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MATLAB Questions 

1.  

To see what kind of problems might be involved in a simple frequency-sampled filter design, let us 

design a linear phase FIR lowpass filter, with cuttoff frequency 0.42c  . The desired filter length is 

32N  . 

a) Find the sampled frequency response [ ]H k  (don’t forget to get the phase right!). Then, find the 

inverse DFT time sequence [ ]h n , 0,1,...,31n  . 

b) Based on [ ]h n , evaluate with freqz and sub-plot 1024 points of the desired frequency response 

(magnitude as well as phase) and the actual frequency response (magnitude and phase). Comment 

on the matches/mismatches. 

c) Repeat the design, but this time use one transition sample. Experiment with the value of the 

transition sample until you get a maximally flat stopband. Again, plot the frequency response of the 

desired and actual filters. 

d) Repeat the design (without the transition sample) using the remez algorithm and a transition 

bandwidth of 0.05 . Compare the results of all filters. 

2.  

This problem explores the design of linear phase FIR filters. A linear phase FIR filter is to be 

applied to an audio signal sampled at 16 kHz. The filter is lowpass and has a passband from 0 to 

3250 Hz and a stopband from 4000 to 8000 Hz. The passband ripple is to be less than 0.1 dB and 

the stopband attenuation should be greater than 60 dB. Several filter design techniques will be 

assessed. 

Notes: 

 The Matlab routine fir1 can be used to generate window-designed FIR filters. You will 

use this routine with an explicitly specified window. The routine will be called as 

fir1(N,Wn,Win), where N is the filter order (careful, the filter length is N+1), Wn is the 

filter cutoff (Wn is normalized such than 1 is the half sampling frequency), and Win the the 

N+1 element window. For some of the designs, you will have to choose N yourself .  

o The rectangular window can be generated with the rectwin (or ones) function.  

o The Hamming window can be generated with the hamming function.  

o The Kaiser window can be generated with the kaiser function. The Kaiser 

window has a parameter beta. An estimate for beta and N can be found using the 

routine kaiserord.  

 A least-squares FIR design can be done with the routine firls. You will have to iterate 

on the filter length to get a filter which meets the specifications. You will also use a 

weighting function to change the relative deviations for the passband and stopband.  



 For the equiripple design routine remez, the routine remezord can be used to estimate the 

order needed to meet the specifications.  

 For each design, you must plot the filter response on a dB scale, with the scale chosen 

such that one can verify that whether  passband and stopband specifications are met. You 

will need two plots, one with a scale appropriate for the passband and another with a 

scale appropriate for the stopband. A routine to plot the response on two different scales 

is as follows.  

function PlotFilter (f, b, Fs) 

 

B = freqz (b, 1, f, Fs); 

BdB = 20 * log10 (abs(B)); 

 

subplot (2, 1, 1); 

plot (f, BdB); 

axis ([f(1), f(end), -80, +5]); 

 

subplot (2, 1, 2); 

plot (f, BdB); 

axis ([f(1), f(end), -2, 2]); 

 

return 

Assignment: 

1. Convert the specifications (band edges, and deviations) given in terms of the 16 kHz 

sampling rate to a specifications on a normalized frequency scale. That frequency scale 

should be the one used by fir1, i.e. Wn=1 corresponds to the half sampling frequency. 

For later use, convert the dB specifications to deviation specifications.  

2. Explain why the documentation for fir1 indicates that N must be even for highpass or 

bandpass filters.  

3. Try designing the filter with N=100 using a rectangular window. Can the specifications be 

met by increasing N? Explain.  

4. Try designing the filter with N=100 using a Hamming window. Can the specifications be 

met by increasing N? Explain.  

5. Design the filter using a Kaiser window. Estimate the value of beta and N. Generate the 

Kaiser window and plug it into fir1. Check whether your design meets the specifications. 

If it does not, increment N, until it does. If it exceeds the specifications, decrease N, until 

you get the smallest value of N which meets the specifications.  

6. Design the filter using the routine firls. Use weighting to best accommodate the 

passband and stopband requirements. What is the minimum number of coefficients of a 

filter which meets the specifications?  

7. Design the filter using the routine remez. What is the minimum number of coefficients of 

a filter which meets the specifications?  

8. Which design method gives the shortest filter meeting the specifications.  
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