
DSA – March 29, 2021

Topics: Digital filter design, IIR filter design, bilinear transformation method, 

notch, peaking, audio EQ filters, higher-order filters, Butterworth, Chebyshev, 

Elliptic, FIR filter design, window method, Kaiser windows, frequency-sampling 

method.



For a more unified and complete discussion that includes all cases, 

Butterworth, Chebyshev, and Elliptic, see the handout, notes.pdf

with associated MATLAB functions included in, notes-mfiles.zip.

Elliptic filters, also known as, Cauer or Zolotarev filters, achieve the smallest 

filter order for the same specifications, or, the narrowest transition width for the 

same filter order, as compared to other filter types. 

On the negative side, they have the most nonlinear phase response over their 

passband. The following table compares the basic filter types with regard to 

filter order and phase response.

Bessel

smaller order, or,           Butterworth      more linear phase   

narrower transition       Chebyshev        over their passband

Elliptic

Bessel filters have, by design, the most linear phase in their passband 

but the slowest rolloff – we will consider them in I2SP-Ch.12.



summary – analog designs

attenuations

in dB

stopband

gain

passband

gain



attenuations in dB ripple parameters

discrimination and selectivity parameters

passband and stopband gains

summary – analog designs



summary – analog designs

spectral factorization problem

has unique solution by requiring 

stability & causality 













summary – digital designs

all cases are implemented by the following MATLAB functions, from notes.pdf

% dford.m - digital filter order determination

% Usage: [N,Ad,wd] = dford(wp,ws,Ap,As,type,match);

% dfdes.m - digital filter design with bilinear transformation

% Usage: [B,A,w0] = dfdes(N, Ad, wd, type, shape, coeffs);



I2SP - Ch.11





















notch digital maps to notch analog





















peaking digital maps to peaking analog
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design equations

















N-th order analog

Butterworth filter





Butterworth polynomials











































































































I2SP - Ch.10

















































the Si function can be computed

by the built-in function, sinint,

or, by the function, Si(x),

on Sakai Resources.

































kbp - bandpass FIR filter design 

kdiff - lowpass FIR differentiator design 

khilb - lowpass FIR Hilbert trasformer design

klh - lowpass/highpass FIR filter design

kparm - Kaiser window parameters for filter design

kparm2  - Kaiser window parameters for spectral analysis

kwind - Kaiser window

the following functions from I2SP-Appendix implement the

Kaiser window design of lowpass, highpass, bandspass, 

differentiator, and Hilbert transformer filters












