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Abstract

The fractional Fourier transform is a time—frequency distribution and an extension of the classical Fourier transform. There are several
known applications of the fractional Fourier transform in the areas of signal processing, especially in signal restoration and noise removal.
This paper provides an introduction to the fractional Fourier transform and its applications. These applications demand the implementation of
the discrete fractional Fourier transform on a digital signal processor (DSP). The details of the implementation of the discrete fractional
Fourier transform on ADSP-2192 are provided. The effect of finite register length on implementation of discrete fractional Fourier transform
matrix is discussed in some detail. This is followed by the details of the implementation and a theoretical model for the fixed-point errors
involved in the implementation of this algorithm. It is hoped that this implementation and fixed-point error analysis will lead to a better
understanding of the issues involved in finite register length implementation of the discrete fractional Fourier transform and will help the

signal processing community make better use of the transform.
© 2003 Elsevier B.V. All rights reserved.
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1. Introduction

The purpose of this paper is to provide a brief
introduction to the fractional Fourier transform (FRFT)
and then follow it up with its discrete version and give the
details of its discrete implementation on ADSP-2192. An
accurate theoretical fixed-point error analysis of the discrete
implementation is also provided. The FRFT is a general-
ization of the ordinary Fourier transform [1-3] with an
order parameter « and is identical to the ordinary Fourier
transform when this order « is equal to /2. Since the
ordinary Fourier transform and related techniques are of
importance in various different areas like communications,
signal processing and control systems, it is natural to expect
the FRFT to find many applications in these fields as well. In
fact, the FRFT has already found many applications in the
areas of signal processing and communications [2—4]. This
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paper will provide a general overview of the various
properties of the FRFT and then go on to describe the
discrete fractional Fourier transform (DFRFT). This paper
provides a glimpse of the various applications of the FRFT,
which make its implementation on a digital signal processor
(DSP) worthwhile. The paper also lists the details of the
implementation of the DFRFT on an ADSP-2192 processor
and then provides an accurate model for the fixed-point
error analysis.

2. The fractional Fourier transform

The FRFT belongs to the class of time—frequency
representations that have been extensively used by the
signal processing community. In all the time-frequency
representations, one normally uses a plane with two
orthogonal axes corresponding to time and frequency. If
we consider a signal x(f) to be represented along the time
axis and its ordinary Fourier transform X(f) to be
represented along the frequency axis, then the Fourier
transform operator (denoted by F) can be visualized as
a change in representation of the signal corresponding to a
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counterclockwise rotation of the axis by an angle /2. This
is consistent with some of the observed properties of the
Fourier transform. For example, two successive rotations of
the signal through /2 will result in an inversion of the time
axis. Moreover, four successive rotations will leave the
signal unaltered since a rotation through 2w of the signal
should leave the signal unaltered. The FRFT is a linear
operator that corresponds to the rotation of the signal
through an angle which is not a multiple of 7/2, i.e. it is the
representation of the signal along the axis u making an angle
a with the time axis. The detailed development of the FRFT
is established in Refs. [1-3].

2.1. Definition

The FRFT is defined with the help of the transformation
kernel K, as

o(t — u)
Koty = 200
l—jcota (@20t aj ut cosec(a)
21T

Another useful form of writing the square root factor
preceding the transformation kernel K, can be obtained
using the relation

[1—jcota [ —jel@
= . 2
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The FRFT is defined using this kernel as (FRFT of order
a of x(¢) denoted by X, (u))
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The definition is discussed in detail in Refs. [1,2].

2.2. Computation of the fractional Fourier transform

The FRFT of a signal x(¢) as given by Eq. (4) can be
computed by the following steps:

1. product by a chirp—chirps are functions whose
frequency is linearly increasing with time

2. a Fourier transform with its argument scaled by cosec(«)

. another product by a chirp

4. a product by a complex constant

W

The problem of the existence of the FRFT has been
widely studied [2] and it is found that the FRFT of a signal
x(1) exists under the same conditions in which its Fourier
transform exists. In order to discuss the various properties of
the FRFT, it would be ideal to denote the FRFT in an
operator notation.

