
 

 

 

 

 

 

 

1. WHAT DO YOU MEAN BY COMMUNCIATION ? 
ANS:  CommunicaƟon system means a setup or process used to transfer informaƟon from one place (sender) to 
another (receiver). 

2. DRAW THE BLOCK DIAGRAM OF COMMUNICATION SYSTEM AND BRIEFLY EXPLAIN EACH BLOCK  
ANS:  
 
 
 
 
 
 
 
 
 

 

 

 

꼟 1. InformaƟon Source 

This is where the original message or data comes from. 
Example: A person speaking, or a computer sending data. 

 

꼟 2. Input Transducer 

It changes the message into an electrical signal. 
Example: A microphone converts voice into an electrical signal. 

 

꼟 3. TransmiƩer 

It processes the signal to make it suitable for sending over long distances. It may amplify or modulate the signal. 
Example: A radio transmiƩer prepares the signal to be sent via antennas. 

 

꼟 4. Channel 



This is the medium through which the signal travels. 
Example: Air (in wireless), cables (in wired), or opƟcal fibers. 

 

꼟 5. Receiver 

It collects the signal from the channel and processes it to get back the original message. It may demodulate or filter the 
signal. 

 

꼟 6. DesƟnaƟon 

This is the final place where the message is delivered. 
Example: A speaker (for sound), a TV (for video), or a computer (for data). 

3. WHAT IS BASEBAND TRANSMISSION ? 
ANS:  Baseband transmission is a method of sending the original low-frequency (unmodulated) signal without 
changing its frequency. 
  It sends the original signal without modulaƟon. 
  Used for short-distance communicaƟon. 
  Mostly used in digital communicaƟon like computer networks. 

In LAN (Local Area Network), digital signals are sent directly through a cable — this is baseband transmission. 

4. WHAT IS MEANT BY MODULATION? 
ANS: ModulaƟon is the process of changing some properƟes of a carrier signal (like amplitude, frequency, or 
phase) according to the message signal. 

In FM radio, your voice is added to a high-frequency signal so it can be transmiƩed and heard far away. 

5. WHAT ARE THE TYPES OF MODULATION? 
ANS: ModulaƟon is mainly classified into two types: 

 
꼡 1. ConƟnuous Wave ModulaƟon (Analog ModulaƟon): 
In this type, a conƟnuous carrier wave is used, and its parameters like amplitude, frequency, or phase are varied 
according to the message signal. 

 
꼡 2. Pulse ModulaƟon: 
In this type, the message signal is transmiƩed in the form of pulses. It is further divided into: 

 a) PAM – Pulse Amplitude ModulaƟon 
 b) PDM – Pulse DuraƟon ModulaƟon 
 c) PPM – Pulse PosiƟon ModulaƟon 

6. WHAT ARE THE NEEDS OF MODULATION? 
ANS:  
ModulaƟon is necessary in communicaƟon systems for the following reasons: 

 
꼡 1. PracƟcality of Antenna Size: 
For transmiƫng low-frequency signals directly, the required antenna length would be very large. ModulaƟon 
increases the frequency, so smaller and pracƟcal antennas can be used. 

 
꼡 2. To Remove Interference: 



If mulƟple signals are sent at the same frequency, they interfere. ModulaƟon assigns different frequency bands 
to different signals, avoiding interference. 

 
꼡 3. ReducƟon of Noise: 
High-frequency signals are less affected by noise during transmission. ModulaƟon helps send signals at high 
frequencies, improving clarity. 

7. WHAT IS AMPLITUDE MODULATION?  
ANS: 꼡 DefiniƟon: 
Amplitude ModulaƟon is a type of modulaƟon in which the amplitude of the carrier wave is varied in 
proporƟon to the instantaneous value of the message (modulaƟng) signal, while the frequency and phase 
remain constant. 

 
꼡 MathemaƟcal Expression: 
Let: 
m(t) = message signal 
c(t)=Accos(2πfct) = carrier signal 
Then the AM signal is:  s(t)=[Ac+m(t)]cos(2πfct) 
Where: 
Ac = carrier amplitude 
μ=Am/Ac = modulaƟon index 
  fc = carrier frequency 
  fm=message frequency  
 

8. DEFINE MODULATION INDEX . 
ANS: 
 脥� ModulaƟon Index (μ) 
The modulaƟon index (denoted as μ) in Amplitude ModulaƟon (AM) measures the extent or depth of 
modulaƟon. It indicates how much the amplitude of the carrier wave is varied by the message signal. 

