1) Unzip the file to get FIR.EXE 

2) Run it 

3) Select the type of filter you want  - For a lowpass (or any symmetric 
response filter) pick M for multiband. The other two options will result in 
antisymmtric responses - i.e. have 90 degree phase shifts. 

4) Pick the number of taps - you can change this number easily later. Pick 
31 to start 

5) Enter your sample rate. For example pick 8000. 

6) Enter the number of bands. For a simple lowpass, enter 2. 

7) Enter the pass band specification. For example let's say it is from 0 to 
1000 Hz. And we desire the pass gain to be 1. We will also let the weighting 
be one. So enter for band 1:  0  1000 1 1 

8) Now enter the stop band's data. For example let the stop band go from 
1500 Hz to half of the sampling rate. The desired gain here is 0. And we can 
let the weight also equal 1. (The weighting affects the amount of relative 
ripple in the band when compared to other bands.) So enter: 1500 4000 0 1 

NOTE: Enter the bands in order of increasing frequency. 

9) The screen will show a filter that is now made with 38.69 dB of rejection 
and the passband ripple is 0.1dB. 

Here you can enter new frequency bands to change the weighting since the 
passband is very smooth. Or you can simply up the order until the desired 
rejection is reached. You will notice the + and - functions here for quickly 
adjusting the filter's order. 

You may plot the filter's response either magnitude or log magnitude to see 
what the filter looks like. Enter ESC to exit the plot. 

When you finally get a filter that meets your specification, pick the 
"Calculate Filter Coefficients" option on the menu. And it will ask you if 
you wish to quantize the impulse response. This is useful to see the effects 
of coef. quantization. The plots will now give you an option of seeing the 
quantized response. So enter "Y" if you wish to quantize. Next you will be 
asked to enter the number of bits. For fun pick 8. You can always redo this 
later. 

Next you will be asked if the output is to be in 56000 mode. Answer yes if 
you are programming a Moto DSP i assembly. Otherwise, enter "N". Now two 
things happen. A scrollable window pops up where you can look at the coefs. 
And a file was just written, FIL.DAT (same directory as the fir.exe file's), 
with the filter's coefs in it. This file's format is c-style if you answered 
no to the moto question, otherwise you get a moto assembler type of file. 

The scrollable window responds to up and down arrows. When done looking at 
the numbers, hit ESC to get back to the filter's main window. Now if you 
plot the response, you may look at the response due to the quantized 
numbers. The red points on the graph are the extrema resulting from the 
Remez approximation. 

Have fun. If you wish to go make Hilbert transformers or differentiators, 
the method is similar. Just pick that option when the fir.exe is started. 

