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SUMMARY
In this report the design of a fast programmable decoder for a shortened Reed-Solomon
(RS) code with 16-bit symbols is discussed. The system was implemented on a
TMS320C25 Digital Signal Processor (DSP) which has a dedicated external arithmetic
unit for parallel finite field multiplication attached to it. The use of a DSP for the decoder
and an FPGA from Xilinx for the external Galois field multiplier, makes the entire
decoder reprogrammable. Implemented was a 1 symbol error correcting (10,8) shortened
RS-code, with GF(2 16) as the field of operation. The maximum achievable data rate is 1.9
MHz, which is a considerable improvement compared to DSP-based decoders mentioned
throughout literature.
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1 INTRODUCTION
As can be found on one of the first pages of almost any introduction book on
telecommunication, a telecommunication system can be divided into three major parts,
being the transmitter, the channel and the receiver. Based on the nature of the channel,
two kinds of telecommunication systems can be distinguished. The first are the linecommunication systems, where the channel is a real line (like a twisted wire pair or a
glass fibre). The second are the radio-communication systems, where the channel is not a
well defined line. Typical about radio-communication is that it is virtually impossible to
make changes to the channel. The air through which Marconi sent his first radio messages
more than a hundred years ago is the same as the air through which we send our
messages today (apart perhaps from the hole in the ozone-layer and the increased
concentration of some human unfriendly chemicals in the atmosphere). As we cannot
change the channel, we are stuck with all its characteristics, including the channel noise.
One way to make the influence of noise smaller, is to use error-correcting codes.
Nowadays there are many known coding schemes, each capable of correcting one or more
kinds of errors. For the correction of burst-errors Reed-Solomon codes (RS-codes) are
often used. Burst-errors are errors that, as the word says, come in groups or bursts. They
can occur for instance when a lightning flash generates a lot of noise during a period of a
few microseconds. The theoretical background of RS-coding was already developed in
1960, but because the decoding needs a lot of calculations, high speed applications had to
wait for the development of fast micro chips. The last decade RS-codes have been used
more and more, like in satellite-communication [01] and CD-players [02].
The RS-code theory uses elements (= "numbers") from a so called "Galois field" or
"finite field". Characteristic of Galois fields is that the number of elements that belong to
it is finite, unlike for instance the field of real numbers R which has an infinite number of
elements. The larger the number of elements in the chosen Galois field, the better is the
code that can be constructed with it. However, using large fields means also having to
deal with longer and more difficult calculations. This limits the size of the fields that can
be used. The introduction of a special kind of Galois fields, called "composite Galois
fields", has made it possible to facilitate calculations and therefore increase the field size
and thus the code performance.
In this paper, after an explanation of the concepts of composite Galois fields and
shortened RS-codes over composite Galois field, I will describe how I implemented a
decoder for l6-bit shortened RS-codes over composite Galois fields using a Digital Signal
Processor (DSP) and a hardware multiplier.
I started this project in january 1993 at the Institute for experimental Mathematics in
Essen, Germany, and worked on it until October of that year. With this paper I conclude
the project, which was the final project for my studies at the Technical University of
Eindhoven.
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2 GALOIS FIELDS
Without Galois fields modern coding and cryptology would not be possible. The concept
of Galois fields was already discovered in the previous century by the French mathematical child prodigy Evariste Galois (1811-1832), who by the age of 17 (!) established the
branch of mathematics called group theory. Sadly enough, the world could not profit
much more of his intellect, because he died at the age of 21 following a duel with a
political opponent. ..
The intention of this chapter is to give the reader an impression of what Galois fields are,
how their elements are created and how calculations can be performed with them. At
some points mathematical exactness may have been offered for clarity. For more
mathematical detail the reader is referred to [03], [04] and especially [05].

2.1 PRIME GALOIS FIELDS
A field is a set of elements on which the two binary operations addition "+" and
multiplication "." are defined. For all elements a,b and c from that field the following
conditions must be met:
1. a + b = b + a (commutivity under +)
There should be an identity element with respect to addition, called the zero element or
the additive identity of the field and is denoted O.
2. a . b = b . a (commutivity under')
There should be an identity element with respect to multiplication, called the unity
element or the multiplicative identity of the field and is denoted 1. Each element of the
field should also have an inverse, so that a . a-l = 1.
3. a . (b + c) = a . b + a . c (multiplication is distributive over addition)
From this, associative laws for multiplication and addition can be deducted, so:
(a + b) + c = a + (b + c) and (a' b) . c = a . (b . c)
From normal day life we already know several fields, for instance the field of real
numbers :2. Characteristic of these fields is that they are infinite, that is, they have an
infinite number of field elements. Any time two positive field elements are added, the
result (which is also a field element) is bigger than the two original numbers.
The key to constructing a finite field (also called a Galois field after their discoverer), is
to make it possible that the addition of two positive numbers results in a number that is
not necessarily bigger than the two original numbers. This is done by defining the two
operations "+" and "." not to be "normal" addition and multiplication, but modulo-p
addition and modulo-p multiplication instead. In this, p is a prime (p=2,3,5,7,11, ...) and
therefore the field constructed is called a prime Galois field. It can be shown that a finite
set of elements constructed in this way indeed constitute a field [05].
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Say we want to construct a field using modulo-7 addition and multiplication. The result of
any integer taken modulo-7 is an element of {O,I,2,3,4,5,6}. This is clear to see, because
the result of an integer modulo-7 is the remainder of the division of that integer by seven,
which can only be a number from zero to six. We see that the number of elements in the
field {O,I,2,3,4,5,6} is finite and therefore this is a finite or Galois field under modulo-7
addition and modulo-7 multiplication. This particular field is denoted GF(7).
Other examples of prime fields GF(p), p is a prime, are:
GF(2) = {O,l}
GF(3) = {O, I,2}
GF(5) = {0,1,2,3,4}
In general a prime field can be seen as a I-dimensional vector space, with elements
[0, I ,2, .. ,p-l].

A non-zero element a of a finite field GF(p) is said to be primitive if its powers generate
all the non-zero elements of that field. It can be shown that every finite field has at least
one primitive element [05].
Looking for instance at GF(7), we see for the field element 2:
2°

= I ,. 21 = 2 ., 22 = 4 ,. 23 = I ,. ...

So 2 is not a primitive element of GF(7). Element 3, however, does turn out to be a
primitive element:
3°

=

I ; 31

= 3 ; 32 = 2 ; 33 = 6 ; 34 = 4 ; 35 = 5 ; 36 =

I ; ...

So all the elements of a Galois field can be constructed with the use of a primitive
element of that Galois field. This fact will be used in the next paragraphs.
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2.2 EXTENDED GALOIS FIELDS
From the previous paragraph one could wonder why it is only possible to construct Galois
fields with the help of prime numbers using modulo-p addition and modulo-p
multiplication, although it is very well possible to compute the modulo-q sum and product
with any integer q. To show why this is can be illustrated with the help of the next tables:

+

012 3

012 3

o

o

1 2 3

o

1
2
3

1 2 3 0
2 301

1
2
3

3 0 1 2

000
012
o 2 0
o 3 2

0
3
2
1

Table 2.1: Modulo-4 addition and multiplication tables

+

0 1 2 3 4

0
1
2
3
4

0
1
2
3
4

1
2
3
4
0

2
3
4
0
1

3
4
0
1
2

4
0
1
2
3

0
1
2
3
4

o

1 2 3 4

0
0
0
0
0

0
1
2
3
4

0
2
4
1
3

0
3
1
4
2

0
4
3
2
1

Table 2.2: Modulo-5 addition and multiplication tables

One characteristic of a field, as said before, is that for any element a of that field,
another element b = a-I of that field can be found such that a . b = a . a-I = 1. For the
modulo-5 case, this condition is met, but for the modulo-4 case it is not. Look for
instance at the element 2. For the modulo-5 case multiplying with 3 results in 1, but for
the modulo-4 case no element can be found with which multiplication results in 1.
Therefore it is possible to construct GF(5) this way but not GF(4). In general it can be
shown that it is only possible to construct a field GF(p) using modulo-p addition and
modulo-p multiplication when p is prime [05]. However, there are other ways to construct
a field like GF(4) ...
At school they always said that the square root of -1 did not exist, until at a certain
moment they added a dimension to the one dimensional world of real numbers and came
up with the complex j as being the square root of -1. Likewise, adding one or more
dimensions makes it possible to construct any field GF(q), where q = pm Le. a power of
a prime. The field can then be seen as an m-dimensional vector space, containing q = pm
elements, p per dimension. Such a multi-dimensional Galois field is called an extended
Galois field.
The same way as the complex j is sometimes represented as the 2-dimensional vector
(0,1) to be able to represent it in the XY-plane, the elements of GF(p'D) can be written as
m-dimensional vectors with each element of the vector taken from GF(p).
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For example:

(1,1,0,1,0,0,1,0) is an element from GF(2 8);
(3,2,2)
is an element from GF(53);
(4,0,6,1,5)
is an element from GF(75).

Another way to represent the elements of the Galois field GF(pm) is as polynomials of
degree m-I, with coefficients from GF(p). Using this way of representation, the above
example vectors, would be represented as:
x7 +

x6 +

x

3x + 2x +
4x4 + 6x2 +

5

2

Like in the previous paragraph, we would now like to construct the elements of the
extended Galois field with the help of a primitive element of this GF(pn). For this
purpose we introduce the element (x, where (X = x (polynomial representation). So, much
like the complex j, being the vector (1,0), the element (X spans the second dimension of
the extended Galois field vector space. We want (X to be primitive, so that all its powers
give us the non-zero field elements. To see how this can be arranged, let us analyze the
field GF(2 4) a little closer.
First, as said, we introduce the element (x, which we want to be primitive. Then we
calculate the powers of (x, which, because we wanted (X to be a primitive element of
GF(2 4 ), should construct all the 24 = 16 elements of the field.
Putting the three different ways of representation next to each other we see:
aO
al
a2
a3

=
=
= a
= a

1

a
a = x
a2
x

=
=
x =
x2 = x3

x2

x

=
=
=

1 = (0,0,0,1)
(0,0,1,0)
(0,1,0,0)
(1,0,0,0)

Multiplying another time by (X would bring us "outside" the field, because (X4 = x4 • In the
previous paragraph when constructing the elements of GF(7) as powers of the primitive
element 3, actually we faced the same problem:
3°

=

I ; 31

=

3 ; 32

=9

mod 7

=2

Without any problem we brought back the "out of bound" result 9 by taking it modulo the
prime 7 resulting in the "inbound" result 2.
In the multi-dimensional problem of GF(~) we are facing now, actually we can do the
same. Only this time we cannot bring back the out of bound result by taking it modulo p,
where p was one higher than the highest field element. This time we should take it
modulo some kind of "multi-dimensional prime", instead of a I-dimensional prime.
These "multi-dimensional primes" exist and are called primitive polynomials. We are
looking for a primitive polynomial with a degree one higher than the highest possible
degree of the field elements.
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In the example for GF(24) where the highest degree of the field elements is 3, we are
looking for a primitive polynomial of degree 4.
In general such primitive polynomials are defined as follows:
A polynomial p(x) of degree m over a certain field GF(p'") , Le. a polynomial of which
the coefficient are elements from that field GF(pm), is a primitive polynomial if both:
1. p(x) cannot be divided by any polynomial over GF(pm) of degree less than m but greater than zero (i.e. the polynomial is irreducible);
2. the smallest positive integer n for which p(x) divides xR + 1 is n = 2m-I.
Now going back to the example of GF(24), where we saw that when writing the elements
of this field as a polynomial, the coefficients are 0 or I, thus elements from GF(2).
Therefore we are looking for a primitive polynomial of degree 4 over GF(2) to bring the
"out of bound" a 4 "inbound" again. It can be shown that for instance the primitive
polynomial x4 + x + I can be used for this.
Now let us, just like in the I-dimensional case, calculate the remainder of the division of
the "out of bound" element a 4 = x4 by the primitive polynomial x4 + x + 1 (Le. the
modulus):
Quotient:
I
(x 4

+

X

+

I)

x4

x4
Remainder:

+

X

+

1

x

+

1

The subtraction step might seem a little strange at first, but keep in mind that in GF(2 m)
addition and subtraction are the same. Therefore -x and -1 are equal to x and 1.
Now the problem is solved because the result is "inbound". We have discovered that
= x + 1, which makes it possible to complete the list of elements of GF(24):
aO
al

=
=
a2 =
a3 =
a4 =
as =
a6 =
a? =
a8 =
a9 =
a lo =
all =
a l2 =
a l3 =
a l4 =
a ls =

1
x3
x3
x3
x3
x3
x3
x3
x3

x

x2
x2
+ x2
x2
x2
+ x2
+ x2
+ x2

x + 1

+

X

+

X

+
+
+

X
X
X
X

+ 1
+ 1
+ 1
+ 1
+ 1
+ 1
1

=
=
=
=
=
=
=
=
=
=
=
=
=

(0,0,0,1)
(0,0,1,0)
(0,1,0,0)
(1,0,0,0)
(0,0,1,1)
(0,1,1,0)
(1,1,0,0)
(1,0,1,1)
(0,1,0,1)
(1,0,1,0)
(0,1,1,1)
(1,1,1,0)
(1,1,1,1)
= (1,1,0,1)
= (1,0,0,1)
= (0,0,0,1)

a

4

7

Instead of x4 + x + 1 we could just as well have taken another primitive polynomial over
GF(2) of degree 4. This would only have changed the appearance of the separate field
elements, not the mathematics performed with them. With a different primitive polynomial as might be something like (1,0,1,0), but a 4 multiplied with a 6 would still be a 4 + 6
= a lO and a 7 added to all would still be as (in GF(2 m) addition is equal to XOR). Two
Galois fields differing only in notation are said to be isomorphic.
Because in the following chapters only field with characteristic 2 (i.e. GF(2m» will be
treated, we will now elaborate a little more on how to add or multiply two field-elements
from this kind of fields.
Addition in base-2 fields is equal to performing an eXclusive OR (XOR or ffi) operation.
Given the list of elements form GF(24) on the previous page we add:

,

all

a

14

a lO

+
+
+

a9
as
a lO

=

=
=

(1,1,1,0) ffi (1,0,1,0)
(1,0,0,1) ffi (0,1,1,0)
(0,1,1,1) ffi (0,1,1,1)

=

C\

_=_-«8.

~)

= (1,1,1,1)

= a l2

= (0,0,0,0)

=

°

(!)

We see that adding a number to itself results in the zero element of the field.

