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Abstract—This paper evaluates the proposed implementation
of short length low density parity check (LDPC) codes within
the telemetry space protocol. Due to the varying orbital patterns
of low earth orbit (LEO) satellites, limited communication time
windows need to be optimised to maximise data throughput.
Most popular connection oriented protocols focus on correcting
congestion related link errors, but with a unique set of link
related bit errors introduced on the satellite channel, conventional
protocols degrades the performance of LEO satellite communication. The telemetry (TM) protocol specified by the European
Cooperation for Space Standardisation will be evaluated with a
mission specific implementation for error control coding. Using
iterative decoding schemes, short length LDPC show large coding
gains with low complexity hardware requirements. A coding
scheme implementing an approximation algorithm is shown as a
low complexity solution with good error performance.

I. I NTRODUCTION
EO satellite communication presents a unique environment which inherently differs from most other communication channels. With characteristics such as limited time windows, drastically varying link margins and varying geographic
ground terminal distribution, application specific design is
required to optimise the throughput of the communication
system. A unique set of link errors such as bit corruption is
also introduced as shown in [1]. The link also exhibits large
varying propagation delays.
Most protocols were designed for wired connection orientated networks. These protocols perform poorly when used on
satellite channels with significant loss of packets [2], mostly
due to noise introduced on the satellite link. Most of these error
control strategies mainly implement error detection schemes.
The absence of forward error correction codes over satellite
links results in unreliable communication. This decreases the
throughput to give unacceptably low channel utilisation results.
Packet loss due to a link error wrongly interpreted by the
protocol as a congestion related error, further decreases the
performance of satellite communication.
On LEO satellite channels, large coding gains can be
realised by implementing forward error correction strategies.
The telemetry (TM) space data link protocol [3] will be
implemented, allowing the designer to implement a mission
specific error control strategy.
Low density parity check (LDPC) codes, also known as
Gallager codes, were discovered by Gallager in 1962 [4]. For
more than thirty years these codes were largely ignored, due to
the lack of simple decoding techniques. Mackay rediscovered

L

these codes in 1995 and used iterative decoding to show large
channel coding gains with an efficient belief propagation (BP)
iterative decoding algorithm [5]. The BP iterative decoder can
be implemented with relatively low complexity to give error
performances comparable to a maximum likelihood decoder
[6].
With power limitations on the space segment and remote
groundstations, hardware utilisation efficiency need to be optimised to reduce power consumption. To reduce the complexity
of the BP decoding algorithm, some approximations can be
made in the iterative steps of the decoder. A normalised minsum approximation decoding algorithm is proposed as a low
cost solution with comparable error performance. This algorithm significantly decreases the complexity of the decoder,
while maintaining acceptable error performances [7].
Simulation results are given for the BP and min-sum approximation decoding algorithms. In all simulations, synthesizable
MATLAB R instructions were used. The synthesizable MATLAB instruction set [8], is a reduced instruction set enabling
the direct implementation of MATLAB code to hardware
TM
description language (HDL) for Xilinx FPGA’s, through the
TM
use of AccelDSP . This allows for a shorter design cycle
from simulation to hardware implementation, enabling the
designer to test the functionality of the system with simple
sinks and sources in Simulink, without the need to design
HDL testbenches for all modules.
The rest of this paper is organised as follows. Section II
describes the protocol strategy. Section III gives a brief description of the TM protocol and its frame structure, and
Section IV explains the packet processing scheme. Section V
describes the synchronisation and channel coding sublayer,
and Section VI describes the FEC implementation. The paper
is concluded in Section VII.
II. P ROTOCOL S TRATEGY
Four layers of the standard Open Systems Interconnect
(OSI) model will be used to give a description of the network
protocol design. All layers have the same description as those
of the standard OSI model, with the exception of defining
two sublayers within the standard OSI data link layer, as
will be discussed. The physical layer will consist of all radio
frequency (RF) equipment, digital-to-analogue, analogue-todigital conversion and detection.
The data link layer will use an implementation based on
standards established by the European Cooperation for Space
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Standardization (ECSS) [9], [3]. Two sublayers will be defined
within the data link layer. As shown in Figure 1, the bottom
sublayer interconnecting with the physical layer, will be the
synchronization and channel coding sublayer. This sublayer
will be responsible for synchronization, error control coding
and providing acceptable bit transition densities. The data link
protocol sublayer will function on top of the synchronization
and channel coding sublayer. This sublayer will interconnect
between the synchronization and channel coding sublayer and
the transport layer. The telemetry transfer frame protocol
designed for space data links will be implemented on this
sublayer [3]. Using this implementation, allows us to use a
mission specific error control strategy to optimize the overall
link throughput as will be discussed in Section VI. Within
the data link layer, the synchronization and channel coding
sublayer will be implemented on the field programmable gate
array (FPGA) and the data link protocol sublayer on the on
board computer (OBC).
