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EECS 20N Lab 9 Report
Introduction
The purpose of the lab is to experiment with models of a plucked string instrument, using it to deeply explore concepts of impulse response, frequency response, and spectrograms.
In-Lab Analysis

1a. 
 The calculation of the frequency response is done on a separate sheet of paper.
 The frequency response of y(n) = 0.5 (x(n) + x(n-1)) is plotted in the graph below with a frequency range from 0 to pi.

MatLab code.

w = 0:pi/500:pi;

H = 0.5 * (1+exp(-i*w));

plot(w, abs(H));

ylabel('magnitude');

xlabel('frequency');
The magnitude plot
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1b.
  Here is the plot of the phase of y(n) = 0.5 (x(n) + x(n-1)) from 0 to pi. Yes, this is a linear delay filter. The delay is 0.5, because the slope of the phase is -0.5.
w = 0:pi/500:pi;

H = 0.5 * (1+exp(-i*w));

plot(w, angle(H));

ylabel('phase');

xlabel('frequency');

The phase plot
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2a.
Improved Comb Filter model
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The improvement is not easily heard, but the sound does sound more like a real-life instrument. 
The 40-delay integer delay block has an initial condition of randn(1,40).
2b.

Sampling Frequency = 8000

Integer Delay
Initial condition: randn(1,40)

Delay: 40

Integer Delay 1

Delay: 1

Gain
Gain: 0.99*0.5
Simulation Time
1 second
> soundsc(simout) %to hear the sound

  Here we constructed an improved version of the comb filter. A lowpass filter (0.99*0.5 gain box) is introduced in the feedback loop to account for the attenuation in the difference equation y(n) = 0.5 (x(n) + x(n-1)).
Fundamental Frequency = (Sampling Frequency)/(Delay in the Feedback Loop)
The delay from part 1 is 0.5, the new delay = 40+0.5 = 40.5. The fundamental frequency = 8000/(40.5) = 197.5 Hz
3.
 The goal in this part is to find an N that can generate a frequency close to the A tone (440Hz). A range of possible frequencies are calculated below using MatLab.

MatLab

N=[10:30];

8000./(N+0.5)

>> N=[10:30];

8000./(N+0.5)

ans =

  Columns 1 through 5 

  761.9048  695.6522  640.0000  592.5926  551.7241

  Columns 6 through 10 

  516.1290  484.8485  457.1429  432.4324  410.2564

  Columns 11 through 15 

  390.2439  372.0930  355.5556  340.4255  326.5306

  Columns 16 through 20 

  313.7255  301.8868  290.9091  280.7018  271.1864

  Column 21 

  262.2951
Because N can only be an interger, the delay is N+0.5. Range of achievable frequencies are linked above. The closest one to 440Hz is 457.1429Hz. with an N of 8. This is not really close to 440Hz. We will explore another way to achieve 440Hz in the independent section.
Independent Analysis
1. (See attached paper for calculation)
2. (See attached paper for calculation)
MabLab Code

function result = CombFilter
w = [0:pi/2000:pi];
result  = 1 ./ (abs( 1-0.5*0.99*( exp(-i*w*40) + exp(-i*w*41)) ));
plot(w, result);
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The horizontal axis is frequency in omega (rad/sec), and the vertical axis is frequency response H. Looking at the peaks, there are about 0.15 rad/sample apart. Thus, the fundamental frequency is 0.15rad/sample*8000 sample/sec / (2*pi rad) = 191 Hz. The is close to the result found in part 3 of the in-lab section (8000/(40.5) = 197.5 Hz).
3.
MatLab

specgram(simout, 512, 8000)
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The higher frequency dies out faster (the upper portion of the graph) than the lower frequency. This is what we expected from a low pass filter.

4.
In this section, we plot the magnitude and frequency of the all pass filter. H(w) = (a + e^-iw)/(1+a*e^^iw)
The graphs presented below has frequency in rad/second on the horizontal axis. The magnitude plot is the top graph and the phase plot is the bottom plot.

MatLab
function result = AllPass(d)
w =[0:pi/2000:pi];
a = (1-d)/(1+d);
result  = (a + exp(-i*w)) ./ (1+ a*exp(-i*w));
figure;
subplot(2,1,1);
plot(w, abs(result));
subplot(2,1,2);
plot(w, angle(result));
>> AllPass(0.1);
>> AllPass(0.4);

>> AllPass(0.7);

>> AllPass(1);
d = 0.1
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d = 0.4

[image: image7.emf]0 0.5 1 1.5 2 2.5 3 3.5

1

1

1

1

1

1

0 0.5 1 1.5 2 2.5 3 3.5

-4

-3

-2

-1

0


[image: image8.emf]0 0.5 1 1.5 2 2.5 3 3.5

1

1

1

1

1

1

0 0.5 1 1.5 2 2.5 3 3.5

-4

-3

-2

-1

0


d=1
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The magnitude is a constant, and does not depend on d or a. As d approaches to 1, the phase response tends to be a straight line with negative slope. The slope of the phase diagram represents the delay.
5. 
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Want 440Hz,

  8000/(N + 0.5 + d) = 440

Pick N = 17, d = 8000/440 – 17.5

a = (1-d)/(1+d) = 0.189

Integer Delay
Delay = 17
Integer Delay1

Delay = 1

Integer Delay2

Delay = 1

Integer Delay3

Delay = 1

Gain

Gain = 0.189

Gain1

Gain = 0.99
Gain2
Gain = 0.189
The all pass filter allows a more fine adjustment of frequency, the resulted frequency is close the 440Hz. This is an improvement from the comb filter in the In-Lab portion, with the best frequency of 457.1429Hz.
Conclusion:
First, we learned how t simulate plucking guitar strings by using a low-pass filter and a comb filter. However, the comb filter can only construct frequencies with integer delay whereas the low-pass filter is with a fixed delay, fractional delay could not be achieved. By using the all-pass filter, the low frequency phase is linear and the model turns out to be a better simulation of plucking guitar strings.
