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This Week in DSP

ĀFilter specifications

èChoosing the filter type

ĀBasic design approaches

èFIR / IIR

ĀFIR filter design

èWindowing based FIR filter design

ÅLPF, HPH, BSF, BPF

èGibbs Phenomenon

èTrade-offs in windows based FIR filter design

èCommonly used windows

ÅRectangular, Hamming, Hanning, Bartlett, Blackman, Kaiser

èFIR Windows in Matlab / Simulink

Read : Chapter 5 (Kronenburger)

Chapter 10 (Mitra)
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Digital Filters

Ā So far we have seen several basic filter architectures

è Impulse response based: FIR & IIR

è Magnitude response based: Lowpass, highpass, bandpass, 
bandstop(notch), allpass, comb

è Phase response based: zero-phase, linear phase, generalized linear phase, non-linear

Ā FIR examples:

è 1sr order Moving average filter ðlowpass

è 1storder Highpass by replacing òzó with ò-zó in MAF

è High order FIR by cascading

Ā IIR examples:

è 1st order lowpass, highpass, 2nd order bandpass, bandstop, notch, Lth order comb

è Allpass, minimum phase, maximum phase

Ā The transfer functions provided for these are fixed, not allowing much flexibility in 
the design of these filters

è Once you have picked the structure and order of the filter, all filter specs ðincluding cutoff 
frequencies are automatically determined.

Ā How to design a filter with specific desired passbandand stopbandcharacteristics?

è Filter design techniques
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Filter Design

Ā Objective: Obtain a realizable transfer functionH(z) approximating a desired frequency 

response. The best place to do this is in frequency domain

è Filter design is where frequency domain operations are most beneficial!

Ā Digital filter design is the process of deriving this transfer function 

è Typically magnitude (and sometimes phase) response of the desired filter is specified.

èRecall that there are four basic types of ideal digital filter, based on magnitude response

 

Since these filters cannot be realized, we

need to relax (i.e., smooth) the sharp filter

characteristics in the passband and stop band

by providing acceptable tolerances
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Filter Specifications

Å|H(ejɤ)| å 1, with an error 

ŭp in the passband, i.e., 
|H(ɤ)|

ppp H wwdwd ¢+¢¢- ,1)(1

Å|H(ejɤ)| å 0, with an error 

ŭs in the stopband, i.e., 

pwwdw ¢¢¢ ssH ,)(

ɤp - passband edge frequency

ɤs - stopband edge frequency

ŭp - peak ripple value in the passband

ŭs - peak ripple value in the stopband

We will assume that we are dealing with filters with real coefficients, hence the 

frequency response is periodic with 2 ,́ and symmetric around 0 and .́
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|H(ɤ)|

Filter Specifications

Ā Filter specifications are often given in 

decibels, in terms of loss of gain:

with peak pass and minimum stopband ripple

Ā Magnitude specs can also be given in a 

normalized form, where the max.

passband value is normalized to ñ1ò (0 dB).

Then, we have max. passband deviation

and max. stopband magnitude

G( ) 20log ( )10
jH e ww =-

( )1020log 1 dBp pa d=- -

()1020log dBs sa d=-

|H(ɤ)|

21/1 e+ A
1
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Remember!

ĀThe following must be taken into consideration in making filter 

selection

èH(z) satisfying the frequency response specifications must be causal and stable 

(poles_______________, ROC includes_____________, h[n] _______-sided)

è If the filter is FIR, then H(z) is a polynomial in z-1 with real coefficients

ÅIf linear phase is desired, the filter coefficients h[n] (also the impulse response) must 

satisfy symmetry constraints: h[n] = h[M-n]

ÅFor computational efficiency, the minimum filter order M that satisfies design criteria 

must be used.

è If the filter is IIR, then H(z) is a real rational function of z-1

ÅStability must be ensured!

ÅMinimum (M,N) that satisfies the design criteria must be used.
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