FFT-based fast Reed–Solomon codes with arbitrary
block lengths and rates
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Abstract: By puncturing the Reed–Solomon codes with the block lengths of 2m, it is possible to
design systematic and nonsystematic codes with arbitrary block lengths and rates that can
be decoded using FFT. Because the Reed–Solomon (RS) codes are maximum distance separable
(MDS), the resultant codes keep this property as well. The codes are constructed over prime ﬁelds
as opposed to the conventional practice of extension ﬁelds, and hence additions and multiplications
are simple mod operations and there is no need to use polynomials and look-up tables.

1

Introduction

Reed–Solomon (RS) codes are used extensively for error
correction [1, 2]. RS codes are mostly used over the binary
extension ﬁelds GF(2m). m is an arbitrary positive integer.
Usually the block length of RS codes is 2m1. In these
codes, the data length is arbitrary, so that we can achieve
(2m1, k) codes for all 1rkr2m2 where 2m1 is the code
block length and k is the number of information symbols in
each block. Therefore, the rate of code is ﬂexible. The
ﬂexibility in block length is achieved by puncturing the
(2m1, k) mother code, i.e. discarding some of the symbols.
In general, even if a code is optimal for a rate (in terms of
minimum distance), its punctured version may not be
optimal for the resultant rate. However, the punctured
version of an RS code is maximum distance separable
(MDS) like its mother [3]. The punctured RS codes
over GF(2m) have been used for unequal error protection
(UEP) [4].
RS codes over GF(q), where q is a prime number, have
not been used in practice despite the fact that arithmetic
calculations are done in mod q. Among prime numbers,
m
22 þ 1, m ¼ 1; . . . ; 4, are interesting since the blocklength
of codes is 2k, 1rkr2m, and an FFT-like algorithm can be
used. Probably the main reason for not using base prime
ﬁelds other than GF(2) is that the number of elements is not
a power of 2; and a fraction of a bit (binary digit) is wasted
when representing a symbol in these ﬁelds. The elements of
these ﬁelds have the order of 2k, for 0rkr2m, so that codes
with block lengths of a power of 2 can be designed and
encoding and decoding can be implemented using fast
Fourier transforms (FFT); in addition, since the ‘+’ and ‘  ’
operators are mod addition and mod multiplication in these
ﬁelds, we do not need generator polynomials and any
additional table for addition and multiplication. We present
a variety of coding techniques for these codes in the
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frequency domain, including erasure and/or error decoding
algorithms. Also, we explain the reconstruction of systematic codes that can be decoded in the frequency domain.
Although both ideas of fast codes over prime ﬁelds and
punctured codes for rate control have existed separately, we
have combined these two ideas to achieve better performance. Our design and decoding of fast systematic MDS
codes with arbitrary lengths and rates are new. Therefore we
propose a class of systematic and nonsystematic codes that
have the following properties:
 maximum distance separability
 arbitrary rates and blocklengths
 fast decoding using a recursive 2m-point FFT algorithm
regardless of the blocklengths of codes
 additions and multiplications are over simple prime ﬁelds
and do not need any table
 both systematic and nonsystematic realisations of these
codes are possible
2

DFT-based nonsystematic RS coding

The FFT algorithm can be combined with other alternatives
for other parts of decoding. In this work, after computing
the polynomial, we do not search for the roots of the
polynomial by the Chien search algorithm [5]. Instead we
use a backward recursion for error correction. After
description of the decoding algorithms in the following
Sections, it will be clear that, for an (n, k) code, the
recursion requires at most k(nk)/2 multiplications to
retrieve data. For the same code over GF(p), the Chien
search algorithm, which searches for roots, has to evaluate
the polynomial in at most p1 points and at least (nk)/2
points. For each evaluation, it needs (nk)/2 multiplications
[5]. If we use the Chien search algorithm to ﬁnd error
locations, we have to evaluate error values as well. The
evaluation of each error needs another polynomial evaluation for each error position, which needs the calculations of
powers of elements and at most nk multiplications.
Another (nk)/21 multiplications are needed as well
(relations 6.34 and 6.35 of [5]). Therefore, [(nk)/2] [3(nk)/
21] multiplications in total are needed. Thus, comparing
the complexities we can choose the better algorithm. Here
we always use recursion.
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2.1

