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Abstract
The idea of Internet everywhere makes the assumption that an Internet access should be available even in remote
areas without network infrastructure. In this case satellite access represents an attractive solution. Nevertheless,
experience shows that over satellite links, TCP is limited in terms of data speeds. Many enhancements and
solutions, based for instance on tuning TCP parameters or TCP spoofing, have been proposed to avoid the
underutilization of satellite link capacity. These topics have been often addressed, but considering recent high
speed TCP variants, the evolution of end users habits, and recently proposed satellite link access scheme, a new
study is necessary in order to reconsider some preconceptions and previous recommendations in such a context.
This paper proposes an overview of TCP variants and a survey of commonly proposed solutions for TCP over
satellite. Then a methodology for TCP performance assessment over satellite links is exposed. The approach is
mainly based on a satellite link emulation platform and some tools developed at the ENAC. We assess the gain
offered by a split TCP connection with PEPSal comparatively to end to end TCP connections based on NewReno
and a recent widely deployed TCP version (TCP Cubic) on an emulated satellite link. Unlike existing studies, we
compare PEP advantages with most recent TCP versions and propose as an extension, to assess PEP gain
considering the number of simultaneous TCP connections. Finally, the results provided allow us to make some
original recommendations toward TCP deployment over satellite links.
Keywords: TCP performances, satellite Internet access, Performance Enhancing Proxy, PEP
1. Introduction, Motivations, and Objectives
Seeing that a lot of geographic areas are still uncovered by terrestrial infrastructure networks and due to the fact
that geostationary satellite links allow an easy and fast access network for mobile users, such communication
systems represent a competitive and adequate solution for Internet access in several contexts. In the last decade,
thanks to VSAT (Very Small Aperture Terminal) technologies and recent satellite link access scheme based on
DVB-S/RCS (ETSI, 2009), satellite Internet access is getting easier to deploy, less expensive and therefore
proposed by an increasing number of service providers.
Nevertheless, it has been often underlined that TCP performances may be affected by satellite links properties
such as offered capacity, delay, and bit error rate. A link based on a geostationary satellite induces long
propagation delay due to the satellite altitude (about 36,000 km). Furthermore, compared to terrestrial links,
these links show high bit error rate, and hence high packet error rate.
Already in the 90’s (Partridge & Shepard, 1997; Allman et al., 1997), and a RFC (Allman, 1999) explained how
TCP should be tuned and enhanced in order to improve TCP performances in satellite environment. A
well-known solution to those problems consists in splitting the end-to-end TCP connection on the satellite link at
the ground station. As shown in figure 1, doing so allows the deployment of an enhanced TCP version dedicated
specifically to satellite links and their specific properties. These solutions are generally known as TCP PEP
(Performance Enhancement Proxy) or TCP accelerator. It has to be noted that PEPs are sometimes implemented
at the application level such as proposed in (Davern et al., 2011), where the authors describe a novel HTTP PEP
which improve HTTP performances in case of a satellite based Internet access. This particular implementation of
PEP is not considered in the present article.
The majority of studies showing the benefit of PEP solutions in geostationary satellite contexts compare their
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performannces with thosse of relatively old versionns of TCP succh as NewRenno. At the saame time, with
h the
increasing number of faaster terrestriaal access linkss like fibre, olld standard TC
CP have show
wn their limitss and
particularly the difficultyy to reach highh data rates in those environm
ments with typpical packet loss rates. Many
y new
transport pprotocols have been proposedd to accommoodate this, som
me of them are aalready implem
mented in the latest
l
versions of the main opeerating systemss, like Compouund TCP (CTC
CP) introducedd as part of the Windows Vista, or
Cubic impplemented on Linux.
L
Even iff the way the fflow of data iss managed by the congestionn window in CTCP
C
and Cubicc TCP, is not the
t same, theirr main objectiive is to avoidd the bandwidtth underutilizaation in high speed
s
long distannce networks that has beenn observed witth classical staandard TCP. A
At the same tiime, these versions
must ensurre that they opperate in a fair and friendly w
way when theyy share resourcces with otherss TCP connecttions.
The very large scale off the deploym
ment of these recent TCP vvariants and thhe specifics properties of re
ecent
satellite Innternet accessses legitimizee and justify a new studyy in order to assess the ggain of TCP PEP
comparativvely to end-to-end TCP conntrol implemennted in more rrecent version.. In other wordds, considering the
recent evoolution of satelllite access sollutions and traansport protocols, we face aagain the old qquestion: to split or
not to splitt.

Figure 1. Typical sateellite Internet aaccess topologgy
2. An Oveerview of TCP
P Variants
Since its fi
first version and a dedicated R
RFC 793 from
m the IETF (Intternet Engineeering Task Forcce) in 1981, a lot
l of
improvem
ments have beenn proposed andd implementedd in the famouus transport prootocol of the T
TCP/IP suite. These
T
add-ons fuunctionalities have
h
been maiinly motivatedd by the necesssity to have T
TCP match witth the properties of
new netwoorks links emeerging in the tim
me, particularly in term of ccapacity and delay. This led to the definitio
on of
several TC
CP versions.