An automatic repeat-request (ARQ) strategy will be implemented on the transportation layer. Communication for the
satellite software system takes place in the application layer.
The transport and application layers will be implemented on
the OBC.
III. T ELEMETRY T RANSFER F RAME P ROTOCOL
The TM space data link protocol provides functions to send
fixed length protocol data units called transfer frames over a
satellite link as specified in [9]. The most important service
of the TM protocol is to enable the transfer of variable length
packets received from the transport layer that implements an
ARQ protocol. Each frame contains a header with control
information and a fixed length data field containing ARQ
packets received from the transport layer. The TM protocol
is responsible for packet processing, including fragmentation
and assembly of packets. The TM protocol standard, designed
by the ECSS, provides a lot of optional services to the user,
and the implemented services will be explained in this section.
It is important to note that the data link layer does not
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provided end-to-end reliability, but all frames passed to the
transport layer can be accepted as frames without error. The
TM protocol also provides services through the use of master
and virtual channels to enable multiplexing for systems with
more than one source. In this application the TM protocol
will only receive data from a single source, and therefore the
virtual channels will not be implemented, but will be available
for future implementations.
The frame structure of the TM protocol is shown in Figure 2.
This implementation will only consist of the transfer frame
primary header and transfer frame data field. The optional
transfer frame secondary header will not be used. The main
purpose of the transfer frame secondary header is to carry
additional data to enable communication between higher layers
of the protocol stack. The optional transfer frame trailer will
also be omitted and its operational control field is used to
specify different type reports. The error control field is used
for error detection, this will be included in the synchronisation
and channel coding sublayer, and will be explained in Section
V, and will not be implemented in the TM frame protocol.
IV. PACKET P ROCESSING
The packet processing functions are explained by referring to Figure 3. At the transmitter the frame construction
and segmentation function will receive variable length ARQ
packets. As described in Section 5.4.3.1 of the TM transfer
frame specifications ECSS [3], ”The functions for processing
the packets depend on knowledge of the position, size and
meaning of certain fields in the standard packet headers.”.
In order to provide a modular system with interdependence
between protocol layers, it is not desirable to do packet
inspection of higher layer protocols at the data link layer.
The following method will be implemented to avoid packet
inspection.
Note that the packet length of the ARQ packet will be larger
than the data field length of a TM frame. Using this property in
our implementation, it is known that only one new packet will
start in any TM frame. Exceptions of smaller packets will be
handled by the design of the encoder as will be discussed later
in this section. In Figure 3, two ARQ packets are sent to the
TM protocol to be transmitted. Packet 1 is larger than packet
2, and will span across two whole TM frames, and a part of
the third frame. The first header pointer is part of the TM
packet header, and used to indicate the start of a new packet.
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The first header pointer in the first frame indicates that a new
packet starts in the beginning of the data field. The value of
the first header pointer is set to ’11111111111’ in the second
frame indicating that no new ARQ packets start in this frame.
In the third frame the first header pointer indicates the offset
at which the new ARQ packet starts within the data field. The
packet processing function will indicate that it is the start of
a new ARQ packet by setting the segment length identifier
to ’11’. The fourth frame is similar to the second one with
no new packets starting in the frame. In the last frame the
first header pointer indicates the end of the ARQ packet and
indicates that idle data (fill bits) follow the packet by setting
the segment length identifier to the value ’10’. To cater for the
exception that a packet is smaller than a TM frame the value
of the segment length identifier will be set to ’00’. This will
indicate that a higher layer packet smaller than a TM frame
is present, and the first header pointer will indicate the end of
the packet (beginning of idle data). This scenario is not shown
in Figure 3, due to the fact that the ARQ packets will be very
large compared to the implemented TM frames.
The encoder of the system will be designed to check the
remainder of a TM frame when starting a new ARQ packet
in a TM frame. This will be done to avoid a scenario where
a new packet will start and finish in a TM frame, following
the trailer of another TM frame. Because only one new packet
or idle data (fill bits) will start in a transfer frame the only
information needed by the receiver is whether it is a packet
or idle data. This avoids the necessity for packet inspection of
higher layer protocols.