2.3. Properties of the fractional Fourier transform

Let F, denote the operator corresponding to the FRFT of
angle «. Under this notation, some of the important
properties of the FRFT operator are listed below:

if @+ 7 is a multiple of 2

if a is a multiple of 2

(D

if « is not a multiple of

(a) Identity operator. F is the identity operator. The FRFT
of order o = 0 is the input signal itself. The FRFT of
order o = 2w corresponds to the successive appli-
cation of the ordinary Fourier transform 4 times and
therefore also acts as the identity operator, i.e. Fy =
Fop =1

(b) Fourier transform operator. F., is the Fourier trans-
form operator. The FRFT of order o = m/2 gives the
Fourier transform of the input signal.

(c) Successive applications of FRFT. Successive appli-
cations of FRFT are equivalent to a single transform
whose order is equal to the sum of the individual
orders.

(2 —j Y . . .
x(p)el” ot DT ut cosecl@ gy i o jg not a multiple of
[oe]

“4)

if a is a multiple of 2

if @ + 1 is a multiple of 21

Fa(FB) = Fa+B'

(d) Inverse. The FRFT of order —« is the inverse of the
FRFT of order « since F_,(F,) =F,_,=Fy=1.

Property (a) follows from the direct definition of the
kernel for a = 0. Property (b) can be proved by expanding
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the Kernel for the special case when a = m/2. Property (c)
can be proved using the convolution property of the kernel.
Property (d) is a consequence of properties (b), (c) and the
fact that four consecutive applications of the Fourier
transform correspond to the Identity operator. Property (d)
can also be proved using property (c).

One important conclusion that can be drawn from these
properties is that the signal x(#) and its FRFT (of order «)
X, (u) form a transform pair and are related to each other by
the following equation:

00

Xo(u) = J (0K o, 1), )

0= | XK ©)
These properties are discussed in detail in Refs. [1,2].
2.4. Fractional Fourier transform of related signals
For the discussion that follows, let us assume that x(¢) and
X (1) form a FRFT pair. The FRFTs of signals related to x(¢)
are listed in Table 1.

2.5. Parseval’s theorem

The well-known Parseval’s theorem for Fourier trans-
form can be easily extended to the FRFT as well.

Table 1
Fractional Fourier transforms of related signals

Operation Signal, x(f)  Fractional Fourier transform, X (u)
TR . .
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Differentiation  x/(¢) Xo(u)cos e+ j u sin aX(u)

Integration
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An interesting observation that develops from the
Parseval’s theorem is the energy preservation property as
given below. This property can be obtained by the
application of Parseval’s theorem

Jw Ix(t)lzdt:Jm X, (w)*du. (8)

The energy preservation property of the FRFT is only to
be expected because the FRFT is based on the decompo-
sition of the signal on the orthonormal basis set of the chirp
functions. Due to the energy preserving property of the
Fourier transform, the squared magnitude of the Fourier
transform of a signal is often called the energy spectrum of
the signal and is interpreted as the distribution of the signal
energy among the different frequencies. Although less
intuitive, this allows us to call the squared magnitude of the
FRFT of a signal as the fractional energy spectrum of the
signal and interpret it as the distribution of the signal energy
between the different chirp basis functions.

2.6. Real signals

The symmetry properties of the Fourier transform for
even and odd real sequences do not extend to the FRFT,
since the FRFT of a real function is not necessarily
Hermitian. The symmetry property for the FRFT is slightly
different and is shown below.

Let x(¢) be real.

Xo(u)

. *
— ( ' m) Joo x*(t)e—j((u2+tz)/2)col a+j ut cosec(a)dt
21 —o00
= M JOO x(t)ej((u2+t2)/2)cot(—a)—j ut cosec(—a)dt
V 2m —o0

=X_ou). €))

3. Some simple FRFTs
3.1. Gaussian

It is a well-documented fact that the FRFT of a signal
corresponds to the rotation of the Wigner distribution of that
signal by the required angle « [1]. Moreover, it is also
known that the Wigner distribution of the Gaussian is a two-
dimensional Gaussian in the time—frequency plane. There-
fore, any rotation of this Gaussian by any angle « will leave
the signal unaltered. Thus, it is intuitive to expect that the
FRFT of a Gaussian is a Gaussian. The FRFT of a Gaussian
of various orders can be seen in Fig. 1.
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Fractional Fourier Transforms of a Gaussian with varying a (alpha=a*pi/2)
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Fig. 1. Fractional Fourier transforms of a Gaussian with a« = 7/8, a = w/4 and o = 37/8.

