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ABSTRACT

This paper presents a pure Cordic based architecture to cal-
culate the FFT on a reconfigurable hardware accelerator.

The performance of this approach can compete with the
ordinary MAC based implementation on this accelerator, al-
though the main advantage is the possibility to implement the
FFT on a reconfigurable Cordic-only processor array.

In a former publication it was already shown that the
Rake receiver can be replaced by a Cordic based linear equal-
izer using the same architecture, which even results in a bet-
ter performance. With the presented pure Cordic based FFT
it is now possible to replace the main processing blocks of
the WLAN and UMTS baseband by this programmable ar-
chitecture.

1. INTRODUCTION

A lot of modern signal processing applications require such
a high computational power that only ASICs can fulfill the
technical demands. Unfortunately, ASICs are inflexible,
costly (development and debugging) and only economical
for mass-products. As a consequence, system designers are
striving to replace specialized hardware solutions with soft-
ware based solutions as, e. g., developments in the field of
software radio demonstrate.

Due to the fact that even the most commonly used
programmable devices, i. e. DSPs, often lack the required
processing power, one tries to develop a solution that lays
somewhere in between the two extrema programmable sig-
nal processing and dedicated hardware. The efforts in this
area are summarized under the term reconfigurable comput-
ing.

Within the framework of the MoReTeX project, this pa-
per presents a solution to replace the MAC based FFT [1][2]
computation of the DFT by a purely Cordic based FFT. Pre-
vious DFT implementations also used Cordics for parts of
the calculations e.g. [3] , but not for the entire computation.

In [4] it was already shown that the Rake receiver can be
replaced by a Cordic based algorithm using a reconfigurable
hardware accelerator [5][6], which even results in a better
performance. This paper presents a way to implement the
64-FFT used in the WLAN baseband on the same architec-
ture as used for the Rake alternative without a significant per-
formance loss. Therefore we have derived a reconfigurable
architecture for a mobile multistandard terminal and the main

* The presented work was carried out together with the Nokia Research
Center, Bochum within the German funded BMBF-project ”Software De-
fined Radio Based Architecture Studies for Reconfigurable Mobile Com-
munication Systems” (RMS), No. 01 BU171’.

processing blocks of the WLAN and UMTS baseband can be
replaced by this programmable architecture.

The paper is organized as follows. At first the MAC
based algorithm is described in Section 2. Then we will
present the Cordic based algoritm, the solution approach and
the proposed implementation in section 3. In Section 4, we
will show some simulation results in a WLAN environment,
followed by the conclusions in Section 5.

2. MAC BASED FFT

A DFT with N input values s can be described as the matrix-
vector multiplication

S = V · s with Vnk = e−j 2π
N nk. (1)

By exploiting the properties of V the operations can be
greatly reduced, and the well known Fast Fourier Transfor-
mation (FFT) is derived. An eight point FFT leads to the
network shown in Figure 1. The twiddle factors ω x

y are de-
rived as

ωx
y = e−j 2πx

y . (2)
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Figure 1: Regular FFT implementation

The listing below shows a recursive implementation of a
MAC based FFT in Matlab style.
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1 function y=fft (x ,n )
2 if n=1
3 y=x
4 else
5 m=n / 2
6 w=exp(−2∗pi∗i /n )
7 om=diag ( 1 ,w , . . . , w ˆ ( m−1))
8 zt=fft (x ( 0 : 2 : n−1) ,m )
9 zb=om∗fft (x ( 1 : 2 :n−1) ,m )

10 I_m=eye (m )
11 y=[I_m I_m ;I_m −I_m ] ∗ [zt ;zb ]
12 end
13 end

3. ALGORITHM

To derive a Cordic based FFT we will stop the recursion at
n = 2. In this case line 11 will look like:

y =

[

1 1
1 −1

]

·
[

zt
zb

]

(3)

The first matrix can then be decomposed to:

[

1 1
1 −1

]

=

[√
2

−
√

2

]

·

[
1√
2

1√
2

− 1√
2

1√
2

]

(4)

This equals a Cordic rotating the input values by π/4, fol-
lowed by a scaling of

√
2/−

√
2.

As the Cordic elements are real valued but the input val-
ues are complex valued, the complex Cordic operation has to
be separated into real valued operations. Due to the special
structure of the rotation matrix, this is quite easy to perform.
If we assume two complex numbers a, b ∈ C, the result of
the complex rotation will be (with t = 1√

2
):

[
t t
−t t

]

︸ ︷︷ ︸

T

·
[

ar + jai
br + jbi

]

=

[
t(ar +br)+ jt(ai +bi)
t(br −ar)+ jt(bi −ai)

]

(5)

= T ·
[

ar
br

]

+ jT ·
[

ai
bi

]

(6)

Thus the operation can be applied to the real and the
imaginary part of the input values independently, and the
complex “butterfly” can be performed by using two of the
real valued Cordics shown in Figure 2. The scaling of the
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Figure 2: Symbol and function of one real valued Cordic

results can be performed at the end of the calculations as dis-
cussed in section 3.2. The symbol for the resulting complex
Cordic, called type I, rotating two complex valued numbers
by π/4 is shown in Figure 3.

