Laboratories 9 – 12 for the TMS320C5416 DSK 

The third in a series of laboratories to allow the student to answer some questions about digital signal processing (DSP). 

	9.
	Looks at some of the factors, which affect the performance of code. The execution time of pairs of functions can be compared by looking at the brightness of the LEDs on the DSK.    

	
	a.
	What is the difference in performance between C code and assembly code for Finite Impulse Response (FIR), Infinite Impulse Response (IIR) and adaptive filters?

	
	b.
	Does assembly code always offer an advantage in performance over C code?

	
	
	

	10.
	Decimation. 

Decreasing the sampling rate of a signal by integer amounts.

	
	a.
	What happens if there is no anti-aliasing (low pass) filter before reducing the sampling rate of the signal?

	
	b.
	How does reducing the sampling rate affect the output quality?

	
	
	

	11.
	Interpolation. 

Increasing the rate of sampling of a signal by adding extra samples.

	
	a.
	What happens when there is no anti-imaging (low pass) filter?

	
	b.
	How does increasing the sampling rate affect audio quality?

	
	
	

	12.
	Noise reduction using IIR and Adaptive Filters. 

	
	a.
	Does an adaptive filter give better reduction of noise than an IIR filter?

	
	b.
	Can an adaptive filter be used to remove the sound of scratches and crackles off old recordings?


Each of the above questions can be answered by carrying out laboratory experiments 9 to 12.  The knowledge gained and answers can be used for developing projects.

In order to provide quantitative results for laboratory 9 an oscilloscope with a time base of 1 ms per division or better is required. Ideally, a digital storage oscilloscope with cursors can be used.  

A useful tool for carrying out Laboratory 9 is a digital multimeter with a frequency range to measure 20 Hz to 50 kHz. 
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Laboratory 9

	Objectives:
	To look at factors which affect the execution speed of code.



	
	

	Equipment Required:
	TMS320C5416 DSK

A frequency meter or digital multi-meter with a frequency measuring range up to 50 kHz.

Optionally, a digital storage oscilloscope (DSO) is useful in measuring the execution times of functions.

	
	

	Code Source:
	Performance.zip

	
	

	Installing the Application:
	Install the software from the file performance.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications. The application contains .asm files.

	
	

	Experiment:
	For each user switch positions, compare the brightness of pairs of LEDs. If one LED is on brightly and the other is on faintly, the C code is running much slower than its assembly language equivalent. If both LEDs are on faintly, then both the C code and the assembly versions run quickly, so there is no great advantage using assembly code.  

Measure the output of each LED with the frequency meter. Put one probe on the earth, for example the gold around the mounting holes and the other probe at the end of the LED nearest to the edge of the circuit board. If the frequency is less than 48 kHz (48 000 Hz), then the system is running too slowly for real-time operation. This means the code is too large or too slow and is causing the rate of sampling at the audio input to be delayed. 

If an oscilloscope is available, connect the ground lead to the earth of the DSK and the probe to the end of the LED to be measured near the edge of the board. When the output is low, the LED is on. Repeat for the other LEDs that are on.

Note: When the Fast Fourier Transforms are selected, the switch operation becomes slower.

	
	

	Questions:
	In which cases does assembly code offer a major advantage over C code?

In which cases does assembly code offer no appreciable advantage over C code?

In certain cases, the C code is fast enough to carry out the required tasks. Even though the assembly code may be more efficient, the difference in performance is not large and may not justify the time required to develop an assembly language version. 

Does the execution of a FFT increase linearly or logarithmically with number of elements?

	
	


Laboratory 10

	Objectives:
	Decimation. Reducing the sampling rate of the low frequency component of the audio input signal.

	
	

	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 the waveform generator to the DSK.

	
	

	Code Source:
	decimation.zip

	
	

	Installing the Application:
	Install the software from the file decimation.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications. This application contains .asm files.

	
	

	Experiment:
	Connect the CD player / walkman to the DSK using the connecting cable. Connect the loudspeakers. Set the user switches on the DSK to position 0 and set the output level of the audio source so that 3 LEDS are on.

Note: it is important to limit the input frequencies below the Nyquist frequency for the particular level of decimation.