 
꼡 DefiniƟon: 
The modulaƟon index is the raƟo of the amplitude of the message signal (A_m) to the amplitude of the carrier 
signal (A_c). 
μ=A_m/A_c  
Where: 

 A_m = Amplitude of the message signal 
 A_c = Amplitude of the carrier signal 

 
꼡 Significance of ModulaƟon Index: 

1. If μ=1: The carrier is fully modulated (maximum modulaƟon). 
2. If μ>1: Over-modulaƟon occurs, which leads to distorƟon. 
3. If μ<1: Under-modulaƟon, meaning the message signal is not fully modulaƟng the carrier. 

 
 

9. WHAT ARE THE TYPES OF AMPLITUDE MODULATED SIGNAL? 
ANS: 脥� Types of Amplitude Modulated (AM) Signals 
Amplitude Modulated signals can be classified into three types based on the modulaƟon index (μ), which is the 
raƟo of the message signal amplitude to the carrier amplitude. 

 



꼡 1. Perfectly Modulated Signal: 
 This occurs when the modulaƟon index (μ\muμ) is equal to 1. 
 The carrier amplitude is fully modulated by the message signal. 
 There is no distorƟon, and the AM wave is transmiƩed with opƟmal efficiency. 
 Example: A broadcast AM radio signal with μ=1\mu = 1μ=1. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
꼡 2. Overmodulated Signal: 
 This occurs when the modulaƟon index (μ\muμ) is greater than 1. 
 The message signal amplitude is so high that the carrier wave is over-modulated. 
 DistorƟon occurs because the carrier’s amplitude may go negaƟve, causing sideband overlap and signal 

distorƟon. 
 Example: When the modulaƟon is too strong, causing distorƟon in the audio. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
꼡 3. Under-modulated Signal: 

 This occurs when the modulaƟon index (μ\muμ) is less than 1. 
 The message signal does not fully modulate the carrier wave, so the signal is weak and may not convey the full 

message clearly. 
 Example: Weak radio signal or low-frequency sound transmission. 

 

 



 

 

 

 

 

 

 

 

 

 

 

10. DERIVE AN EXPRESSION FOR SINGLETONE AMPLITUDE MODULATED WAVE . 
ANS:  
Let us consider a single tone modulaƟng signal as : 
 
x(t) = Vm cos ωmt         ……………….(1) 
 
which contains a single frequency ωm. 
 
Signal x(t) may be a voltage signal or a current signal. Here, we have assumed that x(t) is a voltage signal with 
maximum amplitude equal to Vm. 
 
Let the carrier signal be : 
 
c(t) = A cos ωct         ……………….(2) 
 
We know that the general expression for AM signal is : 
s(t) = [A + x(t)] cos ωct 
 
or, 
s(t) = A cos ωct + x(t) cos ωct       ………………..(3) 
 
Puƫng the value of x(t), we get 
 
s(t) = A cos ωct + Vm cos ωmt cos ωct 
 
or, 
 
s(t) = A cos ωct + Vm cos ωct  cos ωmt 
or, 
 



 
In this case, we have 
 
|x(t)|max  = Vm 

 
Therefore, 
 

 
Puƫng this value ma of in equaƟon (4) we get 
 
s(t) = A cos ωct [ 1+ ma cos ωmt ]    …………….(5) 
 
This is the desired expression for single-tone modulated signal. 
 
