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 We know that the signals are divided in two 
categories analog and digital. 

 Analog signal varies continuously and 
smoothly, whereas digital signals are 
constituted of few bits and it varies in 
discrete pulses. 



 The advantages of processing signals 
using digital system. 

 The main advantage is that 

the signal in digital form can processed 
in a digital system like digital signal processor, 
or microprocessor or digital computer. 

Other advantages are as follows



 Digital Signals vary in discrete manner

 Signals are represented by binary numbers, it never 

takes the value between  discrete levels.

 Comparatively it is easier to understand the operation of 

digital system.

 It is easier to analyze the digital system.

 Effect of Noise can be eliminated 

 No variation with temperature change, aging etc.

 Interfacing of digital systems are comparatively easy.

 Storing and processing of digital signals are easy.



 Technological advancements 
results tremendous increase in 
speed and reliability of digital ICs 

at the same time there is reduction 
of its cost and size of the Digital 
ICs

Electronic Industries are replacing 
the Systems in Digital domain



 We know majority of the real life signals are 
analog signals.

 So to avail the advantages of digital 
electronics it is necessary to convert the 
analog signal to digital signal.

 The process of conversion of an analog 
signal to digital signal is known as analog to 
digital conversion.



 For converting a signal to digital one, first the 
signal is sampled in discrete interval of time, 
and then these discrete sample values of the 
signal are converted to digital value by 
analog-to-digital (A/D) converter.

 Actually, this process of conversion of an 
analog-to-digital consists of four different 
sequences referred to

 as sampling, holding, quantising and 
encoding.

 Sometimes some of these conversions are 
performed in a single unit. 



 First step towards digitization is Sampling the 
signal.

 Sampling means taking/gating a small portion of 
the signal.



 Fundamental principle of  Sampling  a signal 
is based on Nyquist Sampling Theorem, 
which states the signal can be reconstructed 
from the samples if the signal is sampled at 
least at the rate of twice the highest 
frequency of the signal or the bandwidth of 
the signal.



 The signal S(t) is periodic with period Ts, therefore 
one can write using Fourier transform as

 S(t) = dt/Ts +2 dt/Ts ( cos2πt/Ts +  cos 2 x2πt/Ts

+ cos 3 x2πt/Ts +….... )

 Considering 1/Ts = fs = 2fM one obtains the 
product S(t) x m(t) as 

S(t).m(t)= m(t).dt/Ts + dt/Ts ( 2.m(t).cos2πt/Ts +  

2.m(t).cos 2 x2πt/Ts + ….... )



 After processing this digital signal in a digital 
system, it is converted to analog signal for 
common use. This conversion of signal from 
digital to analog is done in a digital-to-
analog (D/A) converter.





 Let m(t) be a band limited signal with highest 
frequency fM be sampled using signal S(t) with 
periodicity Ts and duration dt





 The sampling pulses close the FET switch and 
charge the capacitor during the duration of 
the pulse to the value of the signal voltage at 
that instant. 

 So the capacitor is charged with the signal 
sample at each sampling instant. 

 This signal samples holding in the capacitor 
are drawn from the output of the Op-amp 
voltage follower. The signal sample and the 
output of the voltage follower have been 
shown in the following pages.



 Let us assume m(t) be a band limited signal 
frequency range of which is below fM and the 
spectral density M(jω) is the Fourier transfer 
of  m(t) i.e.  M(jω) = F[m(t)]



 Now it is clear that the signal can be 
reconstructed using low pass filtering 

if fs ≥2fM



 To carry out the quantisation of the analog 
signal pulses, the entire range of the analog 
signal is divided into a number of portion of 
equal interval. 

 For equivalent n-bit binary representation of 
the signal samples, the entire range of the 
analog signal is divided into 2n-1 number of 
equal portions



 The samples of the Input analog signal take 
any possible value between Lowest Possible 
voltage (VL) to Highest Possible Voltage (VH).

 These discrete signal samples are quantized 
using ADC (Analog to Digital Converter). In an 
M-level uniform quantizer the voltage range 
(VH – VL) is divided uniformly into M levels 
and assigned M-integer Values. 







Parallel Comparator type ADC





Counter type ADC





Uniform Multilevel Quantization Characteristics 
Linear gain G and error e. 
Integer output y = Gx + e



 Let us assume that quantization noise e as 
white noise having equal probability of lying 
anywhere in the range ±∆/2.

 Mean square  value of e can be expressed as



 When the signal is sampled at frequency fs

=1/τ, all of its noise power folds into the 
frequency band 0 ≤ f < fs/2. Considering it 
white, the spectral density of the sampled 
noise is given by
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