Decomposing a Function
In this assignment you need to determine the frequencies that a given periodic function, sampled N times per period, consists of. The function could represent an electric or audio signal. You need to use the FFT algorithm as discussed in class (see appendix). Recall that any periodic function of period P can be expressed as a series of sin and cos functions:
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If we know the period and the coefficients [image: image4.png][ag. @y, by.ay, by.a5, b5 ...]



 we in fact know the complete function f(t), including the frequencies it is comprised of.
Example: Consider the following array of data, obtained by sampling a function f(t) with period [image: image6.png]


 at 16 equally spaced points in the interval [image: image8.png][0.27]



:
 1.0000
 0.3333 
 0.5355
 1.9569
 4.0000
 5.4342
 5.1213
 2.7282
-1.0000
-4.5759
-6.5355
-6.1995
-4.0000
-1.1915
 0.8787
 1.5145
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We setup two arrays a (reflecting the data) and b (containing zeros) as follows:
double a[] = { 1.0000,  0.3333,  0.5355,  1.9569,  4.0000,  5.4342, 5.1213, 2.7282,

              -1.0000, -4.5759, -6.5355, -6.1995, -4.0000, -1.1915, 0.8787, 1.5145 };
double b[] = {0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0, 0};

Then we use these arrays as input to the computeFFT method as follows:
computeFFT(1, 16, a, b);

When that method finishes, it recomputed a and b. When we print out the new values of a and b, we find:

a[0]= 0.0000
b[0]= 0.0000
a[1]= 1.0000
b[1]= 4.0000
a[2]= 0.0000
b[2]=-3.0000
a[3]= 0.0000
b[3]= 0.0000
              ...

Thus, we can conclude that the original (unknown) function with given period [image: image11.png]


 was:
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To complete the assignment, you will need to decompose a function represented by an array of length N and period P.
Appendix: FFT Algorithm for N = 2k
Check http://pirate.shu.edu/~wachsmut/Java/FFT/index.html for details, in particular the mathematical background. Here is the “pure” FFT algorithm (for sign = 1) or its inverse (for sign = -1).

    public static void computeFFT(int sign, int n, double[] ar, double[] ai)
    {
        double scale = 2.0 / (double) n;
        int i, j;
        for (i = j = 0; i < n; ++i)
        {
            if (j >= i)
            {
                double tempr = ar[j] * scale;
                double tempi = ai[j] * scale;
                ar[j] = ar[i] * scale;
                ai[j] = ai[i] * scale;
                ar[i] = tempr;
                ai[i] = tempi;
            }
            int m = n / 2;
            while ((m >= 1) && (j >= m))
            {
                j -= m;
                m /= 2;
            }
            j += m;
        }
        int mmax, istep;
        for (mmax = 1, istep = 2 * mmax; mmax < n; mmax = istep, istep = 2 * mmax)
        {
            double delta = sign * Math.PI / (double) mmax;
            for (int m = 0; m < mmax; ++m)
            {
                double w = m * delta;
                double wr = Math.cos(w);
                double wi = Math.sin(w);
                for (i = m; i < n; i += istep)
                {
                    j = i + mmax;
                    double tr = wr * ar[j] - wi * ai[j];
                    double ti = wr * ai[j] + wi * ar[j];
                    ar[j] = ar[i] - tr;
                    ai[j] = ai[i] - ti;
                    ar[i] += tr;
                    ai[i] += ti;
                }
            }
            mmax = istep;
        }
    }
