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Abstract— The latest standard of Digital Video Broadcasting
(DVB-S2) features a powerful forward error correction system.
This is enabled by replacing the concatenated Reed-
Solomon/convolutional coding approach of DVB-S with a
concatenation of an outer BCH code and inner low-density
parity-check (LDPC) code, which is considered one of the most
powerful codes known today and it can even outperform Turbo-
Codes. In the decoding of LDPC code, huge data processing,
storage, and interconnect requirements is a real challenge for
decoder realization. For decoder hardware implementation,
reduced complexity leads to low power consumption which might
be a key implementation issue. This paper investigates the effect
of the number of iteration and the decoder’s input quantization
to achieve a significant improvement in the hardware
implementation of the decoder architecture and hence leading to
lower delay, higher throughput, reduction of area and power
consumption in the whole radio receiver.
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I. INTRODUCTION

Digital Video Broadcasting (DVB) project was founded in
1993 by the European Telecommunications Standards
Institute (ETSI) with the goal of standardizing digital
television services. Its initial standard for satellite delivery of
digital television, named DVB-S, used a concatenation of an
outer (204,188) byte shortened Reed Solomon code and an
inner constraint length 7, variable rate (r ranges from 1/2 to
7/8) convolutional code [1]. The same infrastructure used to
deliver television via satellite can also be used to deliver
Internet and data services to the subscriber. Internet over
DVB-S is a natural competitor against cable modem and DSL
technology, and its universal coverage allows even the most
remote areas to be served. Because DVB-S only provides a
downlink, an uplink is also needed to enable interactive
applications such as web browsing. The uplink and downlink
need not be symmetric, since many Internet services require a
faster downlink.

One alternative for the uplink is to use a telephone modem,
but this does not allow for always-on service, has modest data
rates, and can be costly in remote areas. A more attractive
alternative is for the subscriber equipment to transmit an
uplink signal back to the satellite over the same antenna used
for receiving the downlink signal. However, given the small
antenna aperture and requirement for a low-cost, low-power
amplifier, there is very little margin on the uplink. Therefore,
strong FEC coding is desired. For this reason, the DVB
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Project has adopted turbo codes for the satellite return channel
in its DVB-RCS (Return Channel via Satellite) standard [2].
At the same time that the DVB project was developing turbo
coding technology for the return channel, it was updating the
downlink with modern coding technology. The latest standard,
called DVB-S2 which is intended to provide Direct-To-Home
(DTH) services for consumer Integrated Receiver Decoder
(IRD), as well as collective antenna systems (Satellite Master
Antenna Television - SMATV) and cable television head-end
stations. DVB-S2 may be considered a successor to the
current DVB-S standard. DVB-S2 is intended to provide
interactive services to consumer IRDs and to personal
computers. The return path can be implemented using various
DVB interactive systems, such as DVB-RCS [3]. The new
DVB-S2 standard features a powerful forward error correction
system. This is enabled by replacing the concatenated Reed-
Solomon/convolutional coding approach of DVB-S with a
concatenation of an outer BCH code and inner low-density
parity-check (LDPC) code [4]. LDPC code is considered one
of the most powerful codes known today which can even
outperform Turbo-Codes [5]. To provide flexibility, DVB-S2
specifies different code rates with a codeword length up to
64800 bits. The huge maximum codeword length is the reason
for the outstanding communication performance ~ 0.7dB to
Shannon results and an increase of a 30% increase in capacity
over DVB-S. The decoding of LDPC is an iterative process.
At each iteration, a lot of data are scrambled and calculated.
This huge data processing, storage and interconnect
requirements is a real challenge for decoder realization, hence
the outstanding coding performance of those codes requires
the investigation of the hardware implementation issues. For
portable radio, low power consumption is a key
implementation issue. In this paper, application knowledge is
exploited to significantly simplify high-level design towards
lower implementation complexity by investigating the number
of bits representing each message value and the maximum
number of iterations used by the decoding algorithm.

I1. DVB-S2 LDPC CODE

LDPC codes, first introduced by Gallagar [6], have recently
received a lot of attention because of their excellent
performance on binary symmetric channel (BSC) as well as
Additive White Gaussian Noise (AWGN) channel. Regular
LDPC codes are specified by a very sparse parity check
matrix with a small fixed number of 1’s along all rows and
with a small fixed number of 1’s along all columns have good
performance, but a little worse than turbo codes. However,
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irregular LDPC codes outperform, on memoryless channels,
the best known turbo codes.

