Combined exercise for the ‘Analysis’ part of ‘DSP Using MATLAB’
An analog signal s is composed by three sinusoid signals:

s =s1+s2+s3   






where:
s1=sin(2πt*5); s2= cos (2πt*15); s3=sin(2π t*30);
This signal is processed by a digital system. Firstly it is sampled at a frequency of Fs=100. The output ss is then passed through a digital filter with 

a=[ 1.0000  -1.6153  1.3353  -0.7199  0.2756]

b= [0.1683  -0.0117  -0.3105  -0.0117  0.1683]

The digital output signal is ssf. Finally it goes through a zero-order-holder and turns into an analog signal sf.
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Do the following using MATLAB:

(1). Plot the original and sampled signal in the duration of 0 to 1 second;

(2). Calculate the frequency spectrum of the sampled signal ss.

(3). Calculate the frequency spectrum of the output of the filter ssf.

(4). Plot the filtered digital signal ssf for the same duration of input;

(5). Plot the filtered analog signal sf for the same duration of input;

If the filter coefficients a and b are changed into:

a =[1.0000  -4.0608  8.8979  -12.7653  13.1148  -9.7023  5.1226  -1.7620  0.3314]

b =[0.0252  -0.0615  0.0684  -0.0800  0.0976  -0.0800  0.0684  -0.0615  0.0252]
check the output signal and its spectrum.
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