Laboratories 5 – 8 for the TMS320C5416 DSK

The second four in a series of laboratories to allow the student to answer some questions about comb and Infinite Impulse Response (IIR) filters. 

	5.
	Comb filters use the same configurations used for echo and reverberation. How does the number of delay elements affect the audio output?     

	
	
	

	6.
	An IIR filter can be used to implement low pass and high pass Butterworth filters, which behave in the same way as analogue (resistor-capacitor) filters. What orders of filter (1st order to 6th order) give acceptable cut-offs for audio work?

	
	
	

	7.
	What is the difference in behaviour between IIR band stop and notch filters designed by:

	
	a.
	placing poles and zeroes

	
	b.
	using the bilinear transform (BLT)?

	
	
	

	8.
	What is the difference in sharpness of cut-off and stability between IIR band pass filters designed by:

	
	a.
	placing poles and zeroes

	
	b.
	using the bilinear transform (BLT)?


Each of the above questions can be answered by carrying out laboratory experiments 5 to 8.  The knowledge gained and answers can be used for developing other projects.

To produce quantitative results, laboratory experiments 5, 7 and 8 require a signal generator to generate sinusoidal waveforms in the range 20 Hz to 50 kHz.

It is suggested that these laboratories be performed after running Application 2 (Delays and Echo) and Application 3 (Reverberation). These introduce the Finite Impulse Response (FIR) configuration and the IIR configuration respectively.

Feedback to author: Richard@sikora.demon.co.uk

Laboratory 5

	Objectives:
	To show how a comb filter can be used to filter out specific frequencies or to boost specific frequencies.



	
	

	Equipment Required:
	TMS320C5416 DSK

CD player or walkman

Connecting cable 1/8 inch jack (3.5mm) to 1/8 inch jack (3.5mm)

Headphones or passive computer speakers or powered computer speakers

Optionally, a sinusoidal waveform generator in range 20 Hz to 50 kHz and a connecting cable from the waveform generator to DSK.

	
	

	Code Source:
	comb_filters.zip

	
	

	Installing the Application:
	Install the software from the file comb_filters.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications.

	
	

	Experiment:
	Connect the CD player / walkman to the LINE IN jack connector on the DSK using the connecting cable. Connect the loudspeakers. Set the user switches to setting 0 and set the output level of the signal generator or CD player /walkman so that 3 LEDs are on and the fourth LED has just gone out.

Play a range of speech / music. Note that for switch positions 1 to 7 certain frequencies are missing. The effect is especially noticeable as the switch positions are changed. This is the “phasing” effect.

If a waveform generator is being used, for each of the user switch settings 1 to 7, make a note of the frequencies at which the output goes to minimum. These are the zeroes of the filter.

Again, if a waveform generator is being used, for each of the user switch settings 8 to 15, make a note of the frequencies at which the output goes to maximum. These are the poles of the filter. 

	
	

	Questions:
	How is the number of zeroes / poles related to the number of delay elements?

The sampling frequency is 48000 Hz. What is the relationship between the Nyquist frequency (48000 Hz / 2 = 24000 Hz) and the lowest occurring zero? 

What is the relationship between the difference in frequency between adjacent zeroes?

	
	

	Associated Document:
	Comb Filters.doc

	
	

	References:
	A Digital Signal Processing Primer with Applications to Digital Audio and Computer Music by Ken Steiglitz. Chapter 4. Feedforward filters and Chapter 5 Feedback Filters.




Laboratory 6

	Objectives:
	To determine what order of IIR filter (1st to 6th) gives acceptable separation between bass and treble for audio use.



	
	

	Equipment Required:
	TMS320C5416 DSK

CD Player or walkman

Connecting cable 1/8 inch jack (3.5mm) to 1/8 inch stereo jack (3.5mm)

Headphones or powered computer speakers. 

Optionally, a sinusoidal waveform generator in range 20 Hz to 50 kHz and a connecting cable from the waveform generator to DSK.

	
	

	Code Source:
	IIR_order.zip

	
	

	Installing the Application:
	Install the software from the file IIR_order.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications

	
	

	Experiments:
	Connect the CD player / walkman to the DSK with the connecting cable. Connect the loudspeakers. Set the user switches on the DSK to position zero and adjust the output of the CD player / walkman so that 3 LEDs are on.

Run the TMS320C5416 DSK using a range of music sources from the CD player / walkman. Alter the settings of the 4 user switches on the DSK to change the filter order between 1st order and 5th order. Make a note of which order filters clearly divide the sound between bands.    

If a waveform generator is available, set the user switches to setting 1. Sweep the signal generator through the range 20 Hz to 24 kHz and note the frequencies where each LED goes on and goes off. The bargraph is calibrated in 6dB intervals, so each change of LED represents 6 dB. Repeat for other switch settings.