When multiplying two Galois field elements, you just add their exponents. For example:
. as

= a 7 +3
= a 4+ S

= a lO
= a l2

a9

= a 12 + 9

= a 21 =

a7

•

a4

a

12

•

a3

We see that we use the fact that
the in bound result a 6 •

a6

a lS =

1, to bring back the "out of bound" result ~1 to

•

1·

=

6

=

a lS

=

a6

a 1S + 6

a

It seems that addition and multiplication using Galois field elements is quite easy. There

is a problem however: Addition, as can be seen above, is easy when you have the vector
representation of the field elements. Multiplication is easy when you have the power
representation. But the problem is that there is no fast way to get from one representation
to the other without the use of look-up tables. These, however, take a lot of memory for
large fields. In practical real-time implementations, where large fields are preferably
used, this limits the field-size that can be used. For this reason, until recently most
applications used fields up to GF(2 S) [01] [02], although larger fields might have given
better performances. So to be able to use larger fields, we need a way to circumvent the
use of look-up tables. This could be done, for instance, by using a fast multiplier that
takes field elements represented in vector-notation as an input. Building such a fast
multiplier, however, is not an easy task, but, using the new concept of composite Galois
fields, C. Paar working at the Institute of experimental Mathematics, succeeded in
building one for GF(2 16), which needs less than 80 ns for a multiplication [06].
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2.3 COMPOSITE GALOIS FIELDS
In the previous paragraph adding dimensions gave us entirely new Galois fields. The
question is: can this "trick" be performed, finding even more Galois fields?
Let us see what happens if we build an m-dimensional "vector", where each element of
the vector is taken from GF(pR) rather than from GF(p), that is, we want to construct a so
called composite Galois field GF«pR)m) (actually an extended extended prime field).
Say we try to build a 4-dimensional "vector" using the example field GF(2 4) from the
previous paragraph to construct a field GF«24t). One possible "vector" would be:

Substituting the vectors we found for the different elements from GF(2 4) we find that the
"vector" above is equal to:
(1,1,1,0;0,1,0,1;1,0,0,0;1,0,0,1)
But this is nothing more than a l6-dimensional vector over GF(2) , thus an element from
GF(2 16)! The field constructed in this way is isomorphic to a field GF(2 16) constructed
directly with a primitive polynomial of degree 16.
So constructing an m-dimensional "vector", where each element of the vector is taken
from GF(pR) , just results in a field GF(pk) , with k = n·m. Mathematically seen this
brings absolutely nothing new, and therefore for many years in coding theory little
interest was paid to fields constructed using this concept.
Recent discoveries however show that, although mathematically seen these so called
composite Galois fields [07] bring nothing new, technically they do [06]. A parallel
implementation of a "traditional" multiplier for elements from GF(2~ has a complexity of
O(k2) , whereas a multiplier using composite fields has a complexity of O[k1.58] (where
1.58 = log23) for the same field [04]. Therefore, using the concept of composite fields,
real-time multipliers for GF(232) == GF«2 8)4) and even GF(264) == GF«2 8)8) could
become reality in the near future. This opens new possibilities in real-time coding-applications!
So let us elaborate a little more on these composite fields, by trying to construct a
composite field GF«pRr) in the same way we constructed an extended Galois field in the
previous paragraph. Say we want to construct the field GF«~)4).
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First step is again to define a primitive element a of this field. To prevent a conflict in
the use of a's in the field GF«P")ffi) (the composite field) and the field GF(pn) (the
extended field), we define the small fields primitive element to be 6 (Le. the a in the
previous paragraph).!
Now the only thing we need before being able to construct the elements of the composite
field is a primitive polynomial of degree 4 with coefficients from GF(~). A list of
primitive polynomials over extended fields can be found in [07]. For this application we
take the polynomial x4 + x3 + x2 + 6, where 6 is the primitive element of GF(~).
Construction of the composite field can now take place in the same way as with the
extended field in the previous paragraph.
aO =
al =
a2 =
a 3 = x3
a 4 = x3
as =
a 6 = x3
a 7 = 64x3
a8 =
a 9 = 64x3
etc...

I

1
x
x2
x2
x2
+ 6x2
+ 64x2
64x2
+ 6x2

+

+ 6x
+ 6x
+ 6x
+ 65x

+ 6
+ 6
+ 6
+ 65

= ( 0, 0, 0, 1)
= (0, 0, 1, 0)
= (0, 1, 0, 0)
= ( 1, 0, 0, 0)
= ( 1, 1, 0, 6)
= (0, 1, 6, 6)
= ( 1, 6, 6, 0)
= (64 , 64 , 0, 6)
= (0 ,64 , 6, 65)
= (64 , 6, 65 ,0)

= (0,0,0,0;0,0,0,0;0,0,0,0;0,0,0,1)
= (0,0,0,0;0,0,0,0;0,0,0,1;0,0,0,0)
= (0,0,0,0;0,0,0,1;0,0,0,0;0,0,0,0)
= (0,0,0,1;0,0,0,0;0,0,0,0;0,0,0,0)
= (0,0,0,1 ;0,0,0, 1;0,0,0,0;0,0, 1,0)
= (0,0,0,0;0,0,0,1;0,0,1,0;0,0,1,0)
= (0,0,0,1;0,0,1,0;0,0,1,0;0,0,0,0)
= (0,0,1,1 ;0,0, 1,1 ;0,0,0,0;0,0, 1,0)
= (0,0,0,0;0,0,1,1 ;0,0,1,0;0,1,1,0)
= (0,0,1,1 ;0,0, 1,0;0, 1,1,0;0,0,0,0)

Apologies for this switch in variables, but keeping the largest fields primitive element equal to ex is
most conform to literature.
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2.4 A MULTIPLIER FOR COMPOSITE FIELD ELEMENTS
Say we want to multiply two composite field elements A(x) and B(x) from GF«2 4)4):
A(x) = a 3x3 + a2x2 + a1x
B(x) = b3x3 + b2x2 + b1x

GF(24)
bi E GF(24)

+ ao
+ bo

Clj E

Normal polynomial multiplication results in:
C'(x) = A(x)*B(x)
6
5
= a3b3x + (a3b2 + a2b3)x + ... + aobo
= C'6X6 + C'5X5 + C'4X4 + C'3X3 + C'2X2

+ c\x + c'o

As can be seen, this is no longer an element of GF«24)4 because we took "normal"
multiplication, instead of the modulo-P(x) (P(x) being a primitive polynomial)
multiplication, we used for finite fields. So to make a field element out of the result of
the "normal" multiplication, we take it modulo P(x), where P(x) = x4 + x3 + x2 + B is
the primitive polynomial of this field. We can use the fact that taking a modulus and
addition can be interchanged:

(2.1)

with which we can find:

= = > x4 mod P(x) = x3 + x2 + B
x5 mod P(x) = x4 + x3 + Bx
= x2 + Bx + B
x6 mod P(x) = x3 + Bx 2 + Bx
This results in:
C(x)

= [A(x)*B(x)] mod P(x)
=
=

C'(x) mod P(x)
C3X3 + C2X2 + c1x

+ Co

with: Co = co' + B(c/ + c5')
C1 = c1 ' + B(C5' + c6')
C2 = c2 ' + c4 ' + c/ + BC6'
C3 = C3' + C4' + C6'
The c/s are built by adding a number of products of elements from GF(~) together. So
using composite Galois fields, a multiplication of two elements from GF«24)4) == GF(2 16)
can be performed in hardware using only additions and multiplications of elements from
GF(24)!
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This makes a real-time implementation in hardware possible of a multiplier for elements
from GF(2 I6).
Using the same concept and a suitable primitive polynomial (Le. a primitive polynomial
with a large number of coefficients equal to zero) of degree 8, with coefficients from
GF(2 8), it should be possible to construct real-time multipliers for elements from fields up
to GF«28)8) == GF(264)!!
To show that a real-time implementation for a multiplier for elements from the "normal"
extended field GF(264) is extremely costly, look at the following:
Say we want to multiply two elements A(x) and B(x) from GF(264):
A(x) = a 63 x63
B(x) = b 63 x63

+ ~2X62 +
+ b62 x62 +

+ a1x + a o
+ bIx + bo

3;

E

bi

E

GF(2)
GF(2)

cj

E

GF(2)

Normal polynomial multiplication results in:
C'(x) = A(x)*B(x)
= ~3b63x126 + (~3b62
= C'126XI26 + C'125 X125

+ a62b63)x125 + .... + aob o
+ .... + C'2X2 + C'IX + C' 0

The relation between the coefficients of the two input polynomials A(x) and B(x) and the
polynomial C'(x) is quite complex, and therefore difficult to design in hardware.
However, we still have to bring back the "out of bound" coefficients C'64 to C'126 inside
the field by taking them modulo P(x), where P(x) is a primitive polynomial over GF(2) of
degree 64. This really is extremely costly to implement in hardware. Because a multiplier
for elements from GF(2k) requires at least k2 XOR and k2 AND gates. Thus, in the case
of GF(264), a multiplier would require 642 = 4096 XOR and 4096 AND gates, respectively, whereas a multiplier for GF«2 nr), with k=n*m=64 would only need k1. 58 = 729
AND gates and 729 XOR gates.
This, I guess, shows the strength of the concept of composite Galois fields.
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3 REED-SOLOMON CODES
The history of error-control coding began in 1948 with the publication of the famous
paper by Claude Shannon [08]. Shannon showed that with any communication channel a
number C, called the capacity of the channel, is associated, which has the following
significance: Whenever the transmission rate R, required for a communication system, is
less than C, it is possible to design for this channel a communication system using errorcontrol codes, whose probability of output error is as small as desired. Shannon,
however, did not tell us how to construct such codes...
Since then, a lot of codes have been developed. A major breakthrough came when
Hocquenghem (1959) and Bose and Ray-Chaudhuri (1960) found a large class of multip1eerror-correcting codes (the Bose-Chaudhuri-Hocquenghem code or BCH-codes). Also in
1960, Reed and Solomon found a related class of codes (the Reed-Solomon codes or RScodes) for non-binary channels [09]. Even today, new codes based on their ideas are
found. This chapter introduces the new concept of composite fields, developed in the
previous chapter, to Reed-Solomon encoding- and decoding theory.

3.1 BIT-STREAMS AS POLYNOMIALS OVER GF«24t)
Say we have a large stream of bits. Bits can be thought of as being elements from GF(2),
because this field has elements {0,1}. In paragraph 2.2 we saw that four of these bits,
represent an element of GF(24 ), and in paragraph 2.3 we saw that four of these elements
of GF(2 4) make up an element of GF«24t). So in fact we can replace sixteen consecutive
bits by one element of GF«24)4). Thinking of these elements from GF«zt)4) as being
coefficients of a polynomial, we can built a polynomial from them as shown below:
(1,0,1,1 ;0, 1,1, I ;0,0, 1,1; 1,0, 1,1; 1,0,1,0;
( i73 , in , i71 , 170
i63 ,
(

i7

i 6 ,.

;0, 1,1,0)
,
ioo )

,

io

)

{O, 1}

GF(2)
4
iij E GF(2 )
ij E GF«24t)
E

ij E GF«24)4)

The polynomial representation is handy, because for Reed-Solomon codes (RS-codes) we
can build the code polynomial from the information polynomial with the help of a
"generator polynomial" like:
c(x) = i(x)g(x)

(3.1)

What this generator polynomial looks like for Reed-Solomon codes we will see in the next
paragraph.
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3.2 REED-SOLOMON CODES IN GENERAL
The family of so called BCH-codes, make up a major part of the known block-codes.
Reed-Solomon codes are a special kind of non-binary BCH-codes, therefore we look
shortly at the theory of BCH-codes first.
We start with a definition:
The "minimal polynomial" f(x) over GF(q) of an element a i from GF(qrn) is the polynomial over GF(q) of smallest degree for which that a i is a root, Le. f(a i ) = 0. It can be
shown that each field element has only one minimal polynomial over a certain field [03].
For instance, the minimal polynomial over GF(2) of an element all from GF(24 ) can be
shown to be: x4 + x3 + 1. With the help of the table of elements of GF(Z-) in paragraph
2.2 we can verify that all is indeed a root of this polynomial:
(a ll )4 + (a 11 )3
a 44 + a 33
aI5*aI5*aI4

+

aI5*aI5*a3

+

1

=

+ 1=
+ 1 =
+ 1 =

a 14 + a 3
(l ,0,0, 1) + (l ,0,0,0) +(0,0,0,1) =

=0

(Fill in all in the polynomial)
(Working away the brackets)
(Splitting up the powers)
(Using a 15 = 1)
(Writing elements as vectors)
(Performing exclusive or XOR)

For a t-error correcting BeB-code the generator polynomial is a polynomial which has 2t
consecutive roots eri°, eri°+t, ... ,eri°+ 2t-t, (a is the primitive field element) and which is
constructed by taking the least common multiple (LCM) of the minimal polynomials f1(x),
f2 (x), ... ,fr(x) of these roots [04]. Thus:
(3.2)
The a;'s above are elements from GF(qffi), the so called error locator field.
The minimal polynomials ~ we look for are polynomials over GF(q) , Le. their coefficients are elements from a Galois field GF(q). This GF(q) is the so called symbol field,
because when the coefficients of the minimal polynomials are elements from this field, so
are the coefficients of the generator polynomial, and so should be the coefficients of the
information polynomial, which are nothing else than the symbols we want to encode.

In the example above all was an element from the error locator field GF(24). The
minimal polynomial was a polynomial over the symbol field GF(2).
Had we, however, taken the symbol field GF(q) = GF(24), equal to the error-locator field
GF(qffi) = GF(q1) = GF(q) = GF(24) , the minimal polynomial of the field element all
would have been equal to the linear equation x + all. (Actually x - all, but in fields with
characteristic 2, i.e. GF(2ffi), addition and substraction are the same, as we already saw).
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Now we come to the definition of Reed-Solomon codes (RS-codes), where we take m = 1,
resulting in an error locator field GF(ql) = GF(q), equal to the symbol field GF(q):

Reed-Solomon codes are q-ary BCH-codes, with the error locator field equal to the
symbol field.
Because the minimal polynomial over GF(q) of an element 'Y
linear equation

=

ai of the same GF(q) is a

(3.3)
the generator polynomial for a t-error correcting RS-code can be found by combination of
equations (3.2) and (3.3):

(3.4)

In most applications jo is taken equal to 0 or 1, but sometimes components can be saved
in hardware implementations, using a different jo.

A t-error correcting (n,k) RS-code with symbols from GF(q) has the following parameters
[03] :
Block length :
Number of parity check digits:
Minimum distance:

n
= qm - I
n - k = 2t
dmin = 2t + 1

=

qI -1

=

q- I

Looking at the minimum distance of the RS-code, we see that it meets the Singleton
bound dmin :5 2t + 1 with equality. Therefore RS-codes are said to be Maximum Distance
Separable codes (MDS-codes). This means that d = n - k + 1.
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3.3 TIME DOMAIN ENCODING
In equation (3.1) we built the code polynomial as:
c(x) = i(x)g(x)
This, however, produces a non-systematic code. In a systematic code the code polynomial
(a polynomial of n coefficients) is a composition of the unchanged information polynomial
(a polynomial of k < n coefficients) and some (n - k = 2t) parity symbols. Systematic
codes have a number of advantages, like ease of implementation. The systematic and the
non-systematic coding rule produce the same set of code polynomials, only the mapping
between i(x) and c(x) is different.
Equation (3.1) gives a code polynomial in which we cannot find back our information
polynomial in an unchanged form. Therefore the code polynomial of that equation is a
non-systematic one. To produce systematic code, however, is not very complicated.
First we notice from (3.1) that any code polynomial must be divisible by g(x), i.e.:
c(x) mod g(x)

=

i(x)g(x) mod g(x) == 0

(3.5)

For systematic code the information polynomial should be an unchanged part of the code
polynomial. Therefore we take:
c(x)

=

xn-ki(x) + t(x)

(3.6)

The term xn-k represents nothing more than a shift of n-k positions to the left.
Now applying equation (3.5) and using (2.1) we can find the t(x) in equation (3.6):
c(x) mod g(x)

=

[xn-ki(x)+t(x)] mod g(x)

=

[xn-ki(x)] mod g(x) + [t(x)] mod g(x) == 0

When we take deg[t(x)] smaller than the deg[g(x)]
t(x)

= - [xn-ki(x)]

mod g(x)

, deg [t(x)]

=

(n - k), this equation is met when:

< (n-k)

For extension fields of GF(2), because addition and substraction are equal, this results in:
c(x) = xn-ki(x) +

[xn-~(x)]

mod g(x)

(3.7)

When we analyze equation (3.7), we see that the code polynomial is constructed using a
shifted (i.e. unchanged) version of i(x) (again, multiplying by xn-k is equal to shifting n-k
symbols). Therefore equation (3.7) produces a systematic code. In the "space" created by
the shift, the parity symbols, being the shifted information polynomial i(x) modulo the
generator polynomial g(x), are inserted.
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For a I-error correcting (6,4) RS-code, the information polynomial and code polynomial
could for example read:
i(x) = c/x4 + a 2 x3 + a 5 x2 + a 4x
c(x) = a 7 x6 + a 2 x5 + a 5 x4 + a 4x3
with

a

14

+ a9
+ a 9x2 + a 14x + a 6 ,

and a 6 being the parity symbols.

