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UYDU HABERLESMESINDE IP TEORISi VE UYGULAMALARI

OZET

Internetin uydu teknolojisine dogru hizla yayilmasi ve gelismesi sayesinde, genis
bantli uydu servisleri pazari gelecek on yilda kayda deger bir blylime igin
dengeleniyor. Su anki uydu haberlesme sistemlerinde genel olarak , ses ve disik
hizli data islemleri kiiclk terminaller, yliksek hizli data ve diger genis banth igin
buylk terminaller kullanihyordu. Teknolojik gelismeler genis band data hizlarnni |,
ufak terminallerle birlestirmeye baslamasiyla son teknolojiyi kullanarak ev ve is
kullanicilarina erigim saglanabiliyor. Ozel olarak iki tip genis band uydu sistemi
gelistiriimekte : (i) GEO yoriingesinde olan ve yiksek glic gerektiren uydular, (ii)
LEO yériingesinde uydu adi olusturan uydular. Genis band LEO aglari ve halen
geligtiimekte olan dizaynlari , GEO benzerlerinden sonra yayiimaya baglamistir.

Tezin igerigini tam olarak anlayabilmek icin dijital uydu haberlesmesi , TCP/IP ve
DVB gibi temel konularda birlestirici bilgiler verilmis olup , bunun yaninda VSAT
teorisi acgiklanarak eski ve yeni teknolojiler arasindaki farklarin karsilastiriimasi

saglanmistir.

Bu blyuk gelismelerin yaninda , DVB teknlojisinin gelistiriimesiyle, IP paketlerinin
DVB/MPEG-2 enkapsiilasyonuna adaptasyon saglandi. Bu methodlarla tek yonlii ve
¢ift yonli internet erisimleri verimli birsekilde gergeklenebilir duruma gelmistir. Buna
ek olarak tezde belirtildigi gibi bazi kodlama teknikleri (6r.Turbo Kodiama) ile daha
fazla band ve enerji verimiiligi elde etmek mumkiindiir. Bu uygulama methodlari ve

ornekleri ayrica tezde verilmistir.

Xiil



IP THEORY AND APPLICATION IN SATELLITE COMMUNICATION
SUMMARY

Thanks to both the rapid deployment of the Internet and advances in satellite
technology, the market for broadband satellite services is poised for substantial
growth in the coming decade. Current communications satellite systems have
generally been designed to provide either voice or data transaction (low data rate)
services through small terminals, or trunking (high data rate, or broadband) services
through large terminals. However, technological advances are enabling new
systems that combine broadband data rates with small terminals, thereby providing
more affordable “last-mile” network access to home and small business users
worldwide. In particular, two types of broadband sateliite systems are under
development: high-power satellites deployed at traditional geostationary (GEO)
orbits, and large constellations of satellites deployed at much lower (LEO) orbits.

To undertstand the full concept of this thesis , it is also given some fundemental
informations about like Digital Communication used in Satellite , TCP/IP , DVB to
combine them easily in reader mind. Besides these VSAT theory also explained to
give an idea to compare old and new technologies.

When using GEO satellites to provide Internet access service, the performance of
the Internet’s Transmission Control Protocol (TCP) is degraded by the high fatency
and high degree of bandwidth asymmetry present in such systems. We therefore
undertook a comprehensive study of TCP performance in the context of broadband
satellite systems used for network access.

In contrast to research on GEO systems, research on LEO systems is still in its
infancy. While LEO systems are being designed specifically to avoid the high
latencies found in GEO systems, their design is challenging from a packet routing
perspective due to the highly time-varying nature of the LEO network topology.
These give full global or targeted coverage of the Earth. Constellations make
possible more reuse of limited available ground-space communication frequencies,
providing higher overall network capacity as a result of this frequency reuse.

Broadband satellite networks are likely to become an important niche of the future
Internet because of their unique ability to provide network access from almost any
point on the globe, particularly those underserved by terrestrial infrastructure.
However, because the design of Internet protocols is driven by the performance of
the wired Internet, satellite network engineers must be vigilant in assisting in the
design and deployment of satellite-friendly protocols and in considering how satellite
networks interwork with the wired Internet. Broadband LEO networks are likely to be
deployed later than their GEO counterparts, and the design of these networks is still
in its infancy, particularly since such networks are significantly more ambitious
technically than anything that has been previously attempted.

Besides these tremendeus improvements , DVB technology is also developed and
adapted to the IP technology by DVB/MPEG-2 encapsulation.By this methods , one-

Xiv



way and two-way satellite accesses can be implemented at now. And also by using
some coding techniques (ex. Turbo Coding ) it is possible to get so much bandwidth
and energy efficiency. Also these application methods and examples is given in this
thesis.
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1. INTRODUCTION

Radio communication by satellite is the outcome of research in the area of
communications whose objective is to achieve ever increasing ranges and
capacities with the lowest possible costs. In addition to the reduction in the cost of
communication, the most outstanding feature is the diversity of services offered by
satellite communication systems. Next-generation satellite communication systems
with on-board processing are currently under development. in parallel with this, the
explosive growth in the terrestrial Internet for commercial and private use means
that there is interest in the provision of Internet-based services over satellite. These
are likely to include information distribution and multimedia services such as
videoconferencing and streaming video and audio, delivered using both multicast

and unicast technologies.

There is no doubt that as new technologies emerge satellites will become cheaper
with faster transmission rates and smaller propagation delays becoming an essential

part in all aspects of our lives.
1.1 Satellite and Multicast Technology

1.1.1 A Brief Overview of Satellite Communications
Satellites are classified into three types according to their height of orbit:

Geosynchronous satellites : are the ones which orbit the earth at 22,238 miles.
Their main advantage is that their constantly above the same point on Earth.
However, due to the large distance from earth they‘ have a big propagation delay of
around 250-500ms.

Medium Earth Orbit(MEO):They orbit the earth at a height of 6250mi to 13000mi.
Since they are closer to Earth they have a smaller propagation delay of around 100-
130ms.

Low Earth Orbit(LEO): These satellites are fairly new as a concept. Their main
advantage is their low propagation delay of 20-30ms. For this advantage however
there is a heavy price to pay in terms of large amount of satellites required to cover
earth leading to greater cost. Also there is the problem of keeping track of a LEO
satellite as it passes through the horizon and then finding another one to switch to



once the first one is out of sight. Aiso there is the problem of what to do with them

when their operational life has expired. For a closer look on LEO and how they
compare with GEO satellites [1] .

The most commonly used frequencies are the C and Ku band. In 1997, the FCC has
given permission to 13 companies to broadcast in the Ka band. Transmission in the
Ka-band will allow transmission rates of up to 155Mbps. Also because there is an
inverse relationship between the diameter of the antenna and the wavelength of the
transmitted signal, Ka and Ku band transmission allows for very small antennas.
Satellites in the past 30 years have experienced a remarkable growth . From the
very first launch of the 84 Kg Sputnik to the launch of complicated sustems,

" satellites have been gaining use in all sort of areas like telecommunications, the
Internet, weather forecasting, sea-depth monitoring, geology, astronomy , distant
medical diagnosis and so many others.

There is no doubt that as new technologies emerge satellites will become cheaper

with faster transmission rates and smaller propagation delays becoming an essential
part in all aspects of our lives.

Table 1.1 Frequency Bands

Band Name Z Frequency Range

HF-band 1.8-30 MHz

VHF-bahHéFO-MB MHz

[P-band  |0.230-1.000 GHz
|UHF-band |0.430-1.300 GHz

H

L-band  11.530-2.700 GHz
IFCC's
idlgltal radio 2.310-2.360 GHz

S-band  12.700-3.500 GHz

| Downlink: 3.700-4.200 GHz
C-band  lyplink: 5.925-6.425 GHz
i Downlink: 7.250-7.745 GHz
Xband ) jlink: 7.900-8.395 GHz
Downlink: FSS: 10.700-11.700 GHz
DBS: 11.700-12.500 GHz
Telecom: 12.500-12.750 GHz
iKu-band
(Europe)

Uplink: FSS and Telecom: 14.000-14.800
1GHz;

DBS: 17.300-18.100 GHz
iDowniink:FSS: 11.700-12.200 GHz
Ku-band  :DBS: 12.200-12.700 GHz

America) §3Uplink FSS: 14.000-14.500 GHz
4DBS: 17.300- 17 800 GHz

/Ka-band | Roughly 18- 31 GHz




1.1.2 Advantages and Disadvantages of Satellite Communication Systems

The potential advantages of satellite-based IP services are given below , [2]

Satellites have a potentially global reach, including all geographical areas
whether urban, rural, remote, sea-based or otherwise inaccessible by
conventional terrestrial communications methods. This wide reach is
particularly of benefit to countries with underdeveloped terrestrial
communications infrastructures, where satellite services can be cheaper

than the cost of installing an equivalent telecommunications network.

Satellites are well-known for providing cost-effective broadcast facilities, and
they have significant potential for multicast services, whether point-to-

multipoint or multipoint-to-multipoint.

New users can be added to a system relatively easily, with equipment

installation only required at the customer’s premises.

Satellites can provide alternative protection paths for existing network
connections. However, as terrestrial link data rates increase (particularly for
fibre optic links), satellites are not capable of supporting all the required

traffic should a main circuit fait.

Bandwidth can be assigned on demand.

Against these advantages must be considered the drawbacks of satellites. The

principal disadvantages compared to terrestrial communications networks are as

follows:

High round-trip delay times, especially of satellites in geostationary orbits.
For a geostationary satellite, the round trip delay to the satellite and back
varies between 240ms for a ground user at the equator to 280ms at 80°
latitude. This clearly has an adverse impact on two-way real-time
communications (for example, telephone conversations or
videoconferences), and also affects the behaviour of network protocois such
as TCP.

The significant error characteristics of satellite transmission channels: these
have higher bit error rates than fibre optic links. The design of the channel
coding typically used on satellites to maintain a low bit error rate means that
errors tend to occur in bursts. As we will see later in this thesis this affects
the channel performance.



e Limited transmission power: large ground stations can transmit at high
power, but the satellite is constrained by the power available from its solar
cells. The power that can be transmitted from user ground stations may also
be limited, either by lack of mains electricity or limited in urban areas to avoid
excessive microwave radiation transmission levels. This limits the signal to

noise ratio and hence the channel capacity.

o Limited data rates: the data rates (“bandwidth”) available on satellite links are

lower than for terrestrial links.
¢ Difficulty to determine the coordinates of runaway uplinks.
1.1.3 Satellite IP Network Architectures

Much work has been performed in studying from a communications perspective both
Geostationary(GEQO) satellites and low earth orbit (LEO) satellite systems. The latter
have the advantages of significantly reduced round-trip delay times and lower
transmission power (due to the reduced free space loss), but mean that satellites
move relative to an earth-based user [1]. An individual LEO satellite may only be
visible to a user for 20 minutes, and therefore a constellation of multiple satellites
must be used, with handover of a communications connection between satellites.
The satellite system also needs to maintain inter-satellite links with dynamic routing
between satellites. With current technologies it seems that geostationary systems
are more favoured by industry, and in this thesis only geostationary satellites are
considered. A significant body of work has been developed that addresses the
behaviour of TCP over satellite. The principal concerns in the case of TCP are that
the high satellite round trip delay affects flow control and throughput, and that
satellite link transmission errors are interpreted by TCP as network congestion, thus
also affecting throughput. However, in this thesis we will consider the behaviour of
IP multicast, and how it is affected by the conditions which exist on satellite links [1].

1.2 Overview and Outline of Thesis

In this thesis, we concentrate on the application of satellite systems to provide
broadband access to the Internet. In this application context, we focus on the
following problems:

e The performance of reliable transport protocols over GEO and LEO satellite

links,

¢ The performance of DVB capsulated IP packets on one-way and two way

solutions.



The problem of designing and deploying reliable transport protocols that perform
adequately over satellite links is well established one, but the problem has not been
completely solved and in particular it is approached the problem from different
angles. For this it was emphasized the protocol performance for network manner |,

modulation-coding performance for physical manner , etc.

Regarding to the above subjects , the remainder of this dissertation is organized as

follows :

In the next chapter (Chapter 2) we delve deeper into background material related to
the problems we address in this thesis, and survey the related work that provides
the foundation for research presented herein. Digital communication techniques ,
VSAT Networks , MPEG-2 /DVB Theory and Satellite Internet Protocol problems are

concerned , briefly.

Chapter 3 is concerned with the performance of TCP in a satellite environment,
focusing first on potential remedies to fairness problems inherent in TCP's
congestion avoidance algorithm, then studying the interaction of different TCP
implementation options in a satellite environment, and finally exploring the potential
gains achievable through the use of TCP protocol gateways and proxies in satellite
access networks. Error control in multicasting and media access control types also

described and analysed.

In Chapter 4, it is focused on internetworking with satellite constellations by
describing orbit& altitute choices, constellation types, IP routing within constellation
and multicasting&tunnelling.

Firstly , in Chapter 5 , it is concerned transmission of IP datagrams over DVB
network , error controlling in this structure, protocol structure are given. After that
broadband internet access and their applications are presented.

Chapter 6 can be tought the overall combined application of other subjects .By
using some recent coding techniques (Turbo Coding) and access techniques , it is
possible to extend the uplink capacity to 2 Mbit/s for terminals like used in VSAT
networks. By this method , it is possible also extend the usage of efficiency in
datarate and energy.



2. BACKGROUND AND RELATED WORK

21 Digital Communication Over Satellite

DTH services via satellite are particularly affected by power limitations, therefore,
ruggedness against noise and interference, shall be the main design objective,
rather than spectrum efficiency . The move to digifal modulation provides more
information capacity, compatibility with digital data services, higher data security,
better quality communications, and quicker system availability[3]. Developers of

communications systems face these constraints:
» available bandwidth

* permissible power

+ inherent noise level of the system

There is a fundamental trade off in communication systems. Simple hardware can
be used in transmitters and receivers to communicate information. However, this
uses a lot of spectrum which limits the number of users. Alternatively, more complex
transmitters and receivers can be used to transmit the same information over less
bandwidth. The transition to more and more spectrally efficient transmission
techniques requires more and more complex hardware. Complex hardware is
difficult to design, test, and build. This trade off exists whether communication is

over air or wire, analog or digital.
2.1.1 Transmission System

DTH services via satellite are particularly affected by power limitations, therefore,
ruggedness against noise and interference, shall be the main design objective,
rather than spectrum efficiency. To achieve a very high power efficiency without
excessively penalizing the spectrum efficiency, the System shall use QPSK
modulation and the concatenation of convolutional and RS codes. The convolutional
code is able to be configured flexibly, allowing the optimization of the system
performance for a given satellite transponder bandwidth. Although the System is
optimized for single carrier per transponder Time Division Multiplex (TDM), it is able
to be used for muiti-carrier Frequency Division Multiplex (FDM) type applications[3].



The System is directly compatible with MPEG-2 coded TV signals. The modem
transmission frame is synchronous with the MPEG-2 multiplex transport packets. If
the received signal is above C/N and C/I threshold, the Forward Error Correction
(FEC) technique adopted in the System is designed to provide a "Quasi Error Free"
(QEF) quality target. The QEF means less than one uncorrected error-event per

transmission hour, corresponding to Bit Error Ratio (BER) = 107 to 107" at the

input of the MPEG-2 demultiplexer. Figure 2.1 shows overall system.
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Figure 2.1 Functional block diagram of the System
2.1.2 Baseband Shaping and Modulation

The System shall employ conventional Gray-coded QPSK modulation with absolute
mapping (no differential coding). Bit mapping in the signal space as given on Figure
2.2 shall be used.[4]

Prior to modulation, the | and Q signals (mathematically represented by a

succession of Dirac delta functions spaced by the symbol duration 7, =1/R_, with

appropriate sign) shall be square root raised cosine filtered. The roll-off factor «

shall be 0,20 or 0,35.

serial X ]

bif-stream ; Baseband QPSK
| Corwolutional : L
Encoder Puncturing Shaping Modulator

Figure 2.2 QPSK constellation




The baseband square root raised cosine filter shall have a theoretical function
defined by the following expression:

H(f)=1 for fl<f,(-a)
1 1. x| f-lf] 2
H(f):{—+—sin—[—fv—} for fil-@)<|f]s £y (@) (2.1)
2 2f, a
H(f)=0 for 1> foll+a)
where
¥ LR is the Nyquist frequency and
Y yq quency
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« is the roll-off factor , ¢ =0,20, 0,25, 035

To understand and compare different modulation format efficiencies, it is important
to first understand the difference between bit rate and symbol rate. The signal
bandwidth for the communications channel needed depends on the symbol rate, not
on the bit rate.[4]

SymbolRate= bit rate Mbaud  (2.2a)

the number of the bits transmitted with each sysmbol

Bit Rate / Bandwidth Calculation

QPSK = 2 [ bit / symbol ]

8-PSK = 8 [ bit/ symbol ]

RS = Reed-Solomon = 188 pk / 204 pk (16 pk error correction)

a = Roll-Off Factor (0.20, 0.25, 0.35)

FEC = Forward Error Correction (y,%,y,%,% )

BW

Bandwidth ( Mhz) , R. = Information Rate ( Mbit/s) ,

SR

Symbol Rate , R, = Bit Rate (Mbit/s)



R(Mbit/s)=2 x BW(MHz)x RS x FECx%+a

SR (MBaud) = -Iz—b = BW(MHz)/(1+a) (2.2b)

Retlative power (dB8)
W
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Figure 2.3 The signal spectrum mask at the modulator output
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Figure 2.4 Encoding Digital Information

The process then uses the Reed-Solomon algorithm to encode the transport stream,
and a process called energy scrambling adds pseudorandom bits to the transport
stream to ensure bit transitions for synchronization and a zero average power. It
then interleaves the stream to provide burst-error protection. The transport stream

proceeds through Viterbi soft FEC, which provides bit-level redundancy.

