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DSP I: ELEC 3733

IIR Filtering

Skills

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

· Understand what an IIR filter is

· Be able to design an IIR filter

· Be able to implement an IIR filter on a DSP

Reading

· J.G. Proakis, et. al., Digital Signal Processing, New York: McMillan, 1996: Section 8.3.

Description

DSP algorithms are usually implemented in a recursive manner.  Many systems can be described using a difference equation like Equation 1.  
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Equation 1
In this case the coefficients are constant.  The input to the system is x(n) and the output is y(n).  Suppose you want to implement this on a DSP device.  The output y(0) is given in Equation 2.
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Equation 2
Note that the newest input is x(0) and that the previous values of x() and y() need to be saved.  This equation implements the Direct Form I structure for IIR systems.  When starting the algorithm the saved values are usually initialized to zero.

When the next sample is input y(1) will need to be calculated.  The equation is given in Equation 3.
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Equation 3
Comparing Equation 2 to Equation 3 it can be seen that y(1) is calculated the same as y(0) except that the following changes have been made (see Table 1).

	Equation 3
	Equation 2

	x(1)
	x(0)

	x(0)
	x(-1)
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	x(-M+2)
	x(-M+1)

	y(0)
	y(-1)

	y(-1)
	y(-2)
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	y(-N+2)
	y(-N+1)


Table 1: Changes from Equation 3 to Equation 2
Suppose that the coefficients are stored in arrays and that the old values for x(n) and y(n) are also stored in arrays.  In this case, the new samples of x(n) and y(n) will get shifted into the array and the last values will get shifted out since they are not needed.  The coefficient arrays will multiply the data arrays and each result will get added up to form the new output value.  This process can be shown in Figure 1 where the "*" indicates the two cells are being multiplied.  Figure 2 shows the same structure in a block diagram form.  Note that the output of each delay block is an old value that is stored in an array.
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Figure 1: Direct Form I algorithm implementation diagram
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Figure 2: Direct Form I filter structure

The number of elements that have to be saved is equivalent to the number of delay elements in the filter structure.  Since storing values takes up memory in a device it is desirable to store as few elements as possible.  A structure that reduces the number of stored elements is the Direct Form II structure.  Figure 3 shows a Direct Form II filter structure.  The output is determined by 
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Equation 4
With this implementation the only values that have to be saved are the previous values of w(n).
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Figure 3: Direct Form II filter structure

When implementing fixed point filters there is always a concern with round-off errors.  As it turns out, implementing IIR filters in a second-order cascade form helps with minimizing the effects of round-off errors.  Any system represented by a transfer function can be implemented as cascaded transfer functions as
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Equation 5
where each transfer function is second order.  This is shown in block diagram form in Figure 4.  The output of one stage becomes the input of the next stage.
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Figure 4: Cascaded transfer functions

In order to implement a transfer function in second-order cascade form an algorithm must be written for a single second-order stage.  This implementation can be used for any stage with the appropriate coefficients.  The structure is shown in Figure 5 where the number of the stage is given by the variable s.  
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Figure 5: Second-order Direct Form II structure for stage s

The following pseudo-code demonstrates how to implement the cascaded structure.

stagein = xnew

for s = 0 to P-1


w[s][0] = stagein - a[s][1]*w[s][1] - a[s][2]*w[s][2]


stageout = b[s][0]*w[s][0]+ b[s][1]*w[s][1]+ b[s][2]*w[s][2]


w[s][2] = w[s][1]


w[s][1] = w[s][0]


stagein = stageout

end for loop

yout = stageout

Figure 6: Pseudo-code for implementing a cascaded second-order Direct Form II filter

Laboratory

· Design a band-pass filter in MATLAB using butter with the following options: Band-pass from 1000 Hz to 2000 Hz, sample frequency of 8000 Hz, 9th order.  Plot the poles and zeros of the system.  Plot the filter response using freqz, in dB.  Be sure to plot the frequency range on the x-axis correctly.  Convert the coefficients to a sum-of-second-order systems format using tf2sos.  Save the coefficients to a data file to be used in your C function below.

· Write a C function called iir_filt that takes as its input one time point and outputs one filtered time point.  Implement the filter in a cascaded second-order systems form and use the coefficients designed above.  Your function iir_filt should be located in a separate file from your main program.  Also, create a header file to contain the definition, or prototype, of your function.

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

· Your files should be organized something like this:

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

· bpfiir.h - contains your filter coefficients and macro definitions for the length of your filter.  This file will be included in iir_filt.c.

· iir_filt.c - contains your IIR filter function called iir_filt.

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

· Create a project in CCS that includes your C programs.

· Build the project without errors to make the output file.

· Run the program on the EVM and demonstrate the filtered channel.

· You will want to verify the frequency response by either inputting a cosine function, sweeping its frequency and measuring the amplitude on the output or by using a spectrum analyzer.
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