Implementing a decoder in software is pretty straight forward, given equation (3.7). For
implementation in hardware the following circuit can be recommended [03]:

Figure 3.1: Encoding circuit for "a" Reed-Solomon code
In this figure the devices marked with a "+" are adders that add two elements from
GF(q), which means in case of an extension field of GF(2) a bank of parallel XOR-gates.
The devices marked with an "x" and a "g/' are multipliers that multiply the element from
GF(q) at the input, with a fixed gj, also an element from GF(q). These g/s are the
coefficients of the generator polynomial for the code:

The boxes are storage devices that are capable of storing one field element bj from GF(q).
In case of a code with field of operation equal to GF(2~ with k > 1, the connection lines
in this circuit are not "normal" I-bit connections, but k-bit links that can transport an
element from GF(2~. Hence, for an encoder over GF«24)4), this is actually a 4*4= 16-bit
bus.
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3.4 TIME DOMAIN DECODING
Say the transmitted code polynomial c(x) is received as a polynomial r(x), being the code
polynomial with some error polynomial e(x) added to it:
r(x)

= c(x)

+ e(x)

(3.8)

The generator polynomial g(x) used at the encoder is known at the decoder. Hence, also
the roots ai, a 2 , ••• , a 2l (taking jo equal to 1 in equation (3.4) ) of this generator
polynomial are known. We know that for any of these roots c(d) = 0, since every code
word is a multiple of g(x). Therefore:
r(a i )

= c(a i )

+ e(a i )

= e(a i ),

which means that the result of the evaluation of the received polynomial with the 2t roots
of the generator polynomial only depends on the error, not on the transmitted code
polynomial. Because these evaluations give information about the channel error, we
define the 2t syndromes:
i = 1,2, ... ,2t

(3.9)

The error polynomial looks like:
e(x)

= en-lx n - 1

+

en-Z'
~rn-2 +

where, for a correctable error, at most t coefficients should be non-zero. Suppose that v
(0 S v s t) errors actually occur at unknown locations ii, i2 , ••• , iv • Then:
(3.10)

Now, to be able to recover the transmitted information word c(x) from the received word
r(x), we need to determine the error locations ill and the error magnitudes

ei ,

Evaluating the received polynomial r(x) at x =a to obtain Sl gives:

Because this is not a very handy notation, we define the error magnitudes Y1
Y/=e.

"

I = 1, ... ,v

(3.11)

and the error-location numbers XI
I = 1, ... ,v

(3.12)

18

With this notation we have the following set of 2t simultaneous equations, usually called
the "key equations" in the v ~ t unknown error locations Xi and the v ~ t unknown error
magnitudes Yi :

S3

=
=
=

Y 1X 1
Y 1X 12
Y 1X 13

+ Y 2X 2
+ Y2X 22
+ Y 2X/

+ ... + YyXy
+ ... + YyX}
+ .. , + YyX}

S2t

-- Y 1X 12t

+ Y2X 22t

+ ... + YyX/

SI
S2

(3.13)

So we have 2t equations with 2v ~ 2t unknowns Xi and Yj from which both positions and
magnitudes of the errors can be deducted and corrected. The equations, however, are
non-linear, and therefore we cannot solve them in a straightforward way.
We define the error locator polynomial A(x) to be the polynomial with zeros at the
inverse error locations XI-1 for I = 1, 2, ... , v :
A (x) = A vx v + A v-I x v - 1 +

+

•••

= (1 - XXI) (l - xX2 )

...

A2x 2 + A I x + 1
(1 - xXV>

(3.14)

If we would know this error locator polynomial, we could find its roots and solving the
set of key equations (3.13) would be a whole lot easier. To find A(x), we first define the
syndrome polynomial:
21

S(x)

21

= L SjX j = L
j=1

j=1

v

L

y;xfx

j

(3.15)

;=1

Now it can be shown [04] that the error evaluator polynomial {}(x) defined as:
{} (x) = S(x) A(x) mod X21

has a degree

<

(3.16)

t. Equation (3.16) is equal to

S(x)A(x) = {} (x) + X2I V(X)
~

S(x)A(x) - X2I V(X) = {} (x)
S(x)A(x) + X2I W(X) = {} (x)

where w(x)

=

(3.17)

-v(x) is some polynomial that satisfies the equation.

The next step is to find polynomials A(x) and {}(x) that satisfy equation (3.17). There are
several ones that solve (3.17), but it can be shown that only the solution with A(x) of
lowest degree is the right one [04]. Knowing this and the fact that the degree of {}(x) is
lower than t, we can find A(x) and {}(x) with the help of the extended Euclidean algorithm
for polynomials [05], PO], or the Massey-Berlekamp algorithm [03].
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The extended Euclidean algorithm gives us the greatest common divisor (GCD) r(x) of
two known polynomials a(x) and b(x), and minimum degree solutions for f(x) and g(x),
such that:
a(x)f(x) + b (x)g(x) = r(x)

(3.18)

Comparing equations (3.17) and (3.18) we can apply this algorithm with a(x) = x2t and
b(x) = S(x), and are able to find their GCD (}(x) and a polynomial of minimal degree
A(x) that satisfies the equation!
Once we have got the A(x), we only have to find its roots to know the inverse locations
of the errors Xj- l (and thus the error locations XJ. This can be done fastest by just trying
all the possible values of x, being all the possible positions at which an error could have
occurred. This procedure is known as Chien search [03].
Now the only thing we still have to find are the error values Yj • Looking closer at the
error evaluator polynomial, we see from (3.14), (3.15) and (3.16):
v

{} (x)

=

xL

y;xJI (1

i=l

- XIX)

(3.19)

I.-i

from which the error values can be computed with the Forney algorithm as:
y=

I

{} (XI-I)

II (1

- X}(I- 1)

(3.20)

i.-I

In this, A'(x) is the first derivative of the error locator polynomial A(x).
With the error locations Xi obtained with the help of the Chien search and the error
position given by (3.20), we can correct the received polynomial to find the transmitted
information polynomial. This ends the decoding process.
Because I expected that when I would start implementing a decoder in the Digital Signal
Processor I would need to have some examples of how a certain input signal at the source
of the system would be encoded and afterwards decoded again, I wrote two C-programs,
one for time domain coding explained above and one for frequency domain decoding,
which I did not explain here because we decided to use the time domain coding scheme.
With both programs it is possible to trace the information signal through the entire
encoding/decoding process. This can be done for standard RS-codes and for the timedomain version also for shortened RS-codes. Furthermore, because we did not known at
that time which kind of code we would use, the program was designed to work for any terror correcting (n,k) RS-code over any GF(2k) as long as k ~ 32. To make the program
work also with composite fields, I developed a library of composite field functions.
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3.5 SHORTENED REED-SOLOMON CODES
As we saw in the previous paragraph, using Reed-Solomon codes it is possible to correct
a limited number of symbols (i.e. elements of a certain GF(2k) ) in which an error
occurred during transmission. But in paragraph 3.1 we saw that a symbol from GF(2 m)
actually is a row of m consecutive bits. Therefore RS-codes are specially capable of
correcting a number of consecutive bits in which an error occurred. Such errors are called
burst-errors and can, for instance, be caused by lightning during transmission to and from
a satellite, or by magnetic defects on discs or tapes.
To be able to correct long bursts, it is necessary that the symbols for the code are taken
from a large Galois field, which means that the q of the used field GF(q) is large.
Because the architecture of most micro-processors nowadays is l6-bit based, a q of 2 16 =
65536 would be best. This imposes a problem however:
We saw that the block-length of an RS-code is equal to n = q - 1 symbols. For a code
with symbols from GF((24)4) == GF(2 16) this would mean that n = 216 - 1 = 65535
symbols. Because one symbol is 16 bits = 2 bytes long, to store one code polynomial we
would need a memory of 2 * 64 kbyte = 128 kbyte! Obviously, this is quite a lot of data
to be stored. Furthermore, real-time implementations become virtually impossible with
blocks this long, because a delay of at least one block cannot be avoided. That is why
shortened RS-codes are often used when using large fields of operation. In the following
the concept of so called shortened RS-codes is explained, by means of an example:
When we have a systematic encoder and we transmit, for instance, the information word

i

= (0,0,0,0,0,0, .. ,.. ,.. ,.. ,..)

the encoded word would look like

c = (0,0,0,0,0,0, .. ,.. ,.. ,.. ,.. ,.. ,.. ,.. )
Now when we would know at the receiver that the first 6 symbols transmitted were zeros,
we would know that the received vector r should be:
r

= (0,0,0,0,0,0, .. ,.. ,.. ,.. ,.. ,.. ,.. ,..)

Decoding this vector we can be sure that possible errors did not occur in the first 6
symbols. But because the values of the syndromes used for the decoding only depend on
the errors that occurred, these zero's play no role at all during decoding, because they do
not carry any information.
This is the concept of shortened code. A (usually large) number of coefficients of the
code polynomial are considered equal to zero. The other coefficients (which carry the
actual information) are being sent. This makes codes with symbols from large fields with
small block lengths possible.
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3.6 THE UNDETECTED ERROR PROBABILITY FOR
(SHORTENED) RS-CODES OVER GF(q)
In equation (3.8) we saw that a transmitted polynomial (which is one of the possible code
polynomials) is received at the receiver with an error polynomial added to it. When this
error polynomial is equal to the zero polynomial, the received polynomial is equal to the
transmitted polynomial, so r(x) = c(x).
When we have an (n,k) code, the transmitted polynomial consists of n symbols. When the
probability that one of these symbols is received incorrectly (Le. the symbol error
probability) is p.. the probability that a code word is received without errors is obviously:

There is also a probability that the error polynomial has such a structure that it turns the
transmitted polynomial in a polynomial that is also a code polynomial, but not the one
that was transmitted, so r(x) = c(x) + e(x) = c'(x) ~ c(x). This is called the undetected

error probability.
Because both normal and shortened RS-codes are linear codes, one code word can only
turn into another code word when the error pattern added to it is also a non-zero code
word. For an (n,k) RS-code over GF(q) there are qk - 1 possible non-zero code words and
qR - 1 possible non-zero error words. Therefore the undetected error probability can never
exceed (qk - l)/(qn - 1) = qk-n, a limit which can only be reached when Ps = 1.
In the following we will derive an exact expression for the undetected error probability of
RS-codes (normal and shortened).
First let us take a look at the Venn diagram shown below:

Figure 3.2: Venn diagram of collection W of all possible words of length n

22

In Figure 3.2 we see a Venn-diagram of the collections W of all the possible words of n
symbols. For a specific (n,k) RS-code over GF(q), qk of the qn possible words are actual
code words of this code. They are represented in the figure as black dots. The remaining
qn _ qk non-code words are represented as white dots. Now a t-error correcting code is
capable of correcting all words that differ in no more than t places from a code word.
These "correctable areas" are schematically represented in the figure as circles with
radius t around the code words. The distance of the code is at least dmin , so the black dots
are at least located at a distance d min from each other. For RS-codes no two spheres
overlap, because dmin = n - k + 1 = 2t + 1.
Say the transmitter transmits the zero code word Co (i.e. that code word where all the
symbols are zeros). We are looking for the probability that the error polynomial changes
the transmitted code word into another code word, given the symbol error probability P•.
Because (shortened) RS-codes are linear codes, actually we are looking for the probability
that the error word is a code word, given P.!
To solve the problem we make use of the fact that RS-codes are so called Maximum
Distance Separable codes (MDS-codes), which means that the Singleton Bound is met
with equality, i.e. dmin = n - k + 1. For an MDS-code defined on GF(q) having block
length n and minimum distance d the weight distribution {Ai} (i.e. the number of code
words with i symbols unequal to zero) is given by [11]:
(3.21)

With this we can calculate the fraction of all the possible words differing in i positions
from the zero code word that are in fact code words:

# possible codewords differing in i positionsfrom the zero -word
# possible words differing in i positionsfrom the zero-word

=

----

(3.22)

[ ; ] (q-l)'
Now when the symbol error probability is equal to P., the probability that an error word
occurs that is erroneous in exactly i positions is given by:
(3.23)

The probability of an undetected error can then be easily found from (3.21), (3.22) and
(3.23) to be:
(3.24)

23
Combination of (3.21) and (3.24) and using the fact that A.;. = 0 for i < d, gives us the
equation for the undetected error probability for both normal and shortened (n,k) RScodes over GF(q) with distance d = n - k + 1, given the symbol error probability Ps:
Pu(E)

=

t [~]
i=d

(q-1)I-iI: (-l)i [

l

i=O

i~ 1 ] qi-d-i p;(l-p )n-i

(3.25)

]

When we look at the code we used in the project, being a (10,8) shortened RS-code over
GF((2 4)4) == GF(2 16) == GF(65536) with distance 3, we can plot the following figure:
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Figure 3.3: Undetected error probability versus the symbol error probability for the code
used in the project.
We see that at Ps = 1 the undetected error probability reaches the maximum value of
(qk _ l)/(qR - 1) = (65536 8 - 1)/(6553610 - 1) = 2.33 10-10 we saw on the previous page.
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4 THE CeBit DEMONSTRATION MODEL
The idea of using composite Galois fields for implementing a multiplier led to the
development of a hardware Galois Field multiplier for elements from GF«24)4) ==
GF(2 16). Once this was finished the thought came up to build a Reed-Solomon
encoder/decoder system in which the multiplier would playa key role, and show it on the
CeBit-94 exhibition in Hannover. In fact this is a hardware version of the software codec
I developed, described in paragraph 3.4, for a specific code. In this chapter a quick
overview of the different parts of the RS-codec project will be given.

4.1 AN OVERVIEW OF THE DIFFERENT SYSTEM PARTS
The entire system basically looks as follows:

CD-Player
c=::=l .:::::::::::::=

----------1

00

I
Hardware
Encoder

1-----1

Channel

1

1

I

1

1I
I
I--""T
---t

Software
Decoder

I

I,

I
1

1

1

I

'----

1

-v
-~

Figure 4.1: Global look at the entire demonstration model
The idea was to build a system with a hardware based encoder and a software based
decoder (using a Digital Signal Processor). In many applications it is quite useful to be
able to change the coding scheme, without having to install totally new hardware. For
instance, it makes no sense to use for a 30 GHz satellite-link a code that is capable of
correcting a lot of errors, just because we know that two months a year the rain period
makes this necessary. Better would be to use a code that is capable of correcting only a
few (but enough) errors and reprogram the system once the rain season starts. Another
example of the disadvantages of a non-reprogrammabie coding system is the Galileo
spacecraft's flight to Jupiter. Since the spacecraft's high gain antenna does not unfold, the
data transmission rate has to be lowered to about 100 bits/so It would be very useful to be
able to change the entire coding scheme to match the changed conditions [12]. However,
due to the fact that the encoding is mainly done in hardware, the possibilities for changes
are rather limited. This shows that the development of a reprogrammabIe, DSP-based
encoder/decoder, that is reasonably fast (i.e. > 1 Mbits/s) is a promising approach.
At the Institute we only have one DSP-programming environment, so it was decided to
implement the decoder in a DSP. The encoder and the channel would be hardware based.
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The code chosen is a (10,8) shortened Reed-Solomon code capable of correcting 1 error
per blockl . Because we wanted to use the hardware multiplier, the underlying field for
the code was chosen to be GF«24)4), using the generator polynomials given in chapter 2.
This means that the block length of the code is 10 symbols of each 16 bit, so 160 bits in
total. The data rate of the signal supplied by the CD-player is 1.41 Mbits/s, which makes
the data rate on the channell.71 Mbits/s (= 10/8 * 1.41 Mbits/s).
Figure 4.2 shows a closer view at Figure
4.1. Here all the different parts can be
seen as blocks. All the signals in the
entire system from CD-player to DI Aconverter are digital. In the following all
the system parts will be described briefly.
The CD-player is the source of the
information. We used a Philips CD 614,
which has the advantage that it has got a
digital output port, which outputs data
according to the SonylPhilips format.
The signal recovery transforms the
biphase data coming from the CD into a
TTL compatible signal. The heart of it is
formed by a special IC from Yamaha, the
YM3623B, that decodes the CD-signal
and strips the pure data signal from the
control signals that accompany it. Some
of the control signals are used in the rest
of the system (for example the bit clock).
The bit clock has a frequency of 2.82
MHz.
The so called memory block basically has
got three functions:
1. Serial to parallel conversion;
2. Speeding up the data with a factor
10/8, to enable the encoder to fit in
parity symbols;
3. Generating several control signals.