 
 

11. DRAW THE WAVEFORM OF PERFECT-MODULATED , OVERMODULATED & UNDERMODULATED AM WAVE. 
ANS:  

A. PERFECT MODULATED: M=1 
 

 



B. OVER MODULATED  
 

 
C. UNDER MODULATED : 

 

 

 

 

 

 

 

 



 

12. WHAT ARE THE CODITIONS FOR OVERMODULATTION , UNDERMODULATION AND PERFECT MODULATION:  

 

ANS: 

 

 

 

 

 

 

13. DERIVE THE MATHEMATICAL EXPRESSION FOR MODULATION INDEX :  
ANS:  



 

 

 

 

 

 

 

 

 

 

14. DERIVE THE EXPRESSION FOR POWER CONTENT OF AM WAVE  
ANS:  



 



               

 

15. FIND EXPRESSION FOR TRANSMISSION EFFICIENCY OF AM SIGNAL 
ANS:  



 

 

 

 



16. ELIMINATED 
17. DESCRIBE THE GENERATION OF AM SIGNAL USING SQAURE LAW DIODE MODULATION TECHNIQUE: 

ANS:  
18. HOW IS AM SIGNAL DEMODULATED USING SQ. LAW DETECTOR: 

ANS:  

 

  



 

 

 

 

 

 

19. HOW IS DSB-SC GENERATED USING A BALANCED MODULATOR  



 

 

 

 



 

 



 

 

 

 

20. HOW IS DSB-SC DEMODULATED: 
ANS: 
 



  

 



 

 

 

 

 

 

21. ELIMINATED 
22. DRAW THE WAVEFORM OF DSB-SC SIGNAL: 

ANS: 



 

 

 

 

 

 

23. Eliminated  
24. CALCULATE THE POWER PERCENTAGE POWER SAVING FOR DSB-SC SIGNAL FOR THE PERCENTAGE 

MODULATION OF A) 100% B) 50% 
ANS:  



 

 

25. WHAT IS THE TRANSMISSION BANDWIDTH OF DSB-SC SIGNAL 
ANS:  

 

  



26. ELIMINATED 
27. “ 
28. “ 
29. “ 
30. “ 
31. DEFINE ANGLE MODULATION : 

ANS:  
Angle ModulaƟon is a type of analog modulaƟon in which the angle (i.e., phase or frequency) of a carrier 
wave is varied in accordance with the instantaneous amplitude of the message signal, while the amplitude of 
the carrier remains constant. 
There are two main types of angle modulaƟon: 

1. Frequency ModulaƟon (FM) – The frequency of the carrier wave is varied according to the message signal. 
2. Phase ModulaƟon (PM) – The phase of the carrier wave is varied according to the message signal. 

Formula (General Angle Modulated Signal): 
s(t)=Accos[ωct+ϕ(t)] 
Where: 

 Ac is the carrier amplitude (constant), 
 ωc is the carrier angular frequency, 

        ϕ(t) is the angle (phase) variaƟon caused by the message signal. 

Key Features: 

 BeƩer noise immunity compared to amplitude modulaƟon. 
 Used in FM radio, television audio transmission, and two-way radio. 

 
32. WHAT ARE THE TYPES OF ANGLE MODULATION:  

ANS: 
There are mainly two types: 

 

 



 

 

 

33. WHAT IS FREQUENCY DEVIATION 
ANS: 
굓굔굕굖 DefiniƟon: 
Frequency DeviaƟon (Δf) is the maximum difference between the instantaneous frequency of the modulated 
signal and the carrier frequency. 

  
 



34. WHAT DO YOU MEAN BY CARRIER SWING: 
ANS: 

 

 꼠 Significance: 

 It tells you the total spread of the FM signal in the frequency domain due to modulaƟon. 

 Important for spectrum allocaƟon and avoiding interference. 

35. HOW CAN YOU GET A FREQUENCY MODULATED SIGNAL USING A PHASE MODULATOR : 
ANS:  



 
36.   HOW CAN WE GET A PHASE MOUDLATION USING A FREQUENCY MODULATOR: 
ANS:  

 

 

 

 

 

 

 

 
36. DONE ^ 
37. WHAT ARE THE TYPES OF FREQUENCY MODULATED SIGNAL: 

ANS: 



 

 

 

 

 

 

 

 

38. DERIVE AN EXPRESSION FOR NARROWBAND TRANSMISSION SIGNAL 
ANS: 



 

 

39. DISCUSS THE GENERATION OF NARROBAND FM SIGNAL 
ANS: 



 

 

 

 



40. STATE CARSON’S RULE 
ANS: 

 

 

  

41. EXPLAIN THE FM SIGNAL GENERATION USING VARACTOR DIODE METHOD: 

 



 

 

 



 

 

 

 



 

 

 

 

 

 

 

 