The final bit stream continues through logic that separates it into two alternating bit
streams: one containing odd-numbered bits, and the other containing even-

numbered bits. A digital-to-analog process then creates two RF signals from these

bit streams. One of these signals undergoes a 90° phase shift (designated Q for



quadrature) and combines with the other signal (designated | for in-phase) to
provide one QPSK signal.
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Figure 2.5 Transmission Processes

The uplink station converts the QPSK signal to a predefined 1- to 2-GHz frequency
and then further converts this signal to a DBS uplink frequency of approximately 17
GHz. The uplink station amplifies and transmits the signal to the satellite.

The satellite converts the 17-GHz signal to approximately 12.5 GHz, amplifies it, and
transmits it back to Earth along with all other signals it has received. The DBS dish
antenna outside the residence receives the signal from the satellite and directs it to
the ODU electronics. The electronics downconverts all signals to the 1- to 2-GHz
range, amplifies them, and sends them down a 75 Q coaxial cable to the satellite
receiver, which tunes to a specific carrier frequency and acquires the original QPSK

signal.

The tuner converts the QPSK signal back to individual | and Q signals. It sends
these to a demodulator, which converts them back to digital bit streams and
combines these odd and even bits to form the original bit stream. Viterbi FEC

10



decodes the bit stream; the deinterleaver assembles the bit stream into its original
sequential byte form; the descrambler removes the pseudorandom bits and then
uses Reed-Solomon error correction to fix any byte errors in each block of the
transport stream. The bit stream is now the original multiplexed transport stream,
which arrives at the back end decoding of the satellite receiver. The system then
demultiplexes the correct channel and uses MPEG-2 to decode it.

2.1.3 Channel Coding

The System input stream shall be organized in fixed length packets , following the
MPEG-2 transport multiplexer. The total packet length of the MPEG-2 transport
Multiplex (MUX) packet is 188 bytes. This includes 1 sync-word byte (i.e. 47HEX).
The processing order at the transmitting side shall always start from the MSB (i.e.
"0") of the sync word-byte (i.e. 01000111).[4]

The polynomial for the Pseudo Random Binary Sequence (PRBS) generator shall
be:

I+x™ +xP (2.3)

Loading of the sequence "100101010000000" into the PRBS registers, as indicated
in figure 2.6, shall be initiated at the start of every eight transport packets. To
provide an initialization signal for the descrambler, the MPEG-2 sync byte of the first

transport packet in a group of eight packets is bit-wise inverted from 47,,, to

B8, . This process is referred to as the "Transport Multiplex Adaptation”.

The first bit at the output of the PRBS generator shall be applied to the first bit (i.e.
MSB) of the first byte following the inverted MPEG-2 sync byte. To aid other
synchronization functions, during the MPEG-2 sync bytes of the subsequent 7
transport ‘packets, the PRBS generation shall continue, but its output shall be
disabled, leaving these bytes unrandomized. Thus, the period of the PRBS
sequence shall be 1 503 bytes.

The randomization process shall be active also when the modulator input bit-stream
is non-existent, or when it is non-compliant with the MPEG-2 transport stream
format (i.e. 1 sync byte + 187 packet bytes). This is to avoid the emission of an
unmodulated carrier from the modulator [4].
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Figure 2.6 Randomizer/de-randomizer schematic diagram
¢ Outer Coding (Reed-Solomon), Interleaving and Framing

The framing organization shall be based on the input packet structure .

Sync

1byte 1B7 Bytes

Figure 2.7 Mpeg-2 Transport Mux Packet

Reed-Solomon RS (204,188, T = 8) shortened code, from the original RS(255,239,
T = 8) code, shall be applied to each randomized transport packet (188 bytes) of
Figure 2.8 to generate an error protected packet (see Figure 2.9). Reed-Solomon

coding shall also be applied to the packet sync byte, either non-inverted (i.e. 47,,,, )

orinverted (i.e. BS,;, ).

PRBS period = 1508 bytea
7 r7i y 7
T mm— R R ¥ R | e— R £
5mel | 447 aytes 5yc2l 187 Byes SyneB| 147 Bytee ST | 187 Bytes
i J 4 V74 i’
(44 e i

Figure 2.8 Randomized Transport Packets

204 bytas >
Synci R
sy:c o 187 Bytes R5(204,188,8)

Figure 2.9 Reed-Solomon RS (204,188,T=8) error protected packet

Code Generator Polynomiat:

g(x)=(x + 2° N+ 2 Jr+ 22 )...(x + 2 ) where 2=02,,, (2.4)
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Field Generator Polynomial: p(x)=x®+x*+x*+x%+1 (2.5)

The shortened Reed-Solomon code may be implemented by adding 51 bytes, all set
to zero, before the information bytes at the input of a (255,239) encoder. After the
RS coding procedure these null bytes shall be discarded. Following the conceptual
scheme of figure 2.10, convolutional interleaving with depth | = 12 shall be applied
to the error protected packets . This results in an interleaved frame (Figure 2.10).
The convolutional interleaving process shall be based on the Forney approach
which is compatible with the Ramsey type 1ll approach, with | = 12. The interleaved
frame shall be composed of overlapping error protected packets and shall be
delimited by inverted or non-inverted MPEG-2 sync bytes (preserving the periodicity
of 204 bytes).

7 5 Sync1 Synci Sync! 7 ;
o 203 Bytas o 203 Bytes o
M Synen Synen Eyne n y7i
(44 (L

Figure 2.10 Interleaved Frames ; Interleaving Depth | = 12 bytes

The interleaver may be composed of | = 12 branches, cyclically connected to the
input byte-stream by the input switch. Each branch shall be a First-In, First-Out

(FIFO) shift register, with depth (M) cells (where M = 17 = N/I, N = 204 =error
protected frame length, | = 12 = interleaving depth, j = branch index).
¢ Inner Coding (Convolutional)

The System shall allow for a range of punctured convolutional codes, based on a
rate 1/2 convolutional code with constraint length K = 7. The System shall allow
convolutional coding with code rates of 1/2, 2/3, 3/4, 5/6 and 7/8.

/s Sync word route

Sync word routse . o / o
° ;0 ]7” =0
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Figure 2.11 Conceptual diagram of the convolutional interleaver and de-interleaver
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2.2 VSAT Networks and Its Applications

A very small aperture terminal (VSAT) is a device (known as an earth station) that is
used to receive satellite transmissions. The "very small" component of the VSAT
acronym refers to the size of the VSAT dish antenna — typically 3 to 6 feet in
diameter — which is mounted on a roof on a wall, or placed on the ground. This
antenna, along with the attached low-noise blocker or LNB (which receives satellite
signals) and the transmitter (which sends signals) make up the VSAT outdoor unit.

The second component of VSAT earth station is the indoor unit. The indoor unit is a
small desktop box or PC that contains receiver and transmitter boards and an
interface to communicate with the user’s existing in-house equipment — LANS,
servers, PCs, TVs, kiosks, etc. The indoor unit is connected to the outdoor unit with
a pair of cables. The advantage of a VSAT earth station, versus a typical terrestrial
network connection, is that VSATs are not limited by the reach of buried cable. A
VSAT earth station can be placed anywhere — as long as it has an unobstructed
view of the satellite. VSATs are capable of sending and receiving all sorts of video,
data and audio content at the same high speed regardiess of their distance from
terrestrial switching offices and infrastructure[5].

2.2.1 VSAT Network Working Mechanism

A VSAT network has three components: a central hub (or master earth station), the
satellite itself, and a virtually unlimited number of VSAT earth stations in various
locations across the country. Content originates at the hub, which features a very
large (15 to 36-foot) antenna. The hub controls the network through a network
management system (NMS) server, which allows a network operator to monitor and
control all components of the network. The NMS operator has the ability to view,
modify, and download individual configuration information to the individual VSATs.
Outbound information (from the hub to the VSATSs) is sent up to the communications
satellite's transponder, which receives it, amplifies it, and beams it back to earth for
reception by the remote VSATs. The VSATs at the remote locations send
information inbound (from the VSATSs to the hub) via the same satellite transponder
to the hub station.

This arrangement, where all network communication passes through the network's
hub processor, is called a "star" configuration, with the hub station at the centre of
the star. One of the major advantages of this configuration is that there is virtually no
limit on the number of remote VSATSs that can be connected the hub.
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Figure 2.12 VSAT Network

Perhaps the best known VSAT network architecture is the Time Division
Multiplex/Time Division Multiple Access network, used around the worid for low
speed (300 bps - 19,200 bps) data communications such as credit card processing
and verification, point-of-sale inventory control, and general business data

connectivity.

A typical TDMA network employs a large satellite hub system that manages all
network terminal access and routing. Data is transmitted to and from the hub in
short bursts on satellite channels that are shared with 30 to 40 other terminals
(depending upon network loading parameters). The hub communicates with these
VSAT terminals over a higher-speed "outbound” TDM satellite carrier. The terminals
transmit back to the hub on their assigned "inbound" carriers using TDM protocols.
This combination allows a certain number of siots in time each second that each
terminal can transmit data, and can dynamically assign more or less time to
terminals based upon their individual requirements. With this type of assignment,

maximum network efficiency and throughput is maintained[5].

SCPC is used for economical distribution of broadcast data, digital audio and video
materials, as well as for full-duplex or two-way data, audio or video communications.
In an SCPC system, user data is transmitted to the satellite continuously on a single
satellite carrier. The satellite signal is received at a single location, in the case of a
point-to-point system, or at many locations in a broadcast application, providing
hubless connectivity among multiple sites. SCPC got its name from the older analog
transmission technology, when a single satellite channel could carry only one data
carrier. With today's digital technology, SCPC can actually operate in a MCPC

15



(Multiple Channel Per Carrier) mode, with several data carrier multiplexed into a
single digital aggregate. For example, two earth stations transmitting 64 kbps
carriers to each other can actually provide several compressed digital telephone
circuits as well as full-time low speed data circuits if proper voice/data multiplexing

equipment is added to each basic system
2.2.2 Demand Assigned Multiple Access (DAMA) and Benefits

A DAMA system is typically a singie hop satellite transmission network which allows
direct connection between any two nodes in the network among many users sharing
a limited "pool" of satellite transponder space. DAMA supports full mesh, point-to-
point or point-to-muitipoint communications -- any user can connect directly to any
other user anywhere within the network. The result is economical and flexible
bandwidth sharing with any mix of voice, FAX, video and data traffic. DAMA
optimizes the use of satellite capacity by automatically allocating satellite resources
to each active node upon demand. Users typically pay for satellite capacity used,
plus a network maintenance fee.

In a DAMA system, the network allocates communications bandwidth to each call
from a pool of frequency channels on a demand-assigned basis. When a caller at a
remote terminal requests service (e.g. picks up the telephone to make a call) the
request is made to a Network Control System (NCS) over the shared DAMA
common signalling channel. The NCS functions as a "switchboard in the sky". The
NCS determines if the call is valid and then establishes the channel (including
bandwidth) between the originating site and the called number. Circuits remain
active only as long as needed, then are broken to free bandwidth for other users.
When the call is completed, the NCS is informed by the remote terminals and the
freed bandwidth is returned to the frequency pool. By using a DAMA system a single
transponder can support several thousand subscribers.

Any remote unit can be configured to perform as the Network Control System with
the addition of some hardware and Network Management System (NMS) software.
The hardware, together with the NMS, serves as the single focal point for system
level control within the satellite communications network. The NCS can be located
anywhere within the satellite footprint. DAMA systems quickly and transparently
assign communication links or circuits to users on a call-by-call basis. After use
(hang up), channels are immediately returned to the central pool, for reuse by
others. By using DAMA, many subscribers can be served using only a fraction of the
satellite resources required by dedicated, point-to-point SCPC networks. The
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business case for DAMA is a strong one. DAMA saves satellite users money,
optimizes use of scarce satellite resources, and can increase service provider
revenues. Service providers using DAMA are able to pack more services into the
same satellite bandwidth, with a resulting increase in their profit-making
opportunities. For military applications, many users compete for very limited
communications resources. DAMA’s inherent network management capabilities

provide positive control of those resources.
2.2.3 Basic multiple access and modulation schemes

Effective and efficient satellite communications depends on the type of modulation
and multiple access used by transmitting user terminals and earth stations. The
staunch support by suppliers of their particular approach often produces interesting
and confusing debate within the technical community. Mirroring the dialog of the
digital mobile (cellular) standards, satellite multiple access techniques run the gamut
of time division, frequency division and code division approaches. Figure 2.13
shows how these techniques occupy the two key dimensions of satellite capacity:
frequency spectrum and time. The suppliers of two-way products each have chosen
a scheme for reasons of experience and capability. Evaluation of these systems is
ongoing, and each can demonstrate satisfactory operation in a live network. Any of
the three can be made to work; however, it is likely that one or two may be superior
for a specific defined application. Beyond the theory, it is the product design and
protocol operation that matter as to how well the multiple access system delivers

information in an effective and manageable way.
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Figure 2.13 The Time and Frequency Utilization of Basic Multiple Access Techniques
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The key FEC techniques employed by current VSAT equipment include:

o Convolutional encoding with Viterbi decoding, long a favourite in sateilite and
terrestrial wireless communications, is availabie in coding rates (R) between

7/8 (minimum gain) and 1/2 (maximum gain);

+ Reed-Solomon (R-S) code, a block coding scheme with excellent properties
and popularized by DIRECTV;

e Concatenated (combined in a serial manner) convolutional and R-S,
provided by the DIRECTV Satellite System (DSS) and the Digital Video
Broadcast (DVB) system; very effective for all services, particularly digital TV
using MPEG 2 and Internet data transfer;

o Turbo Product Code (TPC), similar in concept to the concatenated code but
based on combining two like encoding mechanisms that employ feedback
and iterations to boost FEC performance..

A comparison of typical implementations of these FEC techniques is provided in
Figure 2.14. Modems to support concatenated coding, particularly within the DVB
standard, are available up to about 100 Mbps, making this system desirable for high
speed outbound transmission from the hub and for the broadcast of both digital
video and Internet content.
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Figure 2.14 Performance characteristics of current FEC techniques
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2.2.4 Comparing Technical Performance

A global comparison of technology and its implementation by developers and
manufacturers is probably impractical. However, if the basic requirements for the
network are known, it is possible to narrow the possibilities and make choices of
equipment and operating parameters. Most generalized comparisons resort to the
basic linear equations for the wireless line-of-sight path.

7R,

2
C=P,G,G,(4 A J (2.6)

where C is the received carrier power, Pt is the transmitter output power, G, is the

transmit gain, G, is the receive gain, and R, is the range from the transmitting

antenna to the receiving antenna. From the basic geometry of the geostationary

orbit, the line-of-site path length (R ;) can be estimated from :

R, =42643.4x10% /1 - 0.29577cos ¢ cos $ (2.7)

where @ is the latitude and & is the longitude of the earth station relative to that of

the satellite. The measure of link performance, C/ N , is computed as the ratio of C
to the noise (N) in the signal RF bandwidth ( B ). For pure thermal noise as produced

within the receiving earth station
N=KTB (2.8)

where k is Boltzmann’s constant and T is the equivalent noise temperature of the
receiving system (composed of contributions from the antenna, coupling loss and
low noise amplifier). Conversion to E, /N, amounts to multiplying the C/N by the
ratio of the bandwidth, B, to the information bit rate.
E, /N =(C/N,)x(R/B)
C/N =10log,,(P. /Py) (dB)
S/N =20log,,(Vs/Vy) (dB)
BER =P, =(1/2)erfc(S/N)"'?

(2.9)

Where V¢ (mV) is signal strength , V, (mV):Noise Level , P.(mW): Carrier

Strength , Py (mW): Noise Level .

For a receiver , C / N is the Carrier-to-Noise ratio measured at the input of
demodulator and S / N is the Signal-to-Noise ratio measured at the output of
demodulator.
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Figure 2.15 P(e) as a function of C/N for various modulation techniques

This simple calculation is not sufficient to account for a variety of other noise
sources and impairments that significantly affect the satellite channel. These

inciude:
¢ Uplink noise, which is computed in the same manner as above;

» Propagation effects due to the various layers of the atmosphere, particularly
absorption by clear air and rain (which introduces substantial power loss at
frequencies above about 10 GHz), and scintillation fading due to the

troposphere and ionosphere;

e Transponder intermodulation distortion, which may add noise products into

the spectrum of the carrier;

o Interference from cross polarized signals on the same satellite (XPOL) and

from adjacent satellites (ASI)

o Direct distortion to the signal as it passes through the uplink earth station,
satellite transponder, and receiving earth station; the principal impact is
called intersymbol interference (ISl), an impairment which causes the

required E, /N, to increase for the same probability of bit error.
2.2.5 The Advantages of a VSAT Network

Satellite’s true advantage over standard terrestrial networks is derived from its
inherent capabilities as a broadcast medium. By leveraging these capabilities for
business, increasing the effectiveness of communications and saving bandwidth,
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time and money on a scale that will deliver tangible, bottom-line results for your

organization

Economics — VSAT networking has proven to be substantially more cost-effective
than other wide-area networking technologies.

Flexibility — VSAT technology has an unmatched ability to support a wide range of

devices and applications.

Coverage — Satellite is the only broadband WAN technology universally available

across the country.

Expandability — VSAT technology provides a uniquely convenient environment for
accommodating network and bandwidth expansion as well as migration to new

applications and interface requirements.

2.2.6 Applications of VSAT System
Receive Only :
e Stock market & other news broadcasting
e Training or continuing education from a distance
e Distribute financial trends & analyses
* Introduce new products at geographically dispersed locations
e Update market related data, news, and catalogue prices
e Distribute video or TV programs
¢ Distribute music in stores & public areas
¢ Relay advertising to electronic signs in retail stores
Transmit/Receive :
e Interactive computer transactions
e Internet
e Video Teleconferencing
o Database inquiries
¢ Bank transactions, ATM

¢ Reservation systems
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Distributed remote process control and telemetry
Voice communications

Emergency services

Electronic fund transfer at Point-of-Sale

E-mail

Medical data transfer

Sales monitoring & stock control
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2.3 MPEG/DVB Theory and Its Applications

MPEG consists of a family of standards that specify the coding of video, associated
audio and hypermedia. These standards include MPEG-1, MPEG-2 and MPEG-4.
Though this part deals mainly with MPEG-2, the digital broadcasting standard, it will
be discussed MPEG-1 , MPEG-4 and MPEG-7 briefly.