CD-Player
I

Serial data
coded

Signal recovery
I

Serial data

Memory block
I

Parallel data
16 bit

Encoder
I

Coded data
parallel

Par.-ser.

converter
I

Serial data

Channel
I

Distorted signal

Decoder
I

Serial decoded
data

DfA-converter

Figure 4.2: The complete system

1 Here a block is a code word sent by the encoder and possibly corrupted with an error. It is equal to
the r(x) of equation (3.8).
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The encoder is based on Figure 3.1. It generates a (10,8) systematic shortened RS-code
over GF((2 4)4), capable of correcting one symbol error (i.e. a burst error of up to 16
bits). The generator polynomial we used to produce this code is:
g(x) = (x + 1)(x + a) = x2 + (1 + a)x + a
This particular polynomial results in a circuit with the lowest possible complexity, as was
shown with the help of a computer program written by C.Paar and myself. For more
details on encoder, memory block and signal recovery circuit, I refer to [13].
The parallel to serial converter converts the signal coming from the encoder into a serial
signal, that can be handled by the channel and the decoder. The main part is a 74LS674.
RS-codes in general (and therefore the code we used too) are extremely suited for
correcting burst errors. Actually RS-codes can only correct symbol errors. This means in
the case of our one symbol error correcting code, that a burst error should fall within one
symbol (= 16 bits). An error (even if it is only 2 bits long) that falls into two symbols
can not be corrected.

correctable error
--'----------"---'---'----------"---'------'

uncorrectable error

Figure 4.3: Why burst errors should fall into symbols
Of course, this limits the possible applications of the code. You just cannot tell a
lightning blast to wait until it falls into a symbol. Why then did we use the code? Using
"interleaving" it is possible to correct any burst error of 16-bits, even burst error of 160
bits, as long as bursts are far apart. The principle of interleaving is explained in the next
figure.

New Block 1

New Block 2

Figure 4.4: The principle of interleaving for a (lO,k) code

New Block 3
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Before transmission, 10 blocks of 10 symbols are mixed to get 10 new blocks, each
containing I symbol from every original block. It can be seen from Figure 4.4 that a
burst error that would normally have destroyed three symbols in block I and therefore
would have made this block uncorrectable, now destroys three single symbols in three
different blocks and can therefore still be corrected. The only requirement that should be
fulfilled is that there is not a second burst error in the "super-block" of 10 blocks,
because this would in many cases cause more than one symbol error inside a block and
therefore the destruction of that block. However, as the word already says, burst errors
have a bursty nature, and therefore this requirement is usually met.
We did not use interleaving in the project and just developed a channel that corrupts
symbols. This way burst errors never fall into more than one symbol, sparing ourselves
the building of an interleaving step after encoding and a disinterleaving step before
decoding. When using the system with a real channel, an interleaving/disinterleaving
block should be added. However, adding the interleaving function to the system should
not impose great difficulties.
As said, the channel corrupts symbols. It has an adjustable symbol error rate. For more
details the reader is referred to [14].
The decoder was the part of the project I was responsible for. In the next paragraph and
in Chapter 7 I will elaborate on it.
The decoded signal that leaves the decoder is a serial digital signal. To make it audible, it
has to be converted from serial to 16-bit parallel and D/A-converted. All this is done by
the ADl866N, a 2 channel l6-bit audio D/A converter with serial inputs, made by
Analog Devices. Apart from this the D/A-converter block demultiplexes the input signal
to two signals, one for the left speaker, the other for the right one.
Because active speakers are being used, there is no need for an amplifier block.
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4.2 THE DECODER
The decoder has two major parts. One is the TMS320C25 Digital Signal Processor made
by Texas Instruments, the other is the external Galois field multiplier. A block diagram of
the entire decoder is given in the next figure. The dashed lines in this figure correspond
to the ones in Figure 4.1.
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Figure 4.5: Block diagram of the decoder
The decoder works on three blocks of data (Le. three received code words) at the same
time. While one block is being read in, the block previously read in is being decoded
(syndrome calculation and calculation of error position/error value), and the block read in
before, which was already decoded, is being sent out. This last block only has 8 symbols
(= 128 bits) left, because the parity symbols are no longer attached to it.
It seems this way that three programs are working at the same time. The fact that both

serial input and serial output are performed independent from the actual program (the
decoding algorithm) and the use of interrupts makes this possible.
Via the "Serial Data in" line in Figure 4.5 the received code words are read into the
"serial data in buffer" of the DSP. Of course, it is very important for the decoding
process that the DSP knows where each new block starts. This is told to it by the "Block
Timing" signal, which goes high for one clock cycle, just before the start of a new block.
The DSP only uses this signal at initialization. After this it keeps on counting series of
160 bits, and knows this way where each new block starts. When synchronisation is lost,
this is immediately detected by the DSP-program and reinitialization is started. One block
of data is lost because of the DSP having to reinitialize.
Because we use a (l0,8) systematic code, the encoder attaches 2 parity symbols to each
set of 8 original symbols coming from the CD-player. Thus the received code word is the
information word of 8 symbols with the 2 parity symbols attached to it.
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To keep up with the CD-player, on the channel and at the input of the decoder we make
use of a clock that is exactly 10/8 times the original CD-players clock. This "10/8 Clock"
is generated at the encoder and is, just like the "Block Timing" signal, sent to the channel
and the decoder with a loose line, which circumvents clock recovery and synchronisation
problems at the decoder. With the help of this" 10/8 Clock" the serial data is clocked in.
When 16-bits have been read into the DSP buffer, its contents is dumped from the "serial
data in buffer" into a special "serial input register" and a receive-interrupt is generated.
This interrupt holds the main decoding program for a moment and the DSP jumps to the
receive-interrupt handling routine to move the contents of the "serial input register" into
the DSP memory. Then control is given back to the main program. How the interrupt
handling routine can keep track of where to put the data can be read in chapter 7; how it
works in general in chapter 6.
The fact that all registers and memory locations of the DSP are 16-bit long was one of the
reasons why a code over a field GF(2 16) was used.

Once an entire block is read into the DSP-memory it can be decoded. Because we use a
one error-correcting code, the decoding algorithms are not so complicated as in the
general case, because we do not have to use the Euclidean and Forney algorithms as can
be seen from the following.
When taking jo = 0 in the formula for the RS-generator polynomial in (3.4) for a t = 1
error correcting code, the generator polynomial g(x) is equal to:
g(x)

+ a~(x +

= (x

a l)

= (x

+

l)(x + a)

This implies that the two syndromes that have to be calculated are, using (3.13):
o

So = Y1X1 = Y1

=Y

= ~X/ =

= YX

SI

Y1X1

This is very interesting!! When we have calculated So we already know the value Y of the
error. Furthermore, when this value is zero, we know that no error occurred.
According to (3.9) So is equal to:
So = ,(a

O
)

= '(1) = '9

+

'8

+ ... +

'I + '0

(4.1)

In this the" + "-signs stand for XOR operations. The ri in (4.1) are the 10 symbols that
where put into memory at the read-in part describe before. When they are situated one
after the other, i.e. in table-form, which is indeed the case as can be seen in chapter 6,
the DSP can make use of an addressing-mode called "indexed addressing", which makes
it possible to calculate So very fast (approximately 4 microseconds).
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When So is non-zero an error did occur, and we need S\ to be able to find the position of
this error Xl' According to (3.9) S\ is equal to:
(4.2)
This gives a problem. We have a hardware multiplier at our disposal, not a hardware
power calculator. A straight forward implementation of (4.2) would involve 35 multiplications and 9 additions. However, using Homer's rule [04] we can bring this back to 9
multiplications and 9 additions:

(4.3)
To find X we have to divide S\ by Y = So. Again, using a hardware multiplier, this is
not easy to do. There are algorithms that make it possible to divide in a finite field using
a multiplier, but by far the fastest method for our specific case is using a modified
version of the Chien search. Because we are using a code of length 10, X can only have
one out of ten possible values, or better, one out of eight, because it makes no sense to
correct an erroneous parity symbol. So we need 8 multiplications at maximum to find the
X that satisfies (4.2), given S\ and Y.
So now we have the value and the position of the error and we can correct it, using one
XOR instruction. The corrected information word can now be sent out.
When more than one symbol would have been disturbed on the channel, none of the 8
possible X's will satisfy equation (4.2). When this is the case, nothing will be corrected
and an erroneous block is outputted by the DSP. This should not happen too often, which
implies that the code used is only a good code when the symbol error probability is quite
low, or the average distance between symbol errors is much larger than a block length.
The time it takes to transmit a block of 160 bits over the channel at a rate of 1.76 Mbits/s
is 91 micro seconds. Within this time the DSP has to perform three operations, as said
before, being:
- handling the input of a block of symbols (takes 27 its);
- handling the output of a block of symbols (takes 18 its);
- decoding a block of symbols (takes 23 its).
This makes a total of 68 itS, which is 75 % of the available 91 itS.
At this time a remark should be made: The use of a one-error correcting code simplifies
things a lot, as can be seen above. There is no need for time-consuming algorithms like
the Euclidean algorithm and the Forney algorithm, that need, apart from many Galois
field multiplications, a number of Galois field divisions. Still, already with this fast
codable code, we use 75 % (!) of the available time for I/O and decoding, as is shown
below.
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Of course the decoder causes a delay of a number of symbols. This is caused by the fact
that symbols that were read in have to "wait" in the memory of the DSP to be decoded
and sent out again. This causes a delay of 2 blocks equal to 0.18 milliseconds. When
using interleaving, which is necessary to make the code reliable, a delay of another 10
blocks is introduced, adding up to a total of 12 blocks or 1.1 milliseconds.
Putting together the characteristics mentioned above of the decoder built, we are able to
compare it with some other DSP-based time-domain RS-decoders. It should be mentioned
that the available literature on DSP-based RS-decoders seems to be rather limited.
Although I conducted searches in a several data bases I was only able to locate two
articles [15] [16].
Paar/Hooijen (1993):
Used DSP-type

: Texas Instruments' TMS320C25; 100 ns instruction cycle

Code used

: (10,8) RS-code with 16-bit symbols
Capable of correcting 1 16-bit symbol per 160 bits
Average: 1 16-bit symbol per 160 bits

Maximal data rate

: 1.89 Mbits/s

Introduced delay

: 320 bits = 0.18 ms (1.1 ms using interleaving)

Used decoding algorithm : Direct solution method

Todoroki/Miura [151 (990):
Used DSP-type

: NEC's

Code used

: (255,223) RS-code with 8-bit symbols

~PD77220

; 122 ns instruction cycle

Capable of correcting 16 8-bit symbols per 2040 bits
Average: 1 8-bit symbol per 128 bits
Maximal data rate

: 0.275 Mbits/s

Introduced delay

: 4000 bits = 14.5 ms

Used decoding algorithm : Euclid
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Yucel et all. [16] (1989):
Used nSP-type

: Texas Instruments' TMS32010 ; 200 ns instruction cycle

Code used

: (15,k) RS-code with 4-bit symbols
Capable of correcting 1...5 symbols per 60 bits
Average: 1 4-bit symbol per 60... 12 bits

Maximal data rate

: 0.080 Mbits/s...0.016 Mbits/s

Introduced delay

: 72 bits

= 0.9 ms

... 70 bits

= 4.4 ms

Used decoding algorithm: Berlekamp-Massey

Of course it is very hard to make a fair comparison between the systems presented above.
The fact, for instance, that the instruction cycle of the TMS32010 (200 ns) used in [16] is
twice the instruction cycle of the TMS320C25 used for the proposed decoder, makes the
former already twice as slow. Still it is clear to see that there is an up-going line in the
possibilities with a nSP-based RS-decoder and that dedicated hardware multipliers open
the gates for 16 bit nSP-based decoders.
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4.3 THE GALOIS FIELD MULTIPLIER
In most applications where programmable Galois field operations are needed, look-up
tables stored in ROM are used. The look-up tables consist of a log and an antilog table,
which means that for a code over GF(2k) 2*2k memory locations are needed. Because for
larger fields the number of field elements gets extremely large and are therefore hard to
store in memory, fields used are rarely larger than GF(28), which contains 256 elements
and therefore needs 2 * 256 = 512 memory locations to be stored.
When working throughout the decoding process with Galois field elements in their vector
representation, no matter how large this field used is, addition will always be comparably
simple, because in fields with characteristic 2 adding two field elements is equal to XORing them. Multiplication, however, will become a problem more and more as the field
size increases. The introduction of Composite Galois field theory by C.Paar into the
development of Galois field multipliers [06], however, opened the gates to multipliers for
elements of fields up to GF(264 ).
The actual multiplier fits into a Xilinx FPGA (Field Programmable Gate Array) chip, for
which the Institute has got a programming environment. It was programmed according to
the theory given in paragraph 2.4. The resulting multiplier is capable of multiplying two
field elements within 80 ns! By changing the EPROM that programs the FPGA at power
up, the entire multiplier can be changed. Therefore, using a bank of EPROM's, the
multiplier is also reprogrammable, be it to a certain degree. For more information on
how the Galois field multiplier was implemented in the Xilinx chip, the reader is referred
to [17].
Around this FPGA chip some
developed and built by P.Even
make it possible to connect it to
the coprocessor environment can

interfacing hardware was needed. This hardware was
and a number of adjustments were made by myself to
the nSP-program development environment. More about
be found in [18].
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4.4 COMPARISON OF MULTIPLICATION SPEEDS
To show the power of the hardware multiplier and the DSP, the average time used for a
multiplication of two elements from GF(2 16) on the multiplier and the DSP was compared
with the time needed for the same job by software running at various computers present
at the Institute. The times for the hardware coprocessor and the DSP were measured
using a scope. For the software to run on the computers three programs were possible:
Maple, a public domain program for symbolic calculations; Simath, a public domain
program of the university of Saarbriicken mainly used for algebraic numbers theory; A
special purpose program for Galois field operations developed at the Institute. However,
the choice for which software to use was quite easy: Simath could not be used for fields
larger than GF(2 14); On the same computer Maple needed 2.6 10-3 seconds where our
special purpose program needed only 4.8 10-6 • Therefore in the next comparison
"Software" means our special purpose Galois field program.
Hardware: Hardware Coprocessor
DSP (indexed)
DSP (single)
Software:

RS6000/580
66MHz 80486DX2
RS6000/340
RS60001220

80 ns
900 ns
1.1 1J.S

4.81J.s
6.1 1J.S
7.01J.s
8.61J.s

The reason why the DSP more than 10 times as much time as the coprocessor, is that
before the actual multiplication data has to be moved from memory to the coprocessor
buffers and back. Because each DSP-instruction takes about 100 ns, it is clear why it
needs 10 times as much time for the entire multiplication. There is a difference in the
time used for the multiplication of two elements that were already in the DSP-memory,
which makes (faster) indexed addressing possible, and two single numbers. The overhead
is caused by some extra accumulator instructions that are necessary in the case of two
single numbers.

35

5 THE TMS320C25 DIGITAL SIGNAL PROCESSOR
As said in one of the previous chapters, the advantage of using a Digital Signal Processor
(= DSP)-based decoder over hardware implementation is the ability to reprogram the

decoder. So, using a DSP implies a certain degree of flexibility in the code parameters.
To be able to program a DSP it is necessary to have some knowledge about it. In this
chapter a short general description of some of the TMS320C25's features (i.e. the DSP
used for the RS-decoder) are given. An extended TMS320C25 manual that I wrote is
available at the Institute. In it I tried to give a general overview of the TMS320C25 and
its basic possibilities, something I found lacking in the TI Users Manual [19].