42. (B) EXPLAIN AMSTRONG METHOD OF FM GENERATION:  



ANS:  

 



 

 

 

 

 

 

 

 

 

43. HOW IS A FM SIGNAL DEMODULATED USING BANALNCED SLOPE DETECTOR: 
ANS: 



 

 

 

 



 

 

 



 

 

 

44. ELIMINATED 
45. STATE SAMPLING THEOREM: 

ANS: 
Statement: A conƟnuous Ɵme signal can be represented in its samples and can be recovered back when 
sampling frequency fs is greater than or equal to the twice the highest frequency component of message 
signal. i. e. 
f_s≥2f_m. 
 
 

46. PROVE THAT FOR A SUCCESSFUL REPRESENTATION AND RECOVERY OF A CONTINIUOS TIME SIGNAL FROM 
ITS SAMPLE f_S>=2f_m ;(PRROF OF SAMPLING TH) 
ANS: 
Proof:  
Consider a conƟnuous Ɵme signal x(t). The spectrum of x(t) is a band limited to fm Hz i.e. the spectrum of x(t) is 
zero for |ω|>ωm. 
Sampling of input signal x(t) can be obtained by mulƟplying x(t) with an impulse train δ(t) of period Ts. The 
output of mulƟplier is a discrete signal called sampled signal which is represented with y(t) in the following 
diagrams: 



 
Here, you can observe that the sampled signal takes the period of impulse. The 
process of sampling can be explained by the following mathemaƟcal expression: 
Sampled signaly(t)=x(t).δ(t)......(1)Sampled signaly(t)=x(t).δ(t)......(1) 
The trigonometric Fourier series representaƟon of δδ(t) is given by 
δ(t)=a0+Σ∞n=1(ancosnωst+bnsinnωst)......(2)δ(t)=a0+Σn=1∞(ancos⁡nωst+bnsin⁡nωs
t)......(2) 
Where a0=1Ts∫T2−T2δ(t)dt=1Tsδ(0)=1Tsa0=1Ts∫−T2T2δ(t)dt=1Tsδ(0)=1Ts 
an=2Ts∫T2−T2δ(t)cosnωsdt=2T2δ(0)cosnωs0=2Tan=2Ts∫−T2T2δ(t)cos⁡nωsdt=2T2δ(0)c
os⁡nωs0=2T 
bn=2Ts∫T2−T2δ(t)sinnωstdt=2Tsδ(0)sinnωs0=0bn=2Ts∫−T2T2δ(t)sin⁡nωstdt=2Tsδ(0)sin
⁡nωs0=0 
SubsƟtute above values in equaƟon 2. 
∴δ(t)=1Ts+Σ∞n=1(2Tscosnωst+0)∴δ(t)=1Ts+Σn=1∞(2Tscos⁡nωst+0) 
SubsƟtute δ(t) in equaƟon 1. 
→y(t)=x(t).δ(t)→y(t)=x(t).δ(t) 
=x(t)[1Ts+Σ∞n=1(2Tscosnωst)]=x(t)[1Ts+Σn=1∞(2Tscos⁡nωst)] 
=1Ts[x(t)+2Σ∞n=1(cosnωst)x(t)]=1Ts[x(t)+2Σn=1∞(cos⁡nωst)x(t)] 
y(t)=1Ts[x(t)+2cosωst.x(t)+2cos2ωst.x(t)+2cos3ωst.x(t)......]y(t)=1Ts[x(t)+2cos⁡ωst.x(t)
+2cos⁡2ωst.x(t)+2cos⁡3ωst.x(t)......] 
Take Fourier transform on both sides. 