MPEG-1 is the original MPEG standard for audio and video coding. First published
in 1993, this standard defines digital audio and video compression for storage at up
to approximately 1.5 Mbps. Like all MPEG standards, MPEG-1 is flexible in that it
defines only the syntax and semantics of the encoded bit stream, and not the
encoding process itself. Common applications for MPEG-1 inciude the storage of
sound and pictures for interactive CDs such as video games and movie CDs.

MPEG-1 has also been used for digital radio broadcasts.

MPEG-4 represents the next breakthrough in audiovisual coding. It allows for
simultaneous coding of synthetic and natural objects and sound, giving service
providers more options for creating games and other multimedia applications. It
extends interactive possibilities by allowing the user to manipulate, among other
things, views and the viewing perspective. MPEG-4 also allows for the coding of
arbitrarily shaped objects, instead of the standard rectangle-shaped video frame.
Because of this, the standard allows even greater compression than MPEG-1 or
MPEG-2 and will be used for applications with especially limited data capacity.
Though digital broadcast will continue to use the MPEG-2 standard, MPEG-4 will
serve a variety of applications including networked video applications, computer

games and wireless services.

MPEG-7 is a standard for describing the multimedia content data that will support
these operational requirements. The requirements apply, in principle, to both real-
time and non real-time as well as push and pull applications. MPEG-7 does not
standardize or evaluate applications. In the development of the MPEG-7 standard
applications have been used for understanding the requirements and evaluation of
technology. It must be made clear that the requirements are derived from analyzing
a wide range of potential applications that could use MPEG-7 descriptions. MPEG-7
is not aimed at any one application in particular; rather, the elements that MPEG-7
standardizes support as broad a range of applications as possible.

2.3.1 MPEG-2 Compression and Transport

MPEG-2 refers to the set of standards developed by the Moving Pictures Experts
Group for audio and video compression, transportation of multiple compressed
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programs in a single multiplex, and encapsuiation of data into the multiplex. It
defines a mechanism to compress a video signal to as much as 30 times less than

its original size [4].

Because of MPEG compression, broadcasters no longer need as much bandwidth
to send a single TV program. This gives them the option to include other programs
and services in their commercial offering. These programs and services might
include high definition television (HDTV), more channeis to choose from,
programming in different languages, internet services and interactive TV. The
MPEG-2 standard defines the structure and syntax of the encoded bit stream but
does not specify the method for encoding the bit stream. This flexibility gives
manufacturers and content providers room to develop improved solutions for
specific applications with the knowledge that their equipment or content is based on
an international standard that is unlikely to change. The goal of MPEG-2 video and
audio compression is to reduce redundancy without affecting quality. However,
compression involves compromise; therefore, it does not necessarily produce an
original-quality sound or image. The more a signal is compressed, the lower the
quality of the resulting signal. To offer broadcasters and consumers flexibility to
choose between high compression (more available services—lower quality signal)
and high quality, MPEG specifies different profiles and levels, each offering a

different degree of compression vs. quality.

Single Program
Stream #1

mp 101100101

Single Program Multiple Program Stream

Stream #2

‘Multiplexer

Encoders

Figure 2.16 Multiplexing

PES (Packet Elementary Streams)'s are further divided into transport packets of 188
bytes each and multiplexed with other elementary streams and data to form a
transport stream containing audio and video for multiple programs. The transport
stream also contains system information in the form of PSI/SI/PSIP tables, which we
will discuss later. It may also contain data for interactive applications. The use of
fixed-size transport packets simplifies the multiplexing and transmission processes

along the broadcast chain.
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Figure 2.17 Transmission Process

Each packet in the transport stream, whether it contains audio, video, system
information, or data, is identified by a number called a PID, or Packet Identifier. PIDs
help the decoder find and sort information in the transport stream. This will become
more apparent when we discuss MPEG-2's system layer and the use of tables.
These tables, called PSI, Sl, or PSIP tables, enable the decoder to locate the
various programs and their components in a multiple-program stream. They also
provide Electronic Program Guide (EPG) information. The tables are organized into

a hierarchical tree structure.

End-to-end synchronization, as well as synchronization between components in a
transport stream, is based on the system clock of the encoder. The encoder uses
this clock to periodically send timing information in the transport stream with a
Program Clock Reference (PCR). Elementary stream packets contain time stamps
called Presentation Time Stamps (PTSs) and Decoding Time Stamps (DTSs). Since
frames are not always transmitted in the order in which they appear on the screen,
the PTS allows the decoder to determine, based on the PCR, the time at which a
frame must be presented to the viewer. As we mentioned earlier, MPEG-2
compression creates dependencies between frames [4].

2.3.2 MPEG-2 PSI Tables

MPEG-2 Program Specific Information (PSI) tables provide the data required for a
decoder to demultiplex a program from a transport stream for presentation to a user.
This information can include location of audio and video for a certain program,
access rights, and information regarding the compression and characteristics of
audio and video signals. The tables are repeated periodically (for example, 10
times/second) in the transport stream to support random access required by a

decoder turning on or switching channels[6].
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o PAT

Think of the Program Association Table (PAT) as a root directory for the transport
stream. This table lists all the programs in the stream and provides the PID (Packet
Identifier) value for the Program Map Table (PMT) associated with each program.
The PAT can also contain the PID number for the Network Information Table (NIT),
which provides access to other transport streams in the network. The decoder is
always able to find the PAT (if present in the stream) since it is always in packets
with a PID value of 00.

e CAT

The Conditional Access Table (CAT) provides a mechanism for decoders to find
Entitlement Management Messages (EMMSs) in the transport stream. EMMs update
the subscription options or pay-per-view rights for each subscriber or for groups of
subscribers. The CAT lists the EMMs in the transport stream and gives the
associated PID values.

o PMT

The Program Map Table (PMT) provides a description for each program in a
transport stream. This table literally acts as the map for a program, listing the PID
values for its video, audio, clock reference and data components. With this
information, the decoder can locate the audio and video for the program and display

them synchronously.
2.3.3 DVB SI Tables

While MPEG-2 PSI tables organize the transmission of compressed audio and video
in a single transport stream, they are not designed to provide information for the
large number of programs and services available on a network of multiple transport
streams. DVB Service Information (Sl) tables give service providers the tools they
need to offer programs and services across a large network that may include many
transport streams. Si tables function much like the Table of Contents in a multi-
chapter book. They enable receivers and set-top boxes to access information
anywhere in the MPEG/DVB network, or bouquet of multiplexes, by providing
information for events and services available on all transport streams in the system.
Sl tables also provide information for the Electronic Program Guide (EPG), which
supplies viewers with a list of all the programs and services available, along with

their duration and a description of their content[6].
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Sl tables have a specific structure similar to a file-management tree structure on a
PC with a root directory and subdirectories. They use specific PID values for
transmission and identification by any receiver. There are four mandatory DVB Sl
tables: the Time and Date Table (TDT), the Network Information Table (NIT), the
Service Description Table (SDT), and the Event Information Table (EIT).

e TDT

This tabie provides the present UTC date and time, which can be adjusted

according to time zone and presented on screen for the viewer.
e NIT

A Network is a system of one or more transport streams controlled by a single
content provider. The Network Information Table (NIT) contains information
regarding the physical organization of the transport streams carried on a single
network, including the tuning parameters that enable the receiver to change
channels at the viewer's command with little or no delay. Tuning parameters are
specific to the type of transmission assigned to the network - terrestrial, cable or
satellite. This table also includes characteristics about the network itself.

e SDT

A Service is a sequence of programs under the control of a broadcaster, which can
be broadcast as part of a schedule. The Service Description Table (SDT) provides
information about the services available in the network, including the name of the
service provider and the textual description of the channel. Two types of SDTs,
“‘Actual” and “Other”, are required by DVB. The SDT Actual describes the services
available on the transport stream currently being accessed by the viewer, while the
SDT Other describes services available on other transport streams in the network.
This information is used in the Electronic Program Guide (EPG) to provide the

viewer access to all the services available on the network.
e EIT

An event is a collection of elementary streams with a common time base set to start
and end at the same time. (We often refer to events as “TV programs”.) The Event
Information Table (EIT) provides information about events in the network, such as

their start time and duration.
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2.3.4 DVB and Internet Protocol (IP)

DVB's recently developed Data Broadcasting specification allows for high-speed
data transfer via satellite, cabie and terrestrial television channels. Some potential
applications for data broadcasting include data-casting, downloading software,
providing Internet services over broadcast channels, and interactive TV. The
following figure summarizes the operation for multi-protocol encapsulation (MPE) of
IP as defined in the DVB standard, which uses table section encapsulation into
transport packets from MPEG-2 [7].

IP datagrams

4 Kbyte
DVB table sections
Table_ 1D xyz

130'byte 184 hyre 188 tayip
MPEG-systems BPEG-systems

401060 Mbit/s
MPEG:systems
miiltiplex

DVB-S
QPSK satellite modulation :

Figure 2.18 Fragmentation and Multiplexing

In Figure 2.18 , Step 1 benefits from a predefined data-fragmentation mechanism.
Multi-kilobyte pieces of data, such as IP datagrams in DVB tables, are fragmented in
fixed-size (188-byte) MPEG transport packets with minimal overhead. A series of
transport packets for a given data stream is identified by a user-defined PID (Packet
ID) value, such as PID 0x0400, as seen in the example. Notice that each packet will
automatically benefit from a standard Reed Solomon forward-error correction (FEC)

mechanism later during the digital modulation.

Step 2 in the process is the multiplexing of the transport packets from multiple data
streams in a single MPEG transport stream. A transport stream is a flagged bit
stream with a fixed bit-rate corresponding to the performance of the digital
modulation through the satellite transponder. Null packets are used for stuffing as
the total bandwidth is rarely used for Quality of Service (QoS) reasons.
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2.4 Sateliite internet Protocols and Problems

The satellite network has some problems due to its inherent nature. Since satellite
networking is realized by the wireless radio communication, its performance tends to
be affected by air condition, the ionosphere, and other weather factors, that causes
higher bit error rate (BER) than existing wired links. FEC (Forward Error Coliection)
and ARQ (Automatic Repeat Request) technologies can help reducing the BER at
the expense of adding redundancy, which is well discussed by many researcheré
and references. The another problem is a large propagation delay provided
especially by the GEO (Geostationary Earth Orbit) satellite network. When we use
the satellite Internet constructed by GEO satellites, the large propagation delay
causes the serious performance degradation in data transfer by TCP (Transmission
Control Protocol) , which is the most popular transport-layer protocol in the current
Internet. It is mainly because the congestion control algorithm of TCP does not
match the large capacity (bandwidth-delay product) of the satellite link. That is, it
can'’t utilize the bandwidth of the satellite iink effectively since it takes much time to
increase the window size of the TCP connection to fill up the bandwidth-delay
product of the link [1].

Communication satellites that occupy the open air are categorized into three classes
according to the orbit altitude, which are GEO (Geostationary Earth Orbit) sateliites,
MEO (Medium Earth Orbit) satellites, and LEO (Low Earth Orbit) satellites. A GEO
satellite has the highest altitude of 36000km from the ground. It can then provide the
widest communication range among the three types of satellites. The whole ground
of the earth can be covered by three GEO satellites. However, the high altitude of
the GEO satellite also brings a large propagation delay between the satellite and the
ground station, which is about 250 to 300msec. On the other hand, the altitude of a
LEO satellite is about 500-2000 km, which corresponds to 20-100 ms of the
propagation delay, much smaller than that of the GEO satellite. Therefore, the size
and the transmission power of antennas at the ground station can be also reduced
by using the LEO satellites. One of the shortcomings of the LEO satellite is its
narrow communication area. Then many LEO satellites must be utilized to realize
the complete coverage of the earth ground. Furthermore, since the LEO satellites
are not geostationary and they have about two hours of a rotation period, many
satellite-to-satellite handoffs occur in LEO satellite communication. Therefore, it is
necessary to construct a complex network system to provide a stable
communication service by LEO satellites. A MEO satellite has 8000-20000 km
altitude, so it has the middle characteristics between GEO and LEO satellites. In this
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thesis, we focus on the satellite Internet realized by the GEO satellites, which are
used in the current satellite internet services [1].

GEQ Satellite
GEO

/ Satellite Link,

Terrestrial Link N, Torreswial Link
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Sender Hosts Sender-side Recetver-side Receiver Hosts
Ground Station Ground Station

Figure 2.19 Satellite Internet Model

Figure 2.19 depicts the model for the satellite Internet considered in the thesis. It
consists of a sender host which transfers data to the user, a receiver host which
corresponds to the user’s terminal, sender-side/receiver-side ground stations which
are the gateways between the satellite network and the sender-side/receiver-size
terrestrial networks, and a GEO satellite. Using this system, we focus on the data
transfer from the sender host to the receiver host by using TCP, which is activated

by the typical Internet services such as WWW (Worid Wide Web) and file transfers.

In the satellite Internet, the TCP connection traverses three different networks: the
sender-side terrestrial network from the sender host and the sender-side ground
station, the satellite network between the ground stations via the GEO satellite, and
the receiver side terrestrial network from the receiver-side ground station to the
receiver host. Since the satellite network has very large propagation delay, the RTTs
(Round Trip Times) of the TCP connection also become large. The problem is that
the throughput of a TCP connection seriously degrades when RTT is large. There
are several reasons for the throughput degradation. First, since the window size of
the TCP connection increases by one packet per a RTT during the congestion
avoidance phase, the large RTT caused by the satellite network degrades the speed
of increasing the window size. Furthermore, the satellite link has a large capacity (a
network bandwidth-delay product), it takes much time to fill up the capacity by the
TCP connection’s window. This throughput degradation becomes more apparent
especially when the transferring data size is small, which can be frequently found in
Web document transfers. The Internet is a best effort network, which means that
packets are neither guaranteed to arrive at the intended destination at all, nor

guaranteed to arrive at the destination in the order that they were sent. This
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fundamental design feature of the internet has allowed it to scale well, because
reliability is implemented at the end-hosts and not within the network. To provide
applications with a guaranteed, in-order, data delivery service, a reliable transport
protocol must operate over this unreliable network. Many of the most popular
Internet applications, such as the Web, file transfer, electronic mail, and remote
terminals, rely on end-to-end reliability between hosts. Aimost all of this traffic uses

one dominant transport protocol; namely, the Transmission Control Protocol (TCP).
2.4.1 Reliable Transport Protocols in a Satellite Environment

Over the years, a large number of reliable transport protocols have been invented,
but TCP is currently used almost exclusively for reliable unicast transport service in

the Internet. Hence, we will focus our attention primarily on TCP.

TCP provides a reliable, end-to-end, byte-streaming data service (with guaranteed
in order delivery) to applications. A transmitting TCP accepts data from an
application in arbitrarily sized chunks and packages it in variable-length segments
for transmission in IP datagrams, with each byte of data indexed by a sequence
number. The TCP receiver responds to the successful reception of data by returning
an acknowledgment to the sender, and by delivering the data to the receiving
application; the transmitter can use these acknowledgments to determine if any data
requires retransmission. If on the sending side the connection closes normally, the
sending application can be almost certain that the peer receiving application

successfully received all of the data [1].

CLIENT SERVER

CLIENT SERVER

SYN.data, FIN

SYN.FIN

The~Ll ACK
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(a) Typical data transaction using TCP (b) Data transaction using T/TCP

Figure 2.20 Typical packet sequences for TCP and T/TCP.
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2.4.2 Connection Establishment and Release

TCP exchanges specially labelled segments to establish, release, and reset a
connection. Three segments are typically required to establish a TCP session: the
connection initiator (typically called the client) first sends a SYN segment to the
connection responder (typically called the server), the server responds with an
acknowledgment (ACK) of the SYN concatenated with its own SYN, and the client
then sends back an ACK of the second SYN. To close a connection, both sides
send a FIN segment to each other, and respond with an ACK of the FIN. Figure
2.20a shows a typical segment exchange. Seven packets are usually required to
transfer as little as 1 byte of data. To support small transactions, an extension
known as TCP for Transactions (T/TCP) was standardized in 1994. Figure 2.20 b
shows how the seven packets can be reduced to three for a small exchange.
Support of the T/TCP extension has been slow, however, for two main reasons.
First, there are security concerns over denial of service attacks based on T/TCP (an
attacker could flood a server with SYNs; in T/TCP's case, each SYN received
causes the server to immediately allocate system resources even if the connection
will ultimately be rejected). Second, T/TCP requires the application to use the
sendto() or sendmsg() system calls when instantiating a connection; however, most

applications use the connect() and then send() or write() system calls [1].
2.4.3 Basic Loss Recovery

The basic loss recovery mechanism for TCP is a retransmission timer located at the
sending end. After a TCP sender sends data, it waits for a timeout interval for the
receiver to ACK the data. If no ACK is received by the end of the timeout interval,
the data is retransmitted and a new timer is started based on a new timeout interval.
In most implementations, not every segment is timed there is only one outstanding
segment being timed at any given time [1].