5.1 INTRODUCTION
In 1983 the first Digital Signal Processor (DSP) in the TMS320 family was introduced by
Texas Instruments. Since that time, the TMS320 family has established itself as the
industry standard for digital signal processing. As can be seen from Figure 5.1, the
TMS320 family has now expanded into five generations of processors, denoted as:
TMS320Clx, TMS320C2x, TMS320C3x, TMS320C4x and TMS320C5x.
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Figure 5.1: TMS320 family device evolution
Although these devices can be basically divided into two groups, being fixed point
processors (TMS320Clx, TMS320C2x and TMS320C5x) and floating point processors
(TMS320C3x and TMS320C4x), many features are common among these generations.
Software compatibility is maintained throughout the family. Each processor has software
and hardware development tools to facilitate rapid design (see chapter 6).
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5.2 TMS320C25 ARCIllTECTURE
Because the power of the TMS320C25 is contained inside it, let us analyze some of its
parts a little closer, by looking at a block diagram of the TMS320C25.
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Busses: The first thing that can be seen from Figure 5.2 is that the TMS320C25 has a so
called Harvard-type of architecture, that is, there are separate 16-bit data- and programm
busses. The data bus is used to carry data, coming from or going to data memory. The
program bus is used to carry instruction code coming from program memory. Although
we have a 40MHz ( -- > 1/25 ns) processor, AN INSTRUCTION CYCLE IS TYPICALLY 100 NS.
ALU: The heart of the TMS320C25, as in any other processor, is the Arithmetic Logic
Unit (ALU - > right bottom of Figure 5.2), which can perform two's complement
arithmetic using the 32-bit accumulator. This accumulator is divided in a high-order word
(ACCH -> bits 31 through 16) and a low-order word (ACCL -> bits 15 through 0).
Around the ALU a number of shifters can be found, which are capable of shifting inputs
to the ALU and outputs from the ALU a number of bits to the left.
Multiplier: Above the ALU a multiplier is located, capable of performing 16 x 16 bit
two's complement multiplication with a 32-bit result in a single instruction cycle.
Auxiliary Registers: To the left of the ALU there is a block of 8 l6-bit Auxiliary
Registers (ARO-AR7). These registers can be used for addressing data memory (called
indirect addressing) and temporary variable storage. They can also be used for integer
arithmetic processing through the Auxiliary Register Arithmetic Unit (ARAU). The
Auxiliary Register Pointer (ARP) contains the current Auxiliary Register used for indirect
addressing. The Auxiliary Register Pointer Buffer (ARB) contains the previous ARP.
Memory spaces: Because there are 16 address lines going to the outside world (i.e. offchip memory), 65536 memory addresses can be specified. But because the DSP has
separate data and program memory, there must be a way to specify whether an address
sent to the outside world is intended for the data memory or program memory. This is
done by means of the extra - PS (Program Space) and - DS (Data Space) signals. Here
the - sign stands for a low active signal. A third space, the I/O space, can be addressed
with the - IS (I/O Space) signal. This last space will be dealt with later when dealing
with parallel I/O. Program and data memory are typically not located on the processor
chip (off-chip). There are however three small blocks of RAM located on-chip: BO, B1
and B2 situated under the Auxiliary Registers in the block diagram of Figure 5.2 and a
block of ROM/EPROM located in the upper part of Figure 5.2.
Data pages: The 65536 addresses in data memory are grouped together in 512 pages,
each containing 128 words of memory (one word is 16 bit, i.e. 2 byte). Because large
parts of the time programs work within one and the same page of data memory, it makes
no sense to specify the entire data memory address each time; only the last few bits of the
address will be different. This is why the DP (Data Page pointer) is used, so as long as
the same data page is used each instruction needs only 7 bits to specify an address, rather
than 16. The other 9 bits are supplied by the DP.
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On-chip memory: In the block of 4K (words) of on-chip program ROM (the EPROM
version is not available at the Institute) spoken about before, special purpose programs
can be burnt in by the factory. Because in this case the processor has the program onchip, actually it is more like a microcomputer than a microprocessor. Putting the
MP/ - MC line to a logic low, the so called microcomputer mode is entered and the DSP
treats the block of ROM as a part of the program memory map. However, because at the
Institute new programs are being developed for the DSP, this block of ROM will never
be used, simply because there is no program in it. Therefore the MP/ - MC pin should
always be kept to a logic high, meaning that the DSP works in the microprocessor mode
and that the block of ROM will not be found in the program memory map.
Because the blocks of memory BO, Bl and B2 are RAM, they can be used for data
storage and therefore they appear in the memory maps. Block Bl and B2 are always data
memory, but for block BO we can specify whether it should be a part of the data memory
map (using the CNFD (- > Configure BO as Data memory) instruction at the start of the
program) or a part of the program memory map (using the CNFP (- > Configure BO as
Program memory) instruction at the start of the program). For both cases the memory
maps are then as follows.

Memory maps:

DATA

PROGRAM
OIOOOOhl

INTERRUPTS
AND RESERVED
(EXTERNALI

010000h1

ON·CHIP
MEMORY·MAPPED
REGISTERS

51000ShI
810006h1

31loo1Fhl
32loo20h1

RESERVED
961oo5FhI
96100801'11
1271OO7Fhl
1281OO80h1

EXTERNAL

511101FFhl
51210200hl
787102""'"
78810300hl

PAGE 0

ON-eHIP
BLOCK B2

RESERVED

PAGES 1·3

ON-eHIP
BLOCK so

PAGES 4-6

ON-eHIP
BLOCK 81

PAGES 6-7

EXTERNAL

PAGES 8·511

1023103FFhl
102410400hl
85.53510FFFFhI

Figure 5. 3a:

8&.&3510FFFRlI

Memory maps for the TMS320C25 after a CNFD instruction
(microprocessor mode)
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PROGRAM
OIOOOOhl

INTERRUPTS
AND RESERVED
(EXTERNALI

311001FhI
3210020hl

DATA
Ol,OOOOhl

ON-CHIP
MEMORY·MAPPED
REGISTERS

510005hl
810006hl
RESERVED
951005FhI
9810080tl1

PAGE 0

ON·CHIP
BlOCK 82

1271007FhI
128100SOhI

EXTERNAL

511101FFhl
51210200h1
787102FFhI
76810300h1

85.27910FEFFhl
85.28010FFOOhl
85.53510FFFFhI

---ON·CHIP
8LOCK 80

RESERVED

PAGES 1·3

DOES NOT
EXIST

PAGES 4-5

ON·CHIP
BLOCK 81

PAGES 6-7

EXTERNAL

PAGES 8·511

1023103FFhl
102410400h1
85.53510FFFFhI

Figure 5.3b: Memory maps for the TMS320C25 after a CNFP instruction
(microprocessor mode)
Parallel I/O: When the - IS line goes low, we can address the I/O space we already
spoke about a little earlier. The TMS320C25's I/O space consists of 16 input and 16
output ports. To address one of those ports, the lowest three address lines are used. The
read-write line (R/ - W) line is used to signal whether an input (read) or an output (write)
will occur. The I/O ports provide a full l6-bit parallel I/O interface via the processor's
data bus (DO-D 15). A single input (IN) or output (OUT) instruction typically takes two
instruction cycles (200 ns). The use of the READY line makes communication possible
with slower devices.
Serial I/O: The TMS320C25 has a very strong serial port interface. The receive port and
the transmit port are both independent of each other and of the rest of the processor.
Therefore it is possible to read in serial data, transmit other serial data and execute a
program at the same time! How this is possible we will analyze a little closer now. Serial
data, offered at the Data Receive (DR) pin, is shifted into the Receive Shift Register
(RSR) with the help of a receive clock at the Receive Clock pin (CLKR). The programmer can specify the format of the serial data read in with the help of the format bit (FO)
of status register ST1: FO = 0 for 16-bit words or FO = 1 for 8-bit bytes. The start of a
byte/word can be indicated with a pulse on the Receive Frame Synchronisation pin (FSR).
Once the RSR is full, its contents is copied to the memory mapped Data Receive Register
(DRR) , memory location 0 in data memory, and an internal Receive Interrupt (RINT) is
given. This interrupt can be programmed to interrupt the program-flow (how this is done
will be shown later) and the DRR can be read and stored in memory before it is written
over by new data. The left part of Figure 5.4 will hopefully clarify things a little.
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Figure 5.4: The serial receive and transmit ports
Transmitting data goes quite the same. Data to be transmitted is put in the Data Transmit
Register (DXR), memory location 1 in data memory. As soon as a pulse occurs at the
Transmit Frame Synchronisation pin (FSX) the data is put into the Transmit Shift Register
(XSR) and an internal Transmit Interrupt is created~ so that new data can be loaded into
the DXR. The data in the XSR is then sent out with the help of the clock at the Transmit
Clock (CLKX) pin. The serial transmit part of the microprocessor is displayed in the
right part of Figure 5.4.
The CLKR and CLKX only have to be present when serial data is actually received or
transmitted. The maximum speed with which serial data can be read is 5 MHz.

Interrupts: Interrupts are signals that automatically interrupt the current program from
running as soon as a certain condition occurs. This makes it possible to let the processor
do exactly what it should do when this condition occurs, without the necessity of having
to check the entire time whether the condition is met already or not. The programmer
can program what should happen when such an interrupt occurs.
There basically are two kinds of interrupts: hardware and internal interrupts. Hardware
interrupts are activated when the pins they are connected to go low. The TMS320C25 has
four of those hardware interrupts: Reset ( - RS) and Interrupt 0 to 2 (- INTO/ - INT2).
The reset interrupt can for instance be used to stop a processor from "hanging". When the
programmer has programmed a certain interrupt (say - INTI) to stop program execution,
as soon as the - INTI pin is connected to a logic low, the program will stop and control
is given back to the user.
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The second kind of interrupts are internal interrupts. We already saw RINT, occurring as
soon as the serial port receive shift register is full. Without interrupts when we would be
reading in serial data, we would have to hold the program by checking the entire time
whether the contents of the DRR has already changed, meaning new data has arrived.
With interrupts the program can go on doing whatever it was doing. As soon as new data
occurs in the DRR, the RINT can be used to interrupt the program to process the new
data. This way the processor is used in an optimal way.
To each interrupt a so called interrupt vector is connected. This is a location in the low
part of the program memory (see the memory maps of Figure 5.3) at which program
execution continues (!) as soon as the interrupt occurs. At this location a branch instruction can be stored to an address where the actual interrupt handling is done.
The reader that has already worked with interrupts on INTEL-processor may find the
previous sounding a little strange. However, there is a discrepancy in the use of the term
"interrupt vector" for the digital signal processors of Texas Instruments and the Intel
microprocessors. Interrupts can be enabled/disabled by storing the correct value in the
Interrupt Mask Register (lMR; memory location 4 in data memory). Setting the
corresponding bit enables the interrupt, a zero disables it.

42

6 PROGRAMMING THE TMS320C25
Once the architecture of the DSP is understood, the programming can start. This can be
done in C or using assembly language. The latter is far more powerful to do, so to my
point of view the first step in programming the DSP is to get familiar with the DSP
assembly language instructions and leave C and its compiler for what they are whenever
possible. For an extensive introduction to programming the DSP, I refer again to the
manual I wrote, which is available at the Institute.

6.1 INTRODUCTION
The TMS320C25 program development diagram is shown in Figure 6.1.
C SOURCE FILE

·.C

I

I TMS320C2SI1

Figure 6.1: Program development diagram for the TMS320C25
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In Figure 6.1 the different steps of program development can be seen. Each square in the
figure represents one step in the development process and shows which program should
be invoked to perform this step. Also it shows, in the boxes with rounded edges, the
results of the different process steps together with the standard file-extensions.
Figure 6.1 shows that there are two possible starting points for the actual programming of
the DSP, one being an assembly language source file and the other being a C-source file.
lt seems to be attractive to write a C-program, however, doing so means having to hand
in so much of the DSP's power that one actually does not even have to bother writing a
program at all. Writing assembly language programs gives the liberty of using registers,
I/O-ports, memory etc. the way the programmer wants it, not the way the compiler thinks
is best. Furthermore a lot of things are not even possible using a C-language program.
In the manual I wrote for the TMS320C25 I explained how to get a C-program ready for
the TMS320C25. Here I skip this part, because I did not use C-source files for the
programming of the DSP.

6.2 PROGRAMMING THE nsp USING ASSEMBLY PROGRAMS
As can be seen from Figure 5.3, the DSP memory is divided into a number of blocks,
especially the data memory is. The general idea now is to write assembly code for each
block that the programmer wants to use, data memory as well as program memory. With
the help of the linker command file, which will be dealt with in paragraph 6.3, the linker
is told where to put each block. Apart from the reserved memory blocks, any memory
location can be used in the assembly language program, as long as it is initialised in the
linker command file. This way full control over each possible memory location is
obtained, including interrupt vectors, something which is not the case programming in C.
In appendix A a sample program is given. (This program is the actual RS-decoder
program I wrote, but that is of less importance right now). In this program it can be very
well seen how small separate "programs" are written for different parts of the DSP
memory. For instance the lines:
.asect"rint",1Ah
B
RINTH

; Location of receive interrupt in program memory
; Jump to the receive interrupt handling routine

actually constitute a one line program, being a "Branch always" instruction. The .asect
line, together with the linker command file (which can be found in appendix B and is
discussed in the next paragraph) that initialises a space of 2 words (= the length of the
branch instruction) at start-location lAh, make sure that the branch instruction is stored at
this address in program memory. This is the location where the DSP jumps to as soon as
a "Receive Interrupt" occurs. Then the branch instruction tells the DSP where to branch
to for Receive Interrupt Handling, being the "address" RINTH. Of course this is not a
real address. Somewhere else in the program there is a label RINTH being the place
where to branch to. Being the programmer it's quite hard to calculate the addresses of the
labels and recalculate them after every program change, and therefore the addresses
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where the branch instructions should branch to. Using this kind of labelled addresses
there is no need to know the exact address to which the branch should be performed. The
linker will resolve all these labelled addresses and fill in real values for them.
After having finished writing the assembly language program, it can be assembled using
an assembler. How this is done exactly, again can be read in the manual I wrote.

6.3 LINKING FILES
At the linker the program development paths for C-source files and assembly language
source files join together. In this step only small differences exist in the way they are
handled. After the linker step there is no difference any more between the two file types.
The first goal of the linker program is to link together a number of files specified and
resolve labelled addresses. Therefore it is possible to link together a number of object
files, for instance taken from a library, and link them into the main program.
The second thing the linker does is putting the parts of code written for separate memory
destinations at the right places. The linker command file plays an important role in this.
An example linker command file can be found in appendix B (this is the actual linker
command file I used for the RS-decoder, but that is of less importance now). The linker
command file contains three major parts. The first part contains a number of options (letter) that influence the behaviour of the linker in the way the programmer wants it to.
The second part starts with the MEMORY-directive. Here all the parts of program and
data memory the programmer wants to use are configured and given a name that can be
used in the third part of the linker command file, being the part starting with the
SECTIONS-directive. Here the linker is told in which part of the configured memory, the
sections used in the assembly language program should be put.
To get more insight, it is good to compare the MEMORY-section with the memory map
of Figure 5.3 and the SECTIONS-section with the assembly language source code of
appendix A, the actual decoder program.
The linker creates an executable COFF object file (COFF = Common Object File
Format), with the default extension "out". According to the TI-manuals it should be
possible to load this executable COFF object file directly into the TMS320C25. However
no matter what I tried, I did not succeed in doing so. The only solution that did work was
making a loadable tag-file out of it, using the object format converter.
Now we finally have a loadable version of the program. Using the SoftWare Development
System (SWDS) or the eXtended Development System (XDS) it can loaded into the
TMS320C25 and executed. How this is done exactly, again can be written in the extended
manual I wrote.