2.1 A Brieff Reminder on TCP Standardd
TCP is ann end-to-end connection-ori
c
m submitted by
y the
ented protocol which acceppts data from a data stream
applicationn layer, segmeents it into chhunks, and addds a TCP heaader creating a protocol data unit named TCP
segment. IIt aims at enfforcing end-too-end reliabilitty using a slidding window flow control and loss detection
algorithm based on the expiration of a timer used bby the sender. In most of TC
CP versions, tthe sliding win
ndow
size is fixxed according to two proceesses. Firstly, the receiver sspecifies withh each TCP seegment it send
ds to
acknowleddge received data,
d
the amounnt of additionaal data it is willling to buffer for the connecction. This vallue is
2
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known as the receive window rwnd. In order to take into account the state of the different links and intermediate
systems between the sender and the receiver, TCP maintains another variable on the sender side named
congestion window cwnd. Its value increases when a new acknowledgement indicates that new data is received,
and it is decremented on loss detection, for instance when a timer expires. Finally, the amount of data that can be
sent before a new acknowledgement, known generally as flight size, is the minimum between these two
variables.
The first and most famous enhanced versions of TCP are Tahoe, NewReno and Vegas. These versions and the
most recent ones mainly differs in the way they manage the congestion window size and the events or indicators
that trigger its updates. The first one has been proposed by Jacobson (Jacobson & Karels, 1988) and introduced
the ’fast retransmit’ algorithm. Until then, TCP only used a time out based segment loss detection mechanism (i.e.
the expiration of a pending timer managed by the sender), Tahoe version enhanced TCP with another way to
detect losses based on duplicate acknowledgements. A TCP sender numbers the flow of bytes it receives from the
application layer and the receiver periodically acknowledges the data it receives by sending back the number of
the expected byte, i.e. the last byte number of the first continuous flow of data received incremented by one.
Tahoe makes the assumption that in the event of duplicate acknowledgement, it has to retransmit the
corresponding data even if the timer has not yet expired for these data. In cases of timer expiration or duplicate
acknowledgements, Tahoe makes the assumption that the network is congested, and hence decreases its
congestion window size to 1 maximum segment size (MSS, a sender network properties defining the maximum
size of a TCP segment). With TCP Reno version, Van Jacobson proposed to differentiate these two events in the
sense that if timer expiration is symptomatic of a serious problem which justify a drastic decrease of cwnd and
hence of the flight size, duplicate acknowledgements revealed a loss followed by the reception of new segments,
that is an isolated segment loss. That is why in the second case TCP Reno apply a ‘fast recovery’ algorithm
which consists in dividing the congestion window size by two.
During a nominal behaviour without losses, these TCP versions increment the congestion window size by two
mechanisms, Slow Start and Congestion Control. If the flight size is less than a threshold value ssthresh, they use
Slow Start and increase cwnd by cwnd = cwnd + 1MSS (maximum segment size) for each acknowledged
segment. If the current flight size is greater than ssthresh, during a new phase called Congestion Avoidance the
increment is given by cwnd = cwnd + (1MSS/cwnd). The value of ssthresh is half the maximum flight size
reached before the last loss detection or equals to rwnd for new connections. NewReno enhance Reno in the
sense that after a fast retransmit, the sender stays in fast recovery state until the original window has been
entirely acknowledged. Doing so, it improves performances in the case of multiple losses in a same window. In
those, relatively old, TCP standards the end-to-end congestion control mechanisms is known as AIMD (additive
increase multiplicative decrease) because the TCP sending rate is controlled by a congestion window which is
halved for every loss, and increased by one packet per window of data acknowledged.
In the middle of the 1990s, L. Peterson and L. Brakmo researchers at the University of Arizona introduced TCP
Vegas offering a new congestion avoidance algorithm (Brakmo et al., 1994). Rather than losses, this algorithm
uses the observed packet delay in order to determine the rate at which to send its segments. Of course, this
method depends heavily on an accurate calculation of the RTT (Round Trip Time) value which represents the
time elapsed between the sending of a segment and the reception of the acknowledgement by the sender. TCP
Vegas makes the assumption that under some conditions, an increase in Round-Trip Time reveals a network
congestion.
2.2 Recent High Speed TCP Variants
More recently, since about 1998, some less known TCP versions have been proposed to accommodate the
important growth of the Internet and a mutation of networks links technologies (fibre links, wireless links, ...)
and their properties in term of delay and offered capacity. We can cite TCP Westwood, Illinois and BIC as
examples of versions which seek to improve performances in case of high bandwidth-delay product networks
known also as LFN (Long Fat Networks). Bandwidth-delay product reveals the amount of outstanding data a
network can have, and with products higher than 64Kbytes, older TCP versions showed a waste of capacity. That
is why, a lot of the newer versions aim at “keeping the pipe full”, mainly enhancing packet loss detection and
congestion control mechanisms.
For instance TCP Westwood (Casetti et al., 2002) or TCPW exploits end-to-end bandwidth estimation to adjust
the values of ssthresh and cwnd after a congestion event. TCPW includes a recovery algorithm which avoids the
halving of the flight size following a segment loss in order to ensure a high link utilization even in the presence
of errors.