2.4.4 Congestion Avoidance and Control

TCP has been heavily used in the Internet for over a decade, and a large part of its
success is due to its ability to probe for unused network bandwidth while also
backing off its sending rate upon detection of congestion in the network; this
mechanism is known as “congestion avoidance”. An additional mechanism known
as “slow start” is used upon the start of the connection to more rapidly probe for
unused bandwidth. The operation of these mechanisms is described in detail in ,
and is briefly summarized here. TCP maintains a variable known as its congestion

window, which is initialized to a value of one segment upon connection startup. The
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window represents the amount of data that may be outstanding at any one time,
which effectively determines the TCP sending rate. During slow start, the value of
the congestion window doubles every round trip time (RTT), until either a threshold
is reached (slow start threshold, initially set to an arbitrarily large value), or a loss is
detected. All losses are interpreted as congestion events in TCP, so, using the basic
loss recovery mechanism described above, upon a timeout the slow start threshold
is set to the value of the congestion window, the congestion window is subsequently
reset to one segment, and TCP begins to slow start again after retransmitting the

missing segment [1].
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Figure 2.21 Basic operation of TCP slow start and congestion avoidance

When the window size grows larger than the slow start threshold, TCP enters the
congestion avoidance phase, where it adds approximately one segment to its
window every one or two RTTs. This is a much slower, linear growth phase of the

congestion window.
2.4.5 Enhanced Loss Recovery and Congestion Avoidance

For satellite connections especially, this timeout period and the following slow start
result in several seconds during which the throughput is very low and channel
bandwidth may be wasted. TCP Reno introduced the “fast retransmit” and “fast
recovery” mechanism. TCP Reno assumes that the arrival of three or more duplicate
ACKs is a good indication that the segment beyond that which is being ACKed has
been lost. If the retransmission is again lost, TCP must wait for a timeout. For single
loss events, TCP Reno is very effective in recovering the loss without a damaging
reduction of throughput. TCP Reno is described in more detail in Figure 2.20
illustrates an example of how TCP’s congestion window evolves [1].
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3. IP-SAT TEORY AND ITS APPLICATIONS

3.1 IP Transport and Applications Over Satellite

Satellite systems have long been used to provide telephony, video, private network
and data communications. Explosive growth of broadband data services worldwide
has renewed interest in satellite systems for the transport of Internet Protocol (IP)-
based data. For long, the satellite communications industry has been constrained by
the legacy of serving telephony market. Until now, aimost all the available hardware

was designed to transport circuit switched voice traffic over satellite. The features of

IP were designed to maximize effectiveness in a wide range of applications. Internet
service providers (ISPs), network backbone operators, system integrators, and
geographically distributed enterprises benefit greatly from the advanced capabilities
of the IP[8]. By delivering IP multicast traffic via satellite, complex routing algorithms
and management of delivery trees are virtually eliminated. Internet traffic between
hosts and servers is statistically highly asymmetrical large file downloads by hosts

VS.
3.1.1 The Satellite Advantage

As |IP traffic volume increases, so does competitive pressure among Internet service
offerings. As a result, service providers continually seek ways to reduce costs,
improve functionality, and ensure quality of service (QoS) for Internet-based
applications. These issues are easily addressed with satellite links. Customers
quickly realized the value of transporting Internet-related traffic via satellite. Internet
traffic routed via terrestrial networks is often subject to bandwidth limitations and
latency due to congested routers and Internet backbones. IP datagram’s queue at
congested routers, where they contend for router and backbone capacity. They are
then routed based on order in which they arrived in the queue or on other criteria,
such as the Type of Service (ToS) required. As distance increases between the
source and destination address, so does the number of routing points, connection
latency, and the likelihood of congestion. Alternatively, a geo-synchronous earth
orbit (GEO) satellite parked at 22,500 miles altitude can provide simultaneous direct
access to large geographic areas - as large as one-third of the earth’s surface,
depending on the type of beam used. Satellite exploits beam coverage to deliver IP
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data in a single hop (with. minimal end-to-end routing) to one dr more locations
within the beam [8].

Terrestrial network topology does not lend itself easily to point-to-multipoint (i.e.,
multicast) distribution of IP traffic across the Internet. In terrestrial networks,
multicast traffic requires a simultaneous delivery of the same information to a
number of hosts along a delivery tree (to individual destinations of a class D
address) and substantial replication of datagram’s. In addition, routers must
periodically track each host's membership activity in order to avoid unnecessary
datagram replication and delivery to inactive hosts that taxes network capacity. In
contrast, IP data can be multicast simultaneously to any number of points within the
coverage area with a single transmission, rather than as muitiple point-to-point
transmissions on terrestrial networks. By delivering IP multicast traffic via satellite,
complex routing algorithms and management of delivery trees are virtually
eliminated. Internet ftraffic between hosts and servers is statistically highly
asymmetrical large file downloads by hosts vs. limited traffic from IP requests or
acknowledgements. The approximate asymmetry ratio can be as much as 10:1.
However, service providers charge for long-distance terrestrial IP transport via
coaxial cable, microwave, or fiber optic links, symmetrically - customers pay for the
same amount of bandwidth in both directions, regardless of how much they actually

use.

UPLINK

Figure 3.1 Point-to-Multipoint Transport via Satellite

Satellites, on the other hand, adjust easily to asymmetrical traffic. Their bandwidth is
equally available to all the traffic within a beam, independent of which direction
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traffic flows. Certain applications (e.g., videoconferencing, streaming audio/video, or
voice over |P) have limited tolerance for the unmanaged, contended-access nature
of the terrestrial Internet. IP connections over long distances may result in IP
datagram’s taking significantly different routes and arriving at the destination out of
sequence, resulting in jitter, outages, and reduced QoS. Reserved routes between
the origin and destination for the duration of the connection can solve the problem
but will prevent bandwidth from being shared by other applications. A more practical
implementation is an end-to-end managed network. A satellite link is a managed
end-to-end connection that can deliver datagram’s in the sequence provided by the
originating earth station terminal. Service providers can accelerate deployment of
revenue-generating services by deploying satellite links, instead of working with
slow telecommunications carriers to install leased lines. Quick-deployable satellite
terminals can be installed and activated in less than an hour; small or medium-sized
fixed earth stations can be instalied in a matter of days. This makes satellite an ideal
solution for communicating with remote field operations or areas hit by natural

disaster.

in order to guarantee data delivery, TCP must be able to prevent and recover from
network congestion. TCP monitors network throughput capacity and adjusts the data
flow accordingly. It uses two algorithms - Slow Start and Congestion Avoidance - to
control the amount of data in transit. When TCP detects congestion, it reduces the
rate at which new datagrams are sent. The appropriate algorithm is selected to
control the process of ramping back up to maximum throughput under the new

network conditions.

A connection’s maximum throughput is limited by the supported data rate of a link.
However, actual throughput is further limited by TCP’s Congestion Window. TCP
increments the value of the window by the size of each datagram sent. The window
value is decremented each time the originating address receives a confirmation that
a datagram has been delivered. The Slow-Start and Congestion-Avoidance
algorithms control fiow through the network by modulating window size according to
the transmission acknowledgements generated by TCP. Terrestrial networks
normally work with a high signal-to-noise ratio (SNR) and virtual absence of bit
errors. Thus, TCP was not equipped with any special algorithm for datagram

corruption due to bit errors.

The maximum throughput of a normal connection is limited by the size of the
Congestion Window (maximum 64kB) divided by the RTT or by the data rate of the

link, whichever is smalier. Therefore, with a given window size and even with
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unlimited bandwidth, link throughput decreases with increasing RTT. Roundtrip time
in uncongested terrestrial networks is low (approximately 0.1 second) and so
throughput is limited mainly by bandwidth. However, in GEO satellite connections
with an RTT of up to 0.6 seconds throughput becomes window-limited to .8Mbps or
less, depending on the window size. Satellite links are not subject to congestion
since they provide a single-hop, end-to-end managed connection. However, links
can be affected by noise-related bit errors. TCP interprets datagram corruption from
occasional bit errors as either a congestion or throughput limitation. In response, it
triggers the Slow Start or Congestion Avoidance algorithm. This further limits
window size and throughput. Response times of these algorithms are highly
susceptible to the RTT. Full throughput recovery from a datagram loss on a satellite

link can take several seconds or even minutes.

A satellite-optimized transport protocol can use increased window size and eliminate
the Slow Start and Congestion Avoidance algorithms. It can also use a highly
efficient acknowledgement scheme, reducing return traffic by as much as 75%. In
asymmetrical links, this enables a smaller satellite return channel and greater
savings to the user. In addition, signal modulation over the satellite link can use
advanced coding schemes. These schemes can maintain a virtually error-free link

while efficiently using satellite resources.

3.1.2 TheIP Gateway Platform
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Figure 3.2 Ethernet-to-Ethernet Connectivity

The IP solution provides fiexibility and frequency agility, allowing multiple satellite
links to be combined into one high-rate IP connection. Ethernet data traffic to and
from the unit can be distributed over multiple satellite transmission channels on a
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single or multiple transponders, affording dynamic frequency planning. The IP3
solution can operate with multiple carriers of different bandwidths to maximize all
available transponder resources. The system aiso must take full advantage of

statistical multiplexing of different TCP connections|[8].
3.1.3 IP Applications
o Single-Hop Internet Backbone Access

ISPs can benefit from a choice of Network Access Points (NAPs). The satellite link
provides single-hop access to the Internet backbone, significantly simplifying routing
and minimizing latency. ISPs in regions with underdeveloped infrastructure can

reduce dependency on expensive network access through long distance telephone
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Figure 3.3 IP Application for Direct Link Between ISP and Backbone
¢ Direct Satellite Routing between ISPs

The IP solution can provide direct, single-hop links between ISPs with regionally
diversified access points. The multicast and virtual mesh connectivity features of the
IP allow a simultaneous link between multiple ISPs with no additional bandwidth and
minimal additional hardware requirements per terminal. This gives ISPs the ability to
cost-effectively update site mirrors and caches, or to expand access points to
service all branches of a geographically distributed corporate client. The IP platform
allows ISPs to offer consistent service at all locations regardless of the limitations of
the terrestrial networks. This facilitates implementation of demanding applications

such as streaming audio, video, and voice over |P [8].
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Figure 3.4 |P Application for Direct Links Between ISPs

¢ Corporate Intranets

Functioning as an overlay or standaione application, the IP3 solution can provide
single-hop connection between multiple corporate LANs. This single, end-to-end
managed connection facilitates delivery of real-time broadband applications such as
videoconferencing, audio/video broadcast, collaborative groupware, and database
access. Intranets can be cost-effectively extended to remote areas, where terrestrial

links are cost-prohibitive or nonexistent.
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Figure 3.5 IP Application for Corporate Intranets
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e Distributed Multicast (Virtual Mesh Connectivity)

A multi-carrier-receive capability on the IP permits direct links between selected
terminals in the network. This permits a single-hop mesh connectivity between the
terminals of such network. Virtual mesh connectivity enables organizations to deploy
multicast applications such as site mirroring, news server updates, and intranet

server updates on a single-hop basis.
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Figure 3.6 Distributed Multicast Mesh Connectivity Between Hosts and Servers
e Disaster Recovery

The IP terminal is an excelient solution for emergency operations in disaster areas
with damaged infrastructure. Transportable IP earth stations can be assembled in
less than an hour and can provide voice, fax, data, and video services through a
single IP link. In this way, disaster areas can be quickly reconnected to public data
and telephone networks for effective recovery operations.
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Figure 3.7 IP Application for Disaster Recovery Operations



3.2 TCP Performance Over Satellite

The TCP/IP protocol suite has become the lingua fraca of data communications, and
the TCP protocol is used for most communications that require guaranteed, end-to-
end reliability. Unfortunately, the performance of TCP is often degraded when the
end-to-end path includes a satellite link. In this chapter, we focus on the problem of
improving TCP performance over satellite links.[1,9-15]

3.2.1 Key Issues for Satellite Transport

The main characteristics of the end-to-end path that affect transport protocol
performance are latency, bandwidth, packet loss due to congestion, and losses due
to transmission errors. If part of the path includes a satellite channel, these
parameters can vary substantially from those found on wired networks. in this
thesis, we make the following assumptions about the performance characteristics of

future systems:

Latency: The three main components of latency are propagation delay,
transmission delay, and queuing delay. In the broadband satellite case, the
dominant portion is expected to be the propagation delay. For connections
traversing GEO links, the one-way propagation delay is typically on the order of 270
ms, and may be more depending on the presence of interleavers for forward error
correction. Variations in propagation delay for GEO links are usually removed by
using Doppler buffers. Therefore, for connections using GEO links, the dominant
addition to the end-to-end latency will be roughly 300 ms (one way) of fixed
propagation delay. In the LEO case, this can be an order of magnitude less. For
example, satellites at an altitude of 1000 km will contribute roughly an additional 20
ms to the one way delay for a single hop; additional satellite hops will add to the
latency depending upon how far apart are the satellites. However, the delay will be
more variable for LEO connections since, due to the relative motion of the LEO
satellites, propagation delays will vary over time, and the connection path may
change. Therefore, for LEO-based transport connections, the propagation delay will
generally be smaller (such as from 20-200 ms), but there may be substantial delay
variation added due to satellite motion or routing changes, and the queuing delays

may be more significant.

Asymmetry: With respect to transport protocols, a network exhibits asymmetry
when the forward throughput achievable depends not only on the link characteristics
and traffic levels in the forward path but also on those of the reverse path . Saiellite

networks can be asymmetric in several ways. Some satellite networks are inherently
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bandwidth asymmetric, such as those based on a direct broadcast satellite (DBS)
downlink and a return via a dial-up modem line. Depending on the routing, this may
also be the case in future hybrid GEO/LEO systems; for example, a DBS downlink
with a return link via the LEO system causes both bandwidth and latency
asymmetry. For purely GEO or LEO systems, bandwidth asymmetries may exist for
many users due to economic factors. For example, many proposed systems will
offer users with small terminals the capability to download at tens of Mb/s but, due to
uplink carrier sizing, will not allow uplinks at rates faster than several hundred Kb/s

or a few Mb/s unless a larger terminal is purchased.

Transmission errors: Bit error ratios (BER) using legacy equipment and many

existing transponders have been poor by data communications standards; as low as

10”7 on average and 10 worst case. This is primarily because such existing
systems were optimized for analog voice and video services. New modulation and

coding techniques, along with higher powered satellites, should help to make normal

bit error rates very low (such as 107" ) for GEO systems. For LEO systems,
multipath and shadowing may contribute to a more variable BER, but in general
those systems are also expected to be engineered for “fiber-like” quality most of the

time.

Congestion: With the use of very high frequency, high bandwidth radio or optical
intersatellite communications links, the bottleneck links in the satellite system will
likely be the links between the earth and satellites. These links will be fundamentally
limited by the uplink/downlink spectrum, so as a result, the internal satellite network
should generally be free of heavy congestion. However, the gateways between the
satellite subnetwork and the Internet could become congested more easily,

particularly if admission controls were loose.
3.2.2 Progress in improving TCP for satellite channel

Over the past decade, a number of TCP extensions have been specified which
improve upon the performance of the basic protocol in such environments:[9-12]

Window scale : TCP's protocol syntax originally only allowed for windows of 64 KB,
which limited throughput in practice to roughly 400 Kb/s. The window scale option
significantly increases the amount of data which can be outstanding on a connection
by introducing a scaling factor to be applied to the window field. This is particularly
important in the case of satellite links, which require large windows to realize their
high data rates. Because of window scale, researchers have recently reported TCP
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throughputs over geostationary satellite links (in controlled environments with no

congestion or bit errors) in excess of 100 Mb/s.

Selective Acknowledgments (SACK): Selective acknowledgments allow for

multiple losses in a transmission window to be recovered in one RTT.

TCP for Transactions (T/TCP): TCP for Transactions, among other refinements,
attempts to reduce the connection handshaking latency for most connections,
reducing the user perceived latency from two RTTs to one RTT for small
transactions. This reduction can be significant for short transfers over sateliite

channels.

Path MTU discovery: This option allows the TCP sender to probe the network for
the largest allowable Message Transfer Unit (MTU). Using large MTUs is more

efficient and helps the congestion window to open faster.

Handling of transmission errors TCP treats all losses as a sign of congestion. If a
segment is lost to a transmission error, TCP misinterprets the loss as congestion
and inappropriately responds by reducing the congestion window. Unnecessary
reductions of the congestion window are particularly damaging to throughput over
satellite channels. Fortunately, recent advances in concatenated error control codes
can make most broadband satellite channeis relatively error free. Nevertheless,
even mild error rates on very high speed satellite links can have a crippling effect on
throughput. Implementation details In many implementations, applications must
explicitly request large sending and receiving buffer sizes to trigger the use of
window scaling options. For example, default socket buffer sizes for many TCP
implementations are set to 4 KB. Unfortunately, this requires users to manually
configure applications and TCP implementations to support large buffer sizes;
moreover, some applications and operating systems do not permit such
configuration, including common Web servers and Windows NT. Since larger socket
buffers consume more memory, it is not likely that larger socket buffers will be
turned on by default. Also, because TCP can only negotiate the use of window
scaling during connection setup, unless it has cached the value of the RTT to the
destination, it cannot invoke window scaling upon finding out that the connection is a
long RTT connection. As we mentioned above, even if T/TCP is present in an
implementation, applications based on the sockets Application Programming
Interface (API) often use system calls that prevent the usage of T/TCP. Because the
TCP standard is not rigorously defined or followed, different vendor implementations
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often have different (and buggy) behaviour. The subtle performance effects of these

variations can significantly manifest themselves over satellite channels.

in recent years, the subject of TCP over satellite links, and more generally over
wireless links, has been a fruitful research area. Nevertheless, the performance of
modern TCP implementations over satellite links is still disappointing. In the Internet,
sateliite links are often used in the configuration depicted in Figure 3.8. In this
configuration, the satellite provides access to the wired Internet. Furthermore, the
cost of satellite transponder access generally dictates using the satellite link in an
asymmetric bandwidth configuration (with more bandwidth allocated in the direction
to the clients), or even in a hybrid unidirectional (broadcast) configuration with a
telephone return path. This kind of configuration has not been treated thoroughly in

the literature, and in considering the configuration shown in Figure 3.8

GEO or (multihop) LEO satellite network

2

Satellite
host's server

Other £
servers Other
clients

Figure 3.8 Satellite-Based Host Communicates with a Server in the Internet.

