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IIR FILTER 
• IIR filters are of recursive type whereby the present 

output sample depends on the present input, past input 
samples and output samples. 



Sl. No. Analog Filter Digital Filter 

1 Analog filter processes analog 

input and generates analog 

outputs.   

A digital filter processes and 

generates digital data. 

2 Analog filters are constructed 

from active or passive electronic 

components. 

It consists of elements like adder, 

multiplier and delay unit.  

3 It is described by differential 

equation. 

It is described by difference 

equation. 

4 The frequency response of an 

analog filter can be modified by 

changing the components. 

The frequency response can be 

changed by changing the filter 

coefficients. 

Difference Between Analog filter and Digital filter 



Procedures for digitizing the transfer function of an analog filter. 
 
1. Approximation of derivative 
2. Impulse invariant method 
3. Bilinear transformation 



Use the backward difference for the derivative to convert the 
analog LPF with system function H(s) = 1/(S+2) 



Use the backward difference for the derivative to convert the 
analog filter with system function H(s) = 𝟏/(𝒔𝟐 + 𝟏𝟔) 



Properties of impulse invariant method 



For the analog transfer function𝑯 𝒔 =
𝟏

(𝒔+𝟏)(𝒔+𝟐)
 Determine 

H(z) using impulse invariant method. 





Convert the analog filter into a digital filter where transfer function is 

𝑯 𝒔 =
𝒔+𝟎.𝟐

(𝒔+𝟎.𝟐)𝟐+𝟗
 . Use impulse invariant method. Assume T=1sec. 





Bilinear Transformation 

• The bilinear transformation is a mapping that transforms the left half of s-plane 
into the unit circle in the z-plane only once, thus avoiding aliasing of frequency 
components.  

• The mapping from the s-plane to z-plane in bilinear transformation is 
 

𝑠 =  
2

𝑇

(𝑧 − 1)

(𝑧 + 1)
 

• All points in the LHP of s-plane are mapped inside the unit circle in the z-plane and 
all points in the RHP of s-plane are mapped inside the unit circle in the z-plane 

  
• For smaller values of ω there exist linear relationship between ω and Ω.  

  that is = T 
• But for larger values of ω the relationship is non-linear. This effect is known as 

warping effect. This effect compresses the magnitude and phase response at high 
frequencies. 

• The warping effect can be eliminated by prewarping the analog filter. This can be 
done by finding prewarping analog frequencies using the formula 

=
2

𝑇
 tan

𝜔

2
 



Convert the analog filter into a digital IIR filter use bilinear 

transformation with system function is 𝑯 𝒔 =
𝟐

(𝒔+𝟏)(𝒔+𝟐)
 .  

Assume T=0.1sec. 

𝑮𝒊𝒗𝒆𝒏 𝑯 𝒔 =
𝟐

(𝒔 + 𝟏)(𝒔 + 𝟐)
 

𝐴𝑝𝑝𝑙𝑦 𝑠 =  
2

𝑇

(𝑧 − 1)

(𝑧 + 1)
𝑓𝑜𝑟 𝑡ℎ𝑒 𝑎𝑏𝑜𝑣𝑒 𝑒𝑞𝑛 

𝐻 𝑧 =
2

(
2(𝑧 − 1)
𝑇(𝑧 + 1)

+ 1)(
2(𝑧 − 1)
𝑇(𝑧 + 1)

+ 2)
 

𝑮𝒊𝒗𝒆𝒏 𝑻 = 𝟎. 𝟏𝒔𝒆𝒄 𝒘𝒆 𝒈𝒆𝒕 

𝐻 𝑧 =
2

(
2(𝑧 − 1)

0.1(𝑧 + 1)
+ 1)(

2(𝑧 − 1)
0.1(𝑧 + 1)

+ 2)
 



𝐻 𝑧 =
2

(20
(𝑧 − 1)
(𝑧 + 1)

+ 1)(20
(𝑧 − 1)
(𝑧 + 1)

+ 2)
 

          =
2(𝑧 + 1)2

(20𝑧 − 20 + 𝑧 + 1)(20𝑧 − 20 + 3𝑧 + 3)
 

          =
2𝑧2 + 4𝑧 + 2

(21𝑧 − 19)(23𝑧 − 17)
 

        𝐻(𝑧)   =
2𝑧2 + 4𝑧 + 2

483𝑧3 − 794𝑧 + 323
 



BUTTERWORTH FILTER 
• The magnitude response of the Butterworth filter 

decreases monotonically as the frequency Ω increases 
from 0 to .  

• The magnitude response of the Butterworth filter closely 
approximates the ideal response as the order N increases. 

• The poles of the Butterworth filter lie on circle.  





















CHEBYSHEV FILTER 
• The magnitude response of the Chebyshev filter exhibits 

ripple either in passband or in stopband according to 
type. 

• The poles of the Chebyshev filter lie on an ellipse 