At the receiver the information in the primary header will be
used to unpack the frames and build the ARQ packets. ARQ
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packets will be rebuilt by using the master channel sequence
numbers. Any gaps in an ARQ packet will be detected. If a TM
frame was received in error or not at all, the TM protocol will
not be able to reconstruct the ARQ packet correctly and these
erroneous or incomplete packets will be dropped. Information
of invalid ARQ packets will be available at the data link
layer, but will not be sent to the higher layer protocol in our
application. The ARQ protocol’s timers will be used to resend
unacknowledged packets. Note that the ARQ protocol provides
end-to-end reliability. The data link layer ensures that all ARQ
packets sent to the higher layer is error free and complete
packets. The synchronization and channel coding sublayer
guarantees error free data, and the TM protocol ensures that
all ARQ packets are complete packets (without gaps).
V. S YNCHRONISATION AND C HANNEL C ODING S UBLAYER
The synchronization and channel coding sublayer will be
implemented as defined in the ECSS standard [9]. The main
services provided by this sublayer are:
• provide required bit transition density
• frame synchronisation
• error detection
• error correction
A flow diagram of the synchronization and channel coding
sublayer is given in Figure 4. On transmission, this sublayer
will receive transfer frames from the TM protocol on the OBC.
The transfer frames will be encoded with a cyclic redundancy
check (CRC-16), specified in [9]. The purpose of the CRC
code is to ensure that no transfer frames with errors are sent
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to the TM protocol. The transfer frames with appended CRC
checks will be sent to the forward error correction (FEC)
encoder as will be explained in Section VI. The encoded
data, or codeblocks, will be randomised before transmission.
A pseudo-randomiser will be used to ensure that the message
sent by the modulator have sufficient bit transitions. The
randomiser uses the polynomial P (x) = x8 +x7 +x5 +x3 +1,
as specified in [10]. The randomised sequence repeats itself
after 255 bits. The pseudo-randomizer will randomise the
codeblocks and send the randomised codeblocks to the next
block, which adds the attached synchronisation marker (ASM).
Note that the ASM will not be randomised by the pseudorandomiser, this is because the sequence for the ASM is
already optimised to ensure that there is enough bit transitions.
This data are sent to the modulator to be sent over the satellite
link.
When data are received from the demodulator, the frame
synchronisation block will look for the ASM, remove it, and
send the randomized codeblock to the pseudo-derandomiser.
The derandomised codeblock will be sent to the FEC decoder.
After decoding, the decoded codeblock will be checked with
the CRC code and the transfer frame will be sent to the TM
protocol on the OBC.
VI. F ORWARD E RROR C ORRECTION
Forward error correction will be implemented to achieve an
effective coding gain over the noisy channel. The rate R of
an error correction code is equal to the information bits K,
divided by the code length N . We have R = K
N , where the
redundancy M in the code can be calculated as M = N − K.
Half rate codes will be considered in this paper.
In Figure 5, a (4, 2) code is presented to explain the basic
functionality of an LDPC code. Any LDPC code can be
represented by its sparse parity check matrix H. A systematic
generator matrix G is one in which the identity matrix can
be identified among the rows of G. The generator matrix
is written as G = [P IK ], where GHT = 0. For the
encoding process, a codeword x is calculated by multiplying
the message with the generator matrix, giving x = mG. The
(4, 2) code has a code rate of 0.5 and it can be seen that
a redundancy M of two bits are added for each message.
The end to end data rate is shown as fb , and the encoded

data rate fx , will be double the baseband rate, fm represents
the encoded data modulated onto the RF frequencies. Note
that only binary codes will be considered in this paper. The
codeword x is modulated on to the signal s(t) and sent over the
noisy satellite link. At the receiver the received signal r(t) is
demodulated, and the demodulated data x∗ sent to the decoder.
In the decoder the syndrome can be computed as Z = xHT .
For all LDPC codes, this implies that x∗ is a valid codeword
if and only if the syndrome Z is equal to a zero vector [11].
The syndrome only represents the noise added by the channel
and is not dependent on x. The received codeword x∗ can be
mapped back to the original message m by extracting the data
from the last K bits of the codeword. The first K bits of the
codeword x represent the parity bits of the message, and the
last K bits represent the message m.
A. BP algorithm
Effective decoders can be realised for LDPC codes by
implementing iterative message passing decoders. An LDPC
code can be completely described by its parity check matrix H.
A good graphical representation of an LDPC code, or parity
check matrix, is the Tanner graph [12]. Within a Tanner graph
two sets of nodes are defined. The first set is the bit nodes,
represented by the individual bits of a valid codeword x, with
a length of N bits. The second set is represented by the check
nodes. This set represents all the parity constraints that need
to be met to provide a valid codeword x. A soft decision belief
propagation decoder is one which sends probabilities between
the bit nodes and check nodes. This is known as message
passing, where local messages are used with low complexity,
to find the solution of a complex global problem. A maximum
likelihood decoder of a random-like code such as an LDPC
code is one which maximises P (x|x∗ , Hx = 0). However,
we will need to store all codewords, which implies a search
over 2K codewords for decoding which grows exponentially
as K increases. The belief propagation decoder uses iterative
message passing between check and bit nodes to find the
codeword x∗ which satisfies the condition Hx = Z, where
the syndrome Z = 0 [6].