Geostationary satellite links have characteristics that can degrade the performance
of TCP. The propagation time for a geostationary satellite link is on the order of 0.25
seconds. Thus a satellite can add approximately 0.5 seconds to the round trip time
experienced by a TCP packet and the corresponding acknowledgement. This delay
time is the primary cause of TCP inefficiency over satellites. There are some things
that can be done to enable TCP to better utilize satellite channels. These practices
include using the fast retransmit and fast recovery algorithms and the use of
selective acknowledgements. The long propagation delay of a geosynchronous
satellite path can be a fundamental problem for some applications. Interactive

applications, such as a telnet session or a game of Quake, are going to be
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frustrating for many satellite users. Even a basic TCP implementation will perform
well for low-volume applications, including web browsing, especially when the
satellite link is shared among several users. On the other hand, high-volume data
transfers such as medial images or large web pages will require the implementation

of high-performance TCP options
3.2.3 Satellite Link Characteristics

Satellite links have characteristics that can degrade the performance of TCP. These
include:[8]

e Long delay paths (long feedback path)

o Large delay*bandwidth product

e Transmission errors (as opposed to congestion loss)
e Limited bandwidth

e Variable Round Trip Times (for some constellations)
¢ Intermittent connectivity (handoffs and outages)

For GEO Satellites , we will deal with and investigate first three of these

characteristics.
¢ Long Delay Paths

The first characteristic, long delay path, is the primary problem addressed in this
paper. It leads to the second, large delay*bandwidth product, even though satellites
typically have limited bandwidth. It also exacerbates the problems arising from
channel errors. Because each satellite in the path will contribute about 0.5 seconds
to the round trip time (RTT), connection establishment will take longer over satellite.
The use of TCP for Transactions (T/TCP) can help make connection setup quicker
by maintaining a connection for use by multiple transactions (request/response
sequences). HTTP1.1 should provide benefits for satellite channels for the same
reason. Care should be taken in network design with regard to DNS server iocation
to avoid DNS lookups over the satellite.

To avoid congestion in the network, TCP ramps up the connection rate using the
"slow start" algorithm . Because slow start is directly proportional to the round trip
time (RTT), the long RTT makes slow start over a satellite much slower than for
terrestrial connections. Slow start time (the time to reach full connection speed after
connection establishment in the absence of loss) is given by:
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Slow Start Time =RTTlog, (W) , (3.1)

Where W is the window size in packets.

When using the delayed acknowledgements algorithm (which acknowledges two
packets with one ACK) , the slow start time increases to roughly.

Slow Start Time = RTT log, (W) (3.2)

Thus, avoiding the use of delayed ACKs during slow start would appear to help in a
satellite channel in the case of small file transfers (however, this requires further
study). For large file transfers, delayed ACKs can help avoid congestion loss by
controlling the burstiness from large bunches of ACKs and so is beneficial. Delayed
ACKs may also be helpful in highly asymmetric channels where ACK bunching may
occur which can lead to burstiness and congestion loss. However, delayed ACKs
also cause slower congestion window growth during congestion avoidance. This is
still a topic for research, however it is clear that for small transfers delayed ACKs
hurt, while for large transfers they can help. An obvious approach is to turn delayed
ACKs on only after slow start has gotten the connection up to a reasonable rate.
The use of selective acknowledgements (SACK) can allow better handling of the

retransmission queue in the event of multiple packet losses in a single window [1].

e Large Delay - Bandwidth Product

The delay - bandwidth product is a measure of the capacity of a link in terms of the
maximum amount of data that can be in flight at one time. This is a critical
parameter in windowed protocols such as TCP. The window size must be equal to

the delay-bandwidth product to fully utilize the channel at steady-state.

The largest window size in TCP without options is 65,535 bytes. For RTT = 0.5
seconds, this limits the throughput to around 1 Mbps per connection. To reach a
steady-state condition where a large delay*bandwidth channel (such as one that
includes a satellite) is utilized as fully as possible, the use of long fat network (LFN)
extensions is needed. These options include window size scaling (or large
windows), timestamps, and protection against wrapped sequence numbers. Many
computer scientists assume that the only thing to worry about on a sateliite
connection is using large windows. They assume the problem was solved many
years ago (the large window option has been around since 1990. Using LFN options
is something that most users will have to do someday, but they are not a solution for
all the problems faced by satellites. The large windows option allows TCP to reach a
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steady state that uses the full bandwidth available, but does nothing for the long
feedback path problems.

Table 3.1 Window Sizes for a Single TCP Connection

Ratc RTT B*D {window) LFEN nceded?
(bps) (sec) (bytes) {Yes, No)
33.6k 0.1 420 N
33.6k 1 4200 N
33.6k 2 8400 N
128k 0.1 1600 M
128k ] 16000 N
128k 2 32000 N
1.55M 0.1 19375 N
1.55M 1 193,750 Y
1.55M 2 387,500 Y
10M 0.1 125,000 Y
10OM 1 1,230,000 b
1OM 2 2,500,000 Y
[35M Q.1 1,937,800 h'd
155M i 19.375.000 Y
155M 2 38.750.000 Y

Table 3.1 shows the results of window size calculations for selected data rates and
round trip times. Round trip time for a coast-to-coast terrestrial network is
represented by 0.1 seconds. A network including a single satellite link shouid come
in under 1 second. Some remote sites (e.g., Alaska) may experience RTT of 2
seconds. Note that for a 2 sec RTT, you don't need large windows for a channel with
bandwidth less than 262,140 bps. For a 0.1 sec RTT you will need large windows
when the rate is a little greater than 5.2 Mbps. These numbers are for individual
TCP connections. If multiple TCP connections are in use on the satellite link, each
individual connection can utilize data rates up to the limit dictated by the window
size; the utilization of the satellite link will be the sum of the individual connections.
As stated earlier, no action may be required if many users are sharing the circuit,

and each users expects to use only a modest data rate.

Table 3.2 Round Trip Times Corresponding to Various Rates

Rate RTT for 64KB B*D
{hps) {scconds)

336 k 15.6

128 k 4.096
1.55 M 1,340

0M (.0560

[S8 M (1003
622 M (1LOOOR

Table 3.2 shows the results of a similar calculation in reverse, the RTT that gives a
delay*bandwidth product equal to the largest possible window in TCP without using
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window scaling options. Note that a 128kbps connection doesn't need large
windows even for several satellite hops, while a 155Mbps or 622Mbps connection
would need large windows routinely even for terrestrial channels. The low rate
numbers in these tables may seem familiar today, but in a few years a reader might
wonder why such ridiculously low rates are being examined. On the other hand,
limits are being reached as to what can be done with the existing phone system and
cost/benefit considerations may keep many consumers using their current modems
at home. As data rates increase, more connections will need LFN extensions even

over terrestrial networks because of the growth in bandwidth .
o Transmission Errors

In congestion avoidance, the congestion window can be increased by no more than
one segment per RTT (and when delayed ACKs are used has an increase rate of
only one segment per two RTTs). A loss event in TCP is always interpreted as an
indication of congestion and always causes TCP to enter congestion avoidance. If a
loss occurs during slow start, then slow start is terminated and TCP enters
congestion avoidance. Premature termination of slow start by losses other than
congestion losses should be avoided because the congestion avoidance aigorithm
increases the transmission rate at a slower pace than slow start. A loss during
steady-state operation will usually result in a drastic reduction of the effective
window size at the sender, followed by congestion avoidance. Modern TCP
implementations should use the techniques know as fast retransmission and fast
recovery. The mechanisms attempt to recognize a case where a single TCP
segment has been lost (often due to a transmission error); in this case TCP can
bypass the congestion avoidance stage. To improve the handling of a loss of
multiple TCP segements, the selective acknowledgement (SACK) option for TCP is
needed. While this option and its performance characteristics have been extensively
studied by network researchers, it is not yet widely available in end-user operating

systems[11].

For TCP to operate efficiently, the channel characteristics should be such that all
loss is due to network congestion. The use of forward error correction coding (FEC)
on a satellite link should be used to bring the performance of the link to at least fiber
quality. Because of the effect of long RTT, errors on a satellite link have more
severe repercussions than on a lower RTT terrestrial channel, so an even better
error performance is indicated, There are some applications, such as military
jamming, where FEC cannot be expected to solve the noise problem. Also, there

may be a trade-off between coding complexity and delay.
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- 3.2.4 Asymmetry of Connection

G

Gateway

——=  Uplink(64 Kbps)
Downlink (] Mbps)

KTP server

Figure 3.9 Asymmetric Bandwidth Satellite Network

Satellite communications are very often used to provide asymmetric bandwidth
services that are intended for large-scale information consumption. Typical Internet
applications (e.g FTP ,WEB) require relatively low bandwidth from the user to the
information provider. (e.g FTP or HTTP server) and relatively high bandwidth
towards the user. Figure 3.9 depicts an asymmetric satellite‘ network where end
users directly access the Internet via shared upstream channel. In this configuration
the return path caries request and ACKs for the responses received on the forward
path. The strong asymmetry observed has a non negligible effect on the TCP “self
clocking” , i.e., the source sends a new packet only when it receives an ACK for an
old one , thus the rate at which the source injects new packets matches the rate at
which the ACKs are returned by other end. This feature implies that the throughput
on the downstream is controlled by the rate of the ACK flow on the upstream. While
this is convenient for symmetrical configurations , it yields, in case of strong

asymmetry , a decrease in throughput for the following reasons : [10]

¢ A lower rate of incoming ACKs slows down the Slow Start and congestion

avoidance phases ;

e Congestion may occur on the receiver side , delaying the ACKs and possibly
triggering unnecessary retransmissions. Congestion occurs when the

asymmetry ratio (Return Path Capacity to Forward Path Capacity) is higher
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than the ratio of ACK packet size maximum segment size. The ACK packet
size is 40 bytes.
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Figure 3.10 Comparison of Siow Start Mechanism in Symmetric and Asymmetric Configurations

Figure 3.10 is an illustration of the TCP “self clocking” principle. In this example the
forward path has twice as much bandwidth as the return path . The example shows
that, in symmetric configuration , Slow Stat completes , i.e. , the receiver maximum
window size reached after 27 time units , instead of 33 time units in the asymmetric

case.
3.3 Error Control in Multicasting Over Satellite

Satellites are excellently suited for distributing information simultaneously to multiple
locations. As in nearly all communication systems, some sort of error control
scheme is required in satellite multicasting to assure satisfactory fidelity of the
information provided to each destination. Error control schemes may be broadly
classified as forward error correction (FEC) or automatic-repeat-request (ARQ), and
both can be applied for satellite communication. FEC has been used in
satellite/space communication for decades, having grown from successful
application by NASA for communication with interplanetary probes. However,
satellite channel characteristics vary with time, and at any given time muitiple
receivers may perceive different channel qualities. Applying FEC for satellite
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multicast communication accordingly requires using an error-correcting code strong
enough to protect data against worst-case channel impairments. Unfortunately the
error correction capability provided by a powerful FEC code comes at the cost of
sending many check symbols which constitute overhead in the communication.
Further, this overhead penalty is exacted even at times of good channel quality,
since FEC is not an adaptive error control technique. This is particularly troubling
since good channel conditions will be experienced a majority of the time when using

a well-designed satellite link[2].

ARQ protocols adapt to different channel qualities by retransmitting data only as
needed. Also, an error-detecting code capable of detecting { or fewer errors in k
information symbois requires fewer overhead symbols than would an FEC code
designed to correct ¢t errors in the same k symbols. Hence ARQ can provide high
fidelity with less overhead than FEC during times of good channel quality, which
tend to prevail as mentioned above. A drawback of ARQ not suffered by FEC is the
need for a feedback channel, but this requirement is often an acceptable concession
for achieving information transfer with excellent fidelity. Also, the presence of a
feedback channel opens the possibility for so-called reliable communication, in
which the transmitter can know positively that the receiver has indeed received
information which the transmitter had sought to deliver, in correct order, without

duplicates or errors.

A difficulty arises in applying ARQ in multicast settings. The typical problem in a
multicast ARQ system is that retransmissions are sent over the multicast channel,
but those retransmissions are typically required by only a few receivers and do not
benefit the other receivers. The other receivers wait for a new information frame
unproductively during such retransmissions. Accordingly the throughput for the
system falls drastically as the number of receivers increases. Furthermore, if one
receiving station is a “poorer listener” than other stations, namely it suffers a
relatively high frame error rate, then the throughput to all stations is essentially
limited by that poorer listener.

The throughput might be improved considerably if the retransmissions could
somehow be sent only to the receivers which need them. It is natural, then, to
suggest supplementing a satellite multicast system with a set of point-to-point
terrestrial links between the transmitter and each receiver, as depicted in Figure
3.11. In such a system, retransmissions could be sent terrestrially instead of via the
multicast satellite link. This would allow retransmissions to be conducted without

disrupting the flow of fresh information frames via the satellite link, and the
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throughput would possibly be thereby improved. Furthermore, if the ARQ
acknowledgements were to be sent terrestrially as well, then the receiving stations
would not require satellite transmission capability and the cost of such stations might
be correspondingly reduced|[2].

ﬁ satellite
data /

transmitter

terrestrial links g

acknowledgements retransmissions

Figure 3.11 Multicasting in Satellite Network
3.3.1 Multicast ARQ Techniques
o Stop-and-Wait Multicast ARQ

In this protocol, the transmitter sends a block of N frames and then waits to collect
acknowledgements. Each receiver's acknowledgement comprises a field identifying
the receiver and an N-bit field to acknowledge positively and negatively the
individual frames of the block just received. After waiting enough time to collect
acknowledgements from all receivers, the transmitter sends a block of those frames
not yet acknowledged by all receivers. The receivers again send acknowledgements
and this process continues until all N frames have been acknowledged by all

receivers.
e Go-back-N Multicast ARQ

The end-to-end scheme is a modified “conventional multicast GBN ARQ protocol.”
Two features of such a “conventional” protocol are (1) every frame must be
acknowledged, either positively or negatively, by all receivers; and (2) every frame
transmitted must be positively acknowledged by all receivers in order to avoid a
retransmission. Thus, if receiver A successfully receives a frame, but receiver B
does not, and the frame is retransmitted, but this time receiver A does not
successfully receive the retransmitted frame and so sends a negative

acknowledgement, another retransmission is required.
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e Improved GBN Multicast ARQ

There are point-to-multipoint ARQ three protocols differ in the degrees to which the
transmitter regards past acknowledgements from receivers. In the first protocol,
called memoryless, the transmitter ignores this history entirely. Hence this scheme
has an ‘“all-or-none” approach: all receivers must acknowledge the same
transmission of a frame, or else the frame will be retransmitted. The extreme
opposite approach is taken in the third protocol, called full-memory: the transmitter
regards the entire available history of acknowledgements from all receivers for all
frames transmitted An intermediate approach is taken in the second protocol, called
limited memory: full-memory operation applies for only the first packet in a group of
consecutive packets retransmitted by the GBN protocol, but no history is maintained
for any packets following that first one. Thus the transmitter considers
acknowledgements of individual receivers but disregards the information of which
receivers have acknowledged frames sent before the transmitter “goes back” for a
retransmission. Not surprisingly, simulations establish the throughput superiority of
the full-memory protocol over the other two protocols.

¢ Selective Repeat Multicast ARQ

Instead of “memoryless” and “full-memory”, “fixed retransmission group (FRG)” and
“dynamic retransmission group reduction (DRGR),” are used respectively.
Paralleling DRGR technique yields superior throughput. in a system with many
receivers and high bandwidth-delay product broadcast channels, a GBN scheme
does not provide usable throughput, while the Selective Repeat (SR) version does.

3.3.2 TCP with Forward Error Correction

The combination of FEC and TCP has mainly been considered for wireless links, as
a specific solution for a single link, rather than end-to-end. We propose using FEC to
take care of packet losses over wireless links, while the application of FEC to reduce
the bit error rate on satellite links is suggested. Applying FEC to the bit-stream
means that the code-length is often limited by the complexity of the encoding and
decoding processes, whereas for packet-level FEC the limiting factor is usually the
delay. Since the efficiency of channel codes increases with the code length, coding
on the bit-level is a more powerful solution than coding on the packet level.
However, with packet-level FEC the code can cover a long time-span with much
lower complexity, which can be useful if the channel suffers from long fading
periods. Thus, coding on bit-level and packet-level can be useful complements to
each other. An advantage of applying FEC at the link level is that more information
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about the channel.can be utilized. For packet based networks without strict delay
requirements incremental redundancy schemes can be applied to optimize

performance.

Applying special error correcting codes at noisy links, such as wireless links, is
usually necessary to efficiently use the available resources. The functionality that
has to be implemented in the end systems should only be duplicated on
intermediary links if it is motivated by improved efficiency . Hence, if packet-level
FEC proves useful on an end-to-end basis it may be better to only implement it in

the end-systems [2].
3.3.3 TCP impiementations

All current TCP implementations assume that a packet loss is an indication of
network congestion and take measures to avoid further congestion in the network by
reducing the transmission rate (i.e., reducing window size). This is based on strong
evidence that congestion is the main issue in most (satellite) networks. Non-
congestion packet losses due to link errors are more significant when a wireless link
forms a part of a network. The current congestion avoidance algorithm results in
very poor performance of TCP error recovery over wireless links . In the case of link
errors, the transmitter should, however, persist in utilizing a large proportion of the
bandwidth to make optimum use of the error-prone link. The importance of
distinguishing between these two types of packet losses is discussed and key

issues are outlined.
e Tahoe TCP

The Slow Start (congestion control) and multiplicative decrease (congestion
avoidance) procedures were first implemented in Tahoe TCP. The Fast
Retransmission algorithm was also implemented in Tahoe TCP to avoid (inefficient)
waiting for the retransmission timer to expire foliowing every packet loss. In this
algorithm, a receiver sends an (duplicate) ACK immediately on reception of each out
of sequence packet. The transmitter interprets reception of 3 duplicate ACKs
(sufficient to avoid spurious retransmissions due to reordering of packets) as a

congestion packet loss and performs the Slow Start algorithm.
e Reno TCP

The Reno TCP implementation introduces the Fast Recovery algorithm. When the
third duplicate ACK is received, the Reno TCP transmitter sets the slow start
threshold size (ssthresh) to one half of the current congestion window (cwnd) and
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retransmits the missing packet. The cwnd is then set to ssthresh plus 3 times the
segment size (one per each duplicate ACK). cwnd is increased by one segment on
reception of each duplicate ACK which continues to arrive after fast-retransmission.
This allows the transmitter to send new data when cwnd is increased beyond the
value of the cwnd before the fast retransmission. When an ACK arrives which
acknowledges all outstanding data sent before the duplicate ACKs were received,
the cwnd is set to ssthresh so that the transmitter slows down the transmission rate

and enters the linear increase phase.
e New Reno

If two or more packets have been lost from the transmitted data (window), the Fast
Retransmission and Fast Recovery algorithms will not be able to recover the losses
without waiting for retransmission time out. It is proposed a modification to Reno
TCP usually called New-Reno to overcome this problem. New-Reno introduces the
concept of a Fast Retransmission Phase, which starts on detection of a packet loss
(receiving 3 duplicate ACKs) and ends when the receiver acknowledges reception of

all data transmitted at the start of the Fast Retransmission phase [2].
e Selective Acknowledgment Option

The SACK option for Reno TCP has been introduced to further enhance TCP
performance by allowing (selective) acknowledgment of packets held at the
receiver. When the receiver buffer holds in-sequence data packets, the receiver
sends duplicate ACKs bearing the SACK option to inform the transmitter which
packets have been correctly received . A SACK option field contains a number of
SACK blocks (the first block in the SACK option reports the most recently received
in-sequence packet). When the third duplicate ACK is received, a SACK TCP
transmitter retransmits the packets starting with the sequence number
acknowledged by the duplicate ACKs followed by subsequent unacknowledged
packets. The New-Reno Fast Retransmission and Recovery algorithms are used for
retransmission. These algorithms are modified to avoid retransmitting already
SACKed packets. Unnecessary retransmissions caused by the New-Reno
modification may be reduced by this selective retransmission of lost packets.

