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Filters 

A filter is a circuit that allows a range of frequencies to pass and blocks other frequencies at a 

certain frequency called cutoff frequency. 

In other words, it filters out the unwanted frequencies but passes the wanted or selected ones. 

The cutoff frequency is denoted by fc and it is determined by filter circuit elements, which are 

usually frequency-dependent elements. 

Filters Classifications 

1- According to the type of signal 

In this category, filters are classified as: 

A- Analog filters which processes analog signals using analog electronic circuits. 

B- Digital filters which process analog signal in digital form. This means that analog signal 

should be converted to digital using ADC circuit and processed digitally using digital signal 

processing system. 

2- According to the type of filter circuit 

In this category, filters are classified as: 

A- Passive filters Passive filters are usually simply structured using passive- elements which are 

frequency-dependent. They consist of RC, RL, LC and RLC. 

B- Active filters Active filters utilizes operational amplifier as an active element together with 

resistors and capacitors only. 

3- According to the order of the circuit used 

In this category, filters are classified as:  

First order, Second order, Third order etc. The order of filter circuit plays an important role in 

the accuracy of filter circuit. As the order of the filter circuit is high, the filter results will be 

more accurate. 
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4- According to the frequency response 

In this category, filters are classified as: 

a- Low-pass filter 

This filter is designed to pass low frequencies but heavily reject the higher frequencies by 

attenuating the signal at these frequencies.  

b- High-pass filter 

This filter is designed to pass high frequencies but reject low frequencies. 

c- Band-pass filter 

This filter is designed to reject low and high frequencies but pass a band of frequencies lies 

between them. 

d- Band-reject or band stop filter 

This filter is designed to pass low and high frequencies but reject a band of frequencies lies 

between them. 

Digital Filter Design 

A discrete time filter takes a discrete time input sequence x(n) and produces a discrete time 

output sequence y(n).  

A special class of a discrete time shift-invariant system can be characterized by a unit sample 

response h(n), a system function H(Z), or difference equation.  
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………………(3) 

 

 

A filter may be required to have a given frequency response, or specific response to an impulse, 

step, or ramp, or simulate a continuous analogy system. The simulation of analogy filter is shown 

in figure below: 

 

Definitions  

1. If unit sample response h(n) is of finite duration, the system is said to be a finite impulse 

response (FIR) system. Eq. (1) represents FIR system if 𝑎0≠ 0 and 𝑎𝑘
 = 0 for k=1, 2,..N.  

2. If unit sample response h(n) is of infinite duration, the system is said to be an infinite impulse 

response (IIR) system.  

3. IIR filter is usually implemented by recursive realization (is the one in which the present value 

of the output depends on both the input present and or past values), i.e., with feedback.  

4. FIR filter is usually implemented by either a non-recursive realization (without feedback) or 

an FFT realization.  
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Comparison between FIR and IIR filters 

 

Infinite Impulse Response (IIR) filter format 

An IIR filter is described using the difference equation as: 

𝑦(𝑛) = 𝑏0𝑥(𝑛) + 𝑏1𝑥(𝑛 − 1) + ⋯+ 𝑏𝑀𝑥(𝑛 − 𝑀) − 𝑎1𝑦(𝑛 − 1) − ⋯− 𝑎𝑁𝑦(𝑛 − 𝑁) 

The IIR filter transfer function is given by: 

𝐻(𝑧) =
𝑌(𝑧)

𝑋(𝑧)
=
𝑏0 + 𝑏1𝑧

−1 +⋯+ 𝑏𝑀𝑧
−𝑀

1 + 𝑎1𝑧−1 +⋯+ 𝑎𝑁𝑧−𝑁
 

Example 

Given the following IIR filter: 

y(n) = 0.2 x(n) + 0.4 x(n − 1) + 0.5 y(n − 1), 

Determine the transfer function, nonzero coefficients, and impulse response. 

 Solution: 

 

𝐻(𝑧) =
𝑌(𝑧)

𝑋(𝑧)
=
0.2 + 0.4𝑧−1

1 − 0.5𝑧−1
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b0 = 0.2, b1 = 0.4, and a1 = -0.5 

Using the inverse z-transform and shift theorem, we obtain the impulse response as:  

ℎ(𝑛) = 0.2(0.5)𝑛𝑢(𝑛) + 0.4(0.5)𝑛−1𝑢(𝑛 − 1) 

 

 