Definitions

One of the methods of implementation of RS coding is
using the Discrete Fourier transform (DFT). Throughout
this paper we work on the prime ﬁeld GF(p), so all the
operations are done in this ﬁeld. We adopt Blahut’s
notation [6, 7] and the decoding methods described here
are Blahut’s, but we paraphrase them for convenience and
use them for the development of our proposal. Let a be an
element of order n. The order of a is deﬁned as
n¼

min
k40;

k

n1
X

vi aij

ð2Þ

i¼0

We then have:
n1
X

Vj aij

ri

Step 5. For i ¼ k1, k2, y, 0,

Throughout this paper, our notation is either in discretetime signal form like v[i] or as a vector like v.

 compute ei according to the recursion (8)
 ui
ri  ei .

Nonsystematic encoding

To encode data using an (n, k) code, nk zeros are added to
k symbols of data ðu ¼ ½u0 ; u1 ; . . . ; uk1 Þ to construct a
block of n symbols. The DFT of this block is the encoded
data and is transmitted, i.e.
C ¼ DFTð½u 0; 0; . . . 0Þ
|ﬄﬄﬄﬄﬄ{zﬄﬄﬄﬄﬄ}

ð4Þ

nk

2.3 Erasure decoding using error locator
polynomial
Assume that the received symbols in the positions im, m ¼ 1,
2,y, r, are lost but the remainders are received correctly.
Also assume that the number of erased symbols is not
greater than nk. The erased symbols can be retrieved as
follows. Of course, a simple matrix solution can be
followed, but when k is large and the matrix inversion is
expensive, using an error locator polynomial is preferable.
Here we know the positions of erasures. The error locator
polynomial is deﬁned as
r 
Y

1  ai m s
H ðsÞ9
¼

m¼1
r
X

hi s i

ð5Þ

i¼0

Deﬁning:
H ¼½H0 ; H1 ; . . . ; Hn1 
 
Hj ¼H aj

ð6Þ

and from (2) and (3) we have
H ¼n IDFTðhÞ


1
H
h ¼DFT
n
h½i ¼IDFTðH ½iÞ

2.4

Random error decoding

For random errors, the positions of errors are not known.
In this case we are able to correct up to I(nk)/2m errors.
The error locator polynomial is determined using Berlekamp algorithm. For details of this algorithm refer to [5].
The syndrome is deﬁned so that it can be used exactly in the
Berlekamp algorithm described in [5]. The random error
decoding algorithm is as follows:
Step 1. Compute r, the IDFT of R.
Step 2. For i ¼ 1, 2, y, nk,
 compute the syndrome as si

rni .

Step 3. Use the syndrome to run the Berlekamp’s algorithm
to obtain the error locator polynomial.
Step 4. Use the error locator polynomial to run the erasure
decoding algorithm as described in Section 2.3.

2.5 Joint erasure and random error
decoding
In this Section we describe the decoding algorithm for
channels with erasure and random errors. The algorithm
described here is slightly different from Blahut’s [6]. We
know some of the error positions, but not all.
Assume that the codeword C is transmitted and the word
R is received, where
R¼C þV þE

h ¼½h0 ; h1 ; . . . ; hn1 
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ð8Þ

