FFT Properties.





This program was written as a help for learning and understanding the FFT properties. FFT Properties was written with the intention, to demonstrate what is the property of the signal itself and what is the property of FFT transformation. This is the fundamental knowlidge required for the interpretation (measurement) of the frequency spectrum. This sort�of knowlidge is usualy required for computer/electrical engineers at DSP course and for mechanical engineers at System dynamic courses. But, many times the equations are all that the students see. If the scool has a lot of money they can afford Mat-Lab or LabView, but they are large and expensive. The supported functions cover the practical and theoretical field. The program requirements are:





Windows 95.


400k disk space.





The following functions are supported:





Two displays: Time signal, Frequency Spectrum.


Power Spectrum


RMS Spectrum


Phase Spectrum


Three input signals support.


Separate adjustment of DC, Phase, Frequency and Amplitude.


Real time emulation. (Smooth animation)


Log/Lin Scale.


Static/Dynamic Scale.


Single/dual screen display.





Signal generator:





Sinus


Impuls


Triangle


Square


Transient


Multiplication





FFT Windows





Rectangular


Hamming


Hanning


Blackman


Exponent Down.


The following phenomena can be observed:





FFT and signal type.


FFT and Window type. 


Amplitude accuracy at different Windows.


Frequency accuracy at different Windows.


Power and RMS Amplitude towards normal.


Phase spectrum and Windows.


Beatting of Amplitude in real time.


The effect of DC and relation of DC towards signal average.


FFT aliasing.


Time signal aliasing. (Sampling)


The effect of convolution: time signal and rectangular window. ZOOM-ed in FFT. (FFT oversampling.)


The effect of non-integer number of periods per Window. (In amplitude and Phase)


Higher harmonics and aliasing.


Sum and difference frequencies.


Some things were left out and will be added if enough interest will be shown:





Resolution-TimeSignalLength - FFTsize relations.


Saving the settings.


Signal aquisition on multi-channels with National Instrument DAQ boards.





Currently no extended documentation is available on the theory of the phenomena from me. However the properties can be directly observed, and if properly commented, also very well understood. 


Improvements of version 1.1 over 1.0:





Logarithmic frequency display now features dB axis labeling.


Impuls response function is actually impuls response.


Added zero padding.





Announcement of version 2.0:





Vastly improved charting. (Graph zoom, markers, improved labeling)


Export of graphs to clipboard and file: BMP, WMF, JPEG.


Import of signals.


OLE2 support for LabView 5.0. (Remote driven).


Bandwidth and resolution settings.


Saving of settings.


More "FFT Properties".


Tutorial like scenarios and help:





Two displays: Time signal, Frequency Spectrum.  


Power Spectrum (Button with letter W)


RMS Spectrum (Button with letter R)


Phase Spectrum  (Button with letter P)


Three input signals support. (Obvious)


Separate adjustment of DC, Phase, Frequency and Amplitude. (Obvious)


Real time emulation. (Smooth animation) (Button run)


Log/Lin Scale. (Lin/Log buttons)


Static/Dynamic Scale. (Button with S on it)


Single/dual screen display. (Button with 'Display' on it)





Signal generator:





Sinus (All three signals have input)


Impulse (Only the first signal has input.)


Triangle (Only the first signal has input. No DC.)


Square(Only the first signal has input. No DC.)


Transient(CHIRP).(Signal 1  defines the starting freq. and Signal 2 the ending).


Zero padder. (For all signals)





The following phenomena can be observed:





FFT and signal type. (Change signal types and observe the Frequency spectrum)


FFT and Window type. (Change signal types and observe the Frequency spectrum. Use the Frequency divider button to get a non-integer number of periods per window.)


Amplitude accuracy at different Windows. (Change Windows and frequency at non-integer number of periods per window.). 


Frequency accuracy at different Windows. (Change Windows and frequency at non-integer number of periods per window.)


Power and RMS Amplitude towards normal. (Use buttons with R and W and A.)


Phase spectrum and Windows. (Press button P)


Beating of Amplitude in real time. (Set Signal 1 to f=799 Hz, Signal 2 to f=800 Hz, FreqDiv=13, and press Run button. Make sure Signal 2 Amplt = 1, S1A=1, Harmonics = Off, The Peak Scale button is pressed on the FFT window.)


The effect of DC and relation of DC towards signal average. (Change DC and observe the Frequency spectrum)


FFT aliasing. (Set FreqDiv = 1, and change Frequency of Signal between 450 and 650).


Time signal aliasing. (Sampling) (Set FreqDiv=1 and Signal 1 Freq = 257 Hz, Window=Rectangular)


The effect of convolution: time signal and rectangular window. ZOOM-ed in FFT. (FFT oversampling.) (Set Sinus for input signal, and insert zeros with zero padder. Make sure Logarithmic scale is active. Change Windows and observe)


The effect of non-integer number of periods per Window. (In amplitude and Phase)


Higher harmonics and aliasing. (Set input signal as sinus and Check the Harmonics checkBox. Frequency of Signals 2 and 3 are tied to Signal 1 frequency. Change Signal 1 Freq.)


Numerical accuracy of the build in FFT: Noise starts to show at –150 dB, with single precision (4 bytes). 


Phase graph. Since the phase angle is calculated as: arctan(Re/Im), the absence of the signal at all other values except at the frequencys generated by the signal generator, produces just numerical noise. This random noise can be minimized if a small step (know noise) is added to the signal. This results is a clear picture. If that small noise is added, is defined by checking the Phase corection check-box. The initial 90 degrees phase shift is a consequence of a FIR filter that comes from a Window function. 


Sum and difference frequencies. Set signal generator to Mult 1&2. Now the two signals will be multiplicated. The point of the mulitplication is as follows:





Sum and difference frequencies arise in the process called amplitude modulation. (In radio, they are called upper and lower sidebands.) Passing signals through any non-linear (amplitude dependent) process will cause this modulation because such a process has a multiplicative component. Consider this trig identity: 2cos(a)cos(b) = cos(a + b) + cos(a - b). (Similar dentities exist for sines alone, and for combinations.) Sum and Difference frequencies can be generated by multiplying the instantaneous amplitudes of two sinusoids. �When interpreting frequency spectrum on rotary machinery, such non-linearities in the machine can couse a lot false prognosis, if not interpreted correctly. The operation of multiplication can complicate things quite a lot. There are a number of ways how two (or more) sources can combine. It is not irrelevant, wheter or not this mathematical games can also appear in reality. (Another example:  2cos^2(a) = cos(2a) + 1).


