3
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TCP Illinoois (Liu et al., 2008)
2
is a loss-delay based aalgorithm. It usses an AIMD aalgorithm but aadjusts the increase
and decreaase parameterss based on estiimations of quueueing delay aand buffer sizee. The queuingg delay is used
d as a
congestionn signal to adjuust the pace off window size cchange.
TCP BIC ((Binary Increaase Control conngestion) (Xu et al., 2004) iss a protocol that tries to ensuure a fair sharin
ng of
the link caapacity among flows experieencing differennt RTTs. TCP B
BIC has been iimplemented aand used by de
efault
in Linux kkernels 2.6.18.
The most widely deployyed TCP versiions are Comppound TCP (T
Tan et al., 20066), used as paart of the Wind
dows
Vista and Window Servver 2008, and Cubic TCP (R
Rhee & Xu, 20005). This lattter is the defauult implementtation
provided ssince the 2.6.19 version of L
Linux kernels and considereer as the refereence recent TC
CP candidate in
n our
study in thhe rest of the paper.
TCP Cubicc is seen as an enhanced verssion of TCP BIC using optim
mized congestiion control alggorithm. TCP Cubic
C
is designed with an opttimized congestion control aalgorithm for high speed neetworks whichh may induce high
latency. It uses a cubic function of thhe elapsed timee from the lasst congestion eevent and usess both concave
e and
convex proofiles of a cubic function forr window increease (Rhee & X
Xu, 2005). Cuubic is particular in the fact that it
is ruled byy the congestiion epoch whiich is defined as the time bbetween conseecutive congesstion event. It then
makes the window grow
wth independennt from the rouund trip time ((RTT) and hennce ensures a bbetter fairness than
classical congestion conttrol approachees.
Because itt has been specifically developed for heeterogeneous nnetworks whicch may incorpporate terrestrial or
satellite raadio link, anothher TCP versioon, named Hyybla, is consideered in our stuudy. TCP Hybla is recomme
ended
as the alterrnative TCP version
v
for the satellite hop iin case of the uuse of a particcular PEP soluution named PE
EPsal
that will bbe investigatedd in this study. In the presencce of satellite llinks, TCP Hyybla variant caan be used eith
her as
an end-to--end protocol, with modificaation on the seender side, or aas a satellite hhop transport pprotocol, thus using
u
the conceppt of TCP spliitting. As expllained in (Cainni & Firrincielli, 2004), unlikke in other appproaches, the main
idea in TC
CP Hybla is to
t open the coongestion winndow at a ratee independent of the RTT eexperienced by
y the
connectionn. The congesstion control aalgorithm is also modified in concordancce with the m
measurements made
m
during thee connection. Further,
F
TCP H
Hybla makes uuse of differennt techniques in order to redduce the impa
act of
multiple llosses, inapprropriate timeoouts and burstiness. It usses SACK (M
Mathis et al.,, 1996) (sele
ective
acknowleddgement) and timestamp opptions. The firrst enhance claassic TCP cum
mulative acknnowledgement with
selective oones and the seecond allows tthe add of a tim
mestamp in eacch segment sent in order to aaccurately estiimate
the RTT. A
Also, in order to avoid posssible bursts off segments, TC
CP Hybla usess a segment sppacing and cha
annel
bandwidthh estimation teechnique. TCP
P Hybla is deesigned to miinimize the im
mpact of longg RTT, induce
ed by
satellite linnks, on TCP peerformance. Its congestion control policy iincreases the sppeed of the cw
wnd growth in order
o
to provide the same transmission rate ffor connectionns with differennt RTT.
Figure 2 presents a timelline showing a chronologicaal view of mainn TCP variantss mentioned in this subsection.

Figure 2. TCP timelinne
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3. Performance Enhancement Proxy
3.1 Main Reasons for Splitting End-to-end TCP
One problem of TCP is that it was not originally designed for use over satellite links. As TCP was not designed
to be tied with one type or a class of link technology, the downside is that TCP is not optimal on any kind of link.
Satellites links represent a kind of medium whose intrinsic specificities may heavily affect TCP performances,
especially if one considers equipment and antennas for Internet Access by satellite that are affordable to a large
public. Compared to terrestrial networks, those specificities are:
• an important propagation delay: about 250 ms considering the altitude of a geostationary satellite
• a high bit error rate which can lead to an important PER (Packet Error Rate) considering average packet
sizes
• a low data rate, with a maximum upload rate of 10 Mbits/s
Considering TCP’s mechanisms and algorithms, the main causes for TCP’s inefficiencies over satellite links are:
• 3 way handshake: a TCP connection is established by a “3-Way Handshake” between the receiver and the
sender. On satellite links, this may take at least a few seconds to be completed (even for very short data
exchanges).
• Receive Window: An application using TCP to send data is only allowed to send an amount of bytes
which is explicitly indicated in the last packet sent by the destination. This value known as the “Receive
Window”, is typically set to about 8 or 16 Kbytes, which severely limits the speeds that a TCP connection
can achieve over a satellite.