3.2. Rectangular signal

We know that the Fourier transform of a rectangular
signal is a sinc function. We also know that the FRFT of any
signal is a continuous function of the parameter a.
Therefore, it would be interesting to observe how the
FRFT of the rectangular signal evolves into a sinc function
as « is increased from O to /2. This evolution can be
observed from Fig. 2.

3.3. Other common signals

The analytical expressions for the FRFTs of various
other common signals are calculated and tabulated in
Table 2.

4. Applications

The FRFT, being just an extension of the classical
Fourier transform, can be used effectively in all situations
where the Fourier transform is presently being used. Some
gains can be expected in most of these applications
because of the additional degree of freedom (angle of
rotation) that the FRFT provides us with. In this paper, we
will discuss some of typical applications of the FRFT in

the area of signal processing that have been developed

over time.
4.1. Swept frequency system

The swept frequency filters are commonly used, for
example, in frequency analyzers for high-frequency signals.
Swept frequency filters are linear time-varying systems that
can be represented in the form shown in Fig. 3. They can
also be represented by their time-varying impulse response
h(t, 7), which is the response at time ¢ to an input (¢, 7).

h(t,7) = PE D — ),

y(t) = J’oj x(Th(t, T)dT.

1

Let a = —cot™ ¢ and G(u) the Fourier transform of g(z)

v =y e [T [ s

% ej((u2+t2)/2)cot a—j ut cosec(a)dT dr

_ |I—jcota Jm x(T)ej((u2+1'2)/2)cot a
27T —o00

X G(u cosec(a))e I 47 eosec@

= G(u cosec(a))X, (). (10)



V. Ashok Narayanan, K.M.M. Prabhu / Microprocessors and Microsystems 27 (2003) 511-521 515

Fractional Fourier Transforms of a Rectangular Signal with varying a (alpha=a*pif2)
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Fig. 2. Fractional Fourier transforms of a rectangular signal (a = 0.0057, o = /4 and o = 0.99 * 7/2).

Therefore, G(u cosec(a)) can be called the transfer
function of the swept frequency filter in the fractional
Fourier domain. This observation allows us to treat the time-
variant transfer function of the swept frequency filters in
much the same way as we treat time-invariant filters using
the classical Fourier transform.

4.2. Optimal filtering

A very elegant and important application of the FRFT
has been in optimal filtering [4]. This improves the
performance of the optimal Wiener filter especially in the
case where the corrupting filter is time-variant. The results

Table 2
Fractional Fourier transforms of some simple signals
Signal Fractional Fourier transform with angle « Condition
1 &t— I —jcota (P )20t a=j ur cosec a If « is not a multiple of
2w
- —j(@?/2)tan a . .
2 1 VI+jtan ae 2 If @ — 7/2 is not a multiple of m

. B —jJ(P+uP)2)tan a+j uv sec : ;
3 v V1 +jtan @ e IO HDan atjuw sec a If @ — m/2 is not a multiple of

4 1+4jtan o S e—tan (i tn a) If @ — arctan(c) — 7/2 is not a multiple of
1+ ctan

—(12 — (2
5 (1) e 2

6 H"(t)e_(’z/z) H,—Hermite polynomial e™ ""‘H,,(u)e_(“z/2>

— (12 .
7 e D 1 —jcota S ~ Dot al(+eora) (/e cosec* (@ +eora)
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Fig. 3. Swept frequency system.
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showing the better performance of a Wiener filter using
FRFT is provided along with the analytical framework for
the same, in Ref. [4].

4.3. Other applications

A discrete version of the fractional sine and cosine
transforms has been proposed in Ref. [5] and it is therefore
expected that significant progress will be made in the area of
image processing. Some interesting applications of FRFT in
the areas of control systems and telecommunications are
now being probed into. It is, therefore, quite reasonable to
expect that the FRFT will eventually replace Fourier
transform as a single most potent tool in signal analysis.
Thus it becomes exceedingly important both to develop and
to implement the discrete version of the FRFT.

5. The discrete fractional Fourier transform

In the recent years, the FRFT has gained great
significance as a tool for signal processing [4—8]. Therefore,
many attempts have been made to find the discrete version
of the FRFT [6,7]. Though quite a few different algorithms
were suggested by various researchers, the most consistent
definition that agrees with the various properties of the
FRFT and approximates to the FRFT is the one proposed by
Candan et al. in Ref. [6].