3.4 Proxy Mechanism

In this section, it is proposed to give some information about a proxy mechanism for

TCP connections via the satellite link to avoid performance degradation which
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includes connection splitting, connection multiplexing and packet buffering at the

sender-side ground station [1].

3.4.1 Connection Splitting

As explained in the previous sections, the throughput of a TCP connection via the
satellite link decreases since the RTT of the connection is large due to the
propagation delay of the satellite link. It also degrades the throughput of the
terrestrial connections, which usually have larger link bandwidths than the satellite
connection. To overcome this problem, the proposed scheme splits the TCP
connection between the sender host and the receiver host into three connections,
which are a sender-side terrestrial connection between the sender host and the
sender-side ground station, a satellite connection between the sender/receiver-side
ground stations, and a receiver-side terrestrial connection between the receiver-side

ground station and a receiver host [1].

GEO Saiellie
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Figure 3.12 Connection Splitting

It is seen in Figure 3.12 that when the sender-side ground station receives data
packets from the sender host, it immediately sends ACK packets back to the sender
host and passes the data packets to the satellite connection. Then the sender host
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receives the ACK packets in small RTTs, which are not affected by the large
propagation delay of the satellite link. That is, since the split three connections can
transfer data effectively according to the available link bandwidths, the
sender/receiver-side terrestrial connections can improve their throughput without

influences of the low throughput and the large delay of the satellite connection.
3.4.2 Connection Multipiexing

Connection splitting described above can help avoiding the throughput degradation
of the terrestrial connections caused by the satellite connection. However, the
throughput of the satellite connection cannot be improved by connection splitting
solely, since the low throughput of the satellite connection is due to its own large
propagation delay. Therefore, we introduce a connection multiplexing mechanism,
where TCP connections on the satellite link are multiplexed into one connection with
SCTP (Stream Control Transport Protocol) [1].

GEL Satellite
Sender Host Sender-side . g Recei.verwsifke Receiver Host
[Ground Station | |Goungd Station
SCTP Streams

A

3 on
Sender-side Receiver-side
Terrestrial TCP Connections ™, Terrestrial TCP Connections
Multiplex/Demultiplex
TCP Connections to 2 SCTP conection

Figure 3.13 Connection Multiplexing

TCP defines a stream as a data flow in units of bytes. On the other hand, SCTP
defines it as a data flow in units of data chunks received from the upper layer, and it
has a mechanism to treat multiple streams in one SCTP session in data
transmission. This is the reason why we adopt SCTP as a transport-layer protocol at
the satellite connection to multiplex TCP connections. As shown in Figure 3.13 , it
can be done by regarding each TCP connection as a SCTP stream to be
multiplexed into one SCTP session established on the satellite link. the TCP
connections on the satellite link are multiplexed into a single SCTP connection, so
that they could share the window size of the SCTP connection to transfer their
packets. Therefore, once the SCTP connection inflates its window size enough, a
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newly arriving TCP connection can also use the large window of the SCTP
connection from the beginning of the data transmission.

3.5 Media Access Control

In interactive satellite systems, a large number of user terminals widely scattered
within the satellite footprint contend for the satellite uplink channel. Multiple access
control (MAC), defined as a set of rules for controlling access to a shared channel
among contending users, plays an important role in efficiently and fairly utilizing the
limited satellite system resources. MAC protocol performance can significantly affect
higher-layer protocols and the QoS provided by the system [17].

The performance of MAC protocols depends on the characteristics of both the
shared communication media and the traffic. The long latency in satellite channels
(especially the GSO links) excludes some MAC schemes used in terrestrial local
area networks (LANs) such as carrier sense multiple access (CSMA), and the
limited power resource in satellites constrains the transponder and computational
capacity on board the satellite. Internet traffic turns out to be bursty in nature.
Besides the current best-effort service, the Internet is expected to provide diverse
QoS guarantees (e.g., on delay, delay jitter, packet loss ratio) for a wide range of
traffic types. Thus, a candidate MAC protocol must implement priorities. Real-time
traffic with transmission deadlines is usually given higher priority than non-real-time
traffic. Generally speaking, a good MAC scheme for a satellite-based network
should be simple to implement, robust, and flexible to accommodate network
reconfiguration. The MAC should be able to achieve high throughput, maintain
channel stability, and enjoy low protocol overhead and small access delay.
Depending on how bandwidth is allocated among all contenders, candidate MAC
schemes for satellite systems can be categorized into three groups: fixed

assignment, random access, and demand assignment.

Fixed Assignment — Fixed assignment may be made on a frequency, time, or
code basis. Major techniques include frequency-division multiple access (FDMA),
time-division multiple access (TDMA), and code-division multipie access (CDMA). In
FDMA and TDMA systems, each station utilizes its own dedicated channel. They
are contention-free, and can provide QoS guarantees. However, this is at the
expense of inefficient utilization of resources. Their lack of flexibility and scalability
makes them only suitable for small-scale networks with stable traffic patterns. FDMA
was the first fixed assignment multiple access method used in satellite systems.
TDMA is popular mainly because of its compatibility with the nonlinear nature of
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transponders and is used in the majority of current satellite systems. in a CDMA
system, each user is assigned a unique code sequence which is used to spread the
data signal over a wider bandwidth than that required to transmit the data. If code
sequences are guaranteed to be orthogonal, all other simultaneous transmissions in
the same channel act as additive interference to the desired signal and can be
removed completely at the receiver side, where a reverse procedure, despread, is
taken to recover the original data. Thus, in a CDMA system, the whole bandwidth is
used by all users, making it more flexible for system expansion [17].

Random Access — Due to technological advances, small and inexpensive
terminals (i.e., VSATs and USATs) with lower data rates are now widely available,
thus stimulating home or personal use of satellite access service. The number of
stations within a satellite footprint increases from a few to several hundreds or
thousands. In addition, the traffic generated by each user is very bursty. Fixed
assignment schemes are replaced by contention-based random access (i.e., Aloha
and its variations). In random access schemes, each station transmits data
regardless of the transmission status of others. Retransmissions after collision
increase the average packet delay, and frequent collisions may cause low

throughput.

Demand Assignment — Although random access may better accommodate a
large number of terminals with bursty ftraffic, it provides no QoS guarantees.
Demand assignment multiple access (DAMA) protocols attempt to solve this
problem by dynamically allocating system bandwidth in response to user requests. A
resource request must be granted before actual data transmission. The transmission
of requests is itself a multiple access problem. However, since the request message
is typically much shorter than actual data transmission, we can afford to have
reservation requests collide and be retransmitted. After a successful reservation,
bandwidth is allocated on an overall FDMA or TDMA architecture, and data
transmission is guaranteed to be collision-free. This article focuses on the TDMA
architecture in which equal-sized time slots are grouped into frames, repeated

periodically.

The reservation may be made under centralized or distributed control. The central
controller can be located at an Earth station or at a satellite with OBP. For a ground-
based controller, the minimum request delay is two roundtrip times before the
reservation request is granted. The minimum request delay can be halved for a
space-based controller, but the satellite payload capacity limits this implementation.
Distributed control, in which each station receives all request information from the
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satellite broadcast channel and makes a decision on its own, is more robust and
reliable. The channel overhead associated with reservation announcements is
reduced greatly, and the minimum reservation delay is as small as one round-trip
time. Although it may put the processing burden on the stations, distributed control

is still preferred, considering its overall advantages.

Resource reservation can be made either explicitly or implicitly. Explicit reservation
is on per-transmission basis, and usually a dedicated reservation channel is shared
among all stations. Each station sends a short request via the reservation channel
specifying the number of time slots needed. Stations access the reservation channel
in fixed assignment mode, such as TDMA reservation, or random access mode,
such as Aloha reservation. Data is transmitted in the data channel after successful

reservation.
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4. INTERNETWORKING WITH SATELLITE CONSTELLATIONS

Networking using satellites began by using individual satellites in geostationary orbit,
where uplinked signals were amplified, frequency-shifted and broadcast down to a
large ground area with the use of simple transparent ‘bent-pipe’ repeaters onboard
the satellites. Sharing of this broadcast physical and data-link layer capacity led to
the introduction of increasingly complex media-access control (MAC) schemes to
use capacity effectively, most notably with slotted aloha and its variants for use with
very small aperture terminal (VSAT) networks. The development of multiple spot
beams per satellite, illustrated in figure 4.1, established a requirement for on-board
switching and MAC, with control of capacity allocated via circuits and a Logical Link
Control (LLC) sub layer[18]. The number of satellites needed by some of these
planned systems was unthinkable only a decade earlier, and was considered
economically infeasible a few years later on, after a brief period of commercial

optimism.

Figure 4.1 Distinguishing between Satellite Footprint and Spot beams
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Low-earth orbiting (LEO) and medium-earth-orbiting (MEO) satellite constellations,
using orbits lower than the geostationary orbit, have been proposed, as have highly
elliptical-orbit (HEO) constellations. These give full global or targeted coverage of
the Earth. Constellations make possible more reuse of limited available ground-
space communication frequencies, providing higher overall network capacity as a
result of this frequency reuse.

The decrease in propagation delay to LEO, MEO and some HEO when compared to
GEO is a bonus for delay budgets, but can be unimportant for many applications.
However, these non-GEO constellations require more satellites to provide constant
continuous coverage of areas of the Earth. Their movement relative to the surface of
the Earth requires management of handover and increases system complexity.

The number of satellites needed by some of these planned systems was
unthinkable only a decade earlier, and was considered economically infeasible a few
years later on, after a brief period of commercial optimism. Expectations have been
adjusted and systems have been scaled back accordingly. Many systems proposed
during that period of optimism now appear unlikely to be constructed.

4.1 Services Provided by Satellite Constellations
Satellite constellations can be used for a variety of services, including [18] :
4.1.1 Broadband data

Broadband satellite constellation networks have been proposed at GEO, LEO, MEO
and HEO. Many are under development. These systems will provide medium- and
high-capacity wireless data services, and will interconnect with existing terrestrial
networks. The TCP/IP protocol suite used in the Internet has become established as
the most popular method for computer network communication in the world.
Proposed broadband sateliite constellation networks, such as Teledesic , Spaceway
and SkyBridge can therefore be expected to transport significant volumes of TCP/IP

traffic.

4.1.2 Telephony applications

Constellations are providing voice telephony and low-bit-rate communication
services. The Iridium , Globalstar systems have made service available. These
systems must interoperate with GSM and other terrestrial cellular networks, and
generally offer basic fax, low-speed data and paging facilities (2400/9600 bps)
alongside voice services. Of these voice-oriented constellations, only /ridium
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employs intersatellite links (ISLs), making it of interest as having demonstrated the
feasibility of a standalone space subnetwork. Iridium is also of interest for
demonstrating that the voice telephony market for satellite handsets is far smaller
than originally anticipated, primarily due to the successful widespread adoption of
terrestrial cellular networks during Iridium’s long development period, and the now
near-ubiquitous GSM roaming. Later systems, including Globalstar and /ICO Global
have been adversely affected by Iridium LLC's bankruptcy and are now placing
more emphasis on additional markets to voice telephony, especially data services.

4.1.3 Navigation
Constellations are providing information to determine position and navigation and for

geodesy. In particular, the MEO GPS and GLONASS are dedicated to this purpose.
(These navigation constellations do not use intersatellite links.) Other satellite
systems fly additional onboard payloads to provide additional information about the
reliability of the information provided by these dedicated systems, e.g. Inmarsat-3

navigation transponders.

4.1.4 Messaging applications

Constellations are providing low-bandwidth send, receive and broadcast services for
a variety of applications, including paging, tracking, and remote data gathering. The
first purpose-built commercial constellation in service in the messaging field,
although not financially successful, is Orbcomm. Proposed commercial systems

include Leo One ..

4.2 Orbit and Altitude Choices

The altitude of the satellites in the constellation is a significant factor in determining
the number of satellites that is required to cover the Earth and the characteristics of
the constellation. A lower altitude decreases free space loss and propagation delay,
but means that the service that each satellite can offer is limited to users in a smaller
area of the ground (the satellite’s ‘footprint’). To fully cover the globe, more satellites
are needed. This increases frequency reuse and overall system capacity, but will
also increase overall system construction and maintenance costs. Satellites at lower
altitudes must move faster relative to the ground to stay in their orbits. As the area
covered by each satellite moves with the satellite in its orbit, a lower orbit increases
the frequency of handover and causes larger Doppler effects on signals between
ground terminals and satellites.Many proposed systems use streets of coverage.
Most use circular orbits, since a constant altitude means that satellite overhead pass
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times remain constant, and that each satellite can be used for network traffic
throughout its orbit [18].

4.21 Low Earth Orbits (LEO)

At altitudes of typically between 500 and 2000km, lying beyond the upper
atmosphere but below the peaks of the inner Van Allen radiation belt, a large
number of satellites is required to provide simultaneous global coverage in low earth
orbit.

Figure 4.2 global coverage of a LEO constellation

LEO satellites move rapidly relative to the surface of the Earth and to the ground
terminals that they communicate with. Speeds at over 25,000 km/hour, with visibility
of only a few minutes before handover to another satellite occurs, are the norm.
Propagation delay between ground and LEO is often under 15ms, and varies rapidly
as the satellite approaches and leaves local zenith while passing the ground

terminal.

4.2.2 Medium Earth Orbits (MEO)

At altitudes of between 9,000 and 11,000km, between the inner and outer belts,
these orbits can permit full Earth coverage with fewer, larger satellites. The satellites
have larger coverage footprints from the increased ailtitude, but also increased
resulting delay. Propagation delay for the uplink or downlink between earth station

and satellite is typically under 40ms.

Figure 4.3 MEO constellation
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4.2.3 Geostationary Earth Orbit (GEO)

At an altitude of 35,786km above the Equator, the angular velocity of a satellite in
this orbit matches the angular rate of rotation of the Earth’s surface. This makes the
satellite appear stationary to an observer on the Earth. This useful feature has
resulted in the orbit becoming extremely popular, and satellite spacing in the orbit is
at the limits of terrestrial antenna discrimination. Propagation delay between an
earth station and a geostationary satellite varies with the difference in position in
longitude and terminal latitude, but is around 125ms (milliseconds), or around
250ms between ground stations. This leads to the widelyquoted half-second round-
trip latency for communications via geostationary satellite [18].

Figure 4.4 Geostationary Constellation

4.3 Network Constellations

From a networking viewpoint, there are two fundamentally different approaches
taken by these broadband constellations. Each constellation consists of a number of
similar satellites, where the satellite design is based around one of the following
approaches:[18]

e aground-based approach, where network functionality is entirely terrestrial;

e a space-based approach, where the space segment possesses network
functionality.

These two approaches will now be discussed here.

4.3.1 The Ground-Based Constellation Network

Here, each satellite is a space-based retransmitter — either using ‘bent-pipe’
frequency shifting and amplification, or using signal regeneration with baseband

digital signal processing (DSP) — of traffic received from user terminals and local

gateways below it on the ground, returning the traffic to the ground. This allows
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isolated user terminals to exchange traffic with nearby ground stations that are
gateways into the terrestrial network infrastructure. The satellites provide a wireless
‘last hop’ to an extensive ground network. From a networking viewpoint, this poses
challenges in the space segment for medium access control (MAC), logical link
control (LLC) and handover. Commercial systems taking this approach inciude
Globalstar, the ICO Global and SkyBridge proposals, and many traditional

geostationary satellites.

4.3.2 The Space-Based Constellation Network

In the space-based constellation network, each satellite has on-board processing
(OBP), and is a network switch or router that is also able to communicate with
neighbouring satellites by using high-frequency radio or laser intersatellite links
(ISLs). This allows a user terminal on the ground below the satellite to exchange
traffic with gateways to the terrestrial network or with users below distant satellites
not visible to that terminal, without requiring a local gateway or significant terrestrial

infrastructure to do so.

With ISLs, the space segment has now reached the network layer. This has led to
consideration of network routing for communication across a mesh of ISLs between
multiple satellites in orbit. Satellites in such constellations must support onboard

routing as well as onboard switching. In this case, the satellite constellation is itself a

true network. In conjunction with its terrestrial gateway stations the satellite
constellation forms an autonomous system (AS). This is in contrast to the
groundbased approach, where it is possible that each terrestrial gateway can be an

entirely separate AS.

4.3.3 Comparison of Ground- and Space-Based Network Approaches

The space-based intersatellite-link approach, where satellites communicate directly
with each other by line of sight, can decrease ground-space traffic across the limited
available air frequencies assigned to the consteliation. It removes any need for
multiple ground-space hops required for communication between distant ground

terminals for the ground-based constellation.