In Figure 6, results are shown for LDPC codes with four
different code lengths, using the BP decoding algorithm. In all
simulations, the additive white Gaussian noise channel was
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used, with BPSK modulation. A maximum number of 100
iterations of the decoding algorithm was used for BP decoding. Using more iterations on these codes doesn’t show any
noticeable improvements, while increasing the latency of the
decoder. The parity check matrices used in this implementation
was designed by D.J.C. Mackay [13]. The performance of the
code improves as N increases. It is shown that at a BER of
10−5 , the (96,48), (204,102), (408,204) and (1008,504) codes
show coding gains of 4.98 dB, 5.46 dB, 6.12 dB and 7.02 dB
respectively.
The BP decoded short length LDPC codes are compared
to well known Reed Solomon, and convolutional codes. The
(255,223) Reed Solomon code requires 6.23 dB to achieve
a BER of 10−5 [14]. With the BP decoder, the (96,48) and
(1008,504) LDPC codes outperform the Reed Solomon code
with 1.25 dB and 3.65 dB respectively. The well known half
rate convolutional code has a constraint length of 7, with
constraints (171,133), specified in octal base [9]. This code
requires 4.15 dB to achieve a BER of 10−5 . The smallest
LDPC code considered, (96,48), requires 4.98 dB. The convolutional code outperforms the (96,48) LDPC code by 0.83 dB.
The (204,102) LDPC code requires 4.14 dB, giving similar
results to the convolutional code. All well designed LDPC
codes with code length larger than approximately 102 should
outperform this convolutional code as predicted by Figure 6.
The (1008,504) LDPC code, will outperform the convolutional
code by 1.57 dB.
B. Min-sum approximation algorithm
BP decoders are simplified by using the min-sum approximation. Calculations for updating the bit and check nodes
are simplified. In the min-sum approximation algorithms multiplication and division operations used in the BP decoder
can be substituted with addition and subtraction [15]. A
log likelihood ratio implementation was designed to avoid
additional normalisation operations.
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A method for improving the performance of the minsum approximation algorithm is to introduce a normalisation
factor. All updated check nodes are multiplied by a constant
α = 0.65. In Figure 7 a comparison of the BP, min-sum and
normalised min-sum algorithms are shown for the (204,102)
code. It can be seen that the normalised min sum algorithm
gives similar performance to the BP algorithm. A loss in
performance of 0-0.15 dB is shown for low SNR values, while
giving similar performance for higher SNR values.
In Figure 8 the results are shown for the normalised approximation algorithm with different numbers of maximum
iterations used by the algorithm. It can be seen that this algorithm has a fast conversion rate for the number of iterations
used. Results for the maximum number of iterations set at
20 gives a performance within 0-0.05 dB of the algorithm
with a maximum number of iterations of 100. Reducing the
number of maximum iterations decreases the latency of the

code and reduces the processing requirements for hardware
implementations.
A characteristic of using the approximation BP algorithm is
that it is universal for the AWGN channel [15]. This implies
that we can feed the received values from the demodulator
into the decoder without computing the probabilities or LLRs.
For VLSI implementation the use of summations and compare functions is highly preferred over multiplication.
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VII. C ONCLUSION
In this paper an LDPC error control strategy functioning
within the TM space protocol is presented. A packet processing scheme is given to avoid the need for packet inspection
of higher layer protocols within the TM data link layer. It is
shown that for block lengths larger than approximately 200,
LDPC codes outperform other popular coding schemes such as
convolutional codes and Reed-Solomon codes. The normalised
min-sum approximation decoder shows similar performance to
the BP decoder. These results are obtained with much lower
associated computational overhead. The approximation minsum decoders maintains a very good error performance when
reducing the maximum number of iterations in the decoding
algorithm, reducing decoder latency and processing requirements. The approximation algorithm furthermore eliminates
the requirement for prior intrinsic channel estimation, which
additionally simplifies implementation. This implementation
is part of a structured process to practically implement short
length LDPC codes in FPGA hardware for actual flight
application. It is clear that this proposed implementation of
LDPC coding holds much promise to improve the volumetric
data throughput of not only ground-satellite communication
systems, but for variable relatively low quality communication
links in general.
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