (.52/.01) = 10*1.716 =17.16 dB
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20 | The Bandwidth of a signal is 10 KHz and SNR is 12 dB. Find the bit rate (According to BPDB-14
Jahid Sumon, Maximum bit rate) of the binary PCM . (FF)

B=10 KHz

SNR =12 dB = 10"*W =15.8489 W

C =Blog, (1+SNR) = 10* log, (1+15.8489) =10* 4.07458 =40.7458 Kbit/s Ans.

21 | If the signal at beginning of a cable with —0.3 dB/km has a power of 2 mW, what is the PGCB-11

power of the signal at 5 km?

The loss in the cable in decibels is 5 x (—0.3) =—1.5 dB.
We can calculate the power as

Py=071P,=0.7%2=14mW

- Py
dB= 10 lﬂgm F =-1.5
|

P
21w 05_0m
'PI

Ans.

[Reference: Example 3.30, Data Communications and Networking By Behrouz A. Forouzan, Sophia Chung Fegan]

22

A transmitter is transmitting data at a rate of 65 Kbps. At the receiver, the error detector
detects 32 errors in the received bits in 15 seconds of the data transmission. Calculate Bit
error rate (BER) of the communication system.

PGCB-11

Data transmitted in 15 seconds = 65*15 = 975 bits
Errors in 15 seconds = 32 bits
So, bit error rate (BER) = (32 /975)*100% =3.28% AnNs.

| 23 | Describe pre-emphasis and de-emphasis.

| DWASA-11 |

Emphasis is the intentional alteration of the amplitude-vs.-frequency characteristics of the signal to reduce
adverse effects of noise in a communication system.

In processing electronic audio signals, pre-emphasis refers to a system process designed to increase
(within a frequency band) the magnitude of some (usually higher) frequencies with respect to the
magnitude of other (usually lower) frequencies .

A system process designed to decrease, (within a band of frequencies), the magnitude of some (usually

higher) frequencies with respect to the magnitude of other (usually lower) frequencies is called De-

emphasis.

It improves the overall signal-to-noise ratio by minimizing the adverse effects of such phenomena as
attenuation distortion or saturation of recording media in subsequent parts of the system.
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Type-2: Spectrum Drawing

Fourier Transform of sine & Cosine:

S{cos(zxAt)} = %[6( f-A)+8(f +A)]
sin(27ar)} = %[5( f-A)-8(f +4)]

Important Trigonometric Formulas:

2 sinA cosB = sin(A+B) + sin(A-B)

2 COSA cosB = cos(A+B) + cos(A-B)

2 cosA sinB = sin(A + B) - sin(A-B)

2 sinA sinB = cos (A-B) - cos(A+B)

Sinc Function:

The cardinal sine function or sinc function, denoted by sinc(x). Sin(:t)
In mathematics, the historical unnormalized sinc function is defined by SIHC(I) =
xr
In digital signal processing and information theory, the normalized sinc function is commonly defined by
, sin(mz)
sinc(x) = —— .
FL

In either case, the value at x = 0 is defined to be the limiting value sinc (0) = 1.

| 24 | For maximum frequency B draw the frequency spectrum of DSB-SC and SSB. | PGCB-14

M(w)

SSB (LSB) Reference: Figure 4.1, B.P. Lathi
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25 | Assignal A, Sin o,z ¢ and carrier is A.sin( 2rf.t + 0 ). Find the DSB, Amplitude modulated | BPDB-11
signal and draw the upper and lower sideband frequency spectrum.

