EE432: Digital Signal Processing Fall 2010

Project 2: Sampling & Quantization

Assigned: Tues 8/30/2011 Due: Tues 9/06/2011

This project is intended to give you introduction to quantization and sampling in the time domain. The effects of system
design as far as number of bits in quantization and sample rate are explored. You will induce aliasing and see the effects.
You will use music clips in this lab, available from the professor. The DSP you will perform in this lab is done off-line in
MATLAB (NOT real-time). This means that you will read a music clip into MATLAB in its entirety; do the processing,
then playback the processed music, instead of processing it while it is being read in.

Note: these music clips are for educational purposes only, and should only be used for this course.

l. Preliminaries

1.

Voice signals typically include frequency content up to approximately what frequency? Based on your answer,
how fast should a voice signal be sampled to prevent aliasing? What are the standard parameters to digitize a voice
signal (number of bits/sample, and sample rate)? What is the resulting bit rate when digitizing a voice signal using
the standard parameters?

Music signals typically include frequency content up to approximately what frequency? Based on your answer,
how fast should a music signal be sampled to prevent aliasing? What are the standard parameters to digitize a
music signal to CD quality (number of bits/sample, and sample rate)? What is the resulting bit rate when digitizing
a music signal using the CD quality parameters?

1. Input/Output of Wav Files

3.

Get a copy of one or two of your favorite music clips from the professor. These are .wav files, which MATLAB
can read. The MATLAB functions of interest for these files are: wavread, wavplay and wavwrite.

-The wavread file will read in a music file, and can return to you a vector that is (1) the music signal, (2) its
sample frequency and (3) the number of bits/sample. There are several options to using wavread, but you should
always use it to return these three things to you in this course. Most if not all of the music clips available to you are
STEREO (left and right channels), so in this case, wavread will return a music vector that is N x 2 in dimensions
(where N is the number of samples). Type >> help wavread to learn how to use it.

-The wavplay file can play a music vector to the sound card (either stereo or mono signals). Realize that the correct
sample frequency must be known to play the music correctly. You should always pass the actual sample frequency
to wavplay, because the default value (11,025 Hz) is almost never correct. Also, | recommend you use the option
called ‘async’ input when you use this function in this project. Type >> help wavplay to learn how to use it.

-The wavwrite function will allow you to take a music vector, a sample frequency and bits/sample and create a
.wav file that can be played in most any music player (like Windows Media Player). Type >> help wavwrite to
learn how to use it.

Use wavread to read your music clip to MATLAB. Use wavplay to play it. Record the sample frequency and
number of bits/sample for your music clip.

Sample frequency: Number of bits/sample:



Have some spontaneous fun:

-play the music with the incorrect sample frequency. Try both faster and slower then the original, but warning: do
not try it too slow, or else it might take forever! To slow it down, try no slower than perhaps 0.75*correct sample
frequency.

-play the music backwards. MATLAB has two functions to flip vectors or matrices from left-to-right (fliplr) or up-
to-down (flipud). Since the music is read in as 2 long columns, representing the left and right channels, they need
to be flipped up/down.

I11. Quantization

6. Write a MATLAB function that will normalize an input signal so that its values will fall into the range from -1V to
+1V. This is done by dividing the signal by its maximum absolute value. For a stereo signal, you must divide both
channels by the overall max absolute value (i.e., divide both channels by the same value, vice a different value for
each channel). Note: the entire range from -1V to 1V may not be used, depending on the input signal.

The function should be called normalize432 (so the m-file should be called normalize432.m). The usage will be:
>> y = normalized32(x);

In the line above, x is the input signal that you wish to normalize. If the input is all zeros, there should be an error
message displayed and the function should returny =[1].

7. Write a MATLAB function that will quantize an input audio signal to a specified number of bits. The input signal
is assumed to be audio, but this function should call your normalize432 function to ensure the values lie in the
standard audio range (-1V to +1V). Some notes on how to achieve quantization are in the last section of this
handout.