45

7 THE DECODER PROGRAM FOR THE DSP
The final step in implementing the decoder was the actual writing of the program for the
DSP. Because I found that the possibilities with compiled C-programs were much smaller
than with assembly language programs, I decided to write the program in TMS320C25
assembly language. A listing of the final version of this program, that was tested and
shown to work as far as the instable encoder timing allowed, can be found in appendix A.
In this chapter I will try to give an explanation of how the program works.

7.1 THE BASIC PROGRAM CONCEPT
The program uses 3 blocks of data memory (all inside block BO of Figure 5.2) for the
data processing. At the serial input a continuous flow of data is received. The time
needed to read in one block of data, i.e. 10 symbols each 16 bits long, will be called a
program cycle from now on. Because the program should act as a real-time decoder, for
each block of data that is read in, a (decoded) block of data should be outputted,
otherwise at a certain moment a memory-overflow (when more data is read in than
written out) or a memory-underflow (when less data is read in than written out) would
occur. For correct decoding the decoder should decode a block of received data within
one program cycle and remain idle for the rest of the program cycle.
The first problem was to make sure that for every 10 16-bit symbols (i.e. 1 input block)
read in, exactly 8 symbols (i.e. 1 output block) and not one bit more or less are sent out.
This problem was easy to solve. At the encoder two clocks exist, an "8/8 Bit Clock"
which is the original bit clock provided by the CD-player, and a "1018 Bit Clock" which
is generated at the encoder to accommodate the increase in data with a factor 10/8 at the
encoder caused by the added parity symbols. This means that when using the "1018 Bit
Clock" as an input clock (CLKR in Figure 5.4) and the "8/8 Bit Clock" as an output
clock (CLKX in Figure 5.4), in the time that 160 bits, or 1 input block, are read in at the
input, exactly 8/10 x 160 = 128 bits, or 1 output block, are sent out.
The next problem that had to be solved was that the decoder has to know which one of
the received bits is the first bit of a block. Otherwise decoding would not be possible.
Because at the encoder also a signal indicating the start of a block is available, this signal
is used at the decoder to both indicate the start of an input block (FSR in Figure 5.4) and
trigger the start of an output block (FSX in Figure 5.4).
In Figure 7.1 both clocks and the synchronisation signal for receive frame timing and
transmit frame timing are shown with respect to an example input data stream
(11010001001101101. ..). Of course, once this system would be used for a practical
application, it will no longer be possible to use the clocks and synchronisation signal just
like that. It is clear that some kind of clock recovery and synchronisation should be
performed. However, because the first goal of the project was to show the power of the
DSP/hardware multiplier concept, this was not relevant and therefore omitted.
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Figure 7.1: Timing signals used at the decoder with respect to an example input signal
After initialisation the program enters a permanent mode, which isn't left until a loss of
synchronisation is detected or the user resets the system. In this permanent mode three
tasks are performed within a program cycle, being the input of a block (10 16-bit
symbols), the decoding of the block read in during the previous program cycle and the
output of the block decoded during the previous program cycle (8 16-bit symbols). For
this each task uses its own memory block of 160 bits and has an own pointer to keep
track of the current position in the block. These pointers are in fact registers, AR5 for the
input block, AR6 for the block to be decoded and AR7 for the output block. After a
program cycle the pointers are "rotated", so that the block just read in can now be
decoded, the block just decoded can be written out and the block just written out can be
overwritten by fresh data. This block rotation system is shown in Figure 7.2.

Figure 7.2: Memory management by means of block rotation
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Actually Figure 7.2 is not 100% correct. At the start of a program cycle the decoder
pointer indeed points to the first location of the data blocks to be decoded. But because
for data to be sent out in a correct way, it has to be in the Data Transmit Register (DXR)
already before the transmit condition is reached, i.e. the start of a program cycle. So at
the moment the DSP starts transmitting the last symbol of a certain block, the output
pointer is already made to point to the first location of the next block to be sent out and
the DXR is loaded with the first symbol of this next block, although the previous program
cycle has not ended yet. Also because a symbol can only be copied from the Data
Receive Register (DRR) to the intended memory location when it has been read in
completely, the input pointer still points to the last location of the previous input block at
the start of the program cycle, because the input buffer has not yet been emptied. So
there is a kind of "twilight-zone" around the start of a program cycle, in which pointers
are not pointing to the correct blocks. Of course this could interfere with the decoding
process, although the chance of that is rather small. Still I decided to build in a safety that
halts the decoding program until all pointers point to the correct block. This is done by
means of a INRD-flag (INput ReaDy). The decoding program is halted until this INRDflag is set. As soon as the last symbol of the previous block has been stored in memory
and the input pointer is made to point to the correct block the INRD-flag is set. At this
moment the decoding process is allowed to start. The first thing it does is reset the
INRD-flag. The decoding process has to be finished before the transmission of the last
symbol of the current output block. Because as calculated in paragraph 4.2 the entire
program needs in a worst case situation 68 J.l.S, although a program cycle lasts 91 J.l.S, so
the decoding process will always be finished before the transmission of the last symbol
starts and therefore no special precautions have to be taken here.
At the start of a program cycle, as soon as the INRD-flag is set, the main program starts
running. This main program is the decoding program, which knows by means of the
decoding block pointer (AR6) where the block of data to be decoded can be found. It
decodes according to the theory in paragraph 4.2. First So is calculated by XOR-ing the
contents of all ten memory locations of the memory block to be decoded bitwise. This is
done by means of fast indexed addressing using AR6 as the index-register. At this
moment the value of the error Y is know, because So = Y. The AR6 is made to point to
the top of the decode-block again. Then S\ is calculated according to (4.2). This involves
a number of multiplications with the primitive element (X. Therefore this routine starts by
writing the integer value for (X (= 10 hexadecimal) to parallel port O. Now calculation
starts with multiplication of r9 with (X by sending r9 to parallel port 2. The result is read
in from parallel port 4 and rg is added (i.e. XOR-ed bitwise). The resulting value is again
multiplied with (x, by sending it to parallel port 2, etc. Again indexed addressing is used.
When one error has occurred, there are ten possibilities for the position of this error, one
of which satisfies S\ = XY. Because it does not make sense to correct an error in one of
the two parity symbols, it would be enough to only test the eight positions of the information symbols. However, to be able to detect and correct a loss of synchronisation also
tests are performed for an error in a parity symbol location. This testing is done by
sending the value of Y to parallel port 0 (once) and sending all the possible X one after
the other to parallel port 2. The possible values of X have been calculated before and are
used in a direct way in the program. As soon as the obtained result read in from parallel
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port 4 is equal to SI the error location is found. When this occurs the trial and error
search for the error location is stopped and the error is corrected by XOR-ing the error
value Y with the value stored at position X. After this the decoding process is ended and
a loop is entered which waits for the INRD-flag to be set.
When no errors occurred during transmission, So = Y = 0 and also SI = O. Of course, a
special test for this condition could be performed, but because time should be used as
efficient as possible, such a test was not implemented. The reason for this is that when
the first error position is tested, the equation SI = XY is met, not because X has the
correct value, but because Sl and Y are both equal to zero. The program "thinks" it has
found the location of the error and corrects it by XOR-ing Y with the value stored at the
first location of the block to be decoded. XOR-ing with Y = 0, however, does not
change the value XOR-ed with. So the received block is sent out without corrections.
When none of the ten values for X satisfy the equation Sl = XY an uncorrectable error is
detected, implying that more than one symbol was received erroneous. The code used was
not developed for this kind of errors, so it is completely normal that nothing is corrected.
nothing is corrected. The received information symbols are sent out uncorrected. What
would be nice in this case is to make the DSP give a signal that it detected an uncorrectable error. This is easy to do, although not implemented, by setting the external flag for a
moment as soon as an uncorrectable error is detected. This flag can be set by means of
the SXF instruction and reset again with RXF. The external flag is directly connected to
one of the DSP pins and can therefore be processed by means of a latch and a led or
something like that.

The entire time the main (= decoding) program is running or waiting for the INRD-flag
to be set, it can be (and will be) interrupted by receive- and transmit interrupts. As soon
as this is the case program execution is halted and one of the two interrupt handling
routines is executed, depending on which interrupt occurred.
The receive interrupt handling routine starts by pushing ARO on the stack. Then it reads
the value in the DRR (memory location 0) and stores it in the memory location pointed to
by the input pointer AR5. Then it increases AR5 and determines if it has already reached
the end of the current block. If so, the pointer is changed to the start of the next block
and the INRD-flag is set. Finally ARO is pulled from the stack again and control is given
back to the main program.
The transmit interrupt handling routine works the same as the receive interrupt handling
routine, only it uses AR7 as the memory location pointer and it does not set the INRDflag.
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7.2 PROGRAM INITIALISATION
As said before, it is very important that the decoder knows which bit in the stream of
input bits is in fact the first bits of a data block. Even an error of one bit is disastrous and
makes the entire decoding process impossible. Therefore the FSR signal supplied by the
encoder should be very accurate.
Of course at program start there is no data yet to be decoded or sent out. Therefore, at
program start the decode and output blocks are filled with zero's. This causes the decoder
to decode a data block of ten zero symbols, which is in fact a possible code word and
therefore no errors are corrected. In this first program cycle the output pointer also points
to a block of zero symbols and therefore a block of zero symbols is sent out. In the next
program cycle the decoder can decoded the data block received in the first program cycle.
The output process sends out one more block of zero symbols (i.e. the block of zero
symbols "decoded" during the first program cycle).
As could be read in the previous paragraph, there is a kind of "twilight zone" around the
end of a program cycle and the start of the next, because for some time the three pointers
do not all point to an own block. This is caused by the double buffering of the serial
input and output. To make this "twilight zone" as small as possible, at programm
initialisation the output pointer is made to point two symbols further than the input
pointer, each in its own memory block of course. This two symbol distance is maintained
throughout the rest of the program flow.

7.3 SYNCHRONISATION PROBLEMS
At the decoder two clocks are used, being the" 10/8 Clock" and the "8/8 Clock". Of
course these clocks should be very stable to ensure a correct decoding process. Still of
course the probability exists of an error in one of the two clocks, causing a loss of
synchronisation.
Because there are two clocks, there are also two kinds of loss of synchronisation. The
first occurs when the "8/8 Clock" gives at a certain moment 127 or 129 clock pulses in a
program cycle instead of the required 128. This does not cause any problem because at
the DIA converter that reads the information outputted by the decoder the same clock is
used and therefore no bit is lost. When the clock error, however, is structural, meaning
for instance that in one of every thousand program cycles 129 clock pulses are received,
the output clock drifts away from the input clock, causing the "twilight zone" spoken
about before to get bigger and bigger. At a certain moment the "twilight zone" is bigger
than the actual program cycle and no decoding is possible any more. Still no precaution
whatsoever is taken against this kind of loss of synchronisation. The reason for this is the
fact that at the encoder the" 10/8 Clock" is deducted from the "8/8 Clock" meaning that
when there are errors on the "8/8 Clock" there most certainly are errors in the "10/8
Clock", which are much more serious.
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As soon as the" 10/8 Clock" is 159 or 161 bits instead of the required 160 within one
program cycle, the data read in turns into total garbage because from this moment all
symbols read in are shifted one bit making the 10 symbols totally independent. To the
decoder this situation is equal to the case where all ten symbols are corrupted by an error.
Of course no decoding is possible and an uncorrectable error is reported by the decoder.
Of course the occurrence of one uncorrectable error does not yet indicate a loss of
synchronisation. It could just as well be that synchronisation is perfect, but that two
symbol errors occurred. To make sure that a loss of synchronisation did indeed occur, we
have to wait for one or two more program cycles. When the decoding process for these
data blocks results again in an uncorrectable error, it can be said with a large certainty
that a loss of synchronisation did indeed occur, just because it is very unlikely that in
each of three data blocks that are received directly after each other more than one error
occurs.
To detect an uncorrectable error the program uses a counter. As soon as an error is
corrected, this counter is made equal to zero. When an uncorrectable error is detected,
the counter is increased with one and tested. When it is found to be equal to 3, a loss of
synchronisation is detected and the resynchronisation process is started. This resynchroniation process is in fact equal to a program reset.
It is clear to see that a loss of synchronisation means the loss of several data blocks.
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8 CONCLUSIONS
Software has been written and shown to work with which a Reed-Solomon
encoder/decoder can be simulated. First there is a version that simulates frequencydomain encoding/decoding for standard RS-codes using symbols from an extended Galois
field. Second there is a version that simulates time-domain encoding/decoding for both
standard and shortened RS-codes using symbols from extended or composite Galois fields.
All version were shown to work and showed to be very useful during the remainder of
the project.
A I-error correcting (10,8) Reed-Solomon decoder using 16-bit symbols from the
composite Galois field GF«2 4)4) == GF(2 16) was implemented on a TMS320C25 Digital
Signal Processor and shown to work together with the hardware encoder and Galois field
multiplier. The comparably large data rate and low delay show the strength of the new
concept of using dedicated external arithmetic units that allow arithmetics in fields that
match the processor's bus structure. A complete version of the system will be exhibited
on the CeBit computer fair in Hannover in March 1994.
The major drawback of the proposed system is that only one 16 bit symbol error can be
corrected per block of 160 bits. Already a 2 bit error that destructs two symbols is
uncorrectable. This can be solved using interleaving, without having to choose a lower
data rate. Only a larger, but still acceptable, delay will result. Already a 2-error correcting code will, at these bit rates, be impossible to implement with the given DSP and
hardware. The only possibility for a more than one error correcting code that might fit
into the available time for decoding is a "11f2"-error correcting code. As was explained in
chapter 3, one parity-symbol is needed to find the position of an error and one is needed
to find the error value. Now, with burst errors, for which RS-codes are primarily used to
correct, it is very likely that a burst that destroys one symbol will also destroy the next.
In this case we only need to find the position of the first erroneous symbol, because we
know that the next will presumably also be erroneous. Therefore we only need one paritysymbol to find the location of the two errors, and two parity symbols to find their values.
As a recommendation for further work the development of a hardware Galois field
divider/inverter is recommended, perhaps making more than I-error correcting codes
possible. Further the analysis of the possibilities of using DMA-techniques to enable a
faster interaction between DSP and dedicated arithmetic unit is recommended, as is the
use of a faster DSP.
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APPENDIX A: The RS-Decoder Program
*****************************************************************************

TMS320C2x/C5x ANSI C Codegen

*
*
*
*
*
*

Version 6.40

RS_decoder version 1.7
Progranmed by O.G. Hooijen

; Last update 05-10-93

*
*
*
*
*
*

*****************************************************************************

;============================================================================
; Register assignment:
;============================================================================
ARO Multi purpose register, used also inside interrupts (-> use stack!!)
AR1
Always equal to zero
AR2
Not used
AR3
Data transfer register for serial input register (DRR)
AR4
Data transfer register for serial output register (DXR)
AR5
Pointer used in memory block currently used as input-block
AR6
Pointer used in memory block currently used as calculation-block
AR7 Pointer used in memory block currently used as output-block
;============================================================================
; Constants for further use
;============================================================================

IMASK .set 30h

; Mask for IMR; enables RINT and XINT

;============================================================================
; Memory mapped registers
;============================================================================

DRR
DXR
IMR

.set
•set
.set

Oh
1h
4h

Data receive
register address
Data transmit register address
Interrupt mask register address

;============================================================================
; On chip RAM part B1 (data page 6) is used as block memory
;============================================================================

STRT1
ENDI1
END01
STRT2
ENDI2
END02
STRT3
ENOI3
END03

.set
.set
.set
.set
.set
.set
.set
.set
.set

300h
30Ah
308h
30Ah
314h
312h
314h
31Eh
31Ch

Start of data
End of block1
End of block1
Start of data
End of block2
End of block2
Start of data
End of block3
End of block3

block 1 (300h-309h) on data page 6
for input
for output
block 2 (30Ah-313h) on data page 6
for input
for output
block 3 (314h-31Dh) on data page 6
for input
for output

;============================================================================
; On chip RAM part B2 (part of data page 0) is used for general data storage
;============================================================================