(9% o3 TGB! A5 ZCACR o1 O 0T SR ACWZ SR | ACIE, SRS IR TR (5T T T ST 612 e 1)
Message signal = A, Sin f,, t
Carrier Signal = A.sin( 2nf .t +29).
DSB, Amplitude modulated signal = [A, Sin 7 11 * [A. Sin( 2nf 1+ )]
= Ap A Sinfomt * Sin( 2nf.t+9)
= (An A/2)*[2 Sinfumt* Sin(2mft+3)]
= (An A/2)*[2 Sin( 2nf .t + 3 )* Sin 7t ]
= (An A/2)*[ Cos (2mf .t + 0 - fumt) - Cos (2mf T + o + f, Tt)
= (An A/2)*[ Cos {(2mf.t + o - fnmt) - Cos (2mf .t + 3 + f )

Am Ac Am Ac
f 2
2nf :'-a-—fmTf [0) c 2nfec +-é+f.~.. m
LSB usB
26 | x(t) =2 sin (400 wwt ) + 4 cos ( 600 =t ). Sampling of 2400 Hz. BUET MSC-
(a) Find the equation of x(n). 14

(b) Find the period of x(n).
(c) Draw the spectrum of x(n).

(@) x(n) =2 sin (400 tn/2400) + 4 cos (6007n/ 2400)
=2 sin (mn/6) + 4 cos (nn/ 4) Ans.

(b) x(n) =2sin (2nn/12) + 4 cos (2nn/ 8)
So, period of first (sin) part of the signal is 12s
period of second (cos) part of the signal is 8s

So, period of the signal is LCM (12, 8) = 24 s Ans. *LCM =s.5.@.
(c)
1
21y . 215 21 : 21 21y . 21
‘fs L ‘fs g [fs | fs‘
[+ 1 [+ 1 [+ 1
-2700 -2600 2400 -2200 -2100 -300 -200 ¢ 200 300 2100 2200 2400 2600 2700

QT BT JATS ST AP TN (R | FATE BIFTFTR QW] T8 AT (94 A1 3.13 Am @ ®) b1
AT (oITaR N & | AR, 93 5121 T TR G361 =535 27w 07 27 MG FAICS (oItaf o< 758 | farsivt ==
wiee {FFCAMT (1 R S| (@, 9 204 AN S TFHCAMBT 400 7 /2 = 200 Hz, @3 97 S PSR 600
n /2m = 300 Hz. A51=ifeiz fFPefH1 2400 Hz. OI=CeT (RGN Rk @ RpFraisTetetl 2633 8 Se*H &= + 200 Hz,
(£ 200 + 2400) Hz, @R I SRS + 300 Hz, (300 + 2400) Hz. TSICH@2 qH2ADET S4F 23 A |
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27

If m(t)= 2 sin 2000xt + 4 sin 4000xt, then
(i) Find minimum sampling frequency required to avoid aliasing
(i1) If sampling frequency is 10KHz, draw the spectrum of the sampled signal.

DWASA-
2014

(i) The maximum frequency of the signal, f, = 4000x/2n = 2000Hz = 2KHZ

So, minimum sampling frequency required to avoid aliasing, fs = 2f;, = 4000 Hz = 10 KHz Ans.

(ii) Frequencies of the spectrum: + 1 KHz, (+ 1+ 10) KHz, + 2 KHz, (+2 + 10) KHz.

1
2fs : 21 ;215 : 2f; 2f5 : 21
I S I I 51k ]
[+ 1 [ 1 L1
-12K -11K-10K -9K -SK 2K -IK ¢ 1K 2K 8K 9K 10K 11K 12K
28 | A signal x(t)=2 sin(400mxt)+ 6 sin(640nt) is ideally sampled at 500 Hz and then fed to an BPDB-13

ideal low pass filler with a cut-off frequency of 400Hz. Determine the frequencies that will
be available at the output.

In the spectrum of sampled signal, the frequencies would be + 200 Hz, (+ 200+ 500) Hz, + 320 Hz,
(£ 320 £+ 500) Hz . But as ideal low pass filler with a cut-off frequency of 400Hz is used, so output
frequencies will be less than 400Hz.

So, Output frequencies will be 200Hz, 300Hz, 320Hz, 180Hz. Ans.