ð3Þ

j¼0

2.2

h½k e½i þ k 

The erasure decoding can be summarised as follows:
Step 1. Compute Hj ¼ H ðaj Þ for all the positions without
erasure j according to the product in (5). Note that Hj is
zero in the erasure positions.
Step 2. Compute h using DFT in the second equation
of (7).
Step 3. Compute r, the IDFT of received word R.
Step 4. For i ¼ n1,y,k
 ei

v ¼IDFTðV Þ

r
X
k¼1

ak ¼1

V9DFTðvÞ ¼ðV0 ; V1 ; . . . Vn1 Þ

vi ¼ð1=nÞ

e½i ¼ 

ð1Þ

The discrete Fourier transform (DFT) of an n-vector
v ¼ ðv0 ; v1 ; . . .; vn1 Þ is an n-vector V, where

V j9

By H[i], we mean the same as H, and by h[i], the time
reversal signal of h[i] (or equivalently h) is meant. The
indices are computed in mod n. The received word can be
written as R ¼ C+E. C is the transmitted word vector and
E is the erasure vector and is nonzero in the positions of
erasures and zero elsewhere. If e is the IDFT of E, it can be
seen that [6]

ð7Þ

ð9Þ

V is the erasure vector and is nonzero in the positions
where we know the received symbols are erased. E is the
error vector and is nonzero in the positions where the
received symbols are erroneous, but we do not have any
idea whether these symbols have been received correctly or
not. Let V be nonzero in r positions im, m ¼ 1, 2,y,r, i.e.
we know that the symbols in these positions are erased.
IEE Proc.-Commun., Vol. 152, No. 2, April 2005

Noting that only the ﬁrst r+1 components of h are
nonzero, we obtain
r
X
h½k v½i  k  ¼ 0
ð19Þ
h½i  v½i ¼

The error-locator polynomial is deﬁned as
r 
Y

1  aim s
H ðsÞ9
m¼1

¼

r
X

h i si

k¼0

ð10Þ

i¼0

With the following deﬁnitions:
h ¼½h0 ; h1 ; . . . ; hn1 
H ¼½H0 ; H1 ; . . . ; Hn1 
 
Hj ¼H aj

Rewriting the above equation, we have a recursion as
follows:

r 
X
h½ r  k 
v½ i þ k 
v½i ¼ 
h½ r 
k¼1

ð11Þ
¼

i ¼0; 1; . . . ; n  1
r00 ¼ c þ v

and
ð12Þ

From (11) and (12), we can see that H is zero in the
positions of erasure and is nonzero elsewhere. Additionally,
V is zero in the positions where we do not have erasure (but
maybe there is an unknown error). So the product of
corresponding components of these two vectors is always
zero. Therefore
i ¼ 0; 1; . . . ; n  1

ð13Þ

and from (9) and (13),
Hi Ri ¼ Hi ðCi þ Vi þ Ei Þ ¼ Hi Ci þ Hi Ei

ð14Þ

or
R0i ¼ Hi Ci þ Ei0 ;
R0i ¼ Hi Ri ;

ð15Þ

Ei0 ¼ Hi Ei
In (15) R0i is the modiﬁed received vector and Ei0 is the
modiﬁed error vector. Note that E and E 0 are nonzero in
the same positions. Taking the IDFT from both sides of
(15) with respect to i and from (12) we have
ri0 ¼ hi  ci þ e0i

ð16Þ

where r0 , h, c and e0 are the IDFT of R0 , H, C and E 0 ,
respectively. From (10) and (11), only the ﬁrst r+1
components of h are nonzero and from (4) we see that
only the ﬁrst k components of c are nonzero. Consequently,
only the ﬁrst k+r components of hc are nonzero and
therefore its DFT, i.e. HiCi, can be considered as the output
of a Reed–Solomon (n, k+r) encoder according to (4).
Now if the number of nonzero components of E 0 in (15)
(and equivalently those of E) is not greater than I(nkr)/
2m, we can retrieve HiCi and hc from R0 using a Reed–
Solomon (n, k+r) random error decoder described in
Section 2.4. Then, dividing the retrieved HiCi by Hi in the
positions where Hi is nonzero (where there is no erasure but
unknown error is possible), we get Cis in these positions.
Therefore we can correct random errors by replacing the
calculated Cis and after that only erasure errors remain and
we have R00 , where
R00 ¼ C þ V