A. LDPC Channel Encoder

Channel coding in DVB-S2 standards consists of two
concatenated codes; the outer is a systematic BCH code that
encodes a binary message of length k; bits into a codeword of
length »; bits. The n; bits are then encoded into n, bits
systematic LDPC codeword which can take one of two
codeword lengths 64,800 or 16,200 bits long called normal
and short frames respectively. Normal frames can be encoded
at 11 code rates while short frames may be encode at 10 code
rates. Tables 1, 2 provide the different rates for normal and
short frames respectively, where ¢ denotes the number of bits
that can be corrected at the LDPC decoder output.

TABLE 1. DVB-S2 BCH CODING RATES, NORMAL FRAMES

DVB-S2 BCH Code Rates
Rate kI ny t
1/4 16008 16200 12
1/3 21408 21600 12
2/5 25728 25920 12
1/2 32208 32400 12
3/5 38688 38880 12
2/3 43040 43200 12
3/4 48408 48600 12
4/5 51648 52840 12
5/6 53840 54000 10
8/9 57472 57600 8
9/10 58192 58320 8

TABLE 2. DVB-S2 BCH CODING RATES, SHORT FRAMES

DVB-S2 BCH Code Rates
Rate k[ ny t
1/4 3072 3240 12
1/3 5232 5400 12
2/5 6312 6480 12
1/2 7032 7200 12
3/5 9552 9720 12
2/3 10632 10800 12
3/4 11712 11880 12
4/5 12432 12600 12
5/6 13152 13320 12
8/9 14232 14400 12

The LDPC code that is used in DVB-S2 is called extended
Irregular Repeat Accumulate (¢IRA) code [7] in which, the
parity check matrix takes the following form:

H=[H, Hy] (1)
Where H; is m x k matrix and H, takes the form:
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H, = 2

And the generator matrix is in systematic form
G=[IP] 3)

P=H'H," “4)

B. LDPC Channel Decoder

Message Passing Algorithm (MPA) is used to iteratively
decode the LDPC code [8] over a graphical representation of
the association between code bits and parity checks. It
exchanges soft-information iteratively between the variable
nodes corresponding to the code bits and check nodes
corresponding to parity bits. The exchanged messages are
assumed to be log-likelihood ratios (LLR). Each variable node
of degree i calculates an update of message k according to:

i-1
A, =4, + Z/II (%)
1=0,1%k
where A, is the corresponding channel LLR of the variable
node and 4; is theLLRs of the incident edges. The check node
LLR updates are calculated according to:

i—1
tanh(4, /2)= 4, + [ ] tanh(4,/2) (6)
120,12k

A decision can be made then by comparing the LLR of the
variable nodes with threshold. When the estimated codeword ¢
is a valid codeword, then we should have ¢H" = 0 and at this
stage the decoder would stop doing more iterations, but when
¢H' # 0, then the decoder will iterate by having each check
node to compute a new message and send it to the
corresponding variable nodes and decoder termination is
ensured through a maximum number of iterations.

III. REDUSED COMPLEXITY DVB-S2 LDPC CODES

The most efficient hardware implementation of the DVB-
S2 LDPC code means to reach the best performance in terms
of speed, area and low power consumption without loss of
error correction capability. When designing LDPC codes, the
performance is usually measured through floating-point
simulations. The floating-point simulation requires less time
to encode in software and gives better results. However, when
considering hardware implementation, using floating-point
representation is not practical and sometimes, is not even
realizable. Fixed-point representation is wused instead.
Hardware implementation deals with data in finite precision
rather than infinite precision. The decoding of LDPC is an
iterative process and at each iteration, a lot of messages are
processed and calculated. The huge data processing and
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storage requirements are real challenge for decoder hardware
realization. The most efficient implementation is always the
tradeoff between hardware complexity and decoding ability
and the process of deciding the accuracy of the finite precision
representation and, hence, setting the parameters of fixed-
point simulation, is also a tradeoff process. Instead of
selecting these parameters in a late stage of the hardware
simulation, they can be selected earlier in the stage of software
simulation using fixed-point approach.

A. Decoder Quantization

All LDPC decoding algorithms are usually specified in the
floating-point domain. To get an efficient implementation,
fixed-point number representation has to be used, which
implies transformation from floating-point to fixed-point. The
primary goal of this quantization for hardware implementation
is to find a fixed-point model that has all bits-widths as small
as possible under the condition of an acceptable degradation
of the coding performance. In hardware implementation, the
reduction of data-path bit-widths, control complexity and
memory size leads to a reduction of area and power
consumption and an increase of speed. The input data
quantization as well as the inner data quantization have major
influence on the control complexity and directly determine the
bit-width of data-path and memory size. The smaller the bit-
widths of quantization, the better the performance of the
decoder in terms of speed, area and the power consumption.
The quantization also has its effects on the decoding
performance and thus, the optimized quantization is a key
issue for the implementation complexity.