29 | Draw the frequency spectrum of x(t) and y(t): EGCB-14
x(t)
L S \.
freq spectrum of m(t)
c(t)=cos w,t
/N
m(t)
AN
x()
A/4 A/4
— 2

We y(® We
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30

The spectrum of a modulating signal is shown in the figure. Draw the spectrum of DSB-SC,

SSB+C, and VSB modulated signals for this modulating signal assuming a carrier signal of
C({)=AcCos2m fc’t

DPDC-14

Ans:

SSB+C (USB)
e $ > f
—W.+W 0
SSB+C (LSB)
0

VSB
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31 BUET M.Sc.

Ay, Cos 27t t "? > 9 -14

A, Cos 2nf t

Output = A, Cos 2n £t * Ac Cos 2m fc t
= (An A/2)*[2 Cos2m fn,t *Cos 2mf, 1]
= (An A/2)*[ Cos(2m fct + 2t t) + Cos(2m fct - 2mf 1)]
= (An A/2)*[ Cos 21 (fc+fn )t + Cos 2m (fc-fr )t] Ans.

32 | If m(t) = B Sinc (2zBt) , B=1000 Hz & ®», =10000zx, then Draw the Spectrum of DSB-SC BUET M.Sc.

and LSB signal. -12

Related Problem:

1. The modulating signal m(t)=Bsinc(2nBt) with B=1000Hz and carrier
wc=10,000 . Please sketch the spectra of m(t) and the corresponding
DSC-SC signal 2m(t)coswct, as well as USB and LSB spectra. Find the
inverse Fourier transforms of LSB and USB spectra.

: - ! . WT : | W
sol: hint : rect(—) < rsine(—) Bsinc(2rBt) < —rect(— )
¢ 2 2 A B
ME@) ! Hf:ﬁﬂtﬂc)+H:’u-wa‘);q
i (@) 3 :
) 2 > o 120007
el | el =1geeeT i BoooT :nTaaa'.-T
“J) (u
1 &mg (_{'.5 ) EL&E ), G
el e 1
— o' |00 (2. ool ! Cr| foooll 10000 0

@, (1) =1000sin ¢(10007¢)cos 90007t
@5 (1) =1000sin ¢(10007¢)cos 11000t

Reference: 2014 WS HORGRGIRL 225K R KRN 2%
(Reference Answers of Mr. Liang Jing’s Communication Technology and Systems Assignment-2, 2014)

Comment: 5T fer 1 fPrefR s & (At ©fF Frebemd GIME~s (! :D
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33

Find a signal g(t) that is band-limited to B Hz and whose samples are
g(0) =1 and 8(xTs) = g(x2Ts) =8(x3 Ts) =.... =0
where the sampling interval Ts is the Nyquist interval for g(t), that is, Ts = 1/2B.

DWASA-11

We use the interpolation formula

g(®) =) g(kT,) sinc (2m Bt — k)
k

to construct g(¢) from its samples. Since aJ|

g(t) = sinc (27 Bt)

git)

-1 I=—-

5B / 2B

~_ /N N\
N

o=
o=

(b)

but one of the Nyquist samples are zero, only one term (corresponding to £ = 0) in the
summation on the right-hand side of Eq. survives. Thus,

This signal is shown in Fig. Observe that this is the only signal that has a bandwidth
B Hz and with the sample values g({]) = 1and g(nT;) = 0(n # 0). No other Slgnal
satisfies these conditions.

Refernce: B.P. Lathi

35

QBT square IR QBT triangular wave el feet | @3 PSR Qe Fraeice= & @«
(CRRG?) Swes fcafee|

f,=4KHz f, = 8KHz f;=6Kiz f,=12KHz

DWASA-14

eri51E qaTe ~RA e
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Basics of Type-4: Amplitude Modulation & Power of Modulated wave

SIGNAL VY VYVVvvvvYvyY
CARRIER AM.WAVE
A carrier wave may be represented by :
e, = E.cosm, 1 where e. = Instantaneous voltage of carrier

E . = amplitude of carrier
W, = 2nf,

I

= angular velocity at carrier frequency /.

