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(As in freq. trans. Analog review lecture)
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Note: analog LP

P2HP Lowpass to highpass analog filter transformation.
[NUMT,DENT] = LP2HP(NUM,DEN,Wo) transforms the 

lowpass filter

prototype NUM(s)/DEN(s) with unity cutoff frequency 
to a highpass filter with cutoff frequency Wo.

[AT,BT,CT,DT] = LP2HP(A,B,C,D,Wo) does the same 
when the filter is described in state-space form.

CHEB1ORD Chebyshev Type I filter order selection.
[N, Wn] = CHEB1ORD(Wp, Ws, Rp, Rs) returns the order N of the lowest 
order digital Chebyshev Type I filter that loses no more than Rp dB 
in the passband and has at least Rs dB of attenuation in the stopband.  
Wp and Ws are the passband and stopband edge frequencies, normalized 
from 0 to 1 (where 1 corresponds to pi radians/sample). 

CHEB1ORD also returns Wn, the Chebyshev natural frequency to use with 
CHEBY1 to achieve the specifications.

[N, Wn] = CHEB1ORD(Wp, Ws, Rp, Rs, 's') does the computation for an 
analog filter, in which case Wp and Ws are in radians/second.

Analog transform

CHEBY1(N,R,Wn,'s'),CHEBY1(N,R,Wn,'hi
gh','s') and  CHEBY1(N,R,Wn,'stop','s') 

design analog Chebyshev Type I filters.  
In this case, Wn is in [rad/s] and it can be 
greater than 1.0.



The above IIR digital highpass filter can be directly designed in the z domain using 
the M file: Cheb1ord and cheby1 as illustrated in 9.15
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Type I Chebyshev Highpass Filter

>> Program_9_2
Normalized passband edge = 0.7
Normalized stopband edge = 0.5
Passband ripple in dB = 1
Minimum stopband attenuation in dB = 32

% Program 9_2
% Type 1 Chebyshev IIR Highpass Filter Design
Wp = input('Normalized passband edge = ');
Ws = input('Normalized stopband edge = ');
Rp = input('Passband ripple in dB = ');
Rs = input('Minimum stopband attenuation in dB = ');
[N,Wn] = cheb1ord(Wp,Ws,Rp,Rs);
[b,a] = cheby1(N,Rp,Wn,'high');
[h,omega] = freqz(b,a,256);
plot (omega/pi,20*log10(abs(h)));grid;
xlabel('\omega/\pi'); ylabel('Gain, dB');
title('Type I Chebyshev Highpass Filter');

Method (2)



Before starting here
Review BP analog design



Note: the above IRR 
digital band pass
Filter can be directly 
designed in the z domain 
using only buttord and 
butter as ex 9.16



% Program 9_3
% Design of IIR Butterworth Bandpass Filter
Wp = input('Passband edge frequencies = ');
Ws = input('Stopband edge frequencies = ');
Rp = input('Passband ripple in dB = ');
Rs = input('Minimum stopband attenuation = ');
[N,Wn] = buttord(Wp, Ws, Rp, Rs);
[b,a] = butter(N,Wn);
[h,omega] = freqz(b,a,256);
gain = 20*log10(abs(h));
plot (omega/pi,gain);grid;
xlabel('\omega/\pi'); ylabel('Gain, dB');
title('IIR Butterworth Bandpass Filter'); >> Program_9_3

Passband edge frequencies = 0.25
Stopband edge frequencies = 0.55
Passband ripple in dB = -0.5
Minimum stopband attenuation = -15

BUTTORD Butterworth filter order selection.
[N, Wn] = BUTTORD(Wp, Ws, Rp, Rs) returns the order N
of the lowest order digital Butterworth filter that loses no 
more than Rp dB in the passband and has at least Rs dB
of attenuation in the stopband. Wp and Ws are the 
passband and stopband edge frequencies, normalized 
from 0 to 1 (where 1 corresponds to pi radians/sample). 
For example,

Lowpass:    Wp = .1,      Ws = .2
Highpass:   Wp = .2,      Ws = .1
Bandpass:   Wp = [.2 .7], Ws = [.1 .8]
Bandstop:   Wp = [.1 .8], Ws = [.2 .7]

BUTTORD also returns Wn, the Butterworth natural frequency (or, 
the "3 dB frequency") to use with BUTTER to achieve the 
specifications. 

[N, Wn] = BUTTORD(Wp, Ws, Rp, Rs, 's') does the computation for an 
analog filter, in which case Wp and Ws are in radians/second.

When Rp is chosen as 3 dB, the Wn in BUTTER is equal to Wp in 
BUTTORD. 

FREQZ Digital filter frequency response.
[H,W] = FREQZ(B,A,N) returns the N-point complex frequency response
vector H and the N-point frequency vector W in radians/sample of
the filter:

jw               -jw              -jmw 
jw  B(e)    b(1) + b(2)e + .... + b(m+1)e

H(e) = ---- = ------------------------------------
jw               -jw              -jnw

A(e)    a(1) + a(2)e + .... + a(n+1)e
given numerator and denominator coefficients in vectors B and A. The
frequency response is evaluated at N points equally spaced around the
upper half of the unit circle. If N isn't specified, it defaults to
512.
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The above band stop filter can be designed directly in the z domain using only the ellipord and ellip











Spectral Transformations of IRR 
filters





Points on the unit circle in z 
plane, must be mapped 
to points on the unit circle
of the z^ plane

To guarantee the stability
stability 







(from A.A.Beex lecture notes)





Check that using matlab
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Lowpass

allpasslp2lp





(from A.A.Beex lecture notes)



(from A.A.Beex lecture notes)













Important note:
The above transformations such as lp2lp, lp2hp, lp2bp and lp2bs. Can be
used only to map one frequency point wc in the magnitude response of the
lowpass prototype filter into a new position ^wc with the same mag.
Response value for the transformed lp and hp filters; or into two new
positions ^wc1 and ^wc2 with the same mag. Response values for the
transformed bp and bs filters.
Hence; it is possible only to map either the pasband edge or the stopband
edge of the lp prototype filter onto the desired position(s) but not both







Filter visualization tool (check it)example



•Thus the final exam will be replaced by oral Presentations 

• Filter Design Projects “1, 2 and 3” (20 marks) 
WRITTEN REPORT(1 )+ Oral Presentation (10 – 15 min)

•Study of Chapters 4, 8 ,and 12.  
Every student will choose (4 or 12) besides (8) start reading now
WRITTEN REPORT(2)+ Oral Presentation (10 – 15 min)
Note:When the mandatory oral presentation is not given the final grade 
for the course is automatically an F 

MT= 20 Marks HWs = 30 Marks     RP+SEMINAR=30 Marks