RDIN
RDOUT
STARO
GEN
SO
S1
RES
VFP9
VFP8
VFP7
VFP6
VFP5
VFP4
VFP3
VFP2

.set
.set
.set
.set
.set
.set
.set
.set
.set
.set
.set
.set
.set
.set
_set

60h
61h
62h
63h
64h
65h
66h
67h
68h
69h
6Ah
6Bh
6Ch
60h
6Eh

ReaDy signal for block INput
ReaOy signal for block OUTput
STack location for commonly used register ARO
GENeral use memory location
Syndrom 0 = y
Syndrom 1 = XY
Interim calculation RESults
Value For error at Position 9
Value For error at Position 8
Value For error at Position 7
Value For error at Position 6
Value For error at Position 5
Value' For error at Position 4
Value For error at Posit;on 3
Value For error at Position 2
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;============================================================================
; Tell processor where to jump to after a reset occurs
;============================================================================

.asect"reset",Oh
B
INIT

Linker directive: absolute resetvector location
Jump to start of the program

;============================================================================

.asect"rint",1Ah
B
RINTH

Linker directive: absolute receive interrupt loco
Jump to the receive interrupt handling routine

;============================================================================
; Tell processor where to jump to after a transmit interrupt occurs
;============================================================================

.asect"xint",1Ch
B
XINTH

Linker directive: absolute transmit interrupt loco
Jump to the transmit interrupt handling routine

;============================================================================
; Next is the receive interrupt handling routine;
;============================================================================

.sect "rinth"
RINTH:DINT
RFSM

Linker directive: receive interrupt handling loco
Disable interrupts
Starts continuous mode without frame sync pulses

;Save general use register ARO
SAR ARO,STARO ; Put ARO into the stack memory location STARO
;Load
LAR
LARP
SAR

ORR into AR3 and put it into the current input memory block
AR3,DRR
; Load AR3 with contents of ORR
ARS
; Modify the ARP to 5
AR3,*+
; Store cont. of AR3(=DRR) in current block; ARS+=1

;Check if entire block has been read in
LARK ARO,ENDI1
Load ARO with end of block 1 for input
CMPR 0
Test if ARO==ARS, i.e. test for end of block 1
BBZ
NEI1
If ARO!=ARS, branch to No End of Input for blck 1
SAR ARS,RDIN
Store ARS(!=O) in the RDIN, signifying end of block
LAR ARO,STARO
Pop ARO from stack memory location STARO
LARP AR6
Modify the ARP to 6, i.e. the current calc pointer
EINT
Enable interrupts
RET
Return from interrupt
NEI1: LARK
CMPR
BBZ
SAR
LAR
LARP
EINT
RET
NEI2: LARK
CMPR
BBZ
SAR
LAR
LARP
EINT
RET

ARO,ENDI2

o

NEI2
ARS,RDIN
ARO,STARO
AR6

ARO,ENDI3

o

NEI3
ARS,RDIN
ARO,STARO
AR6

NEI3: LAR ARO,STARO
LARP AR6
EINT
RET

Load ARO with end of block 2 for input
Test if ARO==ARS, i.e. test for end of block 2
If ARO!=ARS, branch to No End of Input for blck 2
Store ARS(!=O) in the RDIN, signifying end of block
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt
Load ARO with end of block 3 for input
Test if ARO==ARS, i.e. test for end of block 3
If ARO!=ARS, branch to No End of Input for blck 3
Store ARS(!=O) in the RDIN, signifying end of block
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt
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============================================================================
Next is the transmit interrupt handling routine
============================================================================

.sect"xinth"
XINTH:DINT

Linker directive; transmit interrupt handling loco
Disable interrupts

;Save general use register ARO
SAR ARO,STARO
; Put ARO into the stack memory location STARO
;Load
LARP
LAR
SAR

AR4 from current output memory block and store it in DXR
AR7
; Modify the ARP to 7
AR4,*+
; Load AR4 with the value to be output; AR7+=1
AR4,DXR
; Store contents of AR4 in DXR;

;Check if entire block has been written out
LARK ARO,END01
Load ARO with end of block 1 for output
CMPR 0
Test if ARO==AR7, i.e. test for end of block 1
BBZ
NE01
If ARO!=AR7, branch to No End of output for blck 1
SAR AR7,RDOUT
Store AR7(!=O) in the RDOUT, to signal end of block
LAR ARO,STARO
Pop ARO from stack memory location STARO
LARP AR6
Modify the ARP to 6, i.e. the current calc pointer
EINT
Enable interrupts
RET
Return from interrupt
NE01: LARK
CMPR
BBZ
SAR
LAR
LARP
EINT
RET

ARO,END02

NE02: LARK
CMPR
BBZ
SAR
LAR
LARP
EINT
RET

ARO,END03

0

NE02
AR7,RDOUT
ARO,STARO
AR6

0

NE03
AR7,RDOUT
ARO,STARO
AR6

NE03: LAR ARO,STARO
LARP AR6
EINT
RET

Load ARO with end of block 2 for output
Test if ARO==AR7, i.e. test for end of block 2
If ARO!=AR7, branch to No End of Output for blck 2
Store AR7(!=O) in the RDOUT, to signal end of block
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt
Load ARO with end of block 3 for output
Test if ARO==AR7, i.e. test for end of block 3
If ARO!=AR7, branch to No End of Output for blck 3
Store AR7(!=O) in the RDOUT, to signal end of block
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt
Pop ARO from stack memory location STARO
Modify the ARP to 6, i.e. the current calc pointer
Enable interrupts
Return from interrupt

i============================================================================
; Next is the actual (=main) program
;============================================================================

.text
INIT: EINT

Linker directive: Main program location
Enable interrupts

;Configure serial ports as 16-bit continuous mode without sync pulses
SAR AR1,DXR
Store AR1(=O) in DXR, so initially zero's are ouput
FORT 0
Set 16-bit data format for serial port registers
RTXM
Configure FSX as an input pin
SFSM
Set FSM bit to enable serial in/output to start
;Mask interrupts
LARK ARO,IMASK
SAR ARO,IMR

; Load ARO with interrupt mask
; Store into mask in into mask register, no shift

;Initialise block-pointers, readLRLK ARS,STRT1
Load ARS with
LRLK AR6,STRT2
Load AR6 with
LRLK AR7,STRT2
Load AR7 with
SAR AR1,RDIN
Set Ready In
SAR ARS,RDOUT
Set Ready Out

and write heads and ready signals
the start-address of data block 1
the start-address of data block 2
the start-address of data block 2
equal to zero (=not ready)
unequal to zero (=ready)
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;General initialisation of certain registers and memory locations
LDPK 0
Set current data page equal to 0 (DP=O)
LARK AR1,O
Load AR1 with its permanent value 0
LACK 3260h
Load accumulator with value 3260h (=12896d)
SACL VFP9
Store accumulator at memo location VFP9
LACK 326h
Load accumulator with value 0326h (=806d)
SACL VFP8
Store accumulator at memo location VFP8
LACK 3302h
Load accumulator with value 3302h (=13058d)
SACL VFP7
Store accumulator at memo location VFP7
LACK 1220h
Load accumulator with value 1220h (=4640d)
SACL VFP6
Store accumulator at memo location VFP6
LACK 122h
Load accumulator with value 0122h (=290d)
SACL VFP5
Store accumulator at memo location VFP5
LACK 1102h
Load accumulator with value 1102h (=4354d)
SACL VFP4
Store accumulator at memo location VFP4
LACK 1000h
Load accumulator with value 1000h (=4096d)
SACL VFP3
Store accumulator at memo location VFP3
LACK 100h
Load accumulator with value 0100h (=256d)
SACL VFP2
Store accumulator at memo location VFP2
;Clear 2 blocks to ensure 0 V start output
LARP AR6
Set ARP to 6 (Should remain 6 througout the program)
LACK 14h
Load ACC with value 14h (=20d)
CLEAR:SAR AR1,*+
Store AR1(=O) in address pointed to by AR7; AR7+=1
SUBK 1
ACC-=1
BGZ CLEAR
When ACC>=O go on with clearing
LRLK AR6,STRT3
Load AR6 with the start-address of data block 2
;Wait
INRD: LAC
BZ
ONRD: LAC
BZ

unti l datablocks are read in and sent out
RDIN
Load ACC with contents of address Ready In
INRD
; When 0 (=not ready) branch to Input Not ReaDy
RDOUT
; Load ACC with contents of address Ready Out
ONRD
; When 0 (=not ready) branch to Output Not ReaDy

;Set up system for new block (fastl); No interrupts are allowed
DINT
Disable all interrupts

NE1:

NE2:

LARP AR5

Modify the ARP to 5, i.e. the current input pointer

LARK
CMPR
BBZ
LRLK
LRLK
EINT
B

ARO,ENDI1
0
NE1
AR6,STRT1
AR7,STRT3

Load ARO with end of block 1 for input
Test if ARO==AR5, i.e. test for end of block 1
If AROI=AR5, branch to No End of block 1
Load AR6 with the start-address of data block 1
Load AR7 with the start-address of data block 3
Enable interrupts
Branch always to start of CALCulation

LARK
CMPR
BBZ
LRLK
LRLK
EINT
B

ARO,ENDI2
0
NE2
AR6,STRT2
AR7,STRT1
START

LRLK AR5,STRT1
LRLK AR6,STRT3
LRLK AR7,STRT2
EINT

;Here
START:SAR
SAR
LARP

CSO:

START

Load ARO with end of block 2 for input
Test if ARO==AR5, i.e. test for end of block 2
If AROI=AR5, branch to No End of block 2
Load AR6 with the start-address of data block 2
Load AR7 with the start-address of data block 1
Enable interrupts
Branch always to start of CALCulation
Load AR5 with the start-address of data block 1
Load AR6 with the start-address of data block 3
Load AR7 with the start-address of data block 2
Enable interrupts

starts the actual calculation
AR1,RDIN
; Set Ready In equal to zero (=not ready)
AR1,RDOUT
; Set Ready Out equal to zero (=not ready)
AR6
; Modify the ARP to 6, i.e. the current calc pointer

;Calculation of SO = Y (Sub-optimal)
ADRK OAh
Add OAh(=10d) to AR6
SAR AR6,GEN
Store AR6 in GENeral use memory location
LAR ARO,GEN
Load ARO with the contents of GEN(=AR6)
SBRK OAh
Set AR6 back to start of block
LAC *+
Load the accumulator with the first block element
XOR *+
XOR ACC with next block element, result put in ACC
CMPR 0
Test if ARO==AR6
BBZ CSO
If AROI=AR6 perform next XOR
SBRK OAh
Set AR6 back to start of block
SACL SO
Store the obtained ACC in SO
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;Calculation of S1 = XV, using Horner's rule (Sub-optimal)

CS1:

LACK
SACL
OUT
OUT
NOP
NOP
IN
NOP
NOP
ZALS
XOR
SACL
OUT
CMPR
BBZ
SBRK

10h
GEN
GEN,O
*+,2
S1,4
S1
*+
S1
S1,2
0
CS1
OAh

Load ACC with value of the primitive element alpha
Store ACC in GENeral use memory location
Send primitive element alpha to out port 0
Send first elem. of calc. blck to outport 2; AR6+=1
No OPeration (making correct IN possible)
No OPeration (making correct IN possible)
S~ore result from inport 4 in S1
No OPeration (making correct IN possible)
No. OPeration (making correct IN possible)
Load accumulator with contents of memo location S1
XOR the accumulator with the next el. of calc. blck
Store the obtained ACC in S1
Send the contents of S1 to outport 2
Test if ARO==AR6, i.e. test for end of calc. block
If ARO!=AR6 perform next multiplication
Set AR6 back to start of block

;Calculation of X by trial and error, and correction of error
SAR AR6,GEN
Store the top of the current calc. block in GEN
LAR
ARO,S1
Load ARO with the contents of memo location S1=XV
OUT
SO,O
Send contents of memo location SO=V to outport 0
OUT VFP9,2
Send the Value For error at Position 9 to out port
NOP
No OPeration (making correct IN possible)
IN
RES,4
Read the RESult of this multiplication
NOP
No OPeration (making correct IN possible)
LAR
AR6,RES
Put this RESult into AR6
CMPR o
Test if ARO==AR6, i.e. test if S1=VFP9*V
BBZ NOTP9
If ARO!=AR6 the error didn't occur at position 9
LAR AR6,GEN
R~obtain the top of current calc. block from GEN
LAC
SO
Load the error value V
XOR *
Calculate the correct value
SACL *
Store this correct value
INRD
B
Ready for new calculation
NOTP9:OUT
VFP8,2
Send the Value For error at Position 8 to outport
NOP
No OPeration (making correct IN possible)
IN
RES,4
Read RESult of this multiplication from inport 4
NOP
No OPeration (making correct IN possible)
LAR
AR6,RES
Put this RESult into AR6
CMPR o
Test if ARO==AR6, i.e. test if S1=VFP8*V
BBZ
NOTP8
If ARO!=AR6 the error didn't occur at position 8
LAR
AR6,GEN
Reobtain the top of current calc. block from GEN
ADRK 1
Add 1 to get the error position in AR6
LAC
SO
Load the error value V
XOR *
Calculate the correct value
SACL *
Store this correct value
B
INRD
Ready for new calculation
NOTP8:OUT
VFP7,2
Send the Value For error at Position 7 to outport
NOP
No OPeration (making correct IN possible)
IN
RES,4
Read RESult of this multiplication from inport 4
NOP
No OPeration (making correct IN possible)
LAR AR6,RES
Put this RESult into AR6
CMPR o
Test if ARO==AR6, i.e. test if S1=VFP7*V
BBZ
NOTP7
If ARO!=AR6 the error didn't occur at position 7
LAR AR6,GEN
Reobtain the top of current calc. block from GEN
ADRK 2
Add 2 to get the error position in AR6
LAC
SO
Load the error value V
XOR
Calculate the correct value
*
SACL *
Store this correct value
B
INRD
Ready for new calculation
NOTP7:OUT
VFP6,2
Send the Value For error at Position 6 to outport
NOP
No OPeration (making correct IN possible)
IN
RES,4
Read RESult of this multiplication from inport 4
NOP
No OPeration (making correct IN possible)
LAR
AR6,RES
Put this RESult into AR6
CMPR 0
Test if ARO==AR6, i.e. test if S1=VFP6*V
BBZ NOTP6
If ARO!=AR6 the error didn't occur at position 6
LAR
AR6,GEN
Reobtain the top of current calc. block from GEN
ADRK 3
Add 3 to get the error position in AR6
LAC
SO
Load the error value V
XOR *
Calculate the correct value
SACL *
Store this correct value
B
INRD
Ready for new calculation
NOTP6:0UT
VFP5,2
Send the Value For error at Position 5 to outport
NOP
No OPeration (making correct IN possible)
IN
RES,4
Read RESult of this multiplication from inport 4

2

2

2

2

2
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NOP
LAR
CMPR
BBZ
LAR
ADRK
LAC
XOR
SACL
B
NOTPS:OUT
NOP
IN
NOP
LAR
CMPR
BBZ
LAR
ADRK
LAC
XOR
SACL
B
NOTP4:OUT
NOP
IN
NOP
LAR
CMPR
BBZ
LAR
ADRK
LAC
XOR
SACL
B
NOTP3:OUT
NOP
IN
NOP
LAR
CMPR
BBZ
LAR
ADRK
LAC
XOR
SACL
B
NOTP2:B