A message signal can be represented by :

e, = Egcoso? where e = instantaneous voltage of signal
Es= m E .~ = amplitude of signal
m = modulation index

o, = 27/ = angular velocity at signal frequency /.

Amplitude of AM wave = E.+ mE cosw 1 = E.(1+mcosw, 1)

The instantaneous voltage of AM wave = Amplitude x cos w_t

mE. . . mE -
5 Ccos (W =+ mr+ 3

= .-5(. cos 1+ cos (w, = w )1

The following points may be noted from the above equation of amplitude modulated wave:

(/) The AM wave is equivalent to the summation of three sinusoidal waves; one having ampli-
tud(? E.and f'l'cqucncy ”fL th.c second hrfwin:g amplitude mE /2 and frequency (f, + f,) and the third
having amplitude mE /2 and frequency f, — /..

(ify The AM wave contains three frequencies viz f,, /. + f and f, — f.. The first frequency is the
carrier frequency. Thus, the process of modulation does not change the original carrier frequency but
produces two new frequencies (£, + f,) and (f. — f,) which are called sideband frequencies.

(iif) The sum of carrier frequency and signal frequency i.e. (f, + f) is called upper sideband

frequency. The lower sideband frequency is f, — f, i.e. the difference between carrier and signal
frequencies.
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* Pp = P+ P
P, = Carrier power
P, 2 ¢ ’
L 1l . .
* 0 = 5 P. = Total power of sidebands
P < § ’
T 2+ m 3
P, = Total power of AM wave,
* & - 1 m3 # r.m.s. values are considered.
P
C
Va
E _ "")m.\' i3 ’min “’"“‘
C 2 i
l" Y v "mm
L‘ o= max min
A) 2 f 0
m = ES max___ " min
ﬁ(‘ max 23 min

36 A 1KW Carrier is amplitude modulated to a depth of 60%. Calculate total power and BUET M.Sc.
Sideband Power of the modulated wave. 12

Carrier Power, Pc = 1IKW
Modulation index, m = depth of modulation = 60% =0.6
Sideband Power, Ps = (m?/2)* Pc = (0.6%/2)*1 = 0.18 KW Ans.

Total Power, Pt = Pc+ Ps=1+0.18 KW =1.18 KW Ans.

| 37 | If m(t) = B cos oyt and index p=1, then find ® ay (t) and sketch it. | DWASA-11 |

Some books use [ to represent modulation index instead of m
And B to represent Amplitude of Signal instead of Eg
And A to represent Amplitude of Carrier instead of E¢
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Amplitude of AM wave = E.+ mE cosw 1 = E.(1+mcosw, 1)

= A(1+U cos ont)
The instantaneous voltage of AM wave = Amplitude x cos w_7

S0, @ am (t) = A(1+H cos ont) cos oct Ans.

=05 p=1
H /1 + COS Wyt
14+ 0.5 cos @yt = I AT i A 4

u? w\w uv ‘\w\u\q' —

Type-5: Others

| 37 | Demonstrate OOK, FSK, PSK signal assuming a bit sequence 01001101. | EGCB-12 |

NotEpuy
JJV?JUWLH J\ﬁ 3

I\ﬁ?\f‘x '“;wmm wm @K

]

| 38 | Write down the advantages and limitations of digital communication. | PGCL-11 |

Advantages:
+« Reliable communication; less sensitivity to changes in environmental conditions (temperature, etc.)

