FIR Window Filter Design with MATLAB
MATLAB will help do most of the work with its “fir1” function built into the Signal Processing Toolbox.  For an N-length FIR filter the general form of the fir1 function is:
b = fir1(N-1, Wn, filter_type, window);

b ( filter numerator coefficients

Wn ( normalized cutoff frequency (or frequencies) of the filter

filter_type ( lowpass, highpass, bandpass, bandstop
window ( the window coefficients, e.g. Hamming, Blackman, etc.

Lowpass and highpass filters have only one cutoff frequency, fc.  Thus, Wn needs to be a scalar (1 x 1 matrix) if you are designing a lowpass or highpass filter.  For bandpass and bandstop you need to specify two cutoff frequencies and Wn will need to be a two-element row vector.  If Wn specifies one cutoff frequency then the default filter type will be a lowpass filter.  To make a high-pass filter you need to specify the filter_type as ‘high’.  If Wn specifies two cutoff frequencies then the default filter type will be a bandpass filter.  To make a bandstop filter you need to specify the filter_type as ‘stop’.  The default window is a Hamming window.  Different window types that you can specify include boxcar (rectangular), blackman, bartlett, hanning, kaiser, and more.
Here are some examples of using the fir1 command:

b = fir1(N-1, 0.5);



‘lowpass filter using Hamming window

b = fir1(N-1, 0.5, blackman(N));

‘lowpass filter using Blackman window
b = fir1(N-1, 0.5, ‘high’, boxcar(N));

‘highpass filter using rectangular window
b = fir1(N-1, [0.2 0.5]);


‘bandpass filter using Hamming window
b = fir1(N-1, [0.2 0.5], ‘stop’, hanning(N));
‘bandstop filter using Hanning window
One very important detail to note is that the MATLAB wants the cutoff frequencies normalized to half the sampling frequency, i.e. Fs/2.  Wn should NOT be normalized to Fs!  (Keep in mind though that when estimating how many coefficients are needed for a filter we are using a transition width that is normalized to Fs.)
As an example, we wish to design a lowpass FIR filter with a passband cutoff frequency of 1 kHz, a stopband edge at 4.3 kHz, and a sampling frequency of 10 kHz.  We will use a Hamming window.  The transition width is the difference of the stopband edge and the passband edge.  Thus, the normalized transition width (f is
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The number of coefficients can then be estimated as
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We must now determine the normalized cutoff frequency for MATLAB.  Remember this is to be normalized to Fs/2.  Here our cutoff frequency is 1 kHz so 
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At this point we have all the parameters needed to design the filter.  We can issue the following sequence of commands in MATLAB to design and analyze the filter:

>> N = 10;

>> b = fir1(N-1, 0.2);

>> [H, f] = freqz(b, 1, 512, 10000);

>> mag = 20*log10(abs(H));

>> plot(f, mag), grid on;

>> xlabel('Frequency (Hz)');

>> ylabel('Magnitude Response (dB)');
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The filter coefficients themselves are contained in the vector b:
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Example #2: 
Bandpass Filter



Fs = 48 kHz



Passband Cutoff Frequencies = 8 kHz & 16 kHz



Stopband Edge Frequencies = 7 kHz & 17 kHz



Hamming Window

The normalized transition width is


[image: image6.wmf]020833

.

0

48000

7000

8000

=

-

=

D

f


The estimated number of coefficients is 
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We will round up and use N = 159.

The normalized cutoff frequencies are
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Our MATLAB commands would be:
>> N = 159;

>> Wn = [0.3333 0.6667];

>> b = fir1(N-1, Wn);

>> [H, f] = freqz(b, 1, 512, 48000);

>> mag = 20*log10(abs(H));

>> plot(f, mag), grid on;

>> xlabel('Frequency (Hz)');

>> ylabel('Magnitude Response (dB)');
which yield the following frequency response and b coefficients:
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Once you have the filter coefficients you can apply them to data samples stored in MATLAB by using the ‘filter()’ command or you can program them into the SHARC DSP board and filter data in real-time.  The MATLAB filter command is very straightforward and only needs the numerator coefficients, denominator coefficients, and the data to be filtered.  Since this lab addresses FIR filters, the denominator coefficients vector will just be [1].  The general form is use is:

y = filter(b, a, X);
where ‘b’ is the numerator coefficient vector, ‘a’ is the denominator coefficient vector, and X is the data to be filtered.  For FIR filters you can thus use

y = filter(b, 1, X);
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