However, in order to support the I1SLs with network-layer functionality, the ISL-based
approach requires more complex and sophisticated processing/switching/routing
onboard satellite than the ground-based approach. This complexity and networking
in the space segment enables the ISL network to complete communications and
gives it the advantage of providing ubiquitous service in regions where the locally-
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overhead satellites visible to a ground terminal are not simultaneously visible from a
ground gateway station. This differs from systems using simpler ‘bent-pipe’
frequency amplifying/shifting satellites, which act as simple transponders. In those
simpler systems, the ground-based network is limited by the distribution of its
terrestrial gateway stations, and satellite terminal users must be near enough to a
~ gateway station to share a satellite footprint. The design of the space-based
constellation network is restricted by the constraints imposed by orbital geometry

and the difficulties in implementing networking in the space segment.

The ground-based constellation network separates network functionality from the
space segment, allowing network-layer issues and space-segment issues to be
considered separately. The ground-based approach has the advantages of allowing
reuse of the satellites for different purposes by simply upgrading or replacing easy-
to-access ground equipment, and of reducing system complexity. in the more
complex space-based constellation network, networking and space segment issues

must be considered together.
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Figure 4.5 ISL Routing Approach

4.4 |P Routing within the Constellation Network

The high mobility of LEO satellites leads to a rapidly and regularly-changing network
topology for the constellation, and raises a number of issues for the networking layer
with respect to routing, particularly when considering adopting Internet protocols.
Implementing IP routing for IP traffic is extremely desirable for reasons discussed
here. However, it is necessary to avoid propagating IP routing updates between the
separate routing realms of the constellation network and the Internet. There are a
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number of different approaches to implementing IP routing in the constellation

network while achieving routing separation[18].

In LEO constellations, this topology information quickly becomes obsolete and must
constantly be refreshed and updated with new information. The overhead of
regularly providing and updating this information is an obstacle to considering
satellites as conventional Internet routers. However, the topology of these

constellations exhibits interesting and useful properties:
e predictability;
¢ periodicity in the space segment;
e regularity;
¢ a constant number of satellite nodes.

Supporting IP multicast within the constellation network is that it allows to provide
group applications while using less network capacity than would be required by the
equivalent applications using multiple unicasts to communicate. Without IP routing
and native support for IP multicast, implementing any support for IP multicast
becomes increasingly problematical, as the IP multicast group and tree will need to
be projected with difficulty onto other network layers and routing paradigms, where
IP multicast routing functionality must be duplicated.

The ability to support IP multicast by duplicating packets in the mesh of ISLs
requires explicit knowledge of IP routing requirements and of the IP multicast tree in

the network layer of the constellation.

Any one LEO satellite is unlikely to be able to hold information on how to route
towards all of the necessary connected networks in the world. Handing its entire
routing table for the Internet over to the next satellite, as the satellites move and
assume new virtual nodes or management of earth-fixed cells, is harder still. This
creates a scalability problem for on-board routing tables and processing. This is the
problem commonly cited by people with an understanding of terrestrial Internet
routing protocols. The constellation would be overwhelmed with information about
the terrestrial Internet. The satellites can be seen to function better if they do not

need to know about terrestrial Internet addresses or about terrestrial routing.
4.5 Multicasting and Tunnelling

Multicast allows a source to send data simultaneously to all hosts on the

internetwork where users are interested in receiving the data, but in a more efficient
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manner than simply flooding the entire internetwork with redundant broadcast
packets.[18,19]

In brief, tunnelling is out-of-context encapsulation, where the encapsuiating layer
subsumes the network functionality already expressed in the encapsulated layer.
Tunnelling is often used to route packets in one network through an intermediate
network that belongs to a different routing realm and that can have a differing
network layer. Packet formats, addressing space, and routing paradigms in the two

networks may be entirely different.

When IP is tunnelled, a virtual IP hop (a tunnel) is created between the two IP-
capable routers at the borders of the intermediate network. When entering the
tunnel, the IP packet, including the IP header, is sent as payload data to the other
side of the tunnel using the network layer of the intermediate network[20].

The ground stations may themselves be connected to and passing data to and from
other networks; the satellite constellation network forms an intermediate connection
between the ground stations. This means that the ground stations are gateways
between networks, and that the constellation network must be capable of
transporting data between networks and interoperating with those networks.

Data transport can be accomplished easily from point to point across the
constellation network by simply tunnelling the traffic. Packets or cells of data sent
from one ground network to another do not need to be understood in any way by the
constellation network, as they are encapsulated within the constellation network’s
chosen protocol (likely to be ATM). This has the advantage of making the satellite
network transparent to terrestrial networks, by hiding it below the terrestrial
networks’ network layer, and allows the satellite network designers to select network
protocols that they consider best-suited to the space environment or to international
standards. However, tunnelling in this way has disadvantages; it only handles
unicast transmissions, or point-to-point communications setting up an end-to-end

connection across the constellation network [21].

When networks on an internetwork are not multicast-aware, multicast messages can
be tunnelled across them to all the multicast destinations by encapsulating (and, if
necessary, fragmenting) the multicast messages within network messages native to
that network. However, establishing multicast tree branches within a tunnel using

information in the tunnelled packet header is generally not possible [18,19].
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5. DVB - IP THEORY AND ITS APPLICATIONS

5.1 Requirements For Transmission of IP Datagrams Over DVB Networks

The service provided by a MPEG-2 transport multiplex offers a number of parallel
channels, which correspond to logical links (forming the MPEG Transport Stream
(TS)). Each MPEG-2 TS channel is uniquely identified by the Packet ID (PID) value
carried in the header of fixed length MPEG-2 TS Packets. The PID value is a 13 bit
field and, thus, the number of channels is limited to 8192, some of which are
reserved for transmission of Sl tables. Non-reserved TS logical channels may be

use to carry audio, video, IP datagrams or other private data [22].

Data for transmission over the MPEG-2 transport multiplex is passed to an
encapsulator which typically receives PDUs (Ethernet Frames, IP datagrams or
other network layer packets). It formats each PDU into a series of TS Packets
(usually after adding an encapsulation header), which is sent over a TS logical
channel. All packets from a SNDU shall be assigned the same PID, and shall
therefore form a part of the same logical TS channel. The method relies upon use of
two fields present in the 4 byte header of each TS Packet.

In a simple example, one or more TS logical channels are processed by a MPEG-2
multiplexer resulting in a TS Multiplex. In more complex examples, the same TS
logical channel may be fed to multiple MPEG-2 multiplexers and these may, in turn,
feed other MPEG-2 multiplexers (re-multiplexing). In all cases, the final result is a
"TS Multiplex" which is transmitted over the physical bearer towards the receiver.

5.1.1 Description of Methods

Routed IP packets and bridged Ethernet frames shall be encapsulated to form a
Subnet Work Data Unit (SNDU). The method encapsulates IP packets, Ethernet
frames or packets from other network protocols within a SNDU. The SNDU
transmitted over an MPEG-2 transmission system, by placing it in the payload of a
single TS Packet, or, if required, the SNDU may be fragmented into a series of TS
Packets. Where there is sufficient space, the method allows a single TS Packet to
carry more than one SNDU (or part there of).
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All packets from a SNDU shall be assigned the same PID, and shall therefore form a
part of the same logical TS channel. The method relies upon use of two fields
present in the 4 byte header of each TS Packet. The use of these values is
intended to be compatible with their use for video, audio, and other streams as
specified by MPEG-2[22].

5.1.2 SNDU FORMAT

The encapsulation format to be used for IP packets and bridged Ethernet frames is

shown below:

---------------------------------------------------- +__--——-
| Tength | type | SNDU field | CRC* |
———————————————————————————————————————————————————— +____—-_

Figure 5.1: SNDU Encapsulation
o Bridged Payload

The Bridged Payload shall carry an SNDU field with the following figure.

Figure 5.2: SNDU Format for a Bridged Payload

The MAC addresses shall be assigned according to the rules specified by the IEEE
and may denote unknown, unicast, broadcast, and multicast link addresses. The
type of frame shall be defined according to Ethernet [DIX].

¢ |Pv4 Encapsulation

IPv4 datagrams will be transported over the MPEG-2 Transport Stream using the
SNDU structure shown in Figure 5.3

B e e A R s st St LR TP P S
| Length (2B) | Type = Ox0800 |
+——+--+——+——+—-+——+——+—-+——+—-+-—+——+——+—-+——+——T
I
| IPv4 datagram |
|

{
s T e e I At e e e e e i s e
I (CRC_32) |
D i e e i it et e s e RN At e it

Figure 5.3: SNDU Format for an IPv4 Datagram
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e .IPv6 Encapsulation

IPv6 datagrams will be transported over the MPEG-2 Transport Stream using the
SNDU structure shown in figure 4.
i e e e o i st St et S e et it it et S

+ -+
| Ltength (2BR) | Type = Ox86DD |
+——+——+——+——+——+——+—-+——+——+——+——+—-+——+——+——+—-T
|

| |
| |

IPvH datagram

i e e e e e s S St sufet Subet St s Sttt St o
| (CRC_32) |
i e R R e e e e e e i it e it dalt St &

Figure 5.4: SNDU Format for an IPv6 Datagram

5.1.3 Processing at the Encapsulator and Receiver

¢ Encapsulator processing

The encapsulator shall fragment the SNDU into a series of MPEG-2 TS

packets belonging to the same logical TS channel.

R +
|Encap Header| Subnetwork PU |
R it e L L +
/ / \ A\
/ / \ Y
/ / \ AN
G- o W G+-————= Y * S S +
|MPEG-2| MPEG-2 | .. MPEG- =& ... |NPEG
2| MPEG -2| MPEG-2 |
|Header| Payload | [Header| Payload | |Header| Payload
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Figure 5.5: Encapsulation of a (SNDU)

The encapsulation layer will first wrap each payload unit (IP datagram or Ethernet
frame) to form a SNDU. This SNDU will then be segmented into payload units of TS
Packets; the resulting set of TS Packets will all use the same PID value and
successive values for the continuation counter. This set will then be sent as a
sequence over a TS multiplex or possibly as one burst over a satellite link.

Since satellite bandwidth is an expensive resource, as opposed to bandwidth in
LANs, it is necessary to look for improvements. One possibility is header
compression but this is outside the scope of this proposal. Another one is to pack
SNDUs densely into TS Packets the next available byte of the TS Packet payload.
(The PUSI and payload pointer are set, if they are not already set). If this is the final
packet of a burst (i.e., there are no additional packets waiting), the encapsulator

becomes idle.
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¢ Receiver Processing

A receiver reassembles SNDUs from the TS Packets received from a logical TS
channel. The receiver determines the start of the first SNDU by waiting for a TS
Packet. The receiver must also check the MPEG-2 Continuity Counter carried in the
TS Packet Header. This counter should increment by one for each TS Packet
received on a logical TS channel. If the value is not seen to increment in successive
packets, any partially received SNDU must be discarded. The receiver then waits for
the next TS Packet with a PUSI value of 1. The receiver MUST also check the
MPEG-2 Transport Error indicator carried in the TS Packet Header. This flag
indicates a transmission error for the logical TS channel. If the flag is set to a one,
any partially received SNDU MUST be discarded. The receiver then waits for the
next TS Packet with a PUSI value of 1.

5.2 Transporting IP Over DVB / MPEG-2
The MPEG-2 standard for compression of video and audio signals also provides the

multiplexing and media synchronization functions needed for transmission of digital
data. Part 1 of MPEG-2 standard, called Systems, provides the means of
multiplexing several types of multimedia information into one Transport Stream (TS)
that can be transmitted over a variety of transmission media. MPEG-2 Systems

Multiplexing is illustrated in Figure 5.6 [23].
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Figure 5.6 : MPEG2 Systems Multiplexing for Transport Streams

Compressed data from a single source (I .e audio, video ,data etc.) plus ancillary
data needed for synchronization, identification, and characterization of the source
information build up Elementary Streams. Elementary Streams are packetized into
either constant-length or variable-length packets to form Packetized Elementary
Streams (PES). Each PES packet consists of a header followed by stream data
called the payload. PES packets from various elementary streams are combined to

form a Program. Several Programs combine to form the Transport Stream together
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with other descriptive data called Program Specific Information (PSI). PSI defines
the program and its constituent parts.

TS packets are 188 byte fixed-sized. Each TS consists of a TS Header, followed
optionally by ancillary data called the Adaptation Field, followed typically by some or
all of the data from one PES packet. The TS Header consist of a sync byte, flags
and indicators, Packet Identifier (PID) plus other information for error detection,
timing, etc. PIDs are used to distinguish between different streams and different PSI.

There are mainly five types of PSI streams : Program Association Table(PAT),
Program Map Table (PMT), Network Information Table (NIT), Conditional Access
Table (CAT), and Digital Storage Medium Command and Control (DSM-CC). The
decoder selects a desired program by extracting blocks, which have the required
PID (the PIDs are described in the PAT and PMT blocks embedded in the transport
stream). NIT specifies physical network parameters, while CAT carries information
for scrambling. DSM-CC provides protocol and application program interface for

user-to-network and user-to-user communications[23].

Transpor: Stream packet - 188 byte

A
L

Header [Adaptation Header] Payload
0x47 \ PID
' L continuity _counter
adaptation_field_controf
transport_scrambling_control
PID
transport_priority
payload_unit_start_indicator

transport_error_indicator
sync_byie
Figure 5.7 . Transport Stream packet and Header structure

The DVB specification for data broadcasting defines three different ways of inserting
data into the MPEG-2 transport stream. Figure 8 illustrates possible entry points for
IP data traffic over MPEG-2.

(i) Data packets can be encapsulated and carried inside the PES packets intended

for video and audio streams. This method is referred as Data Streaming.
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(ii) Data packets can be carried inside the section packets defined for system
internal tables in DSM-CC. This method is called Multiprotocol Encapsulation
(MPE).

(iii) An adaptation layer protocol can segment data packets directly into a sequence
of cells. This method is called Data Piping.

Methods (i) and (ii) are offered by MPEG-2 as standard. In both cases, the
segmentation function is performed automatically. The third method of transferring
datagrams (data piping) needs an explicit segmentation and reassembly layer. The
TS cell has a payload of 184 bytes; in case longer datagrams have to be
transported, an adaptation protocol takes care of the segmentation and reassembly.
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Figure 5.8 : Possible entry points for data traffic over MPEG-2

All three methods involve a certain overhead, which stems from the header fields
and the fact that IP datagrams usually do not come in multiples of 184 bytes. The
total overhead for a transmission depends on the packet length distribution and the
encapsulation method selected. The observed overhead for MPE is typically
between 13 and 15 percent.

An IRD must be able to determine for each incoming cell to which payload it belongs
and deliver it to the proper module (i.e., the next level of processing), which is either
the PES handler, section handler, or user-defined reassembly module. For MPEG-2
the information for this decision is the PID value, which is bound via the PSI tables,
in particular the PMT. Figure 5.9 illustrates the PSI mapping relationships. The MPE
method is explained in more detail, because its data containers called datagram
sections) are optimized for carrying IP datagrams[23].
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Figure 5.9 : PSI Mapping Relationship

The MPE specification of DVB uses private sections for the transport of |P
datagrams and uses an encapsulation, which is closely tailored after the IEEE
LAN/MAN standards. Data packets are encapsulated in datagram sections, which
are compliant with the DSM-CC section format for private data. This encapsulation
makes use of a medium access control (MAC) level device address. The address
format conforms to the 1SO/IEEE standards for LAN/MAN.

5.3 Optimising FEC Transmissions in DVB Networks

In this part , it will be calculated that the group and file successful transmission
probability when using Forward Error Correction (FEC) in IP based transmissions.
From a simple network theoretical model, the successful transmission probability is
derived and studied as a function of the network quality. It is discussed how FEC
implementations suitable for [P multicast based protocols might allow to use pure
push transmissions in unidirectional and very large scale flat networks like DVB
satellite[24].

5.3.1 introduction to EC

Error Correction (EC) technique is based on various algorithms allowing to calculate
parity/repair data from elementary data groups. If some data are modified during a
transmission, transmitting additional parity/repair data instead of the original data
- may repair. Under certain circumstances the required data overhead is minimized
because each parity/repair data holds information on the whole group over which it
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was calculated. This principle was first applied at the channel level (bit stream) in

DVB transmission by using Reed-Solomon algorithm.

IP Multicast technique allows a node to send IP datagrams simultaneously to
multiple nodes. The back traffic throughput minimization has been a prime issue for
reliable multicast transport protocol scalability. EC technique has been proposed at
the message level in order to reduce the amount of negative acknowledgement
(Nack) back ftraffic. In this case the Reed Solomon algorithm is used to calculate
Parity Packets (PP) from a group of original IP messages corresponding to Data
Transmit Unit (DTU).

EC can be used in unidirectional IP networks such as IP over DVB satellite. In this
case additional PPs are pro-activated added to the original DTU. This is known <as
the FEC technique allowing to transport data from one to many with hopefully
maximized successful transmission probability. The emergence of DTV popularized
DVB satellite deployment to millions of customers drastically reducing the cost of the
receiver hardware. DVB interface devices from multiple manufacturers aliow PCs to
receive |IP traffic thanks to the MPEG multi protocol encapsulation extension.

5.3.2 Transmission Probabilities

The FEC algorithm is presented on the figure 10 . About the information held by N
DTU’s , these are DTU’s are organized in successive groups of size G. From each
group, the FEC algorithm at the server side may calculate Q additional PP’s. If any
G packets among G+Q are received, the FEC algorithm at the client side is able to

reconstruct the original group.

Original date (DTUS) Additional date (PPs)

1 2 3 s 1 2 a

i 00 O
» D04 Oy oyg o

I | I Y O O O

Figure 5.10 : The FEC Algorithm

The number of pro actively PP’s per group (Q) determines the FEC overhead. It is

also known as the pro activity level (PL) which is defines as ;

_Q
PL= (5.1)
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In addition consecutive DTU’s and PP’s in the same group are interspersed in time.

This reduces the probability that a given network perturbation alter much than one

messages in a given group. To explain the network , let {Ik}k=1..N be suite of

messages (either DTU’s or PP’s) constituting the information to be transmitted[24].