‘0

% Easy multiplexing
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«» Easy signaling
o Hook status, address digits, call progress information

+«+ Voice and data integration
«» Easy processing like encryption and compression
+ Easy system performance monitoring

o QOS monitoring
Integration of transmission and switching
Signal regeneration, operation at low SNR, superior performance
Integration of services leading to ISDN

X3

¢

X3

¢

X3

8

Disadvantages:

% Increased bandwidth

64 KB for a 4 KHz channel, without compression (However, less with compression)

¢+ Need for precision timing
Bit, character, frame synchronization needed
«» Analogue to Digital and Digital to Analogue conversions
" Very often non-linear ADC and DAC used, some performance degradation
¢+ Higher complexity

)

[Reference: Bangalore NPTEL Course material]

39 | The main reason for the superiority of digital communication over analog communication is | MCQ DPDC
(a) The use of simple electronic circuitry. (b) The use of amplifiers periodically -14
(c) The use of regenerative repeaters (d) The use of A/D and D/A converters

One main reason for the superior quality of digital systems over analog ones is the viability of

regenerative repeaters and network nodes in the former.

(Reference: Chapter:1, B.P. Lathi, Topic: 1.2.2 Viability of distortionless regenerative repeaters)

40 | The main advantage of a digital communication system over that of an analog one is MCQ BPDB-
(a) reduced complexity of the receiver  (b) robustness to noise 13

(c) use of regenerative repeaters (d) all of the above

One main reason for the superior quality of digital systems over analog ones is the viability of
regenerative repeaters and network nodes in the former.

(Reference: Chapter:1, B.P. Lathi, Topic: 1.2.2 Viability of distortionless regenerative repeaters)

O3B weR f[Rws

O G2 80 TFY AT AT TG (IF TR Tl WS S (A Fre 2raez | [ 3 05

THICE AR FASTECHS A N 2o | 5 AT T\ (o 23 S BY! CI0NT 0 G2 80 NFIEA

SR e @R vy [FHGTER SomF6I2 BITe T | O (STATRE «bl2 $6d 20 | (<10 S0
IRIF T30 AP, (oI TIZ FAIRAGT | ST TN GF6] ATE (T2 NFR! ATHR T [ ATF, O
@32 80 TR ONFIFE ©IF Y61 Tz |
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| 41 | Explain the slop overload effect of delta modulation. | BPDB-11

Delta modulation (DM or A-modulation) is an analog-to-digital and digital-to-analog signal
conversion technique used for transmission of voice information. DM attempts to quantize an
input signal using a simple comparison algorithm. Instead of measuring the signal level, it
measures the difference between the level of the input signal from the beginning to the end of
a sampling period.

Delta Modulation attempts to represent an analog signal with a resolution of 1 bit. This is
accomplished by successive steps, either up or down, by a preset step size. In delta modulation,
we have the step size (A) that is defined for each sampler, and we have the following rules for
output:

1. If the input signal is higher than the current reference signal, increase the reference by A,
and output a 1.
2. If the input signal is lower than the current reference signal, decrease the reference by A,

and output a 0.
Some benefits of delta modulation are as follows:
« 1 bit of resolution, and therefore requires very little bandwidth and very little hardware.
e No preset upper or lower bounds, so Delta modulation can (theoretically) be used to

modulate unbounded signals.

These benefits are countered by the problems of Slope Overload, and Granular Noise, which
play an important role when designing a Delta Modulated system.

Slope overload

Granular noise
7 [

Slope Overload

If the input signal is rising or falling with a slope larger than A/T, where T is the sampling time and the A
is the size of the individual steps, we say that the sampler is suffering from Slope Overload. When the
slope of the sound waveform exceeds the ability of DM's step size to keep up, this creates infidelity
known as slope overload distortion.
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Granular Noise

A problem with delta modulation is that the output signal must always either increase by a step,
or decrease by a step, and cannot stay at a single value. This means that if the input signal is
level, the output signal could potentially be oscillatory. That is, the output signal would appear to
be a wave, because it would go up and down regularly. This phenomena is called Granular
Noise.

When used in ADCs (Analog to Digital Converters), this problem can be solved by internally
adding additional bit(s) of resolution that correspond to the value of A. This way, the LSBs
(Least significant bits) that were added can be ignored in the final conversion result.

| 42 | What is power line communication? Give some example. | BPDB-12

Power-line communication (PLC) carries data on a conductor that is also used simultaneously for AC
electric power transmission or electric power distribution to consumers.

