Student name:

Help received:

EE431: Digital Signal Processing

Virginia Military Institute

Laboratory 3: Discrete-Time Systems in the Time Domain
Problem 1
Consider the finite-length signal 
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a)
Analytically (use the convolution summation formula for n=0, n=1, etc.) determine y[n] = x[n] * x[n].
< Insert analytically-derived answer here. >
b)
Compute the nonzero samples of y[n] = x[n] * x[n] using conv, and store those samples in the vector y.  Your first step should be to define the vector x to contain the samples of x[n] on the given non-zero interval.  Also construct an index vector ny, where ny(i) contains the index of the sample of y[n] stored in the ith element of y, so that stem(ny,y) plots y correctly.  For example, ny(1) should contain N1+N1, where N1 is the first nonzero index of x[n].  Plot your results using stem and make sure that your plot agrees with the signal you determined in part a.  As a check, your signal should look triangular, with increasing amplitude to a peak, and then decreasing amplitude.
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
c)
Consider the finite length impulse response
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Graphically compute y[n] = x[n] * h[n].  Next, compute y using conv , where your first step should be to define the vector h to contain h[n] on its non-zero interval.  Again construct vector ny which contains the interval of n for which y contains y[n].  Plot your results using stem(ny,y).  As a check, your results should agree with your analytical derivation.
< Insert analytically-derived answer here. >
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
d)
Challenge: Rather than continuing to determine y using conv , then determining ny, and then plotting it with stem(ny,y), write a Matlab function to do it all for you.  The first and last lines of the Matlab function are given in the lab manual.  It need not return any variables since it does the plotting for you.  Check it using the values of x, nx, h, and nh you used in part c above - i.e. test using  

conv1( 0:5, ones(1,6), 1:5, 1:5)
< Insert program code here.  Copy from m-file and paste. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
Problem 2:  Consider the system with the non-causal impulse response given by h[n+5], where h[n] is defined in Problem 1.  Plot the output y[n] caused by the input x[n] given in Problem 1 to this new system function (you may use your conv1 function if you created it, or you may do it graphically or using the mathematical definition).  How does it compare to the output y[n] computed by the causal system?
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
< Answer comparison question here. >
Problem 3: Using filter with difference equations
Define vectors a1 and b1 to describe the LTI system  y[n] = 0.5x[n] + x[n-1] + 2x[n-2]

Define vectors a2 and b2 to describe the LTI system  y[n] = 0.8y[n-1] + 2x[n]

Define vectors a3 and b3 to describe the LTI system  y[n] – 0.8y[n-1] = 2x[n-1]

For each of these three systems, use filter to compute the response y[n] on the interval 1 ( n ( 4 to the input signal x[n] = n u[n].  You should begin by defining the vector x = [1 2 3 4], which contains x[n] on the interval 1 ( n ( 4.  Include in your report the values of the three output vectors y1[n], y2[n], and y3[n] produced by their respective difference equation.  Stem plot the results (remember from the last lab how to use subplot?) using their correct indices.  Hint: the output index ny for vector y[n] begins at the same value s the input index vector nx for vector x[n] does.
Hint: y1(1) = 0.5.  Note that y1(1) shows that filter has set x[0] and x[-1] equal to zero, since both of these samples are needed to determine y1[1].
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
Problem 4: Using filter to convolve:  Consider the convolution of the signal x[n] and h[n] defined in Problem 1.  Redo this using the filter command as described above.  Put the commands you used and the resulting stem plot in your report.  Hint: for filter(h,1,x) to return the same answer as conv(h,x) then the input vector x to filter must contain Nx + Nh – 1 samples, since that is the number of samples conv  returns, and filter always returns as many samples in y as it is given in x.  To do this, add zeros to x until it is long enough; this is called "zero padding".
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
Problem 5:  Properties of LTI systems

a)
To verify the properties of convolution, the following 3 signals are used:
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Define the Matlab vector x to represent x[n] over the interval 0 ( n ( 9, and define its index vector nx.  Define Matlab vector h1 and h2 over the interval 0 ( n ( 4, and define their index  vectors nh1 and nh2.  Make appropriately-labeled stem plots of these 3 using a single row of 3 columns of subplots.