• Default Slow Start algorithm: As previously explained, TCP starts sending at a very slow rate and increase
it until the available capacity is reached. Since this process can take several RTT, the propagation delay
inherent to the satellite hop becomes very penalizing. Hence, it will take a long time before TCP reaches its
“cruising speed”. In some cases, severe packet losses may also generate a drastic TCP behaviour with a new
slow start stage.
• Packet loss: Basic TCP assumes that any packet loss is caused by congestion. In order to limit the
perceived congestion whenever a packet is lost, TCP generally reduces its congestion window and hence its
transmission rate. For instance, TCP NewReno reduced its transmission rate by 50 percent for each detected
loss. Of course, because of the bit error rate on the satellite links, packet error rate is observed without
congestion occurring. Moreover, because satellite links often acts as bottlenecks considering the difference
between satellite and terrestrial links capacity, a lot of packet losses can occur in the considered topology
leading to poor TCP performance.
Of course, the idea of adapting existing TCP standards or defining more adequate versions as explained sooner
have been explored since the beginning of TCP. Very soon, in 1997, Partridge and Shepard have given accurate
recommendation on TCP parameters tuning in order to avoid decrease of TCP performances in case of use in
presence of satellite link. The conclusion mainly recommends to adopt new features like window scaling, PAWS
(Protection Against Wrapped Sequence number), and Selective Acknowledgement. It must be noted that those
enhancements do not represent an exhaustive list of the works done on this subject. Nevertheless, Even if
end-to-end TCP performances are better with well tuned TCP parameters, satellite link characteristics still impact
performances, in particular the observed delay for a starting TCP connection to fill up the offered capacity.
Furthermore, considering the end-to-end transport protocol approach based on recent high speed TCP variants,
we can refer to (Marcondes et al., 2008). This study performs a cross-comparison of equal bandwidth delay
product scenarios and very different network topologies based on high-speed networks and satellite networks.
The authors experiment with two advanced TCP variants (TCP Westwood and Hybla) aimed at optimizing the
throughput and then analyses issues related to improving RTT-fairness and coexistence with standard NewReno.
In another paper (Trivedi et al., 2010), the authors give a comparative performance evaluation of end-to-end TCP
Hybla and Cubic on a satellite link and under low error conditions using forward error correction (FEC)
techniques. The conclusions of this study are that Cubic performs better than Hybla. In fact, the aggressive cwnd
policy adopted by Hybla results in an overall degraded performance in low PER conditions. The authors also
explain that the oscillatory behaviour of the cwnd with TCP Hybla would make the performances less predictable,
and hence unacceptable for many applications.
Even with the results of those studies, we can observe that satellite link characteristics still impact TCP
performances with end-to-end transport protocol. That is why PEP solutions have been and are still proposed and
5
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investigated.
3.2 Some Details on PEPs
It exists several types of PEPs. As satellite links represent the most challenging environment, they are the main
target of PEPs but it is not the only one. Wireless networks more generally may improve their end-to-end
performances by implementing PEPs. PEPs may be defined as network agents designed to improve the
end-to-end performance. They operate by splitting the end-to-end connection into several successive connections
and generally using different protocols for a same layer to transfer data across the different segments. Doing so
allows a customization of the protocols without modifying the end systems. A typical implementation uses
transport layer PEPs to improve TCP performance over a satellite link. The end systems use standard TCP
without even being informed of the existence of the PEP along the link. The PEP is implemented on a router
along the TCP connection, when a packet arrives at the router, it is forwarded and the PEP transmits the
corresponding ACK to the source host in behalf of the destination host. It also stores a copy of the packet in case
retransmission of the packet is required. TCP PEPs are generally placed on each end of a satellite link and are
able to send acknowledgements back to the host which has sent segments before the destination host has
received them.
Border et al. (2001) propose a survey of Performance Enhancing Proxies (PEPs) often employed to improve
degraded TCP performance caused by characteristics of specific link environments, for example, in satellite,
wireless WAN, and wireless LAN environments.
Bisio et al. (2009) gives an overview of PEP mechanisms. As explained, one or more of these mechanisms may
be present in a PEP implementation. Considering our objectives, in the case of splitting the end-to-end path in
presence of a satellite link in order to implement an alternative adequate transport protocol, we may put the
emphasis on three of these mechanisms:
• TCP Ack Handling: TCP PEP implementations are generally based on TCP ACK manipulation. For
instance, this mechanism allows the PEP to act as a virtual end system hiding from the real end systems that
the connection is split. In this case, data segments received by the PEP are locally acknowledged by the
PEP.
• TCP ACK Spacing: because of the different capacity on the successive links between end to end systems,
burst behaviour may occur on the satellite link. TCP Ack spacing helps with smoothing the flow of Acks
and hence of segments.
• Local TCP Retransmissions: As a PEP acts as an end system, it may also locally retransmit data segments
lost. Hence, it allows for faster recovery from lost data.
It has to be noted that other important functionalities, such as compression or tunnelling, may play important role
in the PEP action.
An important characteristic of PEP concerns its distribution. A PEP implementation can be integrated or
distributed. In the first case PEP software is installed on a single point and generally dedicated to satellite
Internet access for a single user. In the second case a PEP installation is required on both side of the satellite link
in order to share the satellite Internet access between several LAN nodes.