It is also known as power-line carrier, power-line digital subscriber line (PDSL), mains communication,
power-line telecommunications, or power-line networking (PLN).

Examples:

A wide range of power-line communication technologies are needed for different applications, ranging
from home automation to Internet access which is often called broadband over power lines (BPL).
Most PLC technologies limit themselves to one type of wires (such as premises wiring within a single
building), but some can cross between two levels (for example, both the distribution network and
premises wiring).

[Reference: Wikipedia]

| 43 } Write a few applications of Power Line Carrier Communication (PLCC). | BPDB-13

Applications of PLCC

PLCC technology can be deployed into different types of applications in order to provide economic
networking solutions. Hence merging with other technologies it proves useful in different areas. These are
few key areas where PLC communications are utilized:

a. Transmission & Distribution Network: PLCC was first adopted in the electrical transmission and
distribution system to transmit information at a fast rate.

b. Home control and Automation: PLCC technology is used in home control and automation. This
technology can reduce the resources as well as efforts for activities like power management, energy
conservation, etc.

c. Entertainment: PLCC is used to distribute the multimedia content throughout the home.
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d. Telecommunication: Data transmission for different types of communications like telephonic
communication, audio, video communication can be made with the use of PLCC technology.

e. Security Systems: In monitoring houses or businesses through surveillance cameras, PLCC

technology is far useful.

f.  Automatic Meter Reading — Automatic Meter reading applications use the PLCC technology to

send the data from home meters to Host Central Station.

| 44 | Abbreviate: VSAT, WiMAX, WLAN, ADSL, SONET, OFDMA | DWASA-14 |
VSAT . Very Small Aperture Terminal
WIMAX : Worldwide Interoperability for Microwave Access
WLAN : Wireless Local Area Network
ADSL . Asymmetric Digital Subscriber Line
SONET : Synchronous Optical Network
OFDMA : Orthogonal Frequency-Division Multiple Access
45 | What is meant by: OFDM, GMSK, WiMAX, DWDM, PSTN, BISDT. BUET M.Sc.
Unknown

OFDM . Orthogonal Frequency Division Multiplexing
GMSK : Gaussian Minimum Shift Keying

WIMAX : Worldwide Interoperability for Microwave Access
DWDM . Dense Wavelength Division Multiplexing

PSTN . Public Switched Telephone Network

BISDT

BISDT it farg e AR wifsl weissife 2 Bf *I19t A6l ¢tz | @ressti Fies et
BISDN . Broadband Integrated Services Digital AT&T Network

BIST : Built-In Self Test

46 | What is erlang of telephone traffic? Related Math.

BUET M.Sc. Unknown

Erlang is a unit of telecommunications traffic measurement. It is used to describe the total traffic volume

of one hour.

For example, if a group of user made 30 calls in one hour, and each call had an average call duration of 5

minutes, then the number of Erlangs this represents is worked out as follows:

Minutes of traffic in the hour = number of calls x duration
=30 x 5=150

Hours of traffic in the hour = 150/ 60
=25

Traffic figure = 2.5 Erlangs
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Erlang traffic measurements are made in order to help telecommunications network designers understand
traffic patterns within their voice networks. This is essential if they are to successfully design their
network topology and establish the necessary trunk group sizes.

Erlang traffic measurements or estimates can be used to work out how many lines are required between a
telephone system and a central office (PSTN exchange lines), or between multiple network locations.

47 | What are the Common Multiple Access Technologies? Differentiate between Multiplexing | BUET M.Sc.

& Multiple Access Technologies. 12

There are three types of common Multiple Access Methods :
o Frequency Division Multiple Access (FDMA) - flexible and simple

e Time Division Multiple Access (TDMA\) - popular
o Code Division Multiple Access (CDMA Spread Spectrum) - highly secure

AAVAWVAVWAVAVWAWIEAWA

TDMA FDMA
i 4

Usable handwidth

This illustration shows how the most common Multiple Access Methods allow the capacity of a standard
transponder to be shared.