Y(ω)=1Ts[X(ω)+X(ω−ωs)+X(ω+ωs)+X(ω−2ωs)+X(ω+2ωs)+...]Y(ω)=1Ts[X(ω)+X(ω−ωs)+X(
ω+ωs)+X(ω−2ωs)+X(ω+2ωs)+...] 
∴Y(ω)=1TsΣ∞n=−∞X(ω−nωs) 
where n=0,±1,±2,...∴Y(ω)=1TsΣn=−∞∞X(ω−nωs)where n=0,±1,±2,... 
To reconstruct x(t), you must recover input signal spectrum X(ω) from sampled signal 
spectrum Y(ω), which is possible when there is no overlapping between the cycles of 
Y(ω). 
Possibility of sampled frequency spectrum with different condiƟons is given by the following diagrams: 

 

 

 

 

 

 

47. WHAT IS NYQUIST RATE AND NYQUIST INTERVAL: 
ANS: 
Nyquist Rate 
It is the minimum sampling rate at which signal can be converted into samples and can be recovered back 
without distorƟon. 
Nyquist rate fN = 2fm hz 



 
 

48. ELIMINATED 
49. “ 
50. WHAT IS ALISING AND HOW IS IT REMOVED: 

ANS: 
 
The aliasing effect, also known as aliasing distorƟon or simply aliasing, is a phenomenon that occurs in signal 
processing, parƟcularly in digital signal processing (DSP), when a conƟnuous signal is sampled at a frequency 
that is too low to accurately represent the original signal. 
In digital communicaƟon, aliasing occurs due to a measurement error in the signal because of an incorrect 
sampling rate, if the sampling rate is too low aliasing may occur. In simple terms, the Nyquist rate, also known 
as the Nyquist sampling theorem, is the minimum sampling rate required to accurately sample and reconstruct 
a signal without distorƟon. It is defined as twice the maximum frequency present in the signal. Sampling at a 
rate below the Nyquist rate can lead to aliasing 

 
PrevenƟon of Aliasing 
Aliasing should be prevented to stop distorƟon in any signal Although aliasing can be prevented just by 
correctly sampling the signal, there are mainly two methods to prevent aliasing: 
Method 1: Using AnƟ-aliasing Filters 
AnƟ-aliasing filters: These are special filters which can prevent or block any frequencies higher than a specific 
limit. It simply filters out the unwanted frequencies in any signal. 
Method 2: Using Oversampling 
Oversampling: Oversampling is a technique which is used to measure the signal at a much higher rate than 
actually needed, which pushes the Nyquist frequency higher. These higher frequencies are then removed 
without affecƟng the desired signal. It is a popular method of reducing Aliasing in digital audio and video. 
  
 

51. ELIMINATED 



52. “ 
53. “ 

 

54. EXPLAIN THE PROCESS OF CONVERTING ANALOG SIGNAL INTO DIGITAL SIGNAL USING PCM SYSTEM: 
ANS: 
 

Digital Signal: A digital signal is a signal that represents data as a sequence of discrete values; at any given 
Ɵme it can only take on one of a finite number of values. 
Analog Signal: An analog signal is any conƟnuous signal for which the Ɵme varying feature of the signal is a 
representaƟon of some other Ɵme-varying quanƟty i.e., analogous to another Ɵme varying signal. 
Techniques of Analog-to-Digital Conversion 
 PULSE CODE MODULATION 
The most common technique to change an analog signal to digital data is called pulse code modulaƟon (PCM). 
A PCM encoder has the following three processes: 

1. Sampling 
2. QuanƟzaƟon 
3. Encoding 

 
Low pass filter : The low pass filter eliminates the high frequency components present in the input 
analog signal to ensure that the input signal to sampler is free from the unwanted frequency 
components. This is done to avoid aliasing of the message signal. 
 

1. Sampling – The first step in PCM is sampling. Sampling is a process of measuring the amplitude of a conƟnuous-
Ɵme signal at discrete instants, converƟng the conƟnuous signal into a discrete signal. There are three sampling 
methods: (i) Ideal Sampling: In ideal Sampling also known as Instantaneous sampling pulses from the analog 
signal are sampled. This is an ideal sampling method and cannot be easily implemented. (ii) Natural 
Sampling: Natural Sampling is a pracƟcal method of sampling in which pulse have finite width equal to T.The 
result is a sequence of samples that retain the shape of the analog signal.



(iii) Flat 
top sampling: In comparison to natural sampling flat top sampling can be easily obtained. In this sampling 
technique, the top of the samples remains constant by using a circuit. This is the most common sampling 
method used.

Nyquist 
Theorem: One important consideraƟon is the sampling rate or frequency. According to the Nyquist theorem, the 
sampling rate must be at least 2 Ɵmes the highest frequency contained in the signal. It is also known as the 
minimum sampling rate and given by: Fs =2*Ĭ 



 

 

2. QuanƟzaƟon – The result of sampling is a series of pulses with amplitude values between the maximum and 
minimum amplitudes of the signal. The set of amplitudes can be infinite with non-integral values between two 
limits.  

