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শুরুর কথ াঃ 
আারাভ ু আরাইকুভ।  আরাভদুলরল্লা।  শল মযন্ত শরকচায নাম্বায ১ এফং ২ এয কাজ শল 
কযতে শতযলি।  ৩০০ কল লিন্ট তে িথভ দপায়।  িথভফায ফতর খুফ বতয় লিরাভ।  ভাত্র ১ 
প্তাত ফ িশ্ন গুলিতয় শরকচায লট কভলিট কযা আতরই শফ কলিন।  আলভ আভায শচষ্টায িায় 
ত য্াচ্চটকুু লদতয় শরকচায লটটা লনবুযর এফং ূর্যাঙ্গ কযায শচষ্টা কতযলি।  গেকার যাতে ভাত্র ১ 
ঘন্টা ঘলুভতয়লি,  আজ অলপ িুলট লনতয় লনতয়লি।  এযযও ফাযফায ভতন তে “আতযকট ু বার কযতর 
বার তো”,  “আা!  এটা শো ফাদ তে শগর! ”,  “এই লনয়ভটা লক আতদৌ লিক আতি?”,  “এটা 
লক আতযকট ু জ কতয উস্থান কযা শমে না?”,  “আতযা কতয়কটা ফইতয় একফায শচাখ ফুলরতয় 
লনতর বার তো”।  এযকভ াজাযটা িশ্ন এই শরকচায লতটয লিলন্টংতক ফাযফায ললিতয় লদতয়তি।  
আজতক আফায তয়তি লক শাতনন।  কারতফরা মখনই  কলিউটায অন কযতে মাফ েখনই শগর 
ইতরকলিললট।  তয শুনরাভ আজতক নালক ন্ধ্যা ৭ টায আতগ ইতরকলিলটই আতফনা।  আভায ফ 
পাইর শেস্কটত।  ড্রফতে আতেতটে পাইর আতরাে কযা য়লন।  াযাটা লদন ভালট তফ শবতফ 
ভন অতনক খাযা তয় শগর।  অফশ্য দুুতযই ইতরকলিললট চতর আর এযয।  শল মযন্ত শকান 
লকিু লচন্তা না কতযই লিলন্টং এ লনতয় মালে এখন।  ভয় স্বল্পোয জন্য িুপ লযলেং ফা লযলবানও 
লদইলন।   অন্তে একটা ান্েলুরল শো দাাঁলেতয় মাক!  এই শরকচায লট কভলিট কযফ ফতর গে দু 
লদন শপফুতক ফা শপাতন ভয় লদতে ালযলন।  অতদখা কতয়ক ভযাতজ জতভ শগতি ইনফতে।  আলভ 
একা াতে আয কেলদক াভরাফ? োয উয িথভফায।  শ লততফ একট ু ক্ষভাসুন্দয দৃলষ্ট আা 
কযলি আনাতদয কাি শথতক।     
 
এই শরকচায লতটয শকান িতশ্নয উত্তযই ১০০% লিক নয়।  শফ লকিু ফই  এফং েকুতভন্ট োয 
য আভায কাতি শমগুতরা শভাটাভলুট লিক ভতন তয়তি শগুতরায ভলষ্ট ভাত্র।  কাতজই এতে বুর 
খুাঁতজ াওয়া খুফই স্বাবালফক।  আলভও চাই আনাযা আভাতক আভায বুরগুতরা ধলযতয় লদন লকংফা 
শকান জ দ্ধলে থাকতর লিজ জানান।  এই শরকচায লতটয বুরগুতরা যফেযী শরকচায ীতট অথফা 
“বুর ংতাধন” নাতভয আতযকটা শরকচায লতট ংতাধন কতয শদওয়া তফ ইনাল্লা।  শরকচায 
লট অথফা শকালচং এয আতেট জানায জন্য লনতচয শপফুক আইলেটাতক পতরা কযায অনুতযাধ 
কযলি।  এতে কতয আভায আতেট জানাতনায কাজটা জ তয় মাতফ।  বার থাকতফন।  শদায়া 
কযতফন আভায জন্য।  
 
 

 
রনি প রভেজ 

-  ম  ব ইলাঃ ০১৭১৮-৯৩৬৪১৫ 
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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 

signal. 

EGCB-12, 

BUET M.Sc. 

13 

3 A signal x(t)=5 cos (1000 π t) is sampled at nyquist sampling rate and quantized using 8 

bit PCM system. Determine the bit rate of the digital signal. 