This definition of the DFRFT has the following proper-
ties:

(a) Unitarity
(b) Index additivity
(c) Reduction to DFT when a = w/2

In this paper, we just state the analytical method to
calculate the DFRFT. The theoretical framework and the
justification for the proposed algorithm is provided in
Ref. [6].

5.1. The algorithm for computing the DFRFT

(a) Generate the S matrix
The S matrix is defined as below:

1
0

0 (11)

(b) Generate the P matrix

The P matrix is defined below for P odd and even. This
matrix decomposes an arbitrary vector f(n) into its even and
odd components. The P matrix, maps the even part of the N-
dimensional vector to the first [(N/2 + 1)] components and
the odd part to the remaining components. For example, the
P matrix of dimension 5 is given by

V2 00 0 0

0O 1 0 0 1
1

P=—]10 01 1 0 12
5 (12)

0O 01 -1 0

0O 1 0 0 1

(c) Calculate the Ev and Od matrix defined by
. Ev 0
PSP " = PSP = . (13)
0 od

Once the Ev and Od matrices are calculated as above,
their eigenvectors and eigenvalues are computed. Sort the
eigenvectors of the Ev and Od matrices in the descending
order of eigenvalues and denote the sorted eigenvectors as
E; and Oy, respectively.

(d) Calculate the contents of the U matrix using the
equations given below:

Let Uy[n] = Ple; 0], (14)

where 0 is a zero vector of length N — [(N/2 + 1)]to make U
a N X N matrix.

Let Uy ([n] = P[O---00]".
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Fig. 4. Flow charts of the original and refined method to compute DFRFT.
(e) The FRFT operator matrix is defined as
Film,n] = Y Uglmle "™ U], (15)

kew
w=1{0,1,2,....N —2,(N — (N)))}.

(f) The FRFT of order a is then calculated by a matrix
multiplication

Jo=F°f. (16)

The flow chart for the implementation of the DFRFT is
shown in Fig. 4. An O(N log N) algorithm for the digital
computation of FRFT is given in Ref. [7], which computes
the samples of the continuous FRFT and hence is strictly not
the discrete FRFT (DFRFT).

Table 3
Properties of DFRFT

0 fln] & faln)

1 fln] + gln] < fulnl + g4In]

2 fuln] s Fursln]

3 fln] = DFT{f[n]}

4 fl=n] < ful=nl

5 £l - fEaln)

6 Even{f[n]} — Even{f,[n]}

7 0dd{f{n]} - 0dd{f,[n]}
N—1 N—1

8 S Il = A
n=0 n=0

5.2. Properties of the discrete fractional Fourier transform

In Table 3, we list a number of additional useful
properties of the DFRFT, which are extensions of the
corresponding properties of the discrete Fourier transform.

6. Implementation of the DFRFT

The DFRFT has been implemented on ADSP-2192 using
the ADSP-2192 Instruction set and the inbuilt C pre-
processor provided by the DSP. The ADSP-2192 is a fixed-
point DSP and this introduces fixed-point computation
errors on the DSP. Moreover, it also provides the results of
simulation of the fixed-point errors that have been observed
due to the limitation on the number of bits used for each
computation. The implementation is extremely important
for applications that have been discussed in Refs. [1-4,8].

6.1. Method to minimize the computations and fixed-point
limitations

Since the ADSP-2192 is a fixed-point DSP, there is a
limitation on the number of bits available for storing
multiplication and addition, and this results in some loss in
accuracy. We will now discuss a method that minimizes
both the loss in accuracy and the number of computations
involved. The algorithm for the computation of the F,
matrix has been described in the previous section. In
implementing this algorithm, fixed-point limitations intro-
duce errors at every step of the algorithm. In the algorithm
for calculating the N-point FRFT matrix of order a, the
intermediate matrix U is independent of the order of the
FRFT a. This observation can be used to reduce the errors
involved in the computation.

In most practical applications, the DSP is used to
repeatedly calculate an N-point DFT or DFRFT of a given
sequence where the length of DFRFT (X) is a fixed number.
For example, in many typical applications the continuous
stream of data is windowed using a N-point rectangular (or
any other similar) window and this windowing operation is
followed by the DFRFT of the windowed signal. Therefore,
it is sufficient for all practical purposes to be able to
calculate the FRFT of various orders a or «, for a given
length N. This length N is fixed depending upon the
application in question. This can be efficiently realized by
precomputing the U matrix for a given length N and storing
the U matrix on the DSP. This method of storing the U
matrix instead of computing it saves computations and also
minimizes the fixed-point errors obtained.

