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Question
Introduction:

Musical programs are produced in two stages. First, sound from each individual instrument is recorded on a single track. Then, the signal from each track is manipulated by the sound engineer to add some special audio effects. A number of such signals are combined in a mix down system to finally generate the stereo recording. The audio effects are artificially generated using various signal processing circuits and devices being performed using digital signal processing techniques. Commonly used time domain operations carried on musical signals are echo generation, reverberation, flanging, chorus generation, and phasing. The basic building block of these operations is a delay.

Single Echo System (Filter):

Echoes are generated by delay units using the FIR filter characterized by the difference equation:
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Or, equivalently, by the transfer function
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The delay parameter 
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 denotes the time the sound wave takes to travel from the sound source to the listener after bouncing back from the reflecting wall, whereas the parameter 
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, represents the signal loss caused by propagation and reflection.
First:

(a) Determine and show if the system is: static or dynamic, linear or nonlinear, time invariant or time variant, causal or non causal, and stable or non-stable.

(b) Is the system FIR or IIR system and why.

Second:

The function echo1.m simulates the single echo system. Understand it very well. Write an m-file (Matlab code) that uses the function echo1.m and generate an echo to the sound file ‘Ali.wav’. Your code has to do the following:

Read the sound file using the command ‘wavread’, passes the data file to the function echo1.m and listen to the echoed sound using the command ‘wavplay’. Take 
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and try the following values of R: 10, 100, 1000, and 10000.

(c) Submit your code.

Third:

The impulse response of the system describes completely the discrete time system and it is an alternative to the input output relation. The impulse response of a system is the output when the input is an impulse.
(d) Find the impulse response of the above system, take 
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In Matlab, the function ‘filter’ filters an input signal with a certain filter. Understand it very well. Now ignore the function echo1.m and write another code that generates an echo to the sound file ‘Ali.wav’. Your code has to do the following:

Read the sound file using the command ‘wavread’, generate the echo using the command ‘filter’ and listen to the echoed sound using the command ‘wavplay’. Take 
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and try the following values of R: 10, 100, 1000, and 10000.

(e) Submit your code along with one paragraph stating your observations.

Save your echoed file with R=10000 in a ‘*.wav’ format using the command ‘wavwrite’. Use your name instead of the *. 

(f) Send echoed sound file with R=10000 using Blackboard.

Bonus:
(g) From the impulse response values, use the function fft in Matlab to find and then plot the magnitude and phase responses of the single echo system.

Multiple Echo System (Filter):

To generate a fixed number of multiple echoes spaced R sampling periods apart with exponentially decaying amplitudes, one can use an FIR filter with the following transfer function:
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An infinite number of echoes spaced R sampling periods apart with exponentially decaying amplitudes, one can use an IIR filter with the following transfer function:
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Fourth:
The coefficients of numerator and denominator of the multiple echo filter represents the filter coefficients of the command ‘filter’ and they can be easily determined in Matlab. Write a function in Matlab call it ‘echomany.m’ that simulates multiple echo system. It should accept 4 parameters as input to the function: the input audio signal, the delay R, the attenuation, and the total number of echoes. Now write a Matlab code that generate multi echoes to the sound file in a similar way like what you did before. Take 
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,  R = 1000, and vary the number of echoes, N.
(h) Submit your code and the function.

Save your echoed file with R=1000 and number of echoes equals 5 in a ‘*.wav’ format using the command ‘wavwrite’. Use your name instead of the *. 

(i) Send echoed sound file using Blackboard.

Bonus:

(j) How can you plot the magnitude and phase responses of the multiple echo system.

(k) Plot the magnitude and phase responses of the multiple echo system.
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