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DSP I: ELEC 3733

FIR Filtering

Skills

In this laboratory you will write a program that gathers data from the A/D converter, filters the data using an FIR filter, and outputs to the D/A converter.  After this laboratory you should:

· Understand what an FIR filter is

· Be able to design an FIR filter

· Be able to implement an FIR filter on a DSP

Reading

· J.G. Proakis, et. al., Digital Signal Processing, New York: McMillan, 1996: Sections 8.1-8.2.2

Description

FIR Filtering

The difference equation for an M-order FIR filter is given by:
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For each new input sample, x(n), the filter produces an output y(n).  To calculate the new output sample the input must be convolved with the FIR filter impulse response, h(n).  Notice that the summation requires the input sample x(n) and the M-1 most recently input samples to compute the output sample, y(n).  These previous samples must be saved in an array in the DSP algorithm.

When writing a function to calculate the FIR filter the previous samples must be saved.  To do this you will need an array that will retain the values from the previous call to the function.  This is accomplished by either making the array global or by using the static keyword before the array definition.  If you do not use these methods the array will be initialized each time the function is called.

Since the algorithm only needs the previous M-1 samples to be saved there must be a way for the algorithm to update the array when a new sample is input.  This can be accomplished in two ways.  The first way is to shift all the samples in the array by copying them to the shifted location and then storing the new value at the beginning of the array.  If this method is used then the FIR algorithm is given in Equation 1.
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Equation 1
Figure 1 shows a diagram of the implementation of the FIR filter using the array shifting method.  In the diagram the "*" indicates multiplication.  The new value is shifted into the x(0) spot and all the others are shifted to the right.
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Figure 1: Diagram of the FIR filter implementation using the shifting method

The second method is to keep track of an index that tells where the last input was stored.  This index is incremented and used to store the new value.  When the index reaches the end of the array it is wrapped around to the beginning of the array.  If this method is used then the FIR algorithm is
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where ( * )M is modulo-M.  Figure 2 shows how the data for x(n) is stored in a circular buffer.  
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Figure 2: Buffer implemented using a circular buffer or modulo indexing

Filter Implementation

In this lab you will be writing a function fir_filt that will take as its input one new sample and produce one output sample.  The fir_filt function will have the following basic structure:

Shift the stored input values

Put the new value at the beginning of the array

Compute the new output value

Return the new output value

Here are some tips for writing the function.

· Store the coefficients as float values

· Store the input as Int16 values

· Shift the input values starting from the end of the array, that is x(M-1) = x(M-2), x(M-2) = x(M-3), etc.  

· The intermediate sum in the filter calculation should be stored in a float variable initialized to 0.0

· Be sure to cast the output float variable to an Int16
· When calling the function us a statement like

samples[0] = fir_filt(samples[0]);

Laboratory

· Design a 64-order FIR bandpass filter by hand using a Hamming window. The lowpass frequency of the filter should be 1000 Hz and the highpass frequency should be 2000 Hz.  Use a sample frequency of 8000 Hz.  This design will give 64 coefficients for the filter.  Analyze your filter by plotting the filter coefficients, frequency response and the zeros of the system.

· Save the coefficients to an ASCII data file to be used in your C function below.  It would be advantageous to have this completely automated so that you could simply change the bandpass region and output all of the above for a new frequency range.

· Write a C function called fir_filt that takes as its input one time point and outputs one filtered time point.  Use the coefficients designed above.

· Write a program that filters one channel of the CODEC input and zeros the other channel.  The data should be filtered with the function fir_filt.

· Your function fir_filt should be located in a separate file from you main program.  Also, create a header file to contain the declaration of your function fir_filt.

· Your files should be organized something like this:

· main.c - contains your main code for sending and receiving data and filtering the signal.

· bpf64.h - contains your filter coefficients and a macro definition for the length of your filter (e.g. #define M 64).  This file will be included in fir_filt.c.

· fir_filt.c - contains your FIR filter function called fir_filt.

· fir_filt.h - contains the declaration of your FIR filter fir_filt.  This will be included in the main.c file.

· Run the program on the EVM and demonstrate the filtered channel.  When you build the project be sure to have the -o3 option selected.  This will help optimize the code.  If you are debugging the code you will need to set this back to None since the optimized code does not work well in debugging.  You should also use the interrupt processing lab project for your base project.

· Use a spectrum analyzer to get a power spectral density of your filter.  Or you could use your laptop to analyze the system.  Or input a sinusoid and measure the amplitude of the output at different frequencies.
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