.end

AR6,RES
0
NOTPS
AR6,GEN
4
SO
*

*

INRD
VFP4,2
RES,4

AR6,RES

o

NOTP4
AR6,GEN
5
SO

*

*

INRD
VFP3,2

RES,4
AR6,RES

o

NOTP3
AR6,GEN
6

SO

*
*

INRD
VFP2,2
RES,4
AR6,RES
0
NOTP2
AR6,GEN
7
SO
*

*

INRD
INRD

No OPeration (making correct IN possible)
Put this RESult into AR6
Test if ARO==AR6, i.e. test if S1=VFPS*Y
If ARO!=AR6 the error didn't occur at position 5
Reobtain the top of current calc. block from GEN
Add 4 to get the error position in AR6
Load the error value Y
Calculate the correct value
Store this correct value
Ready for new calculation
Send the Value For error at Position 4 to outport 2
No OPeration (making correct IN possible)
Read RESult of this multiplication from inport 4
No OPeration (making correct IN possible)
Put this RESult into AR6
Test if ARO==AR6, i.e. test if S1=VFP4*Y
If ARO!=AR6 the error didn't occur at position 4
Reobtain the top of current calc. block from GEN
Add 5 to get the error position in AR6
Load the error value Y
Calculate the correct value
Store this correct value
Ready for new calculation
Send the Value For error at Position 3 to outport 2
No OPeration (making correct IN possible)
Read RESult of this multiplication from inport 4
No OPeration (making correct IN possible)
Put this RESult into AR6
Test if ARO==AR6, i.e. test if S1=VFP3*Y
If ARO!=AR6 the error didn't occur at position 3
Reobtain the top of current calc. block from GEN
Add 6 to get the error position in AR6
Load the error value Y
Calculate the correct value
Store this correct value
Ready for new calculation
Send the Value For error at Position 2 to outport 2
No OPeration (making correct IN possible)
Read RESult of this multiplication from inport 4
No OPeration (making correct IN possible)
Put this RESult into AR6
Test if ARO==AR6, i.e. test if S1=VFP2*Y
If ARO!=AR6 the error didn't occur at position 2
Reobtain the top of current calc. block from GEN
Add 7 to get the error position in AR6
Load the error value Y
Calculate the correct value
Store this correct value
Ready for new calculation
2+ errors or an error at pos. 0 or 1
At this point extra software can be added,
using the XF general output flag, to signal for
uncorrectable, but detected, errors (i.e. 2+ errors)
Linker directive: End of program
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APPENDIX B: The Linker Command File
/****************************************************************************\

*

*

*
*
*

*
*
*

Block BO is configured as data memory (CNFO)
and MC/Mp· = 1 (microprocessor mode)

\****************************************************************************/
-e START
-m c:\user\olaf\swds\test.map
-0 c:\user\olaf\swds\test.out

c:\user\olaf\swds\test.obj

MEMORY
{

PAGE 0: /* Program Memory */
Reset
Serial_Port_Receive_Interupt
Serial_Port_Transmit_Interupt
S Port Receive Int Handle
S-Port-Transmit Int Handle
External_Program_Memory

origin
origin
origin
origin
origin
origin

Oh
1Ah
1Ch
20h
60h
100h

length
length
length
length
length
length

2h
2h
2h
40h
40h
= OFDEOh

origin =
Oh
origin = 060h
origin = 0200h
origin = 0300h
origin = 0400h

length
length
length
length
length

06h
020h
0100h
0100h
OFCOOh

=
=
=
=

PAGE 1: /* Data Memory */
Registers
Block B2
Block-BO
Block-B1
External_Data_Memory
}

SECTIONS
{

reset
rint
xint
rinth
xinth
.text
.data
.cinit
temp
.bss
.const
}

{
{
{
{
{
{
{
{
{
{
{

}
}
}
}
}
}
}
}
}
}
}

>
>
>
>
>
>
>
>
>
>
>

Reset
Serial_Port_Receive_Interupt
Serial_Port_Transmit_Interupt
S Port Receive Int Handle
S-Port-Transmit Int Handle
External_Program_Memory
External_Program_Memory
External_Program_Memory
Block B1
Block-BO
Block=BO

PAGE
PAGE
PAGE
PAGE
PAGE
PAGE
PAGE
PAGE
PAGE
PAGE
PAGE

0
0
0
0
0
0
0
0
1
1
1
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In1plen1entation of a 16 bit decoder for shortened
Reed-Solomon codes using a TMS320C25 Digital
Signal Processor

Abstract
In this paper the design of a fast progranunable decoder for a shortened
Reed-Solomon (RS) code with 16-bit symbols is discussed. The system was
implemented on a TMS320C25 Digital Signal Processor (DSP) which has a
dedicated external arithmetic unit for parallel finite field multiplication attached. The use of a Digital Signal Processor for the decoder and an FPGA
from Xilinx for the external Galois field multiplier, makes the entire decoder
reprogranunable. Implemented was a 1 symbol error correcting (10,8) shortened RS-code, with GF(2 16 ) as the field of operation. The maximum achievable data rate is 1.9 MHz, which is a considerable improvement compared to
[1], [2J. A comparison of various methods for multiplications in Galois fields
of size GF(2 16 ) reveals that our external multiplier has a significantly better
performance than various software solutions.

1

Introduction

RS-codes are capable of correcting both random errors and burst errors. They have
a wide field of applications, ranging from satellite communication [3] to compact
disc [4]. The symbols used in RS-code are elements of finite fields or Galois fields
[5]. The field of operation of most contemporary RS-codes is GF(2 8 ), i.e. each
symbol can be represented by 8 bits. Since nowadays' computers are often 16 or
32 bit based, a code using 16- or 32-bit symbols would have certain advantages in
terms of speed and code performance. The approach taken here uses a DSP with
16 bit word length which has a fast 16 bit Galois field multiplier attached, in order
to avoid the bottleneck of slow multiplication imposed by the large field size. The
multiplier used was proposed recently in [6] and possesses a moderate gate count
allowing its implementation in an FPGA. Its internal architecture is highly parallel,
allowing multiplication within one DSP clock cycle. Although the use of a multi
purpose processor as a decoder limits the possible data throughput to one or two
magnitudes of a VLSI solution [7], a DSP inhibits several advantages. In addition
to the shortened development time and -costs, programmable decoders offer much

1

63

more flexibility if changes in the coding scheme become necessary. An impressive
example of the drawbacks of fixed coding schemes is given by the Calileo spacecraft's
flight to the planet Jupiter and the problems caused by its non-unfolding antenna

[8] .

2

Principle of the Code and Specifications

The parameters of the implemented code are as follows:
• RS-code characteristics:
n = 10
: number of symbols per RS codeword
k = 8
: number of information symbols per RS codeword
t = 1
: number of symbol errors that can be corrected per RS codeword
code rate: 0.8
• The polynomial that generates the RS-code is:

g(X) = (X - aO)(X - (

1

)

= (X - 1)(X - a)

(1)

with a being a primitive element of GF(2 16 ). The pair of consecutive roots
{I, a} of this generator polynomial were taken as suggested in [9]. They proved
to be optimal indeed with respect to the encoder complexity (gate count) after
an exhaustive search through all possible pairs of roots.
Standard RS-codes over a field GF(q) have a code word length n that is equal
to n = q - 1 [5], [10]. Using a field GF(2 16 ) would result in a code word length of
(2 16 - 1) x 16bit = 131 kByte. This kind of block sizes are extremely difficult to
handle with respect to the required memory and introduced delay. Therefore the
approach taken here uses a shortened RS-codes.
In the case of a shortened RS-codes only n < q - 1 symbols of the code word
are used to carry information, the others are considered to be zero symbols. If a
systematic code is used, the decoder has the it priori information which of the information symbols are in fact the zero symbols. These symbols carry no information
and can therefore be neglected in decoding algorithms.
Shortened RS-codes are - just like standard RS-codes - Maximum Distance
Separable (MDS) Codes, because they meet the Singleton bound with equality:
dmin = n - k + 1 [5]. With a symbol error probability equal to P., using the
weight distribution of MDS-codes [11] the undetected error probability for a (n,k)
(shortened) RS-codes over GF( q) is:

which is shown graphically in Figure 1 for the (l0,8) shortened RS-code over GF(2 16 )
used. A derivation of (2) can be found in [12].
2
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Figure 1: Undetected error probability versus the symbol error probability for the
used coding scheme.
In order to keep the introduced decoding delay low, we constructed a code with
a relatively short block length of 10 symbols and <4nin = n - k + 1 = 3. To
avoid the time consuming solving of the key equations by means of Euclid's or
Massey/Berlekamp's algorithm, a design parameter of t = 1 was chosen. Using
a code with t = 1 results in a pair of syndromes (4) and (5), which allow the
determination of error location and error magnitude by a direct method.
Code words are multiples of the generator polynomial (1). At the decoder we
receive words r(X), which can be considered to be code words c(X) with possible
error words e(X) added to them:

r(X)

o :5 i < 9.

= c(X) + eiX',

(3)

Evalution of this received word at the roots of the generator polynomial g(X),
gi ves the syndromes:

S1

= r ( 1) = c( 1) + ei 1i = ei = Y

=r9 + rs + ... + rl + ro = ~~=o ri
and

= r(a) = c(a) + eiai = eiai = YX
(5)
=(... (r9 a9 + rs)a... + rda + ro,
E GF(2 16 )) being the error value and X = a i indicating an error
S2

with Y = ei (, ei
at position i [5].

(4)
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With the calculation of 51, which takes 9 additions (i.e. bitwise XOR operations
in Galois fields) the value Y of the error is known. Furthermore, when this value is
zero, we assume that no error occurred. For the calculation of 52 in (5), which is
actually the evaluation of a polynomial with known powers xi and variable coefficients rj, Horner's rule [13] is well suited. In this particular case it has a complexity
of 9 additions and 9 multiplications.
In the second decoding step the error position X can be found by trying which
one of the possible values of X satisfies 52 = Y X, with 52 and Y given. The
complexity of this method is in a worst case situation, i.e. an error at position
i = 8, eight multiplications. When none of the possible X satisfies the equation, an
uncorrectable error (i .e. more than two symbol errors) is detected. Using this kind
of systematic search we avoid the inversion of Y, (i.e. X = 52 X y- 1 ) which would
take 15 multiplications and 16 squaring operations if the standard binary method
for exponentiation is applied [13].

3

Implementational Aspects

The decoder consists of two major parts. One is the TMS320C25 Digital Signal
Processor made by Texas Instruments, the other is the external Galois field multiplier. Both are interconnected through fast interface logic.

3.1

The External Hardware Multiplier

As mentioned in the introduction, the proposed system is based on fast multiplication in the field GF(2 16 ). From the available methods for finite field multiplication
- table look-up, calculation in software, serial hardware multiplication and parallel
hardware multiplication - only the last one is suited for this application. The often
applied table look-up [:I.], [2] would easily exceed the memory available on chip for
the field size used. External memory would not only be penalized by a higher access
time, but will not even be sufficient if the proposed system design is generalized
for processors with longer word size, for instance third generation TI DSPs with 32
bit. In general, the memory size required for a table look up in GF(2 k ) is of O(2 k ),
where k is also the processor's word size.
The bottleneck of parallel hardware multipliers is their space complexity, i.e.
gate count. However, we used the architecture proposed in [6] which has one of the
smallest gate counts (144 AND /262 XOR) known in literature [14] and could easily
be implemented on a XC3142 FPGA from Xilinx. The multiplier chip is located on a
PCB which can be accessed by the DSP via its regular I/O ports through some very
fast interface logic. However, the access time of the DSP I/O ports by assembler
instructions is rather long (both read and write need 2 machine cycles, i.e. 200 ns),
such that the overall time for performing an entire multiplication adds up to 700 ns
when using indexed addressing or even 1000 ns when multiplying two numbers that
were not previously in memory.
4
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Software
C-library

Hardware

pure
FPGA
80 ns

TMS320C25
+ FPGA
700 ns

IBM
RS6000/580

80486DX2
66 MHz

4.8 J-LS

6.1 J-LS

TMS320C25
(estimated)
12 J-LS

MAPLE
IBM
RS6000/580
2.6 ms

Table 1: Speed comparison of various methods for general multiplication in the finite
field GF(2 16 )
Table 1 shows a comparison of hardware/software solutions for general multiplication in GF(2 16 ). For reasons stated above, we assume that table look-up is not
feasible so that all methods given in the table calculate the result of the multiplication. The software methods are based on a self written C-library with an especially
optimized multiplication routine and the multipurpose program MAPLE for algebraic computation. For a generalization of the results for larger fields it should be
noted that the speed of the library function increases at least proportional with the
logarithm of the field size 2k • For instance, multiplication in GF(2 32 ) would at least
double the multiplication time.

3.2

The Digital Signal Processor

The TMS320C25, an enhanced version of the TMS32020, is a second generation
device of the Texas Instruments DSP family. When running at full speed (40 MHz)
it gives a typical throughput of ten million instructions per second.
The decoder implemented in the DSP works on three blocks of data at the same
time1 . While one block is being read in, the block previously read in is being
decoded (syndrome calculation and calculation of error position and error value),
and the block read in before that (which was already decoded) is being sent out.
This last block consists of only 8 symbols (= 128 bits), because the parity symbols
are no longer attached to it. Since the serial input and serial output port of the
DSP work independently from the decoding algorithm, the three actual data blocks
described above are processed in parallel.
At the same moment that a block has been read in entirely, the output process
of the block decoded previously is finished. At this moment the pointers to the
memory locations of these blocks are swapped and decoding of the block read in
can start. This way the memory is used in a cyclic way, as shown in Figure 2,
which is necessary because the DSP's amount of memory on chip is limited. A
"Block Timing" signal, which is high for one clock cycle just before the start of a
new block, tells the DSP where a new block starts, thereby synchronizing the entire
1 Here a block is a code word sent by the encoder and possibly corrupted by an error. A block
is equal to the r(X) of equation (3). In the case of the (10,8) code over GF(2 16 ) used, a block
consists of 10 symbols each 16 bits long, making a total of 160 bits.
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Figure 2: Schematic view of DSP memory usage.
decoding process.
The time needed for the decoding process and the switching of the memory
pointers determines the maximum data rate that can be achieved. At the moment
we are using a CD-based signal, which results in a clock speed of 10/8 x 1.41Mbps =
1.76Mbps, so the time it takes to receive an entire block of 160 bits is 91 JLS. The
DSP needs 68 JLS, for input, output and decoding in a worst case situation, which is
75 % of the available 91 JLS. Therefore the data rate can be increased theoretically
upto 1.9 Mbps.
The DSP I/O and decoding process cause a delay equal to two blocks or 320
bits, which is equal to approximately 0.2 milliseconds.

4

Comparison and Evaluation

Table 2 shows a comparison of our system with the two DSP-based RS-decoders
proposed in [lJ and [2]. These decoders apply table look-up for multiplication in
the fields GF(2 8 ) and GF(2 4 ), respectively. The coding schemes implemented are
standard, i.e. non-shortened, RS-codes.
We are aware of the fact that it is difficult to provide a fair comparison due to
progress in processor technology and due to different code parameters used. However, the significantly increased data rate of our approach compared to those in [1],
[2] proofs the success of the new system design, using dedicated external arithmetic
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System

DSP

Coding Scheme

Proposed
1993
[1]
1990
[2]
1989

Texas Inst.
TMS320C25
NEC

(10,8) over
GF(2 16 )
(255,223) over
GF(2 8 )
(15,k) over
GF(2 4 )

~PD77220

Texas Inst.
TMS32010

Delay

Code
rate
0.80

Maximum
data rate
1.9 Mbps

0.2 ms

0.87

275 kbps

14,5 ms

Decoding
algorithm
Direct
solution
Euclid

0.67 0.93

16 80 kbps

4.4 0.9 ms

MasseyBerlekamp

Table 2: Comparison of some DSP-based RS-decoders mentioned in literature
units that allow arithmetic in fields which match the processor's bus structure. A
complete version of the system will be exhibited on the CeBit computer fair in
Hannover in March 1994.

5

Outlook

Our approach looks promising for an extension of the error correction capability to
t > 1. For this, a fast external finite field divider/inverter should be constructed.
This would make more general and more powerful DSP-based decoders possible.
The inverter would allow a fast solution of the key equations either through Euclid's
algorithm, Massey-Berlekamp's algorithm or an extended version of the direct methods such as the algorithms proposed in [15]. A further improvement can be made
if the access time of the external hardware is accelerated. We used the standard
I/O ports of the DSP, but a sophisticated DMA-based access scheme may result in
faster multiplication/inversion.
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