Lab 10
ENTC 4347

IIR FILTERS

The MATLAB Signal Processing Toolbox provides many useful functions for the design and analysis of classical digital IIR filters (e.g. Butterworth, Chebyshev types I and II, and elliptic filters) for a given set of specifications (e.g. pass- and stop-band edge frequencies, passband ripples and stopband attenuation).
As we saw in class, filtering a digital signal involves forming a weighted sum of the past input and output samples:
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Thus, a crucial stage in the design of digital IIR filters is coefficient calculation. For classical digital IIR fiIter, the steps involved at this stage may be summarized as follows:

1. Specify the desired filter.
2. Determine a suitable analog prototype lowpass filter with, e.g. Butterworth, Chebyshev type I, Chebyshev type II or elliptic characteristics.
3. Transform the prototype analog filter to create a lowpass, highpass, bandpass or bandstop filter.
4. Convert the transformed filter into an equivalent discrete-time filter (for example, using the impulse invariant or the bilinear z-transform method).

The MATLAB Signal Processing Toolbox provides a number of high-level functions for carrying out steps 2 to 4 simultaneously or separately. For example, the syntax for the MATLAB command to create a lowpass, highpass, bandpass or bandstop filter with a Butterworth characteristic is (steps 1 and 2):
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[b, a] = butter (N, Wc, options)


[z, p, k] = butter (N, Wc, options)

The first command calculates the numerator and denominator coefficients of an Nth order discrete-time Butterworth filter with a 3 dB cutoff frequency (or bandedge frequency), Wc, normalized to the Nyquist frequency. The numerator and denominator coefficients of the filter are returned in the vectors b and a, respectively, in ascending negative powers of z.

If the word 'options' is left out, the command defaults to a lowpass filter (unless Wc is a vector of frequencies, in which case it defaults to a bandpass filter). For highpass and bandpass filters the words 'high' and 'stop' are used as the options. For bandpass and bandstop filters, Wc is a two-element vector that specifies the cutoff (or bandedge) frequencies:



Wc = [c1,c2]

where c1 <  < c2 is the passband (bandpass filters) or stopband (bandstop filters).

The second command returns the positions of the zeros and poles, in rectangular form, in z and p, and the filter gain, k.  Similar commands exist for other classical filter types. For example, for Chebyshev types I and II, and elliptic filters, the syntax for the MATLAB commands is
[b, a] = chebyl (N, Ap, Wc, options)

[z, p, k] = chebyl (N, Ap, Wc, options)

[b, a] = cheby2 (N, As, Wc, options)

[z, p, k] = cheby2 (N, As, Wc, options)

[b, a] = ellip (N, Ap, As, Wc, options)

[z, p, k] = ellip (N, Ap, As, Wc, options)

where Ap and As are, respectively, the passband ripple and stopband attenuation, in dB.

There are a number of other useful commands that may be used to carry out intermediate tasks in the coefficient calculation process. For example, the buttord, chebylord, and ellipord commands may be used to determine the order of a suitable filter. The parameters of suitable prototype analog lowpass filters may be determined using the butterp, chebyip, cheby2p and ellipp commands.
PROCEDURE

1.  Design of a simple lowpass filter using the bilinear z-transform method and MATLAB.   A digital IIR filter with Butterworth characteristics is required to meet the following specifications:




cutoff frequency
150 Hz



sampling frequency
1.28 kHz



filter order, N

2
a. Determine, using the bilinear c-transform method and MATLAB, the coefficients, poles and zeros of the discrete filter.

b. Plot the magnitude-frequency response and the pole-zero diagram of the discrete filter.
The MATLAB program is listed below.
% Program name: lowpass
% A simple lowpass filter
N=2;
Fs=1280;
FN=Fs/2; 
fc= 150;
Fc=fc/FN; 
[b,a]=butter(N,Fc);

[z,p,k]=butter(N,Fc);
subplot(2,1,1)

[H,f]=freqz(b,a,512,Fs); 

plot(f,abs(H)) 

xlabel('Frequency (Hz) ') 

ylabel('Magnitude Response') 

subplot(2,1,2)
zplane(b,a) 
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From MATLAB:

b =  0.0878    0.1756    0.0878
a =  1.0000   -1.0048    0.3561
z = [-1 -1]

p = 0.5024 ( 0.3220j

and
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2.  Design of a second order bandpass filter with specified bandedge frequencies and pass- and ripples.    A requirement exists for a bandpass digital filter, with a Butterworth frequency response, that satisfies the following specifications:

lower passband edge frequency

200 Hz;

upper passband edge frequency

300 H;

lower stopband edge frequency

50 Hz;

upper stopband edge frequency

450 Hz;

passband ripple


3 dB

swpband attenuation


20 dB

sampling frequency


1 kHz

(a)
Determine, using the BZT method and MATLAB:


 (i)
the poles, zeros, gain, coefficients and transfer function of the digital filter.
(b)
Plot the magnitude-frequency response and the pole-zero diagram of the filter.
The MATLAB program is listed below

% Program name: bandpass filter

% Bandpass filter

Fs=1000; 

N=1;

Wp=[200/500, 300/500]; 

Ws=[50/500, 450/500];

[z, p, k]=butter (N,Wp); 

[b, a]=butter (N, Wp);

subplot(2,1,1)

[H, f]=freqz (b, a, 512, Fs); 
plot(f, abs(H)) 
xlabel('Frequency (Hz)') 
ylabel('Magnitude Response') 
subplot(2,1,2) 
zplane(b, a)
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What happens if you increase order (N) of the filter from 1 to 2?
Problems:
1.  Design a second order high-pass filter with the following specifications.




passband frequencies

2 kHz -4kHz



sampling frequency

8000 Hz



filter order, N


2
2.  Design a first order bandstop filter with the following specifications.




lower passband

0-50 Hz




upper passband

450-500 Hz




stopband


200-300 Hz




sampling frequency

1000 Hz
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