NWPGCL-14 

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 

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

EGCB-12 

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) 

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 

8 In PCM, the number of quantization level is increased from 4 to 64, then the bandwidth 

requirement will approximately be increased  

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

MCQ BPDB-

15 

9 A PCM-TDM system multiplexes 10 band limited voice channel (300-3400 KHz) and 

uses a 256 level quantizer. If the signal is sampled at a rate 17 
11

17
 % higher than Nyquist 

rate, then what will be the maximum energy bandwidth of the transmission channel? 

DPDC-14 

10 The signal x(t) = 2 sin ( 500 πt ) + 3 sin ( 1400 πt ) + 2 sin ( 3400 πt ) + 2 sin ( 6900 πt )  

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.   

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

MCQ DPDC-

14 

11 A television signal (video and audio) has a bandwidth of 4.5 MHz. This signal is 

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.  

PGCB-11 

12 It is desired to set up a central station for simultaneous monitoring of the 

electrocardiograms (ECGs) of 10 hospital patients. The data from the rooms of the 10 

patients are brought to a processing center over wires and are sampled, quantized, 

BUET MSC-

14 
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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  

(a) 39.06 mV         (b) 2.44 mV       (c) 0.625 V      (d) None of the above  

MCQ BPDB-

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 

dbm (0.01 MW), then SNR = 

         (a) 17 dbm  (b) 16.9 dbm (c) 50 dbm (d) None of these 

MCQ EGCB-

12 

17 x (t) = 1.5 cos (800πt) is to be PCM with minimum SQNR of 25dB. How many bytes 

are required for encoding each having uniform quantization.  

BUET MSC-

14 

18 Signal power = 2 MW, Noise power = 1.95 MW. Find maximum data rate and Shanon’s 

capacity. [Find maximum delta modulation এফং shanon’s theorem (300-3300) Hz এআ 

টাআ কি নাকি উল্লেখ কির। তথযদাতা ুল্লযাুকয ভল্লন যাখল্লত াল্লযনকন।]  

BUET MSC-

14 

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?  

(a) 52 dB            (b) 34.32 dB     (c) 17.16 dB      (d) 

MCQ DPDC 

-14 

20 The Bandwidth of a signal is 10 KHz and SNR is 12 dB. Find the bit rate (According to 

Jahid Sumon,  Maximum bit rate) of the binary PCM .  

BPDB-14 

(FF) 

21 If the signal at beginning of a cable with −0.3 dB/km has a power of 2 mW, what is the 

power of the signal at 5 km?  

PGCB-11 

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 

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 A signal  Am Sin fm π t and carrier is Ac sin( 2πfc t + ∂ ). Find the DSB, Amplitude 

modulated signal and draw the upper and lower sideband frequency spectrum.  

BPDB-11 

26 x(t) = 2 sin ( 400 πt ) + 4 cos ( 600 πt ). Sampling of 2400 Hz.  

(a) Find the equation of x(n).  

(b) Find the period  of x(n).  

(c) Draw the spectrum of x(n).  

BUET MSC-

14 

27 If m(t)= 2 sin 2000πt + 4 sin 4000πt, then 

(i) Find minimum sampling frequency required to avoid aliasing 

(ii) If sampling frequency is 10KHz, draw the spectrum of the sampled signal.  

DWASA-

2014 

28 A signal x(t)=2 sin(400πt)+ 6 sin(640πt)  is ideally sampled at 500 Hz and then fed to 

an ideal lowpass filler with a cut-off frequency of 400Hz. Determine the frequencies 

that will be available at the output.  

 

 

BPDB-13 
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29 Draw the frequency spectrum of x(t) and y(t):  

 

EGCB-14 

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 (t) = AC Cos 2π fC’ t  
 

 

DPDC-14 

31 

 

BUET M.Sc. 

-14 

32 If m(t) = B Sinc (2πBt) , B=1000 & ώc =10000π, then Draw the Spectrum of DSB-SC 

and LSB signal.  

BUET M.Sc. 

- 12 

33 Find a signal g(t) that is band-limited to B Hz and whose samples are  

g(0) = 1 and 8(±TS) = g(±2TS) = 8(±3 TS) =…. = 0 

where the sampling interval TS is the Nyquist interval for g(t), that is, TS = 1/2B.    