Some examples of PEP solutions are given in (ETSI, 2009). HPEP, which is mostly an HTTP PEP developed by
Hughes, uses a distributed asymmetric architecture with a PEP client and a PEP server. HPEP can be considered
as an HTTP Proxy. HTTP requests generated by the web client are sent to the Downstream Proxy Server which
sends the requests to the Upstream Proxy Server across a single, persistent TCP connection. Doing so, the
number of TCP acknowledgements is reduced, thereby reducing the overall traffic over the satellite link and
avoiding a waste of resources. Therefore, faster and more efficient Web browsing is expected. But as HTTP is
the only protocol supported, other traffics, such as FTP, bypass the proxy and do not get any benefit from HPEP.
I-PEP (Interoperable-Performance Enhancing Proxy) is a splitting architecture proposed by ESA Satlabs. It
defines a protocol stack for both side of a satellite link making use of DVB-RCS as access architecture. It aims at
improving TCP based applications using SCPS-TP (Space Communications Protocols Standards-Transport
Protocol) in order to provide a reliable connection to upper layers on the satellite link. Nevertheless, Roseti et al.
(2010) explains that considering the Demand Assignment Multiple Access (DAMA) schemes used to share radio
resources in the return channel when DVB-RCS is implemented, protocols at the upper layers may experience an
overall delay well above the propagation delay due to an important jitter. Applications based on Transmission
Control Protocol (TCP) are particularly affected in such a situation, especially when transferring short objects or
files as in the case of Web browsing. In order to avoid this latency and therefore improve performances, a new
6
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burst-based TCP protocool for I-PEP naamed TCP Nooordwijk (TCPN
N) is introduceed and assessedd.

Figure 3. Satellite access with PEPsal pprotocol architeecture
Caini et all. (2006) propooses a Perform
mance Enhanciing Proxy soluution called PE
EPSal which iss certainly the most
investigateed and implem
mented PEP solution. PEP
PSal is an opeen source TC
CP solution foor the GNU/L
Linux
operating systems (Souurceforge.net, 22012). It runss only on a siingle box, andd hence can bbe classified as
a an
integrated PEP. PEPSall splits the end to end TCP
P connection aand makes use of TCP Hyybla as a dedic
cated
transport pprotocol on thhe satellite linkk. It has to be noted that sinnce modificatiions are not reequired in both
h the
connectionn endpoints, PE
EPSal is transpparent for the eend hosts.
PEPsal is now adopted by
b several sateellite Internet provider and hhas even beenn recently recom
mmended by ETSI
E
as the PE
EP solution in the context oof Broadband Satellite Mulltimedia (BSM
M) based on tthe last versio
on of
DVB-RCS
S2 (ETSI, 20111b; ETSI, 20111c; ETSI, 20111a).
Figure 3 sshows the typiical protocol sstack architectture of distribbuted PEP based satellite Innternet access for a
distant useer. As explained before, the uuse of PEP alloows to choose an alternative TCP on the saatellite link.
3.3 Expectted Advantagess and Limits off PEPs
Several stuudies or projeccts and articles have underliined the advanntages of PEP solutions. Gennerally conclusions
shows thee benefit of spplitting and thee effective gaain offered by PEP relativelly to standard TCP. This ga
ain is
mainly possible becausee of the use off a dedicated TCP version oon the satellitee link which aallows to avoid the
capacity unnder-utilization generally obbserved with thhe end-to-end aapproach.
Results prresented in (Caaini et al., 20006) indicate thhat the PEPsall architecture is able to avooid the penalization
encountereed by satellite connections iin heterogeneoous environmeents. As previoously explaineed, PEPsal is based
b
on the usee of a specific and dedicatedd TCP versionn to satellite linnk known as T
TCP Hybla. T
TCP Hybla hass first
been preseented in (Cainii & Firrincieli,, 2004) as a prromising soluttion to the probblem of perforrmance dispariity in
heterogeneeous networkss due to differeent RTTs. Unliike in classicall TCP versions, in TCP Hybbla the speed of
o the
increase of the congestioon window is not based on tthe RTT. Conssequently, TCP
P Hybla is nott expected to suffer
s
from the iimportant RTT
T induced by satellite links.. Such results are confirmed in (Caini ett al., 2007), an
nd in
particular, the goodput observed
o
on a satellite link ffor different R
RTTs is given cconsidering diffferent approaches.
PEPsaI performance is compared
c
withh end-to-end N
NewReno, SAC
CK, and Hyblaa. For instance,, in case of ran
ndom
loss on thee satellite link and considerinng a typical RT
TT for a geostaationary satelliite, the PEPSA
AL solution sho
ows a
goodput abbout 7 times grreater than endd-to-end NewR
Reno.
Kapoor et al. (2005) shoown the benefi
fits of the new transport prottocol named X
XCP (eXplicit C
Congestion co
ontrol
Protocol) and uses it as the alternatiive transport pprotocol on a PEP satellitee link. In the studied case XCP
provides aaccess to full liink capacity foor a single sourrce, which reprresents more tthan 70 time thhe bandwidth usage
u
of a sourcee using only Reno
R
TCP.
