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Today: 


* TAKE-HOME FINAL EXAM TO BE GIVEN OUT NEXT CLASS (DEC 2) !!

* Collect and show homework solution (r, theta).
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REVIEW

DIGITAL SIGNALS: quantized values, quantized time (discrete samples in time)


= Convolution of impulse train with continuous signal



See pages 50, 56 in Steiglitz

TIME DOMAIN:  N samples equally spaced over one period, T.

  x      x       x                                 x    
(values of signal at time t)

   0,     1,      2,   .  .  .  .                   N-1

   |____|____|____|____|____|____|

      Ts
  Ts  
Ts



       T

T
= 
duration of signal T (the length of one complete period)

N
=
number of samples in the interval T

Ts = T/N =
time per sample (sampling interval)
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FREQUENCY DOMAIN:  N frequencies of the constituent sinusoids.






! Nyquist






|

 c                 c                 c                                                                       c
(coefficients of sinusoids)

   0,               1,                2,   .  .  .  .                                                          N-1

   |_________|_________|___. . .  __|_________|_________|_________|

           
 1/T  

        









     

   f0
         f1

    f2 

fN/2


f -2
   f -1  (   = f N-1 ) 

f1 =  1/T   = 
fundamental frequency of Fourier transform = frequency increment 

fs = 1/Ts  =  N/T = sampling frequency

fk =  k/T = k fs /N  = harmonic frequencies   f0 ,  f1 , f2 , f3   . . . fN-1 

Note symmetry and wraparound:   fN-k =  f -k   and  f k  =   f k+hn ,   (h = 0, +/-1, +/-2 ....  ) 

from Steiglitz, pp 47 & 153.  See comment on “centering”, Lyon p 303.

   Summary: 


1) Periodic sounds can be decomposed into sums sinusoids of harmonics of 1/T .



Each coefficient of said harmonic is computed by integral of signal times exp(j k 2pi t/T)


2) Pulse train is digital sampling pattern.  Fourier transform of pulse train = pulse train.


3) Pulse train sample of periodic sample gives finite number of samples, and frequencies.


4) Frequency domain wraps around.  Samples 

-N/2, -N/2 - 1,  ... -2, - 1, 0, 1, 2, N/2 can be written as   0, 1, ...... N-1


See comment on “centering”, Lyon p 303.


5) Minimalist Fourier Transform and the derivation of the FFT:  e.g., N = 1, e.g.,N = 2


6) N = 1, 2, 4


7) Danielson-Lanczos lemma in a real example: 


.


.


10) The Fast Fourier Transform tree, and   N log N
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New Material: Filtering
Filtering consists of operations on the components of the fourier transform to effect properties in the time domain, for the following purposes:


- reduce random (white) noise, for example hissing and crackling.



technique: threshold low energy components


- reduce systematic (colored) noise, for example a hum or squeal.



technique: Selectively identify and eliminate individual components of frequency


- shift the overall pitch of a signal



technique: Move all the frequency components up or down.


- cut out a range of frequencies


technique: Bandpass filtering: eliminate components outside a certain frequency range.


* Let us examine these using diffCAD and the URL’s in the handout *

(See comment on “centering”, Lyon p 303.)

	Table of Fourier Transform Properties

 

Operation 

f(t) 

F(w) 

1

Addition 








2

Scalar Multiplication 







3

Symmetry 







4

Scaling (where a is a real number) 







5

Time Shift 







6

Frequency Shift (where wo is real) 







7

Time Convolution 







8

Frequency Convolution 







9

Time Differentiation 







10

Time Integration 







 

Last modified: Monday, 18-Jun-2001 18:41:00 CDT 


New Homework Assignment Due Week 12, December 2:

1) In Lyon, Chapter 6:


+ Read  “A Noise Filter Using the FFT” (p 286+)



- (Skip “Spectral Leakage” (p 289+) )


+ Read  “High Pass Filters” (p 295+)



- (Skip Hann, Bartlett, and Lyon filters in that section )


+ Read  “Frequency Shifting” (p 299+)

2) Augment the program DFT.java and DFT_Example programs (which will be e-mailed to you), to write methods for high-pass filtering and frequency shifting in the transform (frequency) domain.  

a) Make the high pass method knock out the lower half of the frequencies (0 - N/4), for any N.

-> Apply this to the N=8 ramp data and print out the screen shots for the inverse

before and after filtering.  

HAND IN SCREEN SHOTS OF DATA BEFORE AND AFTER FILTERING.


b) Make the frequency shift move the frequencies down by N/4 samples, for any N.

-> Apply this to the N=8 ramp data and print out the screen shots for the inverse

before and after filtering.  

HAND IN SCREEN SHOTS OF DATA BEFORE AND AFTER FILTERING.

3) Go to website http://sepwww.stanford.edu/oldsep/hale/FftLab.html and manually draw a ramp in the upper left window as I have crudely attempted below.    Print out a screen shot as below and mark on the screen shot (from your knowledge of the coefficients of your ramp homework) where in the bottom displays the LOW frequency, f0  is stored, and where  the highest frequency fN/2  is stored.
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