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The Fourier transform makes a terrible filter bank.
The pass-band shape of each of its’ channels exhibits bad
overlap and the channels have bad side-lobes. Its’ bad
characteristics are due to the fact that a square window is
implied for the input vector in the usual form of the
discrete Fourier transform. Many authors have studied the
problem of using a more favorable input window to improve
its’ performance1, however performance improvement usually
requires overlapping the input sample vectors2. The result
is at least a factor of two loss in throughput speed. By
adding a simple circuit to the input of a normal discrete
Fourier transform, overlap is not required and the pass-
band shape can be improved to any extent. I describe only
one approach to, what is now, a general method.3,4

The discrete Fourier transform is usually written as
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The )(iw  term is a windowing function that determines the
pass-band shape of each of the bins.

Note that
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The discrete Fourier transform can be viewed as many
quadrature down converters.
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There is one down converter for each value of f  for
10 −→= Nf . Note that the Fourier transform is periodic.

Whenever Nif =  the “local oscillator” has gone through one
complete turn and the whole thing repeats. A more general
discrete Fourier transform may be written
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Any number of input samples may be used in the construction
of )( fS  and the window may be unlimited in extent. An
implementation of this scheme for b=1 is shown below.

In order to window the samples of )(ix  as they come in, they

must be multiplied by the sampled window function )(iw . The
window function samples are stored in a look-up table and
multiply the input samples as they go by. The result is
entered into the Fourier transform in sequence. This
arithmetic is needed if any windowing is required. In order
to expand the size of the input window, the input sequence
is passed to an N stage shift register which delays the
input sequence by N, the period of the Fourier transform.
Another look-up table is used containing the samples of the
extended window. A second multiplier multiplies the delayed
input and an adder adds the result to the result of the
first multiplier. The sum then enters the Fourier transform
in sequence. Any degree of expansion may be added by adding
as many shift registers and multipliers as are needed.
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Figure 1

This is a plot of the overlapping pass-band shape for
channels 63 and 64 of a 256 channel discrete Fourier
transform showing the interfering spectral leakage or
sidelobes of those channels caused by a rectangular window
that is 256 channels wide. The highest sidelobe level is
only 13 db below the main channel.



Figure 2

This plot shows the lower sidelobe level but wider
pass-band shape caused by a 256 sample triangular window.
The highest sidelobe is now 27 db below the peak of the
main channel. In order to maintain the noise sensitivity of
the discrete Fourier Transform, it is necessary to overlap
the input vector by at least 50%. Overlapping causes a
reduction in processing speed.



Figure 3

This plot shows the results of extending the window
from the usual 256 samples as in the previous examples to
1024 samples. A Gaussian shape was used producing sidelobes
that are 47 db down. The windowing required four
multipliers, a summer and three 256 stage shift registers.
A Gaussian was used because it was handy and these results
should not be viewed as an optimum of what this method can
accomplish.
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