§ Perturbation

N,

{Idk=1.n

Figure 5.11 : Network Model for FEC Transmissions

The network (N) represents electronic devices involved in the signal transmission. If
any bit within any message is lost , it will be assumed that the receiver protocol

stack discards the whole message. Therefore we can consider that the message k

will all received or not received at all. Let p, be the probability that the message k

is received. Assuming that the perturbation noise is a stationary process, the

probability p, do not depend on time nor on the message index k, hence we have ,
prob{]k is received}= D, =D (5.2)

Now assuming that the transmission of a given massage do not depend on the

preceding ones , or conversely that the perturbation process is a white noise :
prob{l, and I, are received} = p, X p, (5.3)
Let P be the the total the number of messages well transmitted among {7, },_, , .We

assume that the perturbation process is also ergodic. The probability p is also

given as :

) P
p=lim, {F} (5.4)

Showing that p represents the overall network transmission efficiency. This
equation also shows that the p value may be estimated as :
= N suceess

p —_ ]\S/iuccess ( 5 . 5 )

Sent
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A FEC transmission where the group size is denoted as G and the number of
additional parity packets (PPs) per group is Q. The probability that only k messages

among G+Q are well received is given as :

probik/ G +Q}=C§,, x p* x (1- p)9o* (5.6)
with :
Cr = o (5.7)
" kx(n-k)! '

The coding algorithm is such that if at least G messages among the G+Q
transmitted are received , the information in the group is reconstructed at the
receiver. Hence the probability of group reconstruction is calculated as :

G+Q G+Q
Poo = Zprob{k/G +Q}= ZC(';+Q x p* x (1 —p)G+Q'k (5.8)
k=G k=G
Replacing QO =0 in (5.8) gives the normal probability of group transmission without
FEC :
G
Ppo =P (5.9)

If O is much larger than G , it can be approximated that :

(5.10
G=~0 )
Replacing this approximation into (5.8) gives :
< k O-k
P6oew = Cpr x(l—p* =1 (5.11)
k=0

showing that the information within the group may always be successfully
transmitted if the PL is chosen sufficiently high.

For the file reconstruction probability, let N,,,,,,,, denotes the number of data byte

in each DTU. The total number of groups is :
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R-_ N (5.12)

Npayioan XG
In general case some DTU'’s in the last group are filled with zeros. Because the
perturbation process is a white noise , we may assume that the transmission of one
group does not depend of the transmission of another one. Therefore the probability

that the whole file is successfully transmitted is given as :

Proo =Ps0)" (5.13)
Replacing R value and using (5.8) gives the file successful transmission
probability as :

:;\\ N

GQ Npayroap xG
Prvco = (z C£+Q X pk X (1 - p)G+Q_k) (5.13)

k=G
5.3.3 Error Reduction with FEC

In order to study the FEC coding effectiveness, we will approximate the gain
between data transmissions successful probability with and without FEC. Equation
(5.8) may be expressed as :

G+Q

Pco = Zcé+g x pk X (1 - p)G+Q_k (5.14)
k=G
Poo =1—&6p (5.15)
& k G1O-k
€60 =ZCG+pr x(l—p) - (5.16)
k=0

Let v be the network error probability and v=1-p

G-l
50 = 2 Chiox (=) xyoret (5.17)
k=0

X Y Chup x(1=v) x v (5.18)

& may be interpreted as the group transmission error probability. Thus assuming a

small ¢ value
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N N .
pNG() (1 gG() )NP4YL()ADXG ~ 1_—XSG,Q = 1_8N,G,Q (519)

pavioap X G
Transmission error probability with FEC coding :
Q+1 G-1

Z Coup X (1=)" x v (5.20)

N payi0ap % G k=0

Engo T

Now considering the without FEC case ;

N

. :(l_v)NPAYLOAD ~1— vx N (5.21)
N pavroan
and
g, =N (5.22)
N pavioan

And the error reduction between normal and FEC transmission is approximated as :

0 G-
EnvGo _ G-1-k
= Z G20 x(1=v) xv
Ey —

(5.23)

@]
_Xcg+(1)—v (G+Q)‘
G G'x(Q +1)!

The error probability reduction is proportional to v¢ showing that PL and the

network quality p are the main reducing factors. The higher the initial network

quality v—> 0 and Q , the better the error reduction.

5.4 The Satellite Multicast Distribution Protocol

Essentially, the satellite is a media suitable for wide-scale broadcasting: today
satellites reach millions of households and businesses that traditional broadcast and
transmission media cannot. Modern satellites are very flexible: their uses include
TV, multimedia services, mobile phone and Internet. Moreover satellite broadcasting
is not as expensive as one might think: its cost is effective because a satellite allows
you to reach a number of receivers in a wide geographic area. A large number of
Internet providers can use a satellite to transmit software products, off-line
multimedia content, CD-ROM images, product catalogues, manuals and many other
kind of data.[25,26]
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It would be desirable for the data to be delivered using the ubiquitous Internet
Protocol (IP). Reliable multicast in Internet has already been studied, but the use of
a satellite link introduces some peculiarities that need a deeper consideration. The
following are the requisites of a protocol for satellite reliable data broadcasting (in

order of increasing importance):

Lack of a return path — in its most basic configuration a satellite is a unidirectional
link. A receiving set-up is far cheaper than the transmitting one. The receiver
receives the interested data from the satellite NIC but cannot transmit feedback to
the sender. It is common for a receiver to support a terrestrial link, but we require a

receiver to work correctly even without a backup link.

Static flow control — the satellite bandwidth is often entirely dedicated to a single
transmission. Thus the sender must use a static flow control when transmitting

datagrams.

Support to Quality of Service (QoS) - the quality of the transmission along the
sender’s sub path should be guaranteed. The information needed to manage QoS
should be embedded in the application’s flow itself or contained in a QoS protocol

that cooperates with it.

5.4.1 Basic Elements of The Architecture

: ' Hity Receivers
i;emte Service Genter % Satellite

v SMDP SMDP
o ’f Recerver Receiver
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7 Optionst 457
&~ .

INTERNET

Content Provider

Figure 5.12 A topology for data broadcasting.
It will be given and explained here , some of the basic elements of this architecture:

Satellite Service Center — it is the physical location of most devices and apparatus
needed to allow a content provider to broadcast data via satellite. It hosts at least
the uplink station, the IP/DVB Gateway and the Service Scheduler. The IP/DVB
Gateway frames IP datagrams in the DVB structure .The Service Scheduler holds all
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the accounting information and resource requirements of the content providers. It
determines the identity of the providers allowed to access the satellite and the

temporal bounds (start and end time) of each access.

Content Provider — The content provider is the sender of the data to be
broadcasted by satellite. It is generally connected to the Satellite Service Center by
a broadband link. In the present context, a Content Provider is able to transmit large
files but it is also able to transmit video streams. The typical amount of data
broadcasted for each session ranges from 1 Mb to 10 Gb, and the number of

receivers ranges from a few units to several thousands.

Receivers — The satellite receiver is located everywhere within the satellite’s
footprint. It has a satellite network interface card connected to the downlink. The
satellite receiver is able to extract IP datagrams from DVB frames joining the
multicast group address of the stream. The receiving SMDP process is active at the
same satellite receiver or in a host connected to it through a LAN.When the SMDP
receiver process is not in the same machine on which the satellite NIC is installed
the latter must act as a router, thus forwarding multicast datagrams to the LAN.
Some SMDP receivers may be able to send datagrams to the SMDP sender by a
terrestrial link. A receiver wishing to receive a satellite broadcast must obtain (e.g.
from a web page) the basic information needed to correctly set up the SMDP client:
the scheduled time of the start and end of the transmission, the identity of the author
and the object of the transmission (for example the name of the file), the multicast
group and UDP port associated to the transmission.

6.4.2 Multicast Transport Protocols

A number of multicast transport protocois have been designed in the last few years
to achieve efficient and scalable transmission. The following is a brief classification
of the mechanisms such protocols use to reach reliability.

Acknowledgments (ACKs) — each receiver sends acknowledgment (ACK) packets
for data packets it receives. If an ACK is missed, the sender retransmits packets lost
by the receiver. Such a mechanism is obviously applicable only to very small

receiver groups. Arranging the receivers into a tree may improve scalability

Negative ACKs (NACKs) — instead of sending an ACK for every data packet
received, receivers can send a negative acknowledgment (NACK) for every missing
packet they detect. The main disadvantage of NACK-based protocols is the lack of
scalability because of NACK implosion. However many NACK suppression

techniques exist to reduce this problem.
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. Replication — replication of transmitted packets can reduce losses avoiding the
need for recovery. In data carousel-based protocols the sender continuously
transmits the replications of the file as many times as required.

Packet-level Forward Error Correction (FEC) — a FEC technique adopts erasure
codes to protect data from being corrupted. Erasure codes divide a file into rounds
and generate n encoding packets for each k original data packet. These n packets
are generated in such a way that the reception is complete when any k packets of
the n are received. Packet-level FEC schemes can be divided into two categories:
proactive FEC and reactive FEC. Reactive FEC allows the sender to transmit only
the original packets at each round. Then, the sender uses the receivers’ feedback to

compute the number of redundant packets to transmit.[25,26]

Table 5.1 Mechanisms supported by reliable multicast transport protocols

AFDP | LGMP MDP | MFYP | MTP.2 | RAMP | RMDP RMP | RMTPH

Intermediate Node Retrans. 1g ves oo no ) no na no vey
Proactive FEC na " opt. no no no ves no opt.
Reactive FEC na "o yes no no no no no apt.
Bynamic Flow Control yes yes n no no yes no yes mutally
Static Flow Control no o yes yes yes Bo ves no exchusive
Multicast Retrans. yes Local yes yes yes rutually " yes utually
Unicast Retrans, no RO no ne no exclusive o no exclusive

Table 5.1 shows the main characteristics of these protocols, and almost none of
them is consistent with the requirements we listed in the Introduction. A
unidirectional distribution cannot use ACK, NACK or reactive FEC. Table 5.1 shows
that only MDP, RMDP and RMTP-1i use FEC techniques. MDP is not suitable for our
purposes because it uses reactive FEC and multicast retransmissions: the end of
the transmission is not predictable and hence the protocol cannot be used if the
duration of the satellite transmission is scheduled. RMDP uses receiver-initiated
transmissions but in the satellite context we need sender-initiated transmissions.
RMTP-II provides proactive FEC and optionally reactive FEC. RMTP has been
designed to work with tree topologies and it delegates retransmissions to designated
receiver nodes. RMTP has many options to fit many situations, but this leads to a

more complex architecture.
5.4.3 Design of The Transport Layer

The SMDP packets are encapsulated into UDP, and in its turn UDP is encapsulated
into multicast IP datagrams. The SMDP protocol must then cover by itself the
transport functionalities that UDP does not provide. It is the responsibility of the
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SMDP to split up the application’s data into smaller units, pass them to the network,
and ensure that the bits delivered are the same as the bits transmitted without
modifications, losses, duplications or out of order deliveries. Most existing reliable
multicast protocols face the problem of ACK or NACK implosion, but SMDP has the
opposite problem: the sender does not receive any control message at all. That is,
acknowledgments cannot help SMDP to trigger a packet retransmission. Although

recent satellites transmissions are rather reliable (a typical bit error rate is 10°%) as
link-layer FEC is used to avoid TCP problems, to augment the transmission’s
reliability transport-layer redundancy is needed. The SMDP uses proactive FEC
encoding, @ mechanism that does not require any feedback. The sender must
choose k and n values to reach the best trade-off among the number of receivers
that have correctly received the file and the transmission efficiency — that is the
satellite bandwidth waste.

5.4.4 Design of The Session and Application Layers

Generally, the session layer permits the parties to hold ongoing communications
(called a session) across the network. The sender of the session can exchange data

or send packets as long as the session lasts.

The SMDP broadcast session begins with a countdown phase transmitted to all
interested receivers. The sender transmits N START messages to alert each
interested receiver to the upcoming transmission (duplication is needed because

some messages may be lost).
5.4.5 End-To-End Considerations

The satellite link is only one of the links in the end-to-end path and is the branching
point of the one-to-many multicast tree. Its use may dramatically reduce the number
of IP hops from the sender and a receiver: in particular, a typical topology may
include the content provider's LAN and the satellite service centre’s LAN, their WAN
connection, the satellite and the receiver's LAN. In such a topology the satellite’s
bandwidth is far narrower than the one of a common, switched, LAN. Moreover, the
satellite link is generally more expensive than other ones: if the content provider
dedicates such bandwidth to the SMDP application only, it is therefore reasonable to
statically fix the transmission’s flow to the value of satellite’s bandwidth.

Although modern LANs are well-provisioned, nonetheless the absence of
congestion is not guaranteed. SMDP uses transport-layer redundancy to mitigate
these effects: on each block containing n packets, at least k packets must be
correctly received and the use of interleaving helps to reduce the effects of bursty
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drops. Redundancy does not completely solve transport problems and it may be
coupled with a terrestrial recovery that receivers can use to complete their receipt.
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Figure 5.13 Use of QoS
5.5 Comparison of MPEG and Ethernet For Transporting IP Packets

In this section , we will deal with the analysis of the overhead introduced by
encapsulating IP packets into MPEG transport streams, and compares it with the
overhead of sending the same packets over traditional Ethernet [27].

5.5.1 Ethernet Overhead Equations
Ethernet adds the following overhead to an IP packet:
e Layer 1: 8 bytes of preamble.

e Layer 2: 14 bytes of header (6 bytes destination MAC, 6 bytes source MAC, 2
bytes packet type).

e Layer 2: 4 bytes of CRC at the end of the packet.
Total overhead: 26 bytes.

However, the minimum Ethernet packet size is 64 bytes (excluding preamble).
Therefore, if the IP packet is less than 46 bytes, then it is padded to 64 bytes. If the
IP packet size (in bytes) is denoted by S, the overhead H equations are:

s For20<S<46:

= 46 -S +26 (5.24)
72

e For 46<5<1500 :

=26 (5.25)
S+26
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5.5.2 MPEG Overhead Equations

MPEG has two layers: a section layer, and a transport layer. The overhead of the

section layer is:

e Section header: 3 bytes

e MPE header: 9 bytes

e Optional LLC/SNAP header: 8 bytes

e CRC or checksum: 4 bytes

Total: 16 bytes without LLC/SNAP, 24 bytes with LLC/SNAP.

Overhead of the transport layer: each MPEG transport packet contains 4 bytes of
header and 184 bytes of payload. The first transport packet will have a pointer, so it
will have only 183 bytes of payload. If section packing is OFF, then IP packets only
start at the beginning of transport packets, and the remainder of the last packet is
filled with stuffing bytes.

If L denotes the overhead of the section layer (either 16 or 24 bytes) and S is the IP

packet size, let us define n as:

n:{S+L+1_l (5.26)
184

where [x| denotes “the smallest integer greater than or equal to x”. The number of

padding bytes will be then 184—[S+ L+1-(n-1)x184].

The overhead will be:

_L+1+nx4+184—[S+L+1-(n-1)x184] (5.27)
nx188

H

Now, if section packing is ON, then there are no padding bytes. Therefore, the
section layer overhead becomes, by and large, independent of the transport layer
- overhead, except for the pointer field, which occurs at most once on each transport
packet. We then have two cases:

e If $>183-L, then there will be one pointer per IP packet, and we can add the
one-byte overhead to the section overhead. The transport overhead will be 4
bytes per transport packet; this means that the transport layer adds an overhead

x4 per IP packet. The total overhead is then:

of S+L+1
184
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L+1+(S+L+1x4j

H-= (5.28)

S+L+1+(S+L+1x4)

e If $<183-1L, then there will be one pointer per transport packet, and we can
add the one-byte overhead to the transport overhead, making it 5 bytes per
transport packet. The total overhead is then:

L+(S+Lx5)
g \184 (5.29)

S+L+ S+L><5)
184

5.6 Broadband Internet Access in DVB Network

Modern Satellite Networks based upon the Digital Video Broadcasting
(DVB)/MPEG-2 Standard operating on a fixed bandwidth per transponder offer two
service classes. For handling of the Video/Audio data stream either a constant or
variable bit rate is required. In general not the entire transponder bandwidth is used
for Video/Audio services, thus data services e.g. gi\/ing the user access to internet /
WWW can be added. For the internet/WWW access either a data carousel or an
inter-LAN data transfer based upon a TCP transparent communication or a mixture
of both can be implemented. This paper presents the results of an in depth
throughput analysis of a TCP transparent data communication in a DVB satellite
network[28].

The theoretical results are verified by means of measurements on real DVB satellite
network. Based upon the results a bandwidth allocation scheme for the optimal
usage of the transponder bandwidth for Video/Audio- and data-services is
presented. Currently a significant growth in applications where asynchronous data
transfer is involved in conjunction with Video/Audio distribution is appearing.
Examples of such applications are internet / WWW access or distributing corporate
data.

Figure 5.16 shows a typical configuration of a DVB Network offering digital-TV
broadcast services, the push data service employing a Data Carousel Server and
the pull service employing a WWW server. The TCP-data are delivered over-air. The
Request/ACK-data is transferred using the PSTN.

88



5.6.1 The Bandwidth Interference Probiem

For the above configuration, the MPEG-2 compressed Video/Audio streams are
multiplexed at the MUX-unit generating an isochronous data stream requiring a
Constant Bit Rate (CBR) and an upper limit of a tolerable jitter. The MUX-unit
performs the muitiplexing of MPEG-2 compressed Video/Audio packets and data
packets and builds a Multiple Program Transport Stream (MPTS). The Gateway
Server performs the IP encapsulation and generates information units fitting into the
MPEG-2 packet format (188 Bytes). Usually not all of the transponder bandwidth is
used for the Video/Audio traffic. The unused MPEG-2 packets (stuffing packets)
may be replaced by IP frames originating from TCP packets or from data carousel

packets.
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Figure 5.14 Configuration of a DVB Network adding Interactivity

Thus, depending upon the number of services and their related quality of service a

bandwidth indicated as B,,, which is assumed to be constant if no Video/Audio

service change takes place, is required. The bandwidth for transferring the data

carousels ( B, ) has a constant value. Thus the residual value of the bandwidth for

transferring the TCP packets (B, ) can be calculated according to equation 1. A
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