As shown in equation 4, the second scaling factor has got
a negative sign. Therefore all “lower” results of the complex
Cordic operation have got a reversed sign. Fortunately, be-
cause of the structure of the FFT stages, this compensation
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Figure 3: Inner structure of complex Cordic type I

does not result in additional computational overhead. In each
stage of the FFT the sign reversed results are just combined
with other sign reversed results. Therefore a −3π

4 rotation
is applied to the results in these cases to project the result
from the third quadrant back into the first one. This equals a
multiplication of the complex input value by −T . Therefore
this operation can be decomposed, too. The complex Cordic
performing this operation is called type II (See Figure 4).
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Figure 4: Inner structure of complex Cordic type II

The structure is the same compared to the type I Cordic,
except that the real valued Cordics now perform a rotation by
−3π

4 .
A complete 8-FFT based on Cordic operations is shown

in Figure 5.
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Figure 5: Cordic based FFT

The twiddle factors shown are the same as used for the
standard FFT (Equation 2). As they are located on the unity
circle, the multiplication with ωx

y can be replaced by a Cordic
rotation directly.

It is obvious that the FFT like butterfly structure is kept.

The
√

2
log2(N)

scaling of the result can be performed after the
computation of the three stages.
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3.1 Further optimizations

Further optimizations are possible for wx
y =−j. The result of

this operation can also be obtained by swapping the real and
imaginary part of the input value, and then inverting the sign
of the new imaginary part.

A closer look at the algorithm reveals, that this operation
is always performed on sign reversed results of the previous
stage. This also implies that the result of the multiplication
with w = −j is always provided to complex Cordics of type
II.

Therefore the input value of the real valued Cordic is −a.
Thus a w = −j multiplication followed by a type II Cordic
can be replaced by the structure shown in Figure 6. This
processing element will be called type III.
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Figure 6: Inner structure of complex Cordic type III
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−Ŝ(8)

S =
√

2
3

· Ŝ

Figure 7: Optimized Cordic based FFT

The final optimized version of the FFT is shown in Figure
7. Note that there are no more twiddle factor multiplications
after the first FFT stage, which saves one stage in a pipelined
implementation.

3.2 Numeric stability / scaling

The architecture used to implement the FFT is based on
fixed point/fixed wordlength arithmetics ranging from -1..1.
Therefore care has to be taken for overflows and rounding
errors. The FFT should not have a scaling error to be able to
replace a standard FFT.

Due to the numeric properties the input/output values e.g.
for a 64-FFT have to be scaled as shown in Figure 8.

To avoid overflows, the input values have to be divided
by 64. After the computation the final result can be obtained
by multiplying the output values by 64.

For the Cordic based FFT this behaviour can be achieved
by multiplying the results of every second stage by two. On
the other hand it might be better to make use of the inherent
scaling of the Cordics as shown in Figure 9. In this case

FFT 64
Internal scaling

��� ����

Figure 8: Scaled FFT
version

FFT 64 - no scaling

�� �� ��� � ����

Figure 9: Unscaled FFT
version

the input values have to be divided just by 8 and the Cordic
stages will automatically scale the final result down to 1/64.
This way a kind of graceful degradation of the accuracy can
be achieved without any additional computational overhead
as the simulations presented in section 4 show.

3.3 Complexity

If N is the size of the FFT, the number of Cordic operations
is:

OPCordic =
3N
2

(log2(N)−1)+2 (7)

The same architecture used to implement the Cordic ar-
ray also provides a MAC processing element (PE) [7]. This
PE needs

OPMAC = (N +2) log2(N) (8)

activations for an FFT of size N. These two functions are
compared in Figure 10. It can be seen that for small FFTs the
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Figure 10: Number of PE activations for MAC and Cordic
based FFTs

operation count OPCordic is even lower than for OPMAC.
For the 64-FFT used in a WLAN receiver OPCordic is 482
and OPMAC is 396. As the hardware accelerator currently
provides two parallel PEs these numbers can be halved to get
the number of accelerator activations (198 for the MAC, 241
for the Cordic).

So the Cordic based FFT is slightly slower than the MAC
based implementation, but on the other hand one Cordic
based reconfigurable hardware architecture can now be used
to implement the FFT for WLAN and the Rake substitute for
UMTS.

4. SIMULATION RESULTS

The resulting mean deviation between the scaled and the un-
scaled version of the 64-FFT is shown in Figure 11. To keep
the influence of the rounding error small, a 16 Bit fixed point
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implementation was used. The Figure shows that the un-
scaled version of the FFT generates a smaller and more uni-
formly distributed deviation compared to the floating point
version.

The simulation in Figure 12 has been done using a soft-
ware simulation of the hardware accelerator. The mean devi-
ation of the MAC-PE based FFT is compared to the unscaled
Cordic-PE based FFT (in relation to the floating point imple-
mentation). The deviation of the Cordic based FFT is about
five times smaller.
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Figure 12: Deviation of the MAC based and the Cordic based
FFT

Finally the unscaled FFT has been implemented in a
WLAN transmitter/receiver simulation to replace the regular
FFT. The simulation shown in Figure 13 has been performed
using an AWGN channel and the coding parameters defined
in [8].

The results for the 54 MBit case show that a wordlength
≥ 12 Bit is enough to achieve the same BER performance
than the floating point FFT implementation. So the Cordic
based FFT has to use just 12 Bit arithmetics to replace the
standard FFT in a WLAN environment.

5. CONCLUSIONS

We have presented a solely Cordic based FFT algorithm.
This algorithm is best suited for the implementation in re-
configurable Cordic processor fields.

It was shown how the algorithm is derived from the re-
cursive FFT definition. Optimizations can be applied to save

3025201510
SNR[dB]

B
E

R

10 Bit
12 Bit
14 Bit

Float

8 Bit

16 Bit

10
−4

10
−3

10
−2

10
−1

0.5

Figure 13: BER for 54MBit

computational resources. Simulations show that the Cordic
inherent scaling improves the accuracy of the FFT result in
a fixed wordlength/sign environment. Additionally the accu-
racy of the result is much better than the MAC FFT based
result.

In a WLAN environment simulations show that the
wordlength of the optimized Cordic based implementation
just needs to be 12 Bit.
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