DWASA-11 

34 If m(t) = B cos ωm t and index µ=1, then find Ф AM (t) and sketch it. DWASA-11 

35 এিটা square এফং এিটা triangular wave দদওয়া কির। এয কিকুল্লয়কি ভডুল্লরল্লটড কগন্যাল্লরয কি 

দমন (দেিট্রাভ?) অঁিল্লত কদল্লয়কির।  

 

DWASA-14 

Type-4: Modulation & Power of Modulated wave 

36 A 1KW Carrier is amplitude modulated to a depth of 60%. Calculate total power and 

Sideband Power of the modulated wave. 

BUET M.Sc. 

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 

communication is  

             (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 

MCQ DPDC 

-14  
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40 The main advantage of a digital communication system over that of an analog one is  

(a) reduced complexity of the receiver      (b) robustness to noise  

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

MCQ BPDB-

13 

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 

Multiplexing &  Multiple Access Technologies. 

BUET M.Sc. 

12 

48 why is parallel transmission more useful than serial transmission?  

(a) For long distance data transmission             (b) For short distance data transmission 

(c) For synchronous transmission                      (d) For Asynchronous transmission 

MCQ DPDC-

14 

49 Envelop detector is helpful for which of the following modulation? (এআ টাআ কিিু এিটা 
কির)  (a) ASK    (b) ASK and FSK   (c) FSK     (d) PSK 

MCQ DPDC-

14 

50 Find the probable bandwidth of the following signal 

 

MCQ 

DWASA-14 

51 Inter-symbol interference occurs when  

(a) channel bandwidth (BW)  is close to the signal BW  

(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 

MCQ BPDB-

13 

52 Which one of the following is a valid uplink frequency band used in a GSM system   

(a) 1930-1990 MHz     (b) 890-915 MHz    (c) 440-460 MHz      (d) 935-960 MHz  

MCQ BPDB-

13 

53 For modulation, a GSM system generally employs  

(a) GMSK     (b) 8-PSK     (c) QPSK    (d) both (a) and (b)  

MCQ BPDB-

13, MCQ 

BUET 

M.Sc.-13 

54 Which statement is TRUE regarding analog modulation techniques?  

(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  

MCQ BPDB-

13 

55 A discrete time signal is given by x(n) = Cos [(nπ)/9]. The signal is  

           (a) periodic with period N=9 samples.      (b) periodic with period N=18 samples. 

           (c) periodic with period N=32 samples.    (d) aperiodic 

MCQ BPDB-

15 

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: 

Sampling 

Quantization 

Coding 
 

Sampling 

Sampling involves measuring the analog signal at specific time intervals. 

 

 
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: 

 

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. 

 

 
 

Quantization 
Quantization is to give each sample a value. 

 
 
Coding 
Coding involves converting the quantized values 

into binary.  

 

 

 
   Figure: Quantization 

 

2 State Nyquist theorem. What is the condition to recover message signal from sampled 

signal. 

EGCB-12, 

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 

ূত্রগুল্লরা ভল্লন যাকখঃ  

* Δ = 2mp / L 

* PM = mp 
2
/2 

* PQ= Δ2/12 = mp 
2
/ 3L2 

    PM / PQ = 3L2
/2  

* SNR (in dB)  = 10 log (PM / PQ) 

                          = 10 log (3L2
/2) *  

SNR (in dB)  = 1.76 + 20 log L 

* L = 2n 

SNR (in dB)  =  1.76 + 6.02 n  

এআ ূত্রল্লি 6dB Rule of SNR  ফরা য় । 
 

Rb = bit rate  
  = No. of bit used to encode a sample * sampling Rate 
* Rb = nfS 

* L = 2n
 

* fNQ = 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 চাআল্লর এআটা ফযফহৃত 

ল্লফ)  
* Maximum acceptable quantization error = Δ /2 

 

দিানটা দমন কি?  
mp = Signal peak value  

2mp = Operating Range 

Δ = step size = resulation 

L = No. of Quantization level 

n = No. of bits in the sample’s code 

PM= Signal power (average/or R.M.S.) 

PQ= Quantization Noise power (average) 

fS = Sampling frequency  

fm = message signal’s frequency

fNQ = Nyquist  frequency 
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3 A signal x(t)=5 cos (1000 π 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, fm = 1000π /2 π = 500 Hz 

So, Sampling frequency, fS = Nyquist  frequency, fNQ =2fm = 2*500 Hz = 1000 Hz 

No. of bit, n =8.  

So, Bit rate of the digital signal, Rb = 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 = 28 =2n .  

So, No. of bits, n =8.  