More receently, Cruicksshank et al. ((2008) presennts the ETSI broadband saatellite multim
media (BSM) PEP
architecturre which incluudes the satellitte terminal prootocol stack, PEP usage scennarios and secuurity configura
ations
for successsful PEP impplementations. Here again thhe factors andd reasons which encourage PEP solutions are
7
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explained. Then an overview of ETSI BSM is given and different PEP scenarios are described. The conclusions
explain that PEPs have the potential to improve TCP and web performances over BSM network.
Again in the context of ETSI BSM reference model, the aim of Giambene and Hadzic (2008) is to consider the
problems of TCP performance in broadband GEO satellite networks and to propose a cross-layer approach for a
transport layer PEP that makes spoofing actions on acknowledgements to modify them in case of satellite
network congestion. The proposed cross-layer signalling allows information exchanges between DAMA
(Demand Assigned Multiple Access) implemented in the link layer and TCP in transport layer. Thus this PEP can
prevent congestion in the satellite network. This PEP proposal is innovative in the sense that it is non-transparent
and requires the application of new cross-layer signalling at both the satellite terminal (ST) and the PEP/gateway.
Nevertheless further investigations are needed to fully define the arguments for or against this particular
approach.
As described in Caini et al. (2008) an alternative approach arises from the DTN (Delay/Disruption Tolerant
Networking) architecture. This architecture is based on the introduction of the new bundle layer in the protocol
stack which is inserted between the application and the transport layer. In this new architecture, end-to-end
transport protocol features are confined to homogeneous network segments, while real end-to-end data reliability
across a heterogeneous network is provided by the bundle layer. The aim of the paper is to discuss the
advantages and disadvantages of this approach compared to more conventional solutions. DTN performance is
compared with end-to-end NewReno, Hybla and PEPsal. The performances are evaluated by using a testbed. The
results show that DTN coupled with TCP Hybla as transport protocol on the satellite segment outperforms TCP
NewReno and shows performances close to that achieved by both end-to-end Hybla and PEPsal solutions.
Furthermore, by introducing a sliding window, DTN performance is boosted and eventually the best. The DTN
solution have been more recently discussed in Caini et al. (2011) which confirms previously observed trends.
Furthermore this paper studies DTN security. The advantages over satellite architecture are examined with the
threats faced in satellite scenarios, and the open issues. Also, the relation between DTN and quality of service
(QoS) is investigated.
Finally, a lot of studies explaining the benefits of PEP solution in satellite context have been proposed. But, as
underlined in the introduction and detailed in this section, most of these studies compare PEP solutions with
end-to-end ones based on old standard TCP (e.g. NewReno, Vegas). Furthermore, a lot of the PEP studies
compare performances of split and end-to-end TCP in a single user topology and even in presence of a single
TCP connection. In the same time new TCP flavours, like TCP Cubic, have been proposed and widely deployed
in order to match with new links properties, in particular with long high speed links.
We have also to keep in mind that since splitting TCP connection violate end-to-end semantics of TCP, it may
present some limits and even drawbacks. For instance, IPSEC which is getting widespread in IP networks in
order to provide VPN (Virtual Private Networks) functionality for instance, implies the encryption of TCP
headers which is incompatible with PEP deployment since PEP has to access to TCP header without being the
authenticated receiver. It has often been concluded, like in Chitre et al. (2004), that the solution to handle TCP
protocol inefficiencies over high speed satellite links using the PEP is not applicable in the IPSEC environment.
This problem has been investigated, and (ETSI, 2009) already explained that at least through the use of security
policies, an end user can select the use of IPsec for some traffic and not for other traffic. In this case, PEP
processing can be applied to the traffic sent without IPsec. Another alternative is to implement IPsec over the
satellite link between the two satellite gateways where PEPs have been deployed. Even if an end-to-end use of
IPsec is not implemented, the traffic between the two PEPs will be protected. Note that in both cases, we do not
have a real TCP connection based on end-to-end IPsec encryption and PEPs.
4. Methodology and Tools
The study presented in this paper is mainly based on the use of a satellite link emulation platform developed at
ENAC. This platform allows the emulation of the link capacity, the propagation delay and the packet error rate
associated with a satellite link, as well as the jitter induced by access links. In this section, we present the
architecture of the emulation platform, as well as the software tools used in our experiments.
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4.1 Platforrm Presentatioon
4.1.1 Harddware Architeccture
In its first configuration, our emulatioon platform connsists in three linux servers and two 10000 Base TX Ethernet
switches. O
One linux com
mputer hosts thhe emulation appplication, thee other two runnning the nativve applicationss. For
the experim
ments presenteed in this papeer, though, we added anotheer linux compuuter as an end host (see Figu
ure 4)
and used oone of the preevious host as a router, withh PEPSal softw
ware installedd. This platform
m is IPv6 cap
pable,
though in tthe scope of thhis study, only IPv4 has beenn used as PEPS
Sal technologyy is not availabble with IPv6.

Figure 44. Satellite Inteernet access vs testbed topoloogy
In all our eexperiments, we
w used a satelllite link with 10Mbits/s linkk capacity, the link between the PEP router and
the Satellitte link emulatoor has hence be configured aat this speed soo as to better fiit with the real topology.