The function should be called quantize_audio432 (so the m-file should be called quantize_audio432.m). The usage
will be:

>> y = quantize_audio432(x,nbits) ;

In the line above, x is the input signal that you wish to quantize and nbits is the number of bits to quantize this
signal to. This function should give a warning if nbits is NOT an integer > 0, and return the signal unchanged in
this case.

7. Take your music and quantize it to 10 bits, then listen to it. Do you notice a difference? Now try 8 bits, then 5 bits,
then 3 bits. What do you notice about the sound? What is the source of the corrupting signal?

Play your quantized music to the professor and have him initial here:

8. Take the original stereo signal, and create a separate left and right signal. Recall that the stereo signal is an Nx2
matrix, so the left signal is the 1 column and the right signal is the 2™ column. Call the left channel variable left,
and the right channel right.

9. For the left channel, plot the original left signal vs. time, except DO NOT use the plot function. Instead, use the
stairs function. This is because the pIot command will connect the samples (draw a straight line between
each sample value), but stairs will give you a stair-step plot, which looks more digital. After you plot the
normalized original signal, type hold on, then plot the left channel quantized to 4 bits on top in a different color
(again, use stairs instead of plot). Type hold off so no more curves will be plotted on this plot. Your x-
axis is time and should be in units of seconds. Zoom in on the plot so that approximately 10 msec are displayed.
Label the plot and turn in with the report. Comment on the differences you see between the original and the
quantized version.




10.

11.

For the quantization you did in step 9, what is the max error in the quantization (note: the error signal is the
difference between the original and the quantized version). Is the max quantization error consistent with the
resolution of your quantizer?

Use wavwri te to write out a .wav file that is the original signal quantized to 4 bits, using your name(s) in the file
name. After you write the new file, make sure it works by double-clicking on it in Windows. Send/give this file to
the instructor as part of your lab report.

IV. Time-Domain Aliasing

12. Induce aliasing into your stereo music signal. To do this, you need to effectively reduce the sample rate. See the

13.

figure below on this handout to get the big picture of how to do that. Note that if the original sample rate is 24,000
Hz, and you keep every other sample, you’ve reduced the sample rate to 12,000 Hz. If you keep only every third
sample, the sample rate is reduced to 8,000 Hz, etc. Do NOT use loops to achieve this...use the colon (:) operator
instead. For your music clip, reduce the sample rate by a factor of 10 and listen to the result using wavplay. BE
CAREFUL: (1) For the new signal, change the sample rate that you pass to wavplay, and (2) make sure that you
apply the reduction in the number of samples to BOTH the left and right channels!

Play your aliased music to the professor and have him initial here:

Now reduce the sample frequency by a factor of 20. Listen to the result. Write out this aliased file using
wavwrite and send/give it to the professor, ensuring that your name(s) are in the file name. In the wavwrite
command, be sure to pass it your new sample frequency! In your project report, describe the audible effects of the
aliasing you’ve induced.

For a lab report, answer all the questions above (make it readable) on a separate sheet of
paper, turn in your normalize432 code, your quantize_audio432 code, play your quantized
music signals for the professor, play your aliased music signals for the professor, and
email your 4-bit quantized music file (step 11) and aliased music file from the last step.

Reducing the Sample Rate of a Digital Signal
-Suppose you have samples of an analog signal that occur every 1 msec
(sample period T, = 1 msec): this means that the sample rate is
1000 samples/sec, and in 1 second there are 1000 samples.
-If you throw away every other sample, now you only have 500 samples
that cover a 1 second period, so the sample rate has been reduced
to 500 samples/sec (or 500 Hz). Sample period is T, = 2 msec.

-If the new sample frequency is TOO LOW, the samples will miss some of
the variations from the original signal, and aliasing is introduced.

f, = 1000 Hz
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Quantization Example:

. Original Signal
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Divide by max(abs(x(t)))
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Now, to determine the quantized voltage of an audio signal in the range [-1, 1] with 2" bits

and resolution

V =-1.0 + Q/2 + (integer value) * Q