 

 

 

The following are the steps in QuanƟzaƟon: 

 

1. We assume that the signal has amplitudes between Vmax and Vmin 

 

2. We divide it into L zones each of height d where, d= (Vmax- Vmin)/ L

 
3. The value at the top of each sample in the graph shows the actual amplitude. 
4. The normalized pulse amplitude modulaƟon(PAM) value is calculated using the formula amplitude/d. 
5. AŌer this we calculate the quanƟzed value which the process selects from the middle of each zone. 
6. The QuanƟzed error is given by the difference between quanƟzed value and normalised PAM value. 
7. The QuanƟzaƟon code for each sample based on quanƟzaƟon levels at the leŌ of the graph. 
8.  

3. Encoding – The digiƟzaƟon of the analog signal is done by the encoder. AŌer each sample is quanƟzed and the 
number of bits per sample is decided, each sample can be changed to an n bit code. Encoding also minimizes the 
bandwidth used.  Note that the number of bits for each sample is determined from the number of quanƟzaƟon 
levels. If the number of quanƟzaƟon levels is L, the number of bits is n bit = log 2 L. 



55. ELIMINATED 
56. WHAT IS QUANTIZATION:  

ANS: 
AŌer sampling a conƟnuous signal (which gives you a series of amplitudes at discrete Ɵme intervals), 
quanƟzaƟon converts each amplitude into one of a limited number of levels. This makes the signal 
suitable for digital storage or transmission. 

57. WHAT ARE THE TYPES OF QUANTIZATION PROCESS: 
ANS: 
Types of QuanƟzaƟon 
There are two types of QuanƟzaƟon - Uniform QuanƟzaƟon and Non-uniform QuanƟzaƟon. 
The type of quanƟzaƟon in which the quanƟzaƟon levels are uniformly spaced is termed as a Uniform 
QuanƟzaƟon. The type of quanƟzaƟon in which the quanƟzaƟon levels are unequal and mostly the relaƟon 
between them is logarithmic, is termed as a Non-uniform QuanƟzaƟon. 
There are two types of uniform quanƟzaƟon. They are Mid-Rise type and Mid-Tread type. The following figures 
represent the two types of uniform quanƟzaƟon. 

 
Figure 1 shows the mid-rise type and figure 2 shows the mid-tread type of uniform quanƟzaƟon. 

 The Mid-Rise type is so called because the origin lies in the middle of a raising part of the stair-case like graph. 
The quanƟzaƟon levels in this type are even in number. 

 The Mid-tread type is so called because the origin lies in the middle of a tread of the stair-case like graph. The 
quanƟzaƟon levels in this type are odd in number. 

 Both the mid-rise and mid-tread type of uniform quanƟzers are symmetric about the origin. 
58. EXPLAIN MID-TREAD TYPE QUANTIZER AND MIS-RISE TYPE QUANTIZER: 

ANS: 
There are two types of uniform quanƟzaƟon. They are Mid-Rise type and Mid-Tread type. The following figures 
represent the two types of uniform quanƟzaƟon. 



 
Figure 1 shows the mid-rise type and figure 2 shows the mid-tread type of uniform quanƟzaƟon. 

 The Mid-Rise type is so called because the origin lies in the middle of a raising part of the stair-case like graph. 
The quanƟzaƟon levels in this type are even in number. 

 The Mid-tread type is so called because the origin lies in the middle of a tread of the stair-case like graph. The 
quanƟzaƟon levels in this type are odd in number. 

 Both the mid-rise and mid-tread type of uniform quanƟzers are symmetric about the origin. 
59. ELIMINATED 
60. DERIVE AN EXPRESSION FOR TRANSMISSION  BANDWIDTH IN PCM SYSTEM: 

ANS: 



 

 

 

 

 



 

 

 

61. ELIMINATED 
62. “ 
63. WHAT IS COMPANDING: 

ANS: 
Companding is a technique of achieving non-uniform quanƟzaƟon. It is a word formed by the 
combinaƟon of words compression and expanding. Companding is done in order to improve SNR of 
weak signals. 
We know if the characterisƟcs of the quanƟzer is non-linear then it causes the step size to be variable 
despite being constant then it is known as non-uniform quanƟzaƟon. 