Standard sampling frequency, fs = 8KHz  (ভুখস্ত যাখল্লত াল্লযন)  
So, Bandwidth for every channel, Rb = nfs = 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 Kb/s  (b) 1088 Kb/s       (c) 496 Kb/s (d) 992 Kb/s 

EGCB-12 

 

৪ নং এয নুরূ। এখাল্লন শুধু চযাল্লনল্লরয ংখযা অল্লগয (১০টায) তুরনায় কিগুন (২০টা)। তাআ উত্তযও 
অল্লগযটায কিগুন ল্লফ। থথাৎ,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) 

 
৫ নং এয নুরূ। উত্তযঃ 1280 Kb/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 = 28 =2n .  

So, No. of bits, n =8.  

Standard sampling frequency, fs = 8KHz  
So, Bandwidth for every channel, Rb = nfs = 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 

requirement will approximately be increased  

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

MCQ BPDB-

15 

 

L1 = 4 = 2
2
 = 2

n1
. So, n1 = 2 

L2 = 64 = 2
6
 = 2

n2
. So, n2 = 6 

Rb1= n1*fs 

Rb2= n2*fs  

So, Rb2 / Rb1 = n2*fs / n1*fs = n2/ n1 = 6/2 = 3 times. Ans. 

 

9 A PCM-TDM system multiplexes 10 band limited voice channel (300-3400 KHz) and uses a 

256 level quantizer. If the signal is sampled at a rate 17 
11

17
 % higher than Nyquist rate, then 

what will be the maximum  energy bandwidth of the transmission channel? 

DPDC-14 

 

Here,  

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

∴ Nyquist frequency of the signal, fNQ    = 2 fm = 2* 3400 Hz =6.8 KHz 

∴ Sampling frequency of the signal, fS    = 17 
11

17
 % (=17.65%) higher than Nyquist rate  

              = 1.1765*6.8 KHz = 8KHz 

Quantization Level, L = 256 = 28 = 2n 

∴ 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 πt ) + 3 sin ( 1400 πt ) + 2 sin ( 3400 πt ) + 2 sin ( 6900 πt )  

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.   

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

MCQ DPDC-

14 

 
ল্লনিগুরা াআন কিংফা ি ওল্লয়ব এিাল্লথ দমাগ অিাল্লয থািল্লর দম ংল্লয কিকুল্লয়কি ফল্লচল্লয় দফক দটাআ কিকরত কগন্যাল্লরয 

কিকুল্লয়কি। থথাৎ এল্লেল্লত্র কিকুল্লয়কি ফায িথা কির 6900π/2π = 3450 KHz. কিন্তু কগন্যারটা (300-3400 Hz) এ ফযান্ড 

করকভল্লটড।থথাৎ কগন্যাল্লরয কিকুল্লয়কি 3400 Hz এয দফক ল্লত াযল্লফ না!  থথাৎ,   

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

So, Sampling frequency, fS = Nyquist  frequency, fNQ =2fm = 2*3400 Hz = 6800 Hz = 6.8 KHz. 
Quantization Level, L = 512= 29 = 2n 

∴ No. of bits in the code, n=9 

∴ Output Data rate, Rb = 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, 

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.  

PGCB-11 

 

Frequency of the message signal, fm = 4.5 MHz  

Nyquist  frequency, fNQ =2fm = 2* 4.5 MHz = 9 MHz 

(20% above ভাল্লন 1.2 গুন)  

(a)  So, Sampling frequency, fS = 1.2*9 MHz = 10.8 MHz  Ans.  

(b) L=1024=2
10

 =2
n 
. 

     n = 10  

     Rb = 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 

electrocardiograms (ECGs) of 10 hospital patients. The data from the rooms of the 10 

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. 

BUET MSC-

14 

 

Signal bandwidth, fm = 100 Hz. 

Nyquist rate of each signal, fNQ =2fm = 2*100 Hz=200Hz 

So, Sampling frequencyof each signal, fS = 2* fNQ = 2*200 Hz=400Hz 

Given, maximum acceptable error, Δ /2 ≤ 0.0025 mp 

                                        or, (2mp / L)/2 ≤ 0.0025 mp 

                                                                        or,  1/ L ≤ 0.0025 

                                                                              or,  L ≥  400  

But L should be a power of 2. So,  L=512=2
9
 =2

n 
( িাযণ 28 = 256 মা 400 এয দচল্লয় দিাট। তাআ 400 এয দচল্লয় ফড় 2- এয যফতথী াওয়ায 29 = 512 ধযা ল্লয়ল্লি। তা না ল্লর no. of bits, n এয 

ভাল্লন দকভি অত। কিন্তু কফট ংখযা বগ্াং ফা দকভি ল্লত াল্লযনা, ূণথ ংখযা ল্লত য়।) 

So, No. of bit required, n = 9.  