The calculation of the U matrix involves the computation
of the eigenvectors and eigenvalues of two matrices of order
[(N/2 + 1)] and |(N/2 — 1)}, respectively. The calculation of
the eigenvectors is very computationally intensive. There
are no known algorithms of order less than or equal to O(N?)
for the computation of eigenvalues and eigenvectors.
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Fig. 5. Comparison of computational complexity of the two algorithms.

Therefore, this calculation takes a major part of the total
computations involved in the algorithm for computing the
DFRFT matrix. By storing the actual U matrix instead of
computing it, a significant amount of computations are
reduced. Moreover, this also means that the calculation of
the U matrix need not be a real-time calculation. Therefore,
this can be done on an infinite length (or a very high word-
length) machine so that the values of the U matrix are
available with very high precision. Thus, this method also
helps in containing the errors involved due to the fixed-point
implementation of the DFRFT on ADSP-2192 processor.
But this method is useful only when the sample length
remains constant.

In this modified method, the eigenvalues and the
eigenvectors of the various matrices are computed only
once and stored in memory instead of being computed every
time a DFRFT is needed. This results in a significant
reduction in the number of additions and multiplications
that have to be performed for calculating the DFRFT. Thus
we gain speed at the expense of memory. In general, the
complexity of computations of an algorithm is measured by
the number of floating point operations required for the
algorithm. From Fig. 5 the tremendous saving in the number
of floating point operations due to this particular implemen-
tation is evident. This also provides an idea about the
memory requirements of this algorithm when compared to
that of the original.

7. Fixed-point error analysis

An electronic digital computer or a DSP processes
information in binary format. When the scientific program-
ming convention is used in a fixed-point machine, the binary
number is stored in the 2’s complement form, where the
width of quantization g and the word-length (M) of

the computer are related as ¢ =2~ “~D_ For fixed-point
arithmetic in a signal processing context, it is natural to
consider a register as representing a fixed-point fraction. In
this way, the product of two numbers remains a fraction and
truncating or rounding the least significant bits can maintain
the limited register length. The result of addition on fixed-
point fractions need not be truncated or rounded but it can
increase in magnitude so that the sum eventually is not a
fraction. This effect is commonly referred to as overflow,
and can be handled by restricting the input data to be
sufficiently small so that the possibility of overflow is
avoided. Due to the finite word-length constraints, the
performance of the DSP is inevitably degenerated and the
mathematical formulation of this degeneration is discussed
in Refs. [9—11]. First, when data are read into the DSP, a
quantization error is incurred. Second, a round-off error
arises in the evaluation of every product in the computation.
As a consequence, the FRFT obtained varies from that
which would have been obtained with an infinite word-
length DSP. For the purpose of comparison, it is convenient
to define the ‘ideal’ or the ‘error-less’ FRFT as a realization
by an infinite word-length machine.

7.1. Theoretical analysis of fixed-point error

The eigenvectors and the eigenvalues of the Ev and Od
matrices are calculated using an infinite word-length
machine and stored in the DSP as described earlier. These
eigenvectors and eigenvalues are rounded to m(=b+ 1)
bits when they are stored in the DSP. This rounding leads to
an error in the values stored in the DSP. Let us assume that
the error in this rounding off operation is uniformly distri-
buted between —g/2 and ¢/2, where g =2""=2"(""D,
This means that the error in each element of E}, or O, matrix
is uniformly distributed between —2~"" and 27",

Therefore

5 q2 _ 272b

RTINS

As can be seen from the algorithm for computing the
DFRFT, each element of the U matrix is a weighted sum of
two elements of the E; or the O, matrices, the weighting
factor being 1/\/5.

a7)

Uylnl = Ple{0-- 7, (18)
Usisr[n] = P[O---00t 1",

1
2

where i and j are the two non-zero elements of /th row of P.
Therefore

ie. Ull,m]l = —=[Em + Ejml

oy = 0%, + ozl (19)
VPR T 2 12



V. Ashok Narayanan, K.M.M. Prabhu / Microprocessors and Microsystems 27 (2003) 511-521 519

Moreover, the probability distribution of the error in the
U matrix is triangular, since the U matrix is obtained by a
weighted sum of two uniform distributions. This is because
when two random distributions are added the probability
distribution of their sum corresponds to the convolution of
their individual probability distributions which in the
present case is a uniform probability distribution.

