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This Week in DSP

A Filter specifications
e Choosing the filter type

A Basic design approaches Read : Chaptels (Kronenburge
2 EIR /IR Chapter 10 iitra)
e

A FIR filter design

e Windowing based FIR filter design
A LPF, HPH, BSF, BPF

e Gibbs Phenomenon
e Tradeoffs in windows based FIR filter design

e Commonly used windows
A Rectangular, Hamming, Hanning, Bartlett, Blackman, Kaiser

e FIR Windows irMatlab /Simulink
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Digital Filters

A So far we have seen several basic filter architectures
e Impulse response based: FIR & IIR

e Magnitude response based: Lowpass, highpass, bandpass,
bandstognotch) allpasscomb

e Phase response based:-phiase, linear phase, generalized linear phasiegaon
A FIR examples:
e 1sr order Moving average filbdowpass
e order Highpass kY rienpIMAcFi ng 0z06 wi t |
e High order FIR by cascading
A IR examples:
e 1storder lowpass, highpas¥,d&der bandpasbandstopnotch Lt order comb
e Allpass minimum phase, maximum phase
A The transfer functions provided for these are fixed, not allowing much flexibilit
the design of these filters

e Once you have picked the structure and order of the filter, all filted sphading cutoff
frequenciesare automatically determined.

A How to design a filter with specific desirpdssban@ndstopbandtharacteristics?
e Filter design techniques

Digital Signal Processing, © 2009 Robi Polikar, Rowan University



Filter Design

A Objective: Obtain a realizableansfer functionH(z) approximating a desired frequency
responseThe best place to do this is in frequency domain

e Filter design is where frequency domain operations are most beneficial!
A Digital filter design is the process of deriving this transfer function
e Typicallynmagnitude (and sometimes phase) response of the desired filter is sp¢

Y

e Recall that there are four basic types of ideal digital filter, based on magnitude

Hy p(e) Hyp(e’®) Hgg(e’®)
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Since these filters cannot be realized, we

11 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

AHE")|a 1, with an e [H®)

U, in the passband, i.e.,
1+5Ir_;|
1 —Bp
1- dy ¢‘H(W)‘ ¢1+d,, M¢ Wy
Stop band
AHE*))a 0, with an error e
U, in the stopband, i.e.,
65" E
HW)|¢ds, wstlnfcp % 0y 0, x
¥, - passband edge frequency T"“t[;i:;m"

¥ . - stopband edge frequency
u, - peak ripple value in the passband
U, - peak ripple value in the stopband

p
S

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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A Filter specifications are often given in IH(¥)|
decibels, in terms of loss of gain: L+

L-5p

with peak pass and minimum stopband ripj Stopband

a,= -20Ioglo(1 q) dB

Y

a,= -20log,( q)dlﬂ ey ; o '

_ 1
A Magnitude specs can also be givenin a

normalized form, where the max. JT+e2|

passband value 1 s npnor ma i:fzed t o fnlc
Then, we havenax. passband deviation [ Fsband— ' Stopband
andmax. stopband magnitude
1
1 ] . .
1/\/1+ e’ A % wp W T
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Remember!

A The following must be taken into consideration in making filter
selection

e H(z) satisfying the frequency response specifications must be causal and
(poles , ROC inclL.... . . . _fsided)

e If the filter is FIR, then H(z) is a polynomial-twith real coefficients

A If linear phase is desired, the filter coefficients h[n] (also the impulse response) must
satisfy symmetry constraints: h[n] = h[M-n]

A For computational efficiency, the minimum filter order M that satisfies design criteria
must be used.

e If the filter is IR, then H(z) is a real rational function'of z

A Stability must be ensured!
A Minimum (M,N) that satisfies the design criteria must be used.
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