Physics 3000 Computer Based Exercises 3
1. Next we will create a decaying 220Hz complex tone. First create a 3 second long complex tone consisting of 5 harmonics of 220 Hz.  You can pick the amplitude and phases of each of the harmonics. Call this tone y.  Plot the first 500 elements of this array to see what the wave form looks like.  Listen to the waveform using the sound command.
Next create the decaying exponential, yd, given by
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You can pick a number for , remember that it is the decay time so it should be between 0.3 and 1.0 seconds. Plot this function. You can try listening to it but you won’t hear much. Why?

Finally, multiply your original complex tone by the decaying exponential to get a decaying tone.  Note to multiply the two arrays you need to write
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This command with the .* multiplies two equal length strings of numbers. Plot the function yfinal and listen to it.
Try different  values and note the difference in the sound. What sounds closest to an acoustic guitar? (Bonus points if you can figure a quick and easy way to play the 3 notes in the old NBC theme!)
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Let’s do the decaying tone using complex notation. Follow the previous pattern but use the formula

To do complex quantities in MATLAB just type i. Type y(2) at the command line to see the value of the second element of the array that you have just created.  Note that this is a complex number!  There is a real and an imaginary part.  If I want to get back to what we had when we used sine and cos I just take the real part of the array y using the command real(y).
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[NOTE: I know this first part is the same as last time. You should be good at it!] Make 1 second of a square wave signal of fundamental frequency 200 Hz by adding odd harmonics up to the 15th harmonic. I will show you a compact way of achieving this task using a for loop. You should remember (or at least it should be no surprise) that a square wave consists of a sum of odd harmonics with zero relative phase and amplitudes that decrease as the inverse of the harmonic number. Mathematically you would express this as 

4. Plot your square wave versus time.  Make sure the period looks correct. What should it be?

5. Now use the fast Fourier transform command to create a spectrum of your time signal. The appropriate command is 

fy=fft(y)

The variable fy contains the spectrum of y. The Fourier transform results in complex numbers because each value represents the amplitude and the phase of that particular frequency. In addition there are as many complex numbers in fy as there were in the original signal y. However, the information in fy is duplicated so that only half of the fy points contain all the information that you need.  This result is connected to Nyquist’s theorem which says that to sample a frequency f we need to digitize at 2f.  To see the duplication idea, try the command 

plot(abs(fy))

the abs means that only the magnitude of the complex number is plotted. Look carefully at the left and right sides of the plot. The information on the right is a mirror image of the information on the left. Where is the half-way point along the x-axis of the graph? This x-axis is frequency. What is the maximum frequency that we can obtain from our Fast Fourier Transform?  Does this agree with what you expect?

6. Now create 1 second of a tone with the same frequencies and amplitudes as the square wave but with random phases. The rand command in MATLAB generates a random number between 0 and 1.  If we want a random phase we need to multiply by 2*pi to get a phase value between 0 and 2 pi. We can use the same loop that we used in step 1 we just need to modify our formula. Call this new tone y2 so that still have our original square wave as y. Plot y2. Does it look like a square wave? What is its period? Calculate fy2, the fft of y2, and plot its absolute value. It should look exactly the same as fy because both waves have the same amplitudes. I’ll show you how to look at the phases of fy and fy2 to see that they are very different.

7. If you scale your y and y2 so that they fit between +1 and –1 you can use the sound command to listen to each tone. Do they sound different? We do not hear the phase difference between the frequency components of a tone—this is called Ohm’s law of hearing.

8. There is one other crucial feature about taking the Fourier transform of a digitized time signal. The frequency step between successive elements of the array fy that we formed using the fft command is given by the inverse of the total time window.  We have a time window of 1 second so the step between successive points is exactly 1 Hz.  Try taking the fft of only half of the 1 second of y ( the command is fyh=fft(y(1:11025))).  Plot the magnitude of fyh.  Does the x-axis properly correspond to frequency in your plot? What would you need to do get the axis correct? Note that the smaller the time window the worse the frequency resolution of your spectrum. Try taking the spectrum of only 1/10 a second of your y.  What do you expect to be the step size between successive elements of your fft?

� EMBED Equation.3  ���





� EMBED Equation.3  ���





� EMBED Equation.3  ���








[image: image4.wmf]t

i

e

t

e

y

w

t

-

=

[image: image5.wmf]t

i

e

t

e

y

w

t

-

=

[image: image6.wmf]...

)

5

sin(

5

1

)

3

sin(

3

1

)

sin(

*

1

+

+

+

=

t

t

t

y

w

w

w

_1188292522.unknown

_1188292848.unknown

_1251270365.unknown

_1158132200.unknown