So, minimum bit rate required for one patient,  Rb = 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) 2.44 mV       (c) 0.625 V      (d) None of the above  
MCQ BPDB-

13 

 

Here, Operating Range, 2mp = 10 V 

          No. of bit, n = 8 

         So, Quantization Level, L= 2
n
 =2

8
=256 

       So, resulation,  Δ = 2mp / L = 10/256 = 0.0390625 V =39.0625 mV Ans. 

  
Basics of Type: 2 

 where P is average power & σ is variance 
 

   
 

  
 
 

   
 

   এল্লি 6dB rule of SNR ও ফরা য়। n=bit rate 

  এল্লি Shanon’s Capacity Theorem ও ফরা য়।  
C = Channnel capacity in bit/s 

S=Signal power 

N= Noise power.  

B = frequency/Bandwidth of the message signal 

এআ ূল্লত্র S/N ফা SNR এয ভান ওয়াল্লট ফাল্লত ল্লফ । দজন্য S/N ফা SNR এয ভান দডকল্লফল্লর দদওয়া থািল্লর তাল্লি 
ওয়াল্লট িনবাটথ িল্লয কনল্লত ল্লফ। 

  
থথাৎ, b এয াওয়ায মত ল্লর তায ভান x ল্লফ দটাআ ল্লে log b (x) এয ভান।  

 
 

14 In which of the following noise level is reduced? (4 values of SNR were given) MCQ BPDB 

-14 (FF) 

 

িাল্লজআ মায SNR ফক তায নল্লয়জ াওয়ায ফা নল্লয়জ দরল্লবল্লর িভ। িাল্লজআ SNR এয ভান মথাক্রল্লভ ২, ৩, ৪ ও 

৫ দডকল্লফর ল্লর এল্লেল্লত্র ৫ দডকল্লফর কগন্যাল্লরযআ নল্লয়জ দরল্লবর ফল্লচল্লয় িভ।  
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15 Bandwidth = … KHz,  SNR= … dB, what is bit rate?  MCQ BPDB 

-14 (FF) 
 

এখাল্লন, ধকয, Bandwidth = 2.4 KHz= 2400Hz  এবং S/N = 20 dB =10^( 20/ 10) =100 W   

  
= 2400 log2 101 = 2400*6.658211=15,965 bt/s 
 

16 For a voice channel, if the signal power level is -3dbm (-5 MW) and noise level is -20 dbm 

(0.01 MW), then SNR = 

         (a) 17 dbm  (b) 16.9 dbm (c) 50 dbm (d) None of these 

MCQ EGCB-

12 

 

 
         = -3 – (-20) dBm = 17dBm Ans.   
 

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

required for encoding each having uniform quantization.  

BUET MSC-

14 
 

Frequency of the signal, B = 800π / 2π = 400 Hz.  

SQNR = 25 dB = 10
2.5

 W = 316.23 W 
 ( টথিাল্লট ওয়াল্লট রূান্তল্লযয জন্য দডকল্লফরল্লি ১০ কদল্লয় বাগ িল্লয ১০ এয াওয়ায কল্লল্লফ ফাল্লরআ য়। )   

C= B log2 (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 এফং shanon’s theorem (300-3300) Hz এআ টাআ 

কি নাকি উল্লেখ কির। তথযদাতা ুল্লযাুকয ভল্লন যাখল্লত াল্লযনকন।]  

BUET MSC-

14 

  

Let, Maximum frequency of the signal, B = 3300 Hz.  

 

       = 3300 log2 (1+1.02564) 

        = 3300 log2 (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?  

(a) 52 dB            (b) 34.32 dB     (c) 17.16 dB      (d) 

MCQ DPDC 

-14 

 

 
  = 10 log10 (.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 

Jahid Sumon,  Maximum bit rate) of the binary PCM .  

BPDB-14 

(FF) 
 

B=10 KHz 

SNR = 12 dB = 10
1.2 

W =15.8489 W 

C  = B log2 (1+SNR) = 10* log2 (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 

power of the signal at 5 km?  

PGCB-11 

 

The loss in the cable in decibels is 5 × (−0.3) = −1.5 dB.  

We can calculate the power as  

  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%  Ans.  

 

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  

 
 

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). 