64. DRAW AND EXPLAIN COMPRESSOR CHARACTERRISTICS: 
ANS: 



 

 

 

65. EXPLAIN u-LAW COMPNADING AND A-LAW COMPANDING: 
ANS: 
 
There are two types of Companding techniques. 
A-law Companding Technique 

 Uniform quanƟzaƟon is achieved at A = 1, where the characterisƟc curve is linear and there is no compression. 
 A-law has mid-rise at the origin. Hence, it contains a non-zero value. 
 A-law companding is used for PCM telephone systems. 
 A-law is used in many parts of the world. 

µ-law Companding Technique 
 Uniform quanƟzaƟon is achieved at µ = 0, where the characterisƟc curve is linear and there is no compression. 
 µ-law has mid-tread at the origin. Hence, it contains a zero value. 
 µ-law companding is used for speech and music signals. 
 µ-law is used in North America and Japan. 

 



66. What are the advantages of pcm-system: 
Ans: 

 

 

 

67. EXPLAIN DELTA MODULATION IN DETAIL WITH SUITABLE BLOCK DIAGRAM: 
ANS: 
 
 
The type of modulaƟon, where the sampling rate is much higher and in which the stepsize aŌer 
quanƟzaƟon is of smaller value Δ, such a modulaƟon is termed as delta modulaƟon. 
Features of Delta ModulaƟon 
 

 An over-sampled input is taken to make full use of a signal correlaƟon. 
 The quanƟzaƟon design is simple. 
 The input sequence is much higher than Nyquist rate. 
 The quality is moderate. 
 The design of the modulator and the demodulator is simple. 
 The stair-case approximaƟon of output waveform. 
 The step-size is very small, i.e., Δ (delta). 
 The bit rate can be decided by the user. 
 It requires simpler implementaƟon. 



Delta ModulaƟon is a simplified form of DPCM technique, also viewed as 1-bit DPCM scheme. As the 
sampling interval is reduced, the signal correlaƟon will be higher. 
 

Delta Modulator 
The Delta Modulator comprises of a 1-bit quanƟzer and a delay circuit along with two summer 
circuits. Following is the block diagram of a delta modulator. 

 
A stair-case approximated waveform will be the output of the delta modulator with the step-size as 
delta (Δ). The output quality of the waveform is moderate. 

Delta Demodulator 
The delta demodulator comprises of a low pass filter, a summer, and a delay circuit. The predictor 
circuit is eliminated here and hence no assumed input is given to the demodulator. 
Following is the block diagram for delta demodulator. 

 



Low pass filter is used for many reasons, but the prominent one is noise eliminaƟon for out-of-band 
signals. The step-size error that may occur at the transmiƩer is called granular noise, which is 
eliminated here. If there is no noise present, then the modulator output equals the demodulator 
input. 

68. WHAT ARE SLOPE OVERLOAD DISTORTION & GRANULAR NOISE IN DELTA MODULATION AND HOW ARAE 
THEY REMOVED: 
ANS: 

 

 

 



  

 

 

69. QUESTION AND ANS BOTH ARE BELOW: 



 

 

 

70. ELIMINATED 
71. WHAT ARE THE DESIRABLE PROPERTY OF LINE CODE: 

ANS: 



 

 

 

 

72. THE BINARY DATA 101011001 IS TRANSMITTED OVER A BASEBAND CHANNEL , DRAW THE WAVEFORM FOR 
THE TRANSMITTED DATA USING FOLLOWING FORMAT : A) POLAR RZ B) SPLIT PHASE MANCHESTAR CODE C) 
AMS D) POLAR QUTARNARY NRZ SIGNALING ----------ANS WILL BE PROVIDED LATER 

73. A DIGITAL DATA 10101101 IS TRANSMITTED USING DIGITAL MODULATION TECHNIQUES , DRAW THE 
WAVEFORM OF ASK , PSK , AND FSK SIGNAL CORRESPONDING TO THE GIVEN DIGITAL DATA. 
ANS: WILL BE PROVIDED  
 