ð17Þ

Using (11)–(13), we have
hv¼0
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ð20Þ

By applying the IDFT to (17), we have

H ¼DFTðhÞ

Hi Vi ¼ 0;

ak viþk ;

k¼1

note that only the r+1 components of h are nonzero. From
(2), (3) and (11) we have

h ¼IDFTðH Þ

r
X

ð18Þ

ð21Þ

Since, according to (4), the last nk components of c are
zero, we have
vi ¼r00i ;
for i ¼k; k þ 1; . . . ; n  1

ð22Þ

Therefore, along with the above equation and using the
recursion (20) for i ¼ k1, k2,y,0, vi and ci ¼ ui in these
positions are derived. The whole algorithm can be
summarised as follows:
Step 1. From the known positions of error (erasure
positions) and using the product in (10), compute H(aj) in
the nonerasure positions. Note that in the erasure positions
this value is zero.
Step 2. Construct H according to (11).
Step 3. Compute h, which is the IDFT of H according to
(12).
Step 4. Construct the modiﬁed received vector R0 as
R0i
Hi Ri .
Step 5. Decode R0 using the random error decoder of an
(n, k+r) code as described in Section 2.4.
Step 6. Pad nkr zeros at the end of the decoded data and
take n-point DFT from the constructed block.
Step 7. Divide the components of the generated block by
the corresponding Hi in the positions where Hi is not zero.
Call the resultant block R00 .
Step 8. Compute the IDFT of R00 and call it r00 .
Step 9. For i ¼ n1, n2,y,k set
 vi

ri00

Step 10. For i ¼ k1, k2,y,0
 compute vi according to recursion (20)
 ui
ri00  vi .

3

DFT-based systematic RS coding

In this Section we describe how to design systematic codes
that can be decoded using frequency-domain-based methods. These codes can be decoded with slight modiﬁcations
in the decoders of the nonsystematic codes described in the
preceding Section. We use polynomial representation and
vector representation interchangeably. Let u(x) be a block
of k data symbols to be encoded using a systematic (n, k)
code. Further assume that the generator polynomial is g(x)
153

of degree nk. We can write:

so that

uðxÞ ¼u0 þ u1 x þ . . . þ uk1 x

IDFTðC Þ ¼ ½c0 ; c1 ; . . . ; ck1 ; 0; . . . 0
|ﬄﬄﬄ{zﬄﬄﬄ}

k1

xnk uðxÞ ¼qðxÞgðxÞ þ rðxÞ

nk

ð23Þ

r(x) is the remainder of the division of xnk uðxÞ by g(x). We
generate the codeword C as follows:

which is the desired result
The encoding algorithm is therefore as follows.
Initialisation Deﬁning g(x):
 Compute gi, i ¼ 0,y, k1, according to (26) and the
product in (25). Note that gi ¼ 0, i ¼ k,y, n1.
 Compute G, the DFT of g. The last k1 components of G
must be zero according to (25).
 Deﬁne g(x) according to the sum in (25).

cðxÞ9xnk uð xÞ  rð xÞ
¼qð xÞgð xÞ
¼C0 þ C1 x þ . . . þ Cn1 xn1
C9½C0 ; C1 ; . . . ; Cn1 

ð32Þ

ð24Þ

From (24) we can see that the ﬁrst nk components of C
are parity symbols and the last k components of C are data.
In the following Section, we show how to design g(x) so
that the last nk components of c (which is the IDFT of C)
are also zero.

Step 1. Divide xnk uðxÞ by g(x) and obtain the remainder
r(x).
Step 2. Construct c(x) and C according to the ﬁrst and last
equations in (24), respectively.