Difference between Multiplexing and Multiple Access:

Multiplexing Multiple Access

Multiplexing is a process where multiple Multiple access method allows several

analog message signals or digital data terminals connected to the same multi-point

streams are combined into one signal over a | physical medium to transmit over it and to

shared medium. share its capacity.”

It works on the physical layer (L1) of OSI It works on the Data Link layer (L2) of OSI

model. model.

A device that performs the multiplexing is A channel-access scheme is also based on a

called a multiplexer (MUX), and a device that | Multiple access protocol and control

performs the reverse process is called a mechanism, also known as media access control

demultiplexer (DEMUX). (MAC). This protocol deals with issues such as
addressing, assigning multiplex channels to
different users, and avoiding collisions.




Rony Parvej's EEE Job Preparation

LECTURE -1 & 2 : COMMUNICATION

48

why is parallel transmission more useful than serial transmission?
(a) For long distance data transmission

(c) For synchronous transmission

(b) For short distance data transmission
(d) For Asynchronous transmission

MCQ DPDC-
14

Parallel data is preferred for short distance data transmission because the amount of data that can be
sent is greater than serial data transmission. However in long range transmission, the data along a wire
could get distorted by the voltages from the other wires parallel to the wire. This problem is known as
skew. Another reason it is not used over long distances is that the cost of cabling is very high as many
wires are required.

Serial Data Transmission - Single bits are sent one after another along a single data channel.
Parallel Data Transmission - Bits are sent down several data channels simultaneously

. —— 0 . T > -
Transmitter ' - Receiver
—— 0 - >
0 — L -
o r N
0 1 N
Parallel Transmission
Direction of flow
Stop bit Start bit
p N Data o
1ol [o]
L Jo] [IJrrrorrJo] [1J00011101 J0] | peceiver
\ Gaps

Asynchronous transmission

Tramsmitter |7
i

Serial Transmission

Serial transmission occurs in one of two ways: asynchronous or synchronous.

Direction of flow
B —

Transmitter L1

11001 J10101101 J00011101 ] 10111001

Synchronous transmission

Receiver

49

Envelop detector is helpful for which of the following modulation? (€2 512+ f&g @61

&) (a) ASK  (b) ASK and FSK  (c) FSK

(d) PSK

MCQ DPDC-
14

Digital radio links require a digitally modulated carrier. Options are ampli-tude shift keying (ASK),

normally used with envelope detection, frequency shift keying (FSK), also using envelope detection,
or phase shift keying (PSK). PSK requires coherent detection, either by regenerating a local car-rier in
the receiver, or by using differential detection in which the previous bit is used as the phase reference for
the current bit.

JIeEe ASF Taa ABIwe (b) ASK and FSK
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Reference: Topic: 4.2.8 Digital Radio Links, Handbook of Electrical Engineering Calculations by Arun G. Phadke

50 | Find the probable bandwidth of the following signal MCQ
/\ | /\ DWASA-14
8 2 | 2 g
Bandwidth = USB - LSB =8 — (-2) = 10 Hz
Or, 2-(-8) = 10 Hz. Ans.
51 | Inter-symbol interference occurs when MCQ BPDB-
(a) channel bandwidth (BW) is close to the signal BW 13

(b) signal BW is much larger than channel BW
(c) channel BW is much larger than signal BW
(d) channel BW is large as signal BW

When the signal's bandwidth becomes larger than the channel bandwidth, the channel starts to

introduce distortion to the signal. This distortion usually manifests itself as intersymbol interference.
[Reference: http://en.wikipedia.org/wiki/Pulse_shaping ]