For parts b, c, and d you will calculate two output vectors y1[n] and y2[n].  For each part in your report include the commands you used to generate each.  Since both output vectors should be identical (that's your check) include only a correctly-indexed stem plot for each part; use subplot to draw them side-by-side in one row of two.

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
b)
Verify the commutative property of convolution in Matlab by calculating 


y1[n] = x[n] * h1[n] * h2[n], and 


y2[n] = x[n] * h2[n]  * h1[n].  

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
c)
Verify the distributive property of convolution in Matlab by calculating


 y1[n] = x[n] * (h1[n] + h2[n]) and 


y2[n] = x[n] * h1[n]  +  x[n] * h2[n].

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
d)
Verify the associative property of convolution in Matlab by calculating 


y1[n] = (x[n]*h1[n]) * h2[n]  and 


y2[n] = x[n] *  (h1[n] * h2[n]).

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
Problem 6

This project will use the audio capabilities of Matlab to play recordings of both the original sound with echo and the result of your processing.  First load the speech file lineup.mat which is contained the EE431 coursepage.  This will load the vector y, which is a low-quality (Fs = 8.192kHz) recording of the words "line up" that sounds like a stadium recording with a strong echo.  This signal was created using the model of eqn 10 from an uncorrupted recording with  N = 1000, and an echo amplitude ( = 0.5.  The original, uncorrupted sound vector x is not available, mimicking the real-world problem of echo cancellation.  Listen to the sound by typing sound(y).
a)
In this part you will remove the echo by linear filtering.  Since the echo can be represented by a linear system of the form eqn 10, determine and plot its impulse response h[n] according to eqn 10.  Store this impulse response in the vector hEcho for 0 ( n ( 1000.

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
b)
Consider an echo removal system described by the difference equation 



z[n] + ( z[n-N] = y[n]
(eqn  11)


where y[n] is the signal with the echo which is the input to the system, and z[n] is the output with the echo removed.  Show that eqn 11 is indeed the inverse of eqn 10 by deriving the overall difference equation relating z[n] to x[n].  Hint: to do this, just prove that  z[n] = x[n] is a valid solution to the overall difference equation.

< Put answer here >
c)
Implement the echo removal system using z=filter(1,a,y), where a is the appropriate coefficient vector derived from eqn 11.  Plot the output using plot (it has too many samples to use with stem; the stem circles would overlap each other), and listen to the output using sound.  The echo should be noticeably reduced (although the recording quality remains poor).

< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
d)
The echo removal system of eqn 11 will have an infinite-length impulse response, since a y[n] = δ[n] input will causes an initial z[0] = 1, which will be reflected N samples later as a z[N] = (, which will in turn cause a later z[2N] = (2, and so on.  This is an example of an infinite impulse response (IIR) filter.  Assuming that N = 1000 and ( = 0.5, compute the impulse response using filter with an input that is an impulse given by 


d=[1 zeros(1,4000)];  Store this 4001 sample approximation to the input response as hInverse and plot it.
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
e)
Challenge: Calculate the overall impulse response of the cascaded echo system eqn 10 and the echo removal system eqn 11 by convolving hEcho with hInverse and store the results in hOverall.  Plot the overall impulse response.  You should notice that the result is not a perfect unit impulse.  Given that you have computed hInverse to be the inverse of hEcho, why is this the case?
< Paste plotting commands here. >
< Insert MATLAB figure here.  Copy from figure window and paste. >
< Why is it not a perfect unit impulse?>
_1149652812.unknown

_1150808426.unknown

_1149652565.unknown

_1149652704.unknown

_1149603077.unknown

