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1. Slope

2. Attenuation

3. Ripple in pass (stop) band
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Description of Linear System
* Differential (difference) Equation

* Transfer Function

* Frequency Response Function

* Impulse Response  h(t)

* Zero/pole locations

Φ=ω H)j(H
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2 Step Procedure

1. Design

2. Apply

Example (Matlab)

[b,a]=butter(6,0.4);   %Design

Y=filter(b,a,x)           % Perform filtering



Signal Processing: Filters

0 5 10 15 20 25 30
0

0.2

0.4

0.6

0.8

1

1.2

1.4

N=4 Fcr = 0.3 

N=10 Fcr = 0.3 

N=4 Fcr = 0.4 



Signal Processing: Filters

FIR – window method
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Triggered TDA
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Disturbance 

Signal 


