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EE431: Digital Signal Processing

Virginia Military Institute

Laboratory 5: The Discrete Fourier Transform (DFT)
Problem 1:  DFT
a.
Write a Matlab program that takes a vector x and an integer N.  It zero-pads the end of x to make it  N long, and then computes its DFT (using Matlab's fft command).  The first line should look like: 


function X = Lab5_Prob1a(x, N)

< Insert MATLAB function here.>
To test it, use x = [-1 2 1 -1] as data, and use the program to stem plot the magnitude of the DFT of x after padding it to make it 10 long and again after padding to make it 50 long.  The indexing for DFT's always starts at 0.  Use subplot to stem plot them in a single column of two rows.  Comment on the effect of the more extensive zero padding.

< Insert MATLAB figure here.  Copy from figure window and paste. >
< Insert response here. >
b.
Challenge: Repeat part a, but this time compare the same sequence padded to length 5 with the sequence padded to 50.  Their relationship looks at first glance to be different than the relationship between the sequences padded to 10 and 50 you found in part a.  Explain.
< Insert MATLAB figure here.  Copy from figure window and paste. >
< Insert response here. >
Problem 2:  Circular Shifting
The function on the course web page circularly shifts a signal.
a.
What is the purpose of the command rem in the function circularshift?
< Insert response here. >
b.
Explain how the function circularshift works.

< Insert response here. >
c.
What parameter determines the amount of time-shifting?
< Insert response here. >
d.
What happens if the amount of time-shift is greater than the sequence length?
< Insert response here. >
e.
What does the function sprintf do?
< Insert response here. >
Problem 3: The Circular Time-Shifting Property of the DFT

a.
Run this program and include the plot. 
< Insert MATLAB figure here.  Copy from figure window and paste. >

What amount of right circular time-shift is shown?

< Insert response here. >
b.
Comment/explain what the time-shift does to the signal's DFT.

< Insert response here. >
c.
Modify the program to run with a time-shift of -1.  Comment/explain.

< Insert program code here.  Copy from m-file and paste.  You only need to include the line(s) of code that are changed >
Comment/explain.

< Insert response here. >
d.
Challenge: Again, let x = [-3 -2 -1 0 1 2 3 2 1 0 -1 -2].  Why does a right shift of 1 appear to leave many of the phase values of the DFT as zero?  

< Insert response here. >
Why does a right shift of 2 appear to make even more of the phase values equal to zero? 
< Insert response here. >
Problem 4:  Circular Convolution using the DFT
a.
What is the purpose of the ~= operator in the function circularconv?
< Insert response here. >
b.
Explain how the function circularconv works.
< Insert response here. >
c.
For the rest of this problem, let sequence x1 = [1 1 -1 1] and sequence x2 = [1 2 3 4].  Let y equal the linear convolution of x1 and x2.  Find y either by hand (using graphical methods) or by using Matlab.

< Insert response here. >
d.
Using the function circularconv above, find the circular convolution of x1 and x2.  
< Insert response here. >

Explain how you could find the circular convolution directly if you knew the linear convolution you found in part c.

< Insert response here. >
e.
Another way to find the circular convolution directly is to note that multiplication of DFT's in the frequency domain is like circular convolution in the time domain.  Compare your answer from part c above with this: ifft(fft(x1) .* fft(x2) ).

< Insert response here. >
f.
Challenge: Taking the DFT's of signals appears to be a needlessly complex way of doing circular convolution; the function circularconv seems to be much simpler since it does not involve complex exponentials.  Which is faster?  Create two signals x1 and x2 that each have 50,000 random elements and compare the length of time it takes to circularly convolve the two using the circularconv function used in part a and the DFT method given in part e.  To create a long sequence of random numbers use the command rand.  To time the length of time it takes to perform an action using circularconv or the fft method, use tic and toc as follows:


>> tic, circularconv(x1,x2); toc

or


>> tic, ifft( fft(x1) .* fft(x2) ); toc
 
Tic saves the system clock into a hidden global variable and toc reads that variable, compares it with the current time, and displays the difference.  Record how long it takes with each method, and be prepared to be surprised.