3.1

3.2

DFT-based systematic encoding

Here we design the generator polynomial so that there are
nk zeros at the end of the IDFT of codewords. Let a be an
element with order n. Deﬁne g(x) as
gð xÞ9

¼
We also deﬁne gi as

n1 

1Y
x  ai
n i¼k
nk
1X
Gm xm
n m¼0

ð25Þ

 
gi ¼g ai ;
i ¼0; 1; . . . ; n  1

ð26Þ

It is easy to see that
gi ¼0;
for i ¼k; k þ 1; . . . ; n  1

ð27Þ

From (25) and the deﬁnition of DFT in (2), we have:
g9½g0 ; . . . ; gk1 ; 0; . . . ; 0
|ﬄﬄﬄﬄ{zﬄﬄﬄﬄ}
nk

G9½G0 ; . . . ; Gnk 0; . . . ; 0
|ﬄﬄﬄﬄ{zﬄﬄﬄﬄ}

DFT-based systematic decoding

Based on the design of systematic codes in Section 3.1 and
preceding Sections, erasure and/or random error decoding
for systematic codes in the frequency domain can be
proposed as in the following Sections. The difference is only
one additional FFT compared to the nonsystematic
decoder.

3.2.1 DFT-based erasure decoding: Provided
that we have just erasure and the number of erasures is
not greater than nk, the following algorithm is proposed
for the systematic code designed in Section 3.1:
Step 1. If there is no error in the last k positions of the
received vector, take them as decoded data, otherwise go to
(2).
Step 2. By using the error positions, run the erasure decoder
described in Section 2.3 on the received vector R to obtain
u ¼ ½u0 ; . . . ; uk1 .
Step 3. Pad nk zeros at the end of u and compute C
according to (4).
Step 4. Take the last k symbols of C as the decoded data.
It should be noted that, even when the number of
erasures is more than nk, and therefore the decoder fails,
the nonerased symbols in the last k positions can be
extracted and may be useful, as shown in [8].

k1

3.2.2 DFT-based random error decoding:

g ¼ IDFTðG Þ
G ¼ DFTðgÞ

ð28Þ

Consider a codeword C with its inverse Fourier transform
denoted as c. The ith component of c is computed as
ci ¼

n1
1X
Cj aij
n j¼0

ð29Þ

From (24) we have
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3.2.3 DFT-based joint erasure and random
error decoding: We use the nonsystematic joint
erasure and error decoder to implement the systematic
one as follows:

1  
ci ¼ c ai
n
1    
¼ q ai g ai
n
The above equation along with (27) results in
ci ¼ 0; for i ¼ k; k þ 1; . . . ; n  1

Step 1. Run the error decoder described in Section 2.4 on
the received vector R to obtain u ¼ ½u0 ; . . . ; uk1 .
Step 2. Pad nk zeros at the end of u and compute C
according to (4).
Step 3. Take the last k symbols of C as the decoded data.

ð30Þ

ð31Þ

Step 1. By using the error positions, run the joint erasure
and error decoder described in Section 2.5 on the received
vector R to obtain u ¼ ½u0 ; . . . ; uk1 .
Step 2. Pad nk zeros at the end of u and compute C
according to (4).
Step 3. Take the last k symbols of C as the decoded data.
IEE Proc.-Commun., Vol. 152, No. 2, April 2005

4 Punctured codes with arbitrary block length
and rate using systematic or nonsystematic DFTbased codes

point is that if extended ﬁelds are used we have to use
polynomials, and the operations may not be easy.
5