In mathematics, the historical unnormalized sinc function is defined by  

 

In digital signal processing and information theory, the normalized sinc function is commonly defined by 

 
 

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 
 

Reference: Figure 4.1, B.P. Lathi 
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25 A signal  Am Sin fm π t and carrier is Ac sin( 2πfc t + ∂ ). Find the DSB, Amplitude modulated 

signal and draw the upper and lower sideband frequency spectrum.  

BPDB-11 

( এআ প্রল্লেয উত্তযটা কিি ল্লয়ল্লি কিনা তা কনল্লয় অভায ল্লে অল্লি। মাল্লাি, তাযযও নাআ ভাভায দচল্লয় িানা ভাভা বার তাআ কদরাভ।)   

Message signal = Am Sin fm π t 

Carrier Signal = Ac sin( 2πfc t + ∂ ). 

DSB, Amplitude modulated signal = [Am Sin fm π t] * [Ac Sin( 2πfc t + ∂ )] 

       = Am Ac * Sin fm πt * Sin( 2πfc t + ∂ ) 

       =  (Am Ac/2) *[2  Sin fm πt *  Sin( 2πfc t + ∂ )] 

       = (Am Ac/2) *[2 Sin( 2πfc t + ∂ )*  Sin fm πt ] 

       = (Am Ac/2) *[ Cos (2πfc t + ∂ - fm πt) - Cos (2πfc t + ∂ + fm πt) 

              = (Am Ac/2) *[ Cos {(2πfc t + ∂ - fm πt) - Cos (2πfc t + ∂ + fm πt) 

 
 

26 x(t) = 2 sin ( 400 πt ) + 4 cos ( 600 πt ). Sampling of 2400 Hz.  

(a) Find the equation of x(n).  

(b) Find the period  of x(n).  

(c) Draw the spectrum of x(n).  

BUET MSC-

14 

 

(a) x(n)  = 2 sin ( 400 πn/2400) + 4 cos (600πn/ 2400) 

 = 2 sin (πn/6) + 4 cos (πn/ 4) Ans.  
 

(b) x(n)   = 2 sin (2πn/12 ) + 4 cos (2πn/ 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 = র.া.গু.  
 

(c)   

 
এআ ংটা ফঝুল্লত অভায ল্লনি ভয় দরল্লগল্লি। পুকযয়ায ট্রযািপভথ এিগাদা পাআর ল্লড় (এখন যাত 3.13 Am এ ) কিিুটা 
ফঝুল্লত দল্লযকি ভল্লন য়। মাল্লাি, এআ টাআ ভযাথ িযায এিটা টথিাট কনয়ভ ভল্লন য় দাড়ঁ িযাল্লত দল্লযকি দল মথন্ত। কনয়ভটা ল্লে 

অল্লগ কিকুল্লয়কি দফয িল্লয দনওয়া। দমভন, এআ প্রল্লে াআন ংল্লয কিকুল্লয়কি 400 π /2π = 200 Hz, এফং ি ংল্লয কিকুল্লয়কি 600 

π /2π = 300 Hz. স্যাম্পকরং কিকুল্লয়কি 2400 Hz. তাল্লর দেিট্রাভ ড্রকয়ং এ কিকুল্লয়কিগুল্লরা ল্লফঃ াআন ংল্লয জন্য ± 200 Hz,  

(± 200 ±  2400) Hz, এফং ি ংল্লয জন্য  ± 300 Hz,  (± 300 ±  2400) Hz. উবয়ল্লেল্লত্রআ এভকিকচউড ল্লধথি ল্লয় মাল্লফ।  
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27 If m(t)= 2 sin 2000πt + 4 sin 4000πt, then 

(i) Find minimum sampling frequency required to avoid aliasing 

(ii) If sampling frequency is 10KHz, draw the spectrum of the sampled signal.  

DWASA-

2014 

 

(i) The maximum frequency of the signal, fm = 4000π/2π = 2000Hz = 2KHZ 

     So, minimum sampling frequency required to avoid aliasing, fS = 2fm = 4000 Hz = 10 KHz Ans.  

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

 
28 A signal x(t)=2 sin(400πt)+ 6 sin(640πt)  is ideally sampled at 500 Hz and then fed to an 

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

be available at the output.  

BPDB-13 

 

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 
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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 (t) = AC Cos 2π fC’ t  
 

 

DPDC-14 

 

Ans: 
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31 

 

BUET M.Sc. 