4.1.2 Softw
ware Architectture
The philossophy of the software
s
concception has beeen to give priiority to the uuser experience and to make the
emulator uusable for an average
a
user, uunaware of thee subtleties of tthe Linux kernnel parameterss for traffic con
ntrol.
In consequuence, the GU
UI (see Figure 55) of the softw
ware allows thee user to speciify networks feeatures and to keep
ignoring thhe internal Linnux machinery..
Three paraameters can bee specified in thhe emulation cconfiguration G
GUI:
• Thee propagation delay in millissecond. It has associated jittter and probabbility law, as w
well as a correlation
perceentage.
• Thee loss percentage and correlaation percentagge between losses.
• Thee link capacity in bits per seccond.
To emulatee a new link, thhe user has to associate two sets of parameeters to two off the available nnetwork interffaces,
one for eaach traffic flow
w direction. Thhe parameters can be differennt for each sellected interfacce which allow
ws the
user to em
mulate asymmeetric networks (for example one which usses a satellite llink on one w
way and a terrestrial
one on thee other). Once selected, an em
mulated link caan be launchedd, stopped, resttarted and deleeted.
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Figure 5. Linnk emulator sooftware GUI
o the
In order too gain indepenndence from anny external toool, we chose nnot to build thee network emuulator on top of
command line tool tc whhich is the stanndard tool for Linux traffic ccontrol (Huberrt et al., 2003)). We chose instead
to directlyy address kerneel modules viaa the C open source library llibnl. Besides libnl, the various componen
nts of
the softwaare were writtten in JAVA aand interfaced with the C component by using the Javva Native Interface
frameworkk. The graphiccal user interfface is based on the SWT/JJFACE librariies, chosen for performance
e and
aesthetic rreasons. Attenttion has been ppaid to make a clean separattion between tthe various com
mponents such
h that
it should bbe possible to substitute
s
anothher implementtation to one oof them withouut changing thee others.
We used ttwo modules in kernel spaace, netem andd tbf. Each em
mulates somee parameters oof the link, Netem
N
(Hemmingger, 2005) is ussed to emulatee delays and loosses, whereas tbf (Hubert ett al., 2003) is uused to emulatte the
delay of thhe link. The Token
T
Bucket F
Filter (TBF) iss in charge of slowing downn packets so thhey respect a given
g
maximum rate. In the terrminology intrroduced in (Blaake et al., 19988), TBF is a traaffic shaper.
4.2 Softwaare Tools
In order to measure TCP
T
performaance, we deccided to use two approachhes, fine graiin TCP behav
viour
measurem
ment and Application level gooodput measuurements. Thosse measures w
were made bothh in the single user
case with oone TCP flow and in the mullti-user case w
with several conncurrent flowss.
To this ennd, we used booth COTS tools, namely TC
CPDump, tcptrrace, wget andd wput, and onne homemade tool,
TCPMeterr. Those tools are
a described iin the followinng sections.
4.2.1 COT
TS Tools
(a) TCP beehaviour measuurement
In order too assess what TCP
T parameterrs were limitinng its performaance, we used TCPDump (N
Note 1) and tcptrace
(Note 2). TCPDump is a well knownn and widely used packet analyser, and tcptrace is a tool that ana
alyses
TCPDumpp capture files to extract speccific TCP connnection details..
TCPDumpp was configurred to capture packets on thee sender side aand to dump itts output in a ccapture file in pcap
format. Thhis file was theen processed tthrough tcptracce to extract a number of graphs and meassures for each TCP
connectionn.
The main ggraph we extraacted shows thhe number of uunacknowledgeed TCP segmeents on the sennder side along with
the adverrtised receiverr window (called Outstannding data grraph in tcptrrace manual).. The numbe
er of
unacknow
wledged outstannding TCP seggments is a meeasure of TCP
P’s flight size aas long as the TCP sender queue
q
contains ddata (i.e. as lonng as TCP as ddata to send it will send up too its allowed fflight size). Thhis graph thus show
s
10
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clearly which of the TCP windows, rwnd or cwnd, limits its throughput.
(b) TCP traffic generation
To generate TCP traffic, both with HTTP and FTP style flows, we first used two programs named wget (Note 3)
and wput (Note 4).
Wget is a tools for retrieving files from HTTP, HTTPS or FTP servers. We chose this tool because it is easy to
integrate in shell scripts and thus allows for an easy automation of tests.
Wput is a tool similar to wget but allows for sending to FTP servers and thus was easier to use along with
TCPDump on the sender side.
Those tools proved useful, but when we increased the number of TCP connections, we noticed that they reached
a maximum throughput that was not limited by TCP performance (this occurred with at about 7 connections in
parallel on our testbed). This comes from the fact that both tools use disk access to send and receive data and
thus are not only limited by general network performance, but also by other system performances. This lead us to
develop a new tool we called TCPMeter for multi-flow TCP traffic generation.