< Insert program code to determine the time it took to accomplish both methods here >
< Insert timings of both methods here. >
Problem 5:  Linear Convolution using the DFT
Program Lab5_5 shows how one can compute linear convolution using DFTs by padding the end of each input sequence with zeros so that the circular convolution of the DFT multiplication is equivalent to linear convolution.

% Lab5_Prob5
% Linear Convolution Using the DFT

%

clf;

x = [1 2 3 4 5];

h = [2 2 0 1];

%

xPadded = [x zeros(1,length(h)-1)];

hPadded = [h zeros(1,length(x)-1)];

y = ifft(fft(xPadded) .* fft(hPadded));

y = real(y); 

disp('Fast linear convolution using the DFT =')

disp(y)

disp('Slow direct linear convolution using conv =')

disp(conv(x,h))
a.
Run the program.  Does convolution using zero-padded DFT's produce exactly the same answer as direct linear convolution?

< Insert response here. >
b.
Repeat the above for a different set of sequences for x and h.

< Insert response here. >
c.
Write a Matlab function called fastconv that takes two sequences and returns their linear convolution using DFTs (ie does exactly what the built-in function conv  does, but in a much faster manner by using DFTs).  Use the script given above to guide you.  The first line should be


function y = fastconv(x, h)
< Insert program code here.  Copy from m-file and paste. >
d.
Challenge:
Are there reasons why Matlab does not use this faster method of convolution?

< Insert response here. >
Problem 6:  DTFT and DFT problem

Let x = [1 2 3 4 3 2].  In a single-column four-row subplot, plot the magnitude of its DTFT over 0 ( ω ( 2π, the magnitude of its DFT using stem, the magnitude of the DFT of the signal replicated 10 times (e.g. [x x x…]) using stem, and stem plot the magnitude of the DFT of x padded with 60 zeros after it.  

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
Comment on the results.  

< Insert response here. >
Problem 7: Identifying musical pitch in sound recordings
a.
Make a one second recording of you singing the vowel sound "ahhh" at a comfortable speaking frequency, sampled at 22,050Hz.  Crop it as needed to remove any unwanted noise from the start or end of the recording, and compute its DTFT using the above program.  Most of the useful information is contained in the lower-frequency part of the graph; zoom in until you see the fundamental and the next four harmonics (the upper frequency will be in the 400Hz – 1kHz range depending on the note you sung) and print the result.

< Insert MATLAB figure here.  Copy from figure window and paste. >
b.
Do you see 60Hz noise contamination?  What is your signal to noise ratio in dB, where the "signal" of interest is the amplitude of the fundamental frequency of your voice?  How many harmonics of the 60Hz noise do you observe (if any)?

< Insert response here. >
c.
What is the fundamental frequency of your note?  Zoom as needed to get a precise reading.  
< Insert response here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
What is the musical note name?

< Insert response here. >
d.
Vowels are strongly periodic, and fairly sinusoidal in appearance; this is why they have such strong fundamental frequencies and clear harmonics.  Consonant sounds such as "sh" are very different; they sound like white noise (listen to yourself say "shhhh").  True white noise has a flat magnitude spectra across all frequencies (the opposite of the magnitude spectra of a sine wave); when we say "shhhh" our oral cavity makes a band-pass filter that limits the frequency to a high-frequency band centered somewhere between typically 1kHz and 5kHz.  The lack of harmonics indicates the sound is white noise, and not periodic; it has no tone.  Analyze a one-second recording of yourself saying "shhhhh" and plot its magnitude spectrum, zoomed to show the sound energy. Identify the approximate low and high cutoff frequency limits of your mouth's bandpass filter.

< Insert response here. >
e.
Challenge: Write an m-file that, given a 1 second recording at the sampling frequency you worked with, could identify whether the sound is a consonant "sh" or a vowel "ahh".  Have it take as an argument the vector sound file and sampling frequency, and display to the screen whether or not it is a vowel or consonant.  (Hint: Some of your approaches may require the command find, from an earlier lab, to help with indexing).

< Insert program code here.  Copy from m-file and paste. >
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