1.(A) File: Fourier matlab tut two
For a given aperiodic pulse, use Matlab function sinc to obtain the Fourier Transform for frequency range [-5 5] in interval of 0.01. Also plot the amplitude and phase spectrum separately. Use function abs and angle.

The aperiodic pulse is given below:
[image: ]

Theory: The aperiodic signal 
[image: ]


1.(B) File: Fourier matlab tut two
For the above signal, perform the Fourier integral numerically. Find the complete transform over a range of frequencies [-5 5], using for loop and using function trapz
Theory:
[image: ]


1.(C) Refer file- time series analysis signal processing workshop
Study on Nyquist frequency criteria for a given sine wave. 
Consider a sine wave with a frequency of 10 Hz. Choose sampling frequency of 200 Hz, i.e. s = 0.005 sec. Plot the sine curve for 0.4 sec duration. Now consider a sine wave with 150 Hz with a sampling frequency of 200 Hz. Verify if Nyquist frequency criteria is met. What is the frequency of sine wave due to aliasing effect.

2. File: Fourier matlab tut two
Determine the approximate Fourier transform of an infinite duration signal, i.e. find the amplitude spectrum of two frequency signal.

[image: ]
(i) Plot the signal. 
(ii) Obtain approximate Fourier transform integral for 0≤ f≤ 800 Hz. Use ‘for’ loop and function trapz. Plot amplitude spectrum.
(iii) Change sampling interval by a factor of 10, i.e. 0.002 sec and decrease number of samples to 25. Repeat plot problem (ii). Discuss on approximation.
(iv) Consider sampling interval of 0.0002 sec and increase number of samples to 500. Repeat problem (ii).

Hint: Create a vector x with sampled values of continuous time function. Sample the signal every 0.0002 sec and create a sequence of length 250. This covers time interval of length 250*0.0002 = 0.05 sec. 


3.
Obtain the FFT and power spectrum for the following signals:




[image: ]

(i) Sampling frequency = 2880 Hz, Number of samples per half cycle = 48.
(ii) Reduce sampling frequency to = 1440 Hz. Discuss on the plots.



Theory:
[image: ]
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Refer to below example to write matlab codes to get FFT for above signals. 
File – FFT andMatlab-wanjun huang
[image: ]

4.(A) File: maltec7
Use Matlab functions fft, ifft and fix function in to remove noise from signals. 
Generate random noise using  function “randn”. The original signal is given as:



The signal is sampled during 4 sec at a sampling rate of 0.01. Consider 2nd half of complex conjugates to determine magnitude.
[image: ]
Apply command ‘fix’ to set the elements of noisy signal less than 100 to zero. Apply ifft on this signal now. Remove imaginary parts using function ‘real’.

4.(B) Refer file- Lecture 31- S A Soman

Use fft and ifft function to determine the power spectrum and phase. Consider a current signal which does not have noise, but it has DC offset. The fault current on unloaded system is given as:



5. (a) Refer file- Chapter 8 DFT complex signals
Use function fft function on given time series signals (of different frequency) for power spectrum and phase. Sampling frequency  is 1000 Hz and FFT length, N = 256.
[image: ]

5.(b) Using above sampling frequency and FFT length, for the given time series signal (of different frequency), obtain the power spectrum  and phase. Comment on results
[image: ]
5.(c) Repeat part (b) with reduced FFT length, N = 128.
[image: ]
5.(d) Repeat part (b with reduced FFT length, N = 64.
[image: ]



6. File: Measurement algorithms used in IEDs Thesis PhD (Appendix)

Study on design of Butterworth low pass filter using functions butter, filter.
Consider 2nd order Butterworth low pass filter with cut off frequency of 300 Hz. Sampling frequency=4000 Hz. Use matlab function “butter” to obtain filter coefficients (numerator and denominator). Use function “filter” to get amplitude and phase plot. Apply the full cycle, half cycle DFT at output of low pass filter.

The input signal has 3rd & 5th harmonic component.


Sampling frequency = 1000 Hz, FFT length= 256.

7. File: Book Digital Signal Processing LI TAN
(a)Use function dft to compute spectrum with frequency resolution to be equal to or less than 8 Hz.
(b)Use function dft and sero padding to compute the spectrum. The signal is given as:

Obtained by sampling the analog signal  with a sampling rate of .

[image: ]
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Hint: (a) Number of data points is obtained as 
(b) Using FFT function, number of data points must be a power of 2. Choose . Since there are 1000 data samples, apply zero padding for 24 data samples. 


8. File: master Thesis files A Fast method to evaluate annual energy
Obtain the aerodynamic characteristic of 2 MW wind turbine for given parameters.


Theory:
[image: ]
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9.
Simulate the dynamics of single area system (Load frequency control problem) as 3rd order system with given parameters.
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System parameters are as:
[image: ]


10.
For the given design of PSS, obtain the root locus and frequency response and compare them with two different techniques. 
The transfer function of PSS is given as:
[image: ]

The parameters of PSS obtained suing two techniques are as:
[image: ]


11.
[bookmark: _GoBack]Simulate the PSS with excitation system for a change in step voltage (0.05 pu) and frequency deviation . 
Consider above PSS parameters.
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The exciter parameters are as:
[image: ]
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