Suppose that we want to design an (n, k) MDS code. If
2m1rnr2m1, we can code the data using Reed–
Solomon (2m1, k) code over a GF(2m) ﬁeld and puncture
the ﬁrst (or any other) 2m1n symbols of the codeword
and transmit the remainder symbols, so that we have a code
with block length n and rate k/n. Note that this code is an
MDS code with the corresponding block length and rate.
At the receiver end, after reception of n symbols, we pad
2m1n zeros before the received symbols and mark the
padded zeros as erasure and decode the resultant vector
with erasure decoder or joint erasure and error decoder for
(2m1,k) code given that the channel is only erasure or it
causes random error as well.
If nr2m, and 2m+1 is a prime number, we can design
fast code (n,k) over the base prime ﬁeld GF(2m+1), and the
coding algorithms in this paper can be used. The fast (n, k)
code can be designed by puncturing 2mn ﬁrst symbols of
the fast (2m,k) code. The punctured symbols are treated as
erasure at the decoder.
The problem of using GF(257) is that, if we represent
each symbol with 8 bits, the symbol 256 cannot be
represented. However as Blahut [6] stated, whenever this
extra symbol occurs, we can replace it with a zero symbol
and consider it as erasure. This has negligible impact on the
performance of the code. While replacing the symbol 256,
we did not see any perceivable difference between the
performance of these codes and those of their counterpart
codes (with the same rate and block length) over the
extended ﬁeld GF(28).
Over the GF(257), all the block lengths 2, 4, 8, 16, 32, 64,
128 and 256 are possible, because we have elements with
these orders. As a result, all the block lengths 2rnr256
are possible by puncturing. For example a code with block
length 20 is constructed by puncturing a code with block
length 32, 64, 128 or 256. Although all the punctured
codes with length 20 constructed from the original codes
with lengths 32, 64, 128 and 256 have the same error
correction capability and are MDS, the code punctured
from the original code with length 32 has lower decoding
complexity.
It should be noted that it is not necessary that the prime
be of the form 2m+1. An example is GF(41). Number 3 in
this ﬁeld has the order 8 and we can have a Reed–Solomon
code with block length 8 over this ﬁeld. One problem is that
if we represent each symbol of this ﬁeld with 6 bits of
informations, a number of bit combinations are meaningless. With 6 bits the symbols are in the range 0 to 63. The
symbols 41 to 63 are confused with 0 to 22. A solution is to
pack each 5 bits in one symbol, so that the information
symbols are in the range 0 to 31. The symbols in the
nonsystematic code or the parity symbols in the systematic
code will be 6-bit symbols that are in the range 0 to 40. As a
result, the bit errors that result in the received symbols in the
range 41 to 63 are detected and marked as erasures and the
code can detect a number of errors as well.
To construct codes with block length 512, we can use the
prime ﬁeld GF(7681). Number 62 in this ﬁeld has the order
512. For a complete list of prime ﬁelds with elements of
orders 2k see [7]. Also extended ﬁelds GF((2m1)2), when
2m1 is a Mersenne prime, have elements with orders of a
power of 2. However, the prime ﬁelds, when the prime is a
Mersenne prime, do not generally have elements with the
order of a power of 2 [7]. Extended ﬁelds of a Fermat prime
ﬁeld always have elements with orders of a power of 2. The
IEE Proc.-Commun., Vol. 152, No. 2, April 2005

Complexity analysis

The operations over the extension ﬁelds GF(2m) and prime
ﬁelds may have different costs. Fermat and Mersenne
primes have the special forms of 2m+1 and 2m1,
respectively, which make operations easier in these ﬁelds
[7]. However, here we assume the same cost for addition
and multiplication in all ﬁelds and compare the complexity
just through the number of operations.

5.1

Encoding complexity

Nonsystematic encoding is just a Fourier transform of
symbols. For each block of code, if n be a power of two, an
n-point Fourier transform using FFT algorithms requires
nlog2 n MACs (multiple and accumulate). Of course, the
number of operations can be reduced through the fact that
in a block only k out of n symbols are nonzero. In general,
nk MACs are required. However, If n can be factorised as
follows,
n¼

k
Y

nl

ð33Þ

l¼1

then the required MACs are [7]
n

k
X

nl

ð34Þ

l¼1

For example, the required MACs for nonsystematic
encoding of (255,223) code in GF(257) are 256  8 ¼
2048, but this number for a code of length 255 ¼ 3  5  17
in GF(28) is 255  (3+5+17) ¼ 6375. If the encoding is
performed using direct calculations, the required MACs are
255  223 ¼ 56 865.
The systematic encodings have the same costs in all ﬁelds,
as all the codes perform the encoding through division by
the generator polynomial.