Make a note of the frequency response for each order of filter and plot on a piece of paper. 

	
	

	Questions:
	What is the minimum order of filter to give clear separation between bass and treble? 

What order IIR filter would you use for an audio project?



	
	

	Further Experiments:
	In the file IIR_order.c, replace one of the filters with a sixth order IIR filter.  

	
	

	Associated Document:
	IIR First Order to Sixth Order Filters.doc

	
	

	References:
	Digital Signal Processing, A Practical Approach, Second Edition by Emmanuel C. Ifeachor and Barrie W. Jervis. Chapter 8, Design of infinite impulse response (IIR) digital filters. 


Laboratory 7

	Objectives:
	To determine the differences in of cut-off between Infinite Impulse Response (IIR) notch and band stop filters designed by:

a) placing poles and zeroes

b) using the bilinear transform (BLT).



	
	

	Equipment Required:
	TMS320C5416 DSK

CD Player or walkman

Connecting cable 1/8 inch jack (3.5mm) to 1/8 inch stereo jack (3.5mm)

Headphones or passive computer speakers or powered computer speakers

Optionally, a sinusoidal waveform generator in range 20 Hz to 50 kHz and a connecting cable from waveform generator to DSK.

	
	

	Code Source:
	IIR_bandstop.zip

	
	

	Installing the Application:
	Install the software from the file IIR_bandstop.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications.

	
	

	Experiment:
	Connect the CD player / walkman to the DSK with the connecting cable. Connect the loudspeakers. Set the user switches on the DSK to zero and set the output level of the signal generator so that 3 LEDs are on and the fourth has just gone out.

If a waveform generator is available, set the user switches to 1. Sweep the signal generator through the range 20 Hz to 24 kHz and note the frequencies where each LED goes on and goes off. The bargraph is calibrated in 3dB intervals, so each change of LED represents 3 dB.

Repeat the previous stage for all other settings of the user switches 2 to 15. Make a note of the frequencies where the LEDs change. The bargraph intervals are shown on StdOut.

	
	

	Questions:
	What is the maximum usable value of the radius r?

How do the calculated cut off frequencies differ from those measured?

Does the poles and zeroes approach give a narrower cut-off than the bilinear transform (BLT) approach?

	
	

	Associated Document:
	IIR Band Stop Filters.doc

	
	

	References:
	Digital Signal Processing, A Practical Approach, Second Edition by Emmanuel C. Ifeachor and Barrie W. Jervis. Chapter 8. Design of infinite impulse response (IIR) digital filters. Gives both poles and zeroes as well as bilinear transform methods.

Digital Signal Processing with C and the TMS320C30 by Rulph Chassaing. Chapter 5. Gives the design of a band stop filter using bi-linear transform.


Laboratory 8

	Objectives:
	To determine the differences in sharpness of cut-off and stability between IIR band pass filters designed by:

a) placing poles and zeroes

b) using the bilinear transform (BLT).

	
	

	Equipment Required:
	TMS320C5416 DSK

CD Player or walkman

Connecting cable 1/8 inch jack (3.5mm) to 1/8 inch stereo jack (3.5mm)

Headphones or powered computer speakers

Optionally, a sinusoidal waveform generator in range 20 Hz to 50 kHz and a connecting cable from waveform generator to the DSK.

	
	

	Code Source:
	IIR_bandpass.zip

	
	

	Installing the Application:
	Install the software from the file IIR_bandpass.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications

	
	

	Experiment:
	Connect the CD player / walkman to the DSK with the connecting cable. Connect the loudspeakers. Set the user switches on the DSK to position 0 and set the output level of the signal generator so that 3 LEDs are on and the fourth has just gone out.

If a waveform generator is available, set the user switches to position 1. Sweep the signal generator through the range 20 Hz to 24 kHz and note the frequencies where each LED goes on and goes off. The bargraph is calibrated in 3dB intervals, so each change of LED represents 3 dB.

Repeat the previous stage for all other settings of the user switches 2 to 15. The bargraph intervals are shown on StdOut.

	
	

	Questions:
	What is the maximum usable value of r?

How do the calculated cut-off frequencies differ from those measured?

Does the poles and zeroes approach give a narrower band pass than the bi-linear approach?

	
	

	Associated Document:
	IIR Band Pass Filters.doc

	
	

	Reference:
	Digital Signal Processing, A Practical Approach, Second Edition by Emmanuel C. Ifeachor and Barrie W. Jervis. Chapter 8. Design on infinite impulse response (IIR) digital filters. Gives both poles and zeroes as well as bilinear transform (BLT) methods.
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