1.

EE422G Homework #11 Solution
(2 points) A discrete-time system for processing coiatiis-time signals is shown
below. Sketch the magnitude of the frequency respornse efuivalent continuous-
time system. Notice that the frequency response ofisiceetie-time filterH (e'?") is

written in terms of the normalized frequency ®¥/(2m).

H a( J w) Sample H d (ej am ) Sample- (t)
x(t) » Continuous-time T=0.05 Discrete-time > :”I(é — Y
Filter - Filter 0
H.(jw) H,y(e?")
-1Cn In -0.125 0.125

To find the equivalent impulse response h(t), consideinth d(t), which
corresponds to 1 in the frequency domain. After going througfirshdilter, the
signal is band-limited to 10 The sampling frequency és; = 2t /0.05 = 4@, which

is higher than the Nyquist rate of 20Thus, no aliasing occurs and the spectrum
repeats itself every 40 The cut-off frequency of the discrete filter is 0.135* 5.
Since it is a discrete filter, its spectrum also répesery 4@. The resulting spectrum
is a rectangular spectrum with central component betwseand &, repeating
every 4@. Finally the frequency spectrum of a sample and holdsisafunction.
Multiplying by our rectangular pulse results in a part@aht” function, non-zero

only between +40n+ [-5r, 5r] for all integer n.

(2 points) A discrete-time system is defined by
y(nT) =x(nT) —a,y(nT —T) —a,y(nT - 2T)
Determine aand a such that the frequency responsexad is 1.0 and the frequency
response ai=0.5u is 0.1, wherews is the sampling frequency.
y(nT) =x(nT) —a,y(nT —-T) —a,y(nT - 2T)
Transform the difference equation into Z-domain,hage
Y(2) = X(2)-a,27'Y(2) - a,27°Y(2)
Y(2) _ 1
X(2) 1+az'+a,z”
We substitute z2#' to evaluate the DTFT
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Combining the two equations, we get&.5, a=4.5.

. (1 points) Show that the following filter has lineaapé:
H(2) = aO(ZO + Z—ZN) + al(z‘l + Z—2N+l) + .+ aN_l(Z—Nﬂ + Z—N—l) +a, 77N
Notice that this is a symmetric impulse response as we diacussed in class. We
substitute z=8" to evaluate the DTFT:
H (eij) - ao(eo + e—jZNwT) + 81(3_ij + e—j(2N—l)wT) +.. .+ aN_l(e—j(N—l)wT + e—j(N+l)wT) + aN e—ijT

- e—ijT [ao(eijT + e—ijT) + al(ej(N—l)a)T + e—j(N—l)wT) +. .+ aN_l(eij + e—ij) + aN]

Recall that the conjugate df is éje._ Thus, the expression inside the square bracket is
real. Hence, the overall phase of ¥{®is -NwT, which is linear.

. (5 points) Digital Audio Effect: In this exercise, wdl use MATLAB to produce
echo effect using both FIR and IIR filters. Download d@keio file ‘si ngi ng. wav”
from the course homework website. The sampling frequehtlyis recording is
44.1 kHz. To create a single echo, we can use a FIRd#tgcribed below:
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a. Implement the above FIR filter, choosing an R suel ithcorresponds to a delay
of 0.3 second and select arsuch that the dynamic range of the output stays

within -1 and 1.
b. We can also create echo effect using the IIR filtéwvoe

Input > » Output
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Implement this filter using the same R as in part d)saect am such that filter
is stable and the output dynamic range stays within -1 aBgplain the
perceptual difference between the two filters.
For both part a) and b), turn in your MATLAB code ashaslthe magnitude and
phase response of the filters.

We need to implement the transfer function: H(z) =dz+

>> [x,fs] = wavread('singing.wav'); % fs stores the slargpfrequency

>> r = round(fs*0.3); % Corresponding to 0.3 second delay
>> b = zeros(1,r+1);

>>b(1) = 1; % Impulse response

>> alpha = 0.5;

>> p(r+1) = alpha;
>> y = filter(b,1,x); % FIR filtering



>> max(y) % Check dynamic range
ans =
0.6763
>> min(y)
ans =
-0.9398
>> wavplay(y,fs); % You should hear one echo
>> freqz(b,1)
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The oscillating spectrum is due to the zeros on thecunle (convince yourself that
it is the case). Due to the shape of the frequencytrsecthis type of filter is called
a FIR comb filter.

Next we build a IIR filter: H(z) = 1/(1etz")
Using long division, it is easy to see that H(z) 2o’z ?+a’z%'+...
Thus, Y(2) = H(2)X(2) = X(2)82"X(2)+a’z*X(z)+a*2 3 X (2)+....

Provided thatd|<1, Y(z) is a summation of infinite number of decayingacest
>> y = filter(1,b,X);

>> wavplay(y,fs)

>> freqz(1,b)

This filter is also called a IR comb filter, whichgsiite similar to that of the FIR.
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