5.2

Decoding complexity

Error decoding of an (n, k) code can be divided into three
parts:(i) calculation of syndrome; (ii) ﬁnding an error–
locator polynomial using Berlekamp’s algorithm; and (iii)
backward recursion for error correction.
With an IFFT, syndromes are calculated with a
complexity of the order nlog2 n. If n is not a power of 2,
but can be factorised as (33), the required MACs can be
calculated as (34). If we use direct computation of nk
syndromes, we need k(nk) MACs. The other parts have
the same complexity. For example, consider RS(255,223)
code over the extension ﬁeld GF(28), which is mentioned in
[3]. It needs 223  (255223) ¼ 7136 multiplications for
syndrome calculation using direct calculation. If we exploit
the fact that 255 can be factorised, the required MAC
number is 6375. If we consider the code with the same rate
and length over GF(257), the required number of multiplications is 256 log2 256 ¼ 2048.
6

Performance comparison

The proposed codes are MDS and have the same error
correction capability as their counterparts over extension
ﬁelds, but the number of elements of a prime ﬁeld is not a
power of 2. As a result we have to waste a fraction of a bit
for their representation. One solution is to accept some
error in representation. For example, in the ﬁeld GF(257),
we cannot represent the element ‘256’ with 8 bits; we
155

0.8

block decoding error rate

the probability of error after block decoding. When a coded
block is not decoded successfully, it is regarded as an error
event, irrespective of the number of bit errors in that block.
It is because, when a block decoding error occurs, the bits in
that block will be in error with a probability of 0.5. The
Figure shows that the systematic code has a close
performance to that of its counterpart over the extension
ﬁeld.

punctured non systematic RS(255,223) over GF(257)
punctured systematic RS(255,223) over GF(257)
systematic RS(255,223) over GF(28)

0.6

0.4

7
0.2

0

5

6

7

8

channel BER (×10−3)

9

10

Fig. 1 Performance comparison of punctured Reed–Solomon
(255,223) codes over GF(257) and Reed–Solomon (255,223) code
over GF(28).

replaced this symbol with zero every time it occurred. This
is another source of error. Note that if we use systematic
code, and pack each 8 bits of information into one
informaiton symbol, the only possibility of occurrence of
the symbol 256 will be in parity symbols and not in
information symbols. This way we partly prevent this error
event. To see the impact of this error, we performed
simulations for a binary symmetric channel for different bit
error rates (BER). The random data blocks were protected
by three different codes: (i) punctured nonsystematic Reed–
Solomon code (255,223) over the prime ﬁeld GF(257); (ii)
punctured systematic Reed–Solomon code (255,223) over
the prime ﬁeld GF(257); and (iii) systematic Reed–Solomon
code (255,223) over the extension ﬁeld GF(28). The
simulations were performed until 100 block decoding errors
were noted. Figure 1 shows the results. The vertical axis is
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Conclusion

We have presented a class of codes that are maximum
distance separable and ﬂexible in rate and block length.
They are decoded using radix-2 FFTs regardless of their
block length, and therefore the decoding can be very fast.
There is no need for any look-up tables for additions and
multiplications. These codes are designed over the base
prime ﬁelds with elements of orders of powers of 2. Both
systematic and nonsystematic realisations of these codes
were explained. The replacement of the element 2m in the
ﬁeld GF(2m+1) with zero is a source of error in these codes,
but the simulations show that if we use the systematic codes,
the performance is not signiﬁcantly degraded.
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