-14 

 

Output =  Am Cos 2π fm t * AC Cos 2π fC t 

 =  (Am Ac/2) *[2  Cos2π fm t *Cos 2πfc t] 

 = (Am Ac/2) *[ Cos(2π fC t + 2πfm t) + Cos(2π fC t - 2πfm t)] 

 = (Am Ac/2) *[ Cos 2π (fC +fm )t + Cos 2π (fC -fm )t] Ans. 

 

32 If m(t) = B Sinc (2πBt) , B=1000 Hz & ώc =10000π, then Draw the Spectrum of DSB-SC 

and LSB signal.  

BUET M.Sc. 

- 12 

  
Related Problem:  

 
 

Reference:   2014  通信技术与系统作业 2 参考答案  授课教师:  梁菁 

    (Reference Answers of Mr. Liang Jing’s Communication Technology and Systems Assignment-2, 2014) 

 
Comment: কভস্টায কজং িাকু কডকফ’য প্রে দদল্লখ তাযঁ সু্টল্লডন্টল্লদয এাআনল্লভন্ট দদন! :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(±TS) = g(±2TS) = 8(±3 TS) =…. = 0 

where the sampling interval TS is the Nyquist interval for g(t), that is, TS = 1/2B.    

DWASA-11 

 

 
Refernce: B.P. Lathi 
 

35 এিটা square এফং এিটা triangular wave দদওয়া কির। এয কিকুল্লয়কি ভডুল্লরল্লটড কগন্যাল্লরয কি দমন 

(দেিট্রাভ?) অঁিল্লত কদল্লয়কির।  

 

DWASA-14 

 

প্রেটাআ ফুঝল্লত াকযকন কিিভত  
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Basics of Type-4: Amplitude Modulation & Power of Modulated wave 
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36 A 1KW Carrier is amplitude modulated to a depth of 60%. Calculate total power and 

Sideband Power of the modulated wave. 

BUET M.Sc. 

12 

 

Carrier Power, PC = 1KW 

Modulation index, m = depth of modulation = 60% =0.6 

Sideband Power, PS = (m
2
/2)* PC = (0.6

2
/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 ωm t and index µ=1, then find Ф AM (t) and sketch it. DWASA-11 

 

Some books use µ to represent modulation index instead of m 

      And B to represent Amplitude of Signal instead of ES 

                             And A to represent Amplitude of Carrier instead of EC 
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       = A(1+µ cos ωm t) 

 
                                 So, Ф AM (t)  = A(1+µ cos ωm t) cos ωC t Ans.  

 

 
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 

 

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

 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 

 

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  

            (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 

MCQ DPDC 

-14  

 

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  

(a) reduced complexity of the receiver      (b) robustness to noise  

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

MCQ BPDB-

13 

 

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) 

 

এিকট ভজায কফলয়ঃ  
৩৯ এফং ৪০ নম্বয প্রল্লেয কিি উত্তয দফয িযায জন্য অভাল্লি ল্লনি দখাঁজাখুঁকজ িযল্লত ল্লয়ল্লি। কফল্লল িল্লয ৩৯ 
নাম্বাল্লযয প্রায় ফগুল্লরাল্লিআ কিি ভল্লন কের। কিন্তু কিি উত্তয দতা ল্লফ ১ টা! দলল্লভল ৩৯ এফং ৪০ নাম্বাল্লযয 
ানগুল্লরা কভকরল্লয় দদকখ শুধু কযকটাল্লযয ানটাআ ২টাল্লত িভন। তাআ দবল্লফকিরাভ এটাআ উত্তয ল্লফ। দল্লল ফশ্য 
রাকথ’য ফআল্লত যাকযআ দল্লয় মাআ রাআনটা। ল্লনি ভয় এিটা প্রল্লেয দবতযআ অল্লযিটা প্রল্লেয উত্তয রুকিল্লয় থাল্লি, ৩৯ 

এফং ৪০ নং এভককিউ তায এিটা উদাযণ।   
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41 Explain the slop overload effect of delta modulation. BPDB-11 

Delta modulation (DM or Δ-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 (Δ) 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 Δ, 

and output a 1. 

2. If the input signal is lower than the current reference signal, decrease the reference by Δ, 

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. 

 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 

If the input signal is rising or falling with a slope larger than Δ/T, where T is the sampling time and the Δ 

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 Δ. 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 নাল্লভয কিিু খুঁল্লজ াআকন অকভ।িািািাকি ২ টা ব্দ াওয়া দগল্লি। দগুরা নীল্লচ কদরাভঃ  
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 

 
= 2.5  

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 

&  Multiple Access Technologies. 

BUET M.Sc. 