52 | Which one of the following is a valid uplink frequency band used in a GSM system MCQ BPDB-
(a) 1930-1990 MHz  (b) 890-915 MHz (c) 440-460 MHz  (d) 935-960 MHz 13
System GSM 900 GSM 1800 UMTS 2100
Uplink 890-915 MHz | 1710-1785 MHz 1920 - 1980 MHz
Downlink | 935-960 MHz | 1805-1880 MHz | 2110-2170 MHz
53 | For modulation, a GSM system generally employs MCQ BPDB-
(@ GMSK  (b) 8-PSK  (c) QPSK (d) both (a) and (b) 13, MCQ
BUET
M.Sc.-13
Communication system Used modulation scheme
GSM 2G GMSK
GPRS 2.5G
EDGE 2.75G 8 PSK
CDMA 2000 QPSK in forward Channel (From BTS to Mobile)
OQPSK in reverse channel
UMTS 3G QPSK
HSDPA 3.5G Adaptive Modulation:
QPSK
16 QAM
Wi-Fi BPSK, QPSK, 16 QAM, 64 QAM
WiMax Adaptive Modulation:
QPSK, 16 QAM, 64 QAM




Rony Parvej's EEE Job Preparation

LECTURE -1 & 2 : COMMUNICATION

54

Which statement is TRUE regarding analog modulation technigues?
(a) FM signal offers better receptive quality compared with AM because it has
narrower bandwidth than that of AM
(b) FM signal is more noise resistant than PM signal
(c) Synchronous detection can be used for AM, and PM signals
(d) None of the above

13
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AM

FM

Modulating
differences

In AM, a radio wave known as the
"carrier" or "carrier wave" is modulated
in amplitude by the signal that is to be
transmitted. The frequency and phase
remain the same.

In FM, a radio wave known as the "carrier" or
"carrier wave" is modulated in frequency by
the signal that is to be transmitted. The
amplitude and phase remain the same.

Pros and cons

AM has poorer sound quality compared
with FM, but is cheaper and can be
transmitted over long distances. It has a
lower bandwidth so it can have more
stations available in any frequency
range.

FM is less prone to interference than AM.
However, FM signals are impacted by physical
barriers. FM has better sound quality due to
higher bandwidth.

FM radio ranges in a higher spectrum from 88

Requirements

the modulating signal has bandwidth of
15kHz, and hence the bandwidth of an
amplitude-modulated signal is 30kHz.

Frequency AM radio ranges from 535 to 1705 KHz .
) to 108 MHz. (OR) 1200 to 2400 bits per
Range (OR) Up to 1200 bits per second.
second.
Twice the highest modulating Twice the sum of the modulating signal
. frequency. In AM radio broadcasting,  |[frequency and the frequency deviation. If the
Bandwidth

frequency deviation is 75kHz and the
modulating signal frequency is 15kHz, the
bandwidth required is 180kHz.

Zero crossing in

synchronization is needed in case of

modulated Equidistant Not equidistant
signal
Complexity Transmitter and receiver are simple but |Transmitter and receiver are more complex as

variation of modulating signal has to

MCQ BPDB-
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AM FM
SSBSC AM carrier. beconverted and detected from
corresponding variation in frequencies.(i.e.
voltage to frequency and frequency to
voltage conversion has to be done).

AM is more susceptible to noise FM is less susceptible to noise because
Noise because noise affects amplitude, which |information in an FM signal is transmitted
is where information is "stored" inan  |through varying the frequency, and not the
AM signal. amplitude.
55 | A discrete time signal is given by x(n) = Cos [(nx)/9]. The signal is MCQ BPDB-
(a) periodic with period N=9 samples.  (b) periodic with period N=18 samples. 15
(c) periodic with period N=32 samples. (d) aperiodic

f= (n/9 )*(1/2n) =1/18 . So, The signal is periodic with sampling period of 18.

56 | What is the carrier in Submarine Cable? MCQ BUET
M.Sc.-13

opy 3R fwret ®

Modern submarine cables use optical fiber technology to carry digital data, which includes telephone,
Internet and private data traffic.