(c) TCPMeter
In order to free ourselves from the possible disk speed limitations, we wrote a small tool that generates several
concurrent TCP flows without using data from the disk. This tool uses boost C++ threads (Note 5), each thread
managing a TCP connection. A main thread monitors the sending and receiving threads and collect statistics on
each connection once they terminate. The collection of statistics is done on the receiving side and is then
transmitted to the sender side for easier collection of tests results (remember the TCPDump capture are done on
the sender side).
TCPMeter allows the user to specify the number of bytes to send on each connection and the number of
connection to launch in parallel. The first parameters allows for varying length tests, and the second allows for
testing TCP with multiple flow that compete for network resources.
TCPMeter outputs its results in an easy to read text file containing one line for each connection with its id, the
port numbers used, the number of bytes sent, the times at which the connection started and finished and the
measured average goodput at the Application level.
Here is an example command line used to create three TCP connections sending 100000 bytes on
each connection to a host called orval:
TCPMeter_V1.0 -n 3 -b 100000 -v -s orval
On orval the only command necessary is:
TCPMeter_V1.0 -r -v
The -v option is used to generate detailed debug information on TCPMeter behaviour.
5. TCP Performances Assessment over Geostationary Satellite Link
5.1 Considered TCP Flow Types and Performances Parameters
We considered in our study two kinds of flow types. First, in order to validate known results and expected
advantages of PEPs, we considered basic flows obtained during the reception of a simple webpage. We then
investigated the TCP behaviour and performances considering a single file transfer. Hence we make several
measurement campaigns using our testbed and each time we observe the results and performances considering at
least three different scenarios concerning TCP solutions:
• end to end TCP NewReno connection (e2e_Nreno),
• end to end TCP Cubic connection (e2e_Cubic),
• split TCP connection using PEPsal with TCP Hybla on the satellite linka nd TCP Cubic on the end systems
(Cubic & PEPSal).
Doing so, our objective is to consider e2e_NReno as the reference case for our measurements, the second as the
typical case considering current TCP Cubic deployment, and finally the third one as an improved approach in
satellite link case.
Furthermore, we extend our study considering two conditions: the case in which a single user uses exclusively its
satellite Internet access for web browsing or file transfer and the case in which he shares this access with others
TCP connections.
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A main metric in our study is the time needed to transfer an amount of data, such as a set of contents from a web
page or a single file. Generally, the transfer speed is described as the throughput which includes the original data,
the protocol overheads (i.e. such as packet headers and signalisation) and packets that are retransmitted. Unlike
throughtput t, goodput g only measures the transfer speed of the original data. Goodput can be calculated by
dividing the size of a transmitted file by the time it takes to transfer it. It has to be noted that goodput can be
considered as the application level throughput or the throughput as seen by the end user. Because our study aims
at comparing performances offered to the end user by different TCP solutions, the other main metric considered
as a result is the goodput in KBytes.
As our contribution not only focusses on the single user case, we also took into account other metrics. In this
case of multiple TCP connection sharing a single satellite link we used the sum of the N different individual
goodputs. This metric is named aggregate goodput and the TMRG (Transport Modeling Research Group) at
IETF proposed in (IRTF, 2011) a formula for this metric:
N

G (t)= ∑ g i (t)
i= 1

(1)

It must also be underlined that because packet losses are randomized and because a single experiment of a case
may generate a particular set of conditions, it is necessary to play each case several time in order to ensure an
accurate assessment. So, each experiment corresponding to a single scenario, for instance e2e NReno, has been
played twenty times. Hence, we used those others metrics:
• mean aggregate goodput, considering the set of results obtained after several experiments on one scenario, this
metric represents the mean of the aggregate goodput on each experiment.
• max aggregate goodput, considering the set of results obtained after of several experiments of one scenario,
this metric represents the maximum aggregate goodput that have been observed.
• mean total aggregate goodput gain (vs e2e_NReno), because e2e_Cubic and Cubic & PEPSal are expected to
improve performances relatively to e2e_NReno, we measured the gain offered by each of them. Once again,
considering the set of results obtained after a number experiments on one scenario, this metric represents the
mean observed gain.
• mean fairness, fairness is a very important feature for any TCP variant. It refers to the capacity of a specific
TCP version to ensure a fair band subdivision among competing connections that use the same version of the
protocol. Jain et al. (1984) proposed a formula for this metric sometimes called the Jain’s index J, that have been
often used in TCP fairness assessments:
N

N

2

G (t)= ( ∑ ḡ i ) / N (∑ ( ḡ i )2 )
i= 1

i= 1

(2)

Once again, considering the set of results obtained after several experiments on one scenario, this metric
represents the mean fairness. It has to be underlined that in order to indicate the reliability of this result, we also
give the 98% confidence interval.
5.1 Single User Topology
5.1.1 Single User Web Browsing
In order to have a first feeling and to check if we observed the expected advantages of PEP, we have done a
trivial measurement campaign on our testbed. This first step allows us to measure for web page load, the
throughput and the total time elapsed to receive the considered webpage. The chosen webpage is quite simple
with 7 objects: a main html document and six jpeg pictures (with an average picture size of 847 Kbytes). Finally,
the overall webpage content shows a size of 4955 Kbytes. Using the linux wget command with adequate options
in order to avoid the use of local proxy and to force the load of all files, we observe the time the web page takes
to load and we