12 

 

There are three types of  common Multiple Access Methods :  

 Frequency Division Multiple Access (FDMA) - flexible and simple  

 Time Division Multiple Access (TDMA) - popular  

 Code Division Multiple Access (CDMA Spread Spectrum) - highly secure  

 
 

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 

analog message signals or digital data 

streams are combined into one signal over a 

shared medium. 

Multiple access method allows several 

terminals connected to the same multi-point 

physical medium to transmit over it and to 

share its capacity.” 

It works on the physical layer (L1) of OSI 

model. 

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

model. 

A device that performs the multiplexing is 

called a multiplexer (MUX), and a device that 

performs the reverse process is called a 

demultiplexer (DEMUX). 

A channel-access scheme is also based on a 

Multiple access protocol and control 

mechanism, also known as media access control 

(MAC). This protocol deals with issues such as 

addressing, assigning multiplex channels to 

different users, and avoiding collisions. 
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48 why is parallel transmission more useful than serial transmission?  

(a) For long distance data transmission             (b) For short distance data transmission 

(c) For synchronous 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 

 

 

49 Envelop detector is helpful for which of the following modulation? (এআ টাআ কিিু এিটা 
কির)  (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.  
 

িাল্লজআ কিি উত্তয ম্ভফতঃ (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 

 

Bandwidth = USB – LSB = 8 – (-2) = 10 Hz 

   Or, 2-(-8) = 10 Hz. Ans.  

 

51 Inter-symbol interference occurs when  

(a) channel bandwidth (BW)  is close to the signal BW  

(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 

MCQ BPDB-

13 

 

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   
(a) 1930-1990 MHz     (b) 890-915 MHz    (c) 440-460 MHz      (d) 935-960 MHz  

MCQ BPDB-

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  

(a) GMSK     (b) 8-PSK     (c) QPSK    (d) both (a) and (b)  

MCQ BPDB-

13, MCQ 

BUET 

M.Sc.-13 

 

Communication system Used modulation scheme 

GSM 2G 

GPRS 2.5G 
GMSK 

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 
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54 Which statement is TRUE regarding analog modulation techniques?  

(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  

MCQ BPDB-

13 

 

 এপ এভ এয কযল্লকটব দিাআয়াকরকট দফটায  ,এয ফযান্ডউআডথ তুরনাভূরি দফক ফল্লর। কিন্তু ,প্রল্লে দদওয়া অল্লি 
িভ ফল্লর !তাআ a ম্ভফত ল্লফনা।  

 B ল্লত াল্লয। িাযণ এপ এভ দফক নল্লয়জ দযকজস্টযান্ট।  
 AM এ কনল্লক্রানা কডল্লটিান ফযফহৃত য়। কিন্তু PM এ য় এযিভটা দিাথাও খুঁল্লজ দরাভ না।  

 

 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. 

Frequency 

Range 

AM radio ranges from 535 to 1705 KHz 

(OR) Up to 1200 bits per second. 

FM radio ranges in a higher spectrum from 88 

to 108 MHz. (OR) 1200 to 2400 bits per 

second. 

Bandwidth 

Requirements 

Twice the highest modulating 

frequency. In AM radio broadcasting, 

the modulating signal has bandwidth of 

15kHz, and hence the bandwidth of an 

amplitude-modulated signal is 30kHz. 

Twice the sum of the modulating signal 

frequency and the frequency deviation. If the 

frequency deviation is 75kHz and the 

modulating signal frequency is 15kHz, the 

bandwidth required is 180kHz. 

Zero crossing in 

modulated 

signal 

Equidistant Not equidistant 

Complexity Transmitter and receiver are simple but 

synchronization is needed in case of 

Transmitter and receiver are more complex as 

variation of modulating signal has to 
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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). 

Noise 

AM is more susceptible to noise 

because noise affects amplitude, which 

is where information is "stored" in an 

AM signal. 

FM is less susceptible to noise because 

information in an FM signal is transmitted 

through varying the frequency, and not the 

amplitude. 

 

 

55 A discrete time signal is given by x(n) = Cos [(nπ)/9]. The signal is  

           (a) periodic with period N=9 samples.      (b) periodic with period N=18 samples. 

           (c) periodic with period N=32 samples.    (d) aperiodic 

MCQ BPDB-

15 

 

f= (π/9 )*(1/2π)  = 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 

 

প্রে ফুকঝকন কিিভল্লতা।   
Modern submarine cables use optical fiber technology to carry digital data, which includes telephone, 

Internet and private data traffic. 