B. Reduced Complexity Decoding Algorithm

As with the probability-domain Viterbi and BCJR
algorithms [9], the probability-domain MPA suffers because
multiplications are involved (addition are less costly to
implement) and many multiplications of probabilities are
involved which could become numerically unstable. Thus, as
with BCJR algorithms, a log-domain version of the MPA is to
be preferred. It was shown also that other decoding algorithms
like Min-Sum algorithm can provide similar performance to
ideal implementation but with lower computational
complexity [10].

The number of maximum iteration also should be
investigated before the implementation phase to determine the
sufficient number of iteration processes the implemented
decoder will perform. It’s obvious that as the number of
iterations increases, the Bit Error Rate (BER) would improve
but at the expense of the frame’s processing time or the delay
and on the decoder complexity and hence the power
consumption as well. It should be noted that the DVB-S2
standard is uncommitted with low latency requirements, so it
employs strong coding over codewords of normal or short
frame lengths, but although the standard was designed for low
complexity in hardware, the length of the codewords makes
this the most computationally intensive of LDPC codes
described in current standards. It should also be noted that
increasing the number of maximum iterations by a factor of 2
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dose not necessarily double the total delay because not all
frames will need to take that maximum number of iteration.

IV.SIMULATION AND RESULTS

A Matlab code is first driven to evaluate the performance of
the DVB-S2 LDPC coding. Figure 1 shows the influence of
the code rate on the Frame Error Rate (FER) performance of
the normal frame size of 64,800 bits while Figure 2 shows the
performance of short frame size of 16,200 bits. Unlike other
DVB standards like DVB-RCS, DVB-S2 fixes the length of
the encoder output not the value of the encoder input.

FER for DVB-S2 LDPC, Normal Frames
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Figure 1. Influence of code rate on the FER performance of the normal

frames DVB-S2 LDPC code.
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Figure 2. Influence of code rate on the FER performance of the short frames
DVB-S2 LDPC code.

In our first simulation evaluating the performance of DVB-
S2 standard, up to 100 iterations of the reduced complexity
Minimum-Sum decoding algorithm were used. As stated
before that only 10 out of 11 code rates are possible with the
short frames, that the rate 9/10 is only available for long
frames. For short frames, the rates 1/4, 1/2, 3/4, 4/5 and 5/6
are misnomers because the actual rates are 1/5, 4/9, 11/15, 7/9
and 37/45.
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In order to simulate the real hardware, the investigation of
the DVB-S2 LDPC performance has been made when
numbers are represented in fixed-point format, instead of
floating point one.

The investigation gives an insight into possible tradeoffs
that can be done to achieve certain hardware complexity
requirements. The effect of fixed-point implementation on the
performance is measured by varying the number of bits
representing each LLR value and the maximum number of
iteration in the decoding algorithm. In Figure 3, a DVB-S2
LDPC short frame of rate 1/4 is used to study the effect of
varying the number of iterations. It can be noticed a
significant improvement when changing the maximum
number of iterations from 10 to 100 iterations. It’s obvious
that 10 iterations are insufficient to get any acceptable
performance but it’s clear that as increasing the number of
iteration, the performance improves. When going from 30 to
60 iterations the performance improves by 0.9 dB at FER =
2x107. As increasing the number of iterations from 60 to 100
iterations, the performance improves by about 0.1 dB. This
means that a little improvement will be gained for increasing
the number of iteration further. From hardware
implementation point of view, decreasing the maximum
number of iterations will result in less more throughput and
decoding delay.

FER for DVB-S2 LDPC, rate r=1/4
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Figure 3. Influence maximum number of iterations on the FER performance

of the DVB-S-2 LDPC code.

The number of bits used to represent LLR values is very
important in the hardware implementation of an LDPC
decoder. It will affect both of the speed, the performance, and
the complexity. Figure 4, shows the simulation results of the
DVB-S2 LDPC code for different bit resolutions. The
simulation has been made on the short frame of rate 1/4 with a
maximum number of iteration of 30 and the dynamic range is
set to 7 while two different bit precisions 4-bit and 6-bit have
been used. As it can be seen from Figure 4 that the
performance always improves with increasing the number of
resolution bits and it can be shown that the decoder
performance degradation when using 6-bit precision could be

maintained at 0.1 dB compared with the floating point decoder.
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Figure 4. Influence of code rate on the BER performance of the DVB-RCS
turbo code.

V. CONCLUSION

In this paper, an efficient decoder quantization for DVB-S2
LDPC coding has been made that reduces the complexity
while realization of DVB-S2 radios. Performance simulation
for varying of different supported code rates for such codes
has been presented when changing the maximum number of
iterations and results show that from 30 to 60 iterations could
be used. Decoder quantization has been investigated and
results show that 6-bits decoder quantization can be used with
0.1 dB degradation in performance than unquantized decoder
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