The low pass filters are to ensure that the audio signal above  the Nyquist frequency is well attenuated. For example, for a decimation factor of 2, the Nyquist frequency is 48000 Hz / 4 = 12000 Hz. Therefore, a low pass filter with a cut off of 10 kHz has been used to ensure there is minimal input to the decimator above 12 kHz.

Switch positions 1 – 5 are decimation by integer factors without an anti-aliasing filter. If a signal generator is available, what happens if the input frequency exceeds the 

Nyquist frequency of the decimated frequency?

Switch positions 6 – 10 are decimation by integer factors with anti-aliasing filters.  

Switch positions 11 to 15 are decimation by integer factors with the high frequency added without decimation. What is the difference in audio quality between straight through switch position 0 and switch positions 11 to 15? 

If a waveform generator is available, repeat the above procedure for switch positions 0 to 15, sweeping between 20 Hz and 50 kHz.

	
	

	Questions:
	Before decimating the input signal, is anti-aliasing filter really necessary?

What is the practical limit of decimation for this system i.e. some orders of decimation work well, others do not.

In these experiments, Hamming windows have been used for the low pass filters. Why have they been used in preference to Blackman filters? 

How might decimation be used to reduce the amount of memory required to record an audio signal?

If using the waveform generator, what happens when the input frequency is above the Nyquist frequency?

	
	

	Reference:
	Digital Signal Processing, A Practical Approach, Second Edition by Emmanuel C. Ifeachor and Barrie W. Jervis. Chapter 9. Multirate Digital Signal Processing. 


Laboratory 11

	Objectives:
	Interpolation. Increasing the sampling rate of an audio signal by adding extra samples. 



	
	

	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 the waveform generator to the DSK.

	
	

	Code Source:
	interpolation.zip

	
	

	Installing the Application:
	Install the software from the file interpolation.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications. This application contains .asm files

	
	

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

Uses switch settings 1 – 5 use interpolation without a filter. For user switch settings 6 – 10 there is an anti-imaging filter.  

Compare the sound quality with user switch settings 11 –15 with that of user switch setting 0 (straight through). 

If a waveform generator is available, verify that the cut-off frequencies of the filters are as specified. Sweep the waveform generator from 20 Hz to 50 kHz and note the effect. 

	
	

	Questions:
	Is the anti-imaging filter really necessary?

What is the maximum usable value of the interpolation factor?

What effect does increasing the sampling rate have on audio quality, especially noise?

What happens when the input signal exceeds the Nyquist frequency? 

	
	

	References:
	Digital Signal Processing, A Practical Approach, Second Edition  by Emmanuel C. Ifeachor and Barrie W. Jervis. Chapter 9. Multirate digital signal processing.


Laboratory 12

	Objectives:
	Noise reduction.

To show how adaptive filters and Infinite Impulse Response (IIR) filters can be used to reduce the effect of high frequency and low frequency noise from a signal. 

	
	

	Equipment Required:
	TMS320C5416 DSK

CD Player or walkman

CDs containing scratchy Jazz/Blues/Gospel recordings, ideally made before 1935.

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 the DSK.

	
	

	Code Source:
	Noise_reduction.zip

	
	

	Installing the Application:
	Install the software from the file noise_reduction.zip using the procedure described in the document Installing the TMS320C5416 DSK Applications. There is a .asm file and the library 54xdspf.lib must also be added.

	
	

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

For user switch settings 1 to 14, listen to the effectiveness of the noise filters.

Set the user switches to 15. Feed the Jazz / Blues / Gospel recording through. Does the adaptive filter remove the scratches and crackles?

If a waveform generator is available, sweep the input from 20 Hz to 50 kHz for each user switch setting and note the effect. 

	
	

	Further Experiments:
	Change the noise frequency in code and listen to the effect

Change the noise waveform in code from sinusoidal to triangular or square wave.

	
	

	Questions:
	Where the noise frequency is known, does an IIR filter provide better noise reduction than an adaptive filter?

Where the noise frequency is unknown or changing, does an IIR filter provide better noise reduction than an adaptive filter?

Can adaptive filtering be used to remove the noise off an old scratchy recording?

	
	

	Reference:
	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.

Chapter 10. Adaptive digital filters. 
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