The FRFT matrix is calculated from the U matrix using

Film,n] = > Uglmle ™" Uy[n], (20)

kew
w=1{0,1,2,....N — 2,(N — (N),)}.

We already know the variance of the error involved in the
fixed-point implementation of the DFRFT matrix. Now we
need to find the variance of the fixed-point error in the
DFRFT matrix. A careful observation leads us to note that
this can indeed be interpreted as a convolution between two
sequences of Uy ‘s each of which have a variance of error
given by olEk. The results for the variance of fixed-point
error obtained during the convolution operation between a
sequence with error was discussed in Refs. [9—11]. But in
our case both sequences that are being convolved have
fixed-point error involved in their representations. There-
fore, applying the results shown in Refs. [9-11], we get

Film,n] = Ui[mle ™ U,[n], 1)
kew

nw=1{0,1,2,...N—2,(N — (N)»},

N
= o, = 407 > [UmlP’.
i=1
The probability distribution of the error in U matrix is
triangular. This is so because each element of U is the sum
of two elements of the E matrix and the error distribution of
the £ matrix is uniform.

N
But > [Uilm]” = NE[U}],

i=1

where E|[x] is the mean of x

2 ﬁ 2
E[U?] = J L PUDUE dU,

V2 1 U, 1
=2 Uz———k]dUz—. 22
Jo k[ﬁ 2 kT3 (22)
Therefore
4N ( ¢ 4N .
oF, =401, 5 = T(E) =5 @™ 23)

7.2. Simulation

The noise introduced in the calculation of the DFRFT can
be calculated either directly or by simulation. In the direct

method, the DFRFT matrix is calculated on a finite word-
length DSP and the ‘ideal’ DFRFT matrix is calculated on
an infinite word-length machine. The difference between
these two values gives the error involved due to the finite
register length. A simulation of the finite word-length effect
can also be used. In this case both the ‘ideal’ and the ‘actual’
DFRFT matrices are calculated on the same infinite word-
length machine. In the calculation of the ‘actual’ DFRFT
matrix, all the computations are done as they would be on a
finite word-length DSP, i.e. the result of each multiplication
is restricted to m-bits where m is the word-length of the
machine. The effect of overflow is also incorporated in the
simulations. If an overflow occurs at any computation then
the result of the corresponding register is set to 1.

The simulation results that are presented in this paper
have been obtained by following the second method.
The second order statistics of the noise involved in
the computation of the DFRFT matrix were studied. The
error, i.e. the difference between the ‘ideal’ and the actual
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DFRFT matrix is calculated. Both the predicted and the
actual variance of the error is plotted.

The variance of the error is dependent both on the
number of points of the DFRFT and also the number of
registers for storing each number. As can be seen from the
equation derived, the variance of the error increases linearly
with N. The variance of the error also decreases exponen-
tially with the m, the word-length of the DSP.

The variance of the noise in the computation of the
DFRFT matrix is plotted in Figs. 6 and 7. Both the predicted
and the actual variances are plotted and the two of them are
almost identical thus proving that the theoretical estimate
was indeed accurate. The x-axis is N, the length of the
DFRFT that is being computed. Very similar results are
obtained for different values of m, the register length. For
instructional purposes, this variation is shown for register
lengths m = 16 and 32.

The figures given (Figs. 6a,b and 7a,b) plot the variance
of noise in the fixed-point implementation as a function of
the register length for a given transform length, N. Since
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the variance of the error decreases exponentially with the
register length, it is much more informative to study the dB
plot of this variance. In Figs. 8a,b and 9, the variance of
noise in decibel scale (10 log,( (variance of noise)) is plotted
as a function of the register length with the transform length
N kept constant. The results are shown for N = 8, 16 and 32
with a = 0.5 for instructional purposes. Similar results are
obtained for all the other values of a also. In this case also it
is seen that the theoretical prediction is fairly accurate.

8. Conclusion

This paper presents a brief introduction to the theory and
applications of the FRFT and then provides the details of
one particular implementation of the DFRFT on ADSP-
2192. The noise in this implementation due to the finite
register length of the ADSP-2192 has also been studied and
a theoretical model for the second order statistics of this
noise have been developed. It is hoped that this
implementation of the DFRFT will help the signal
processing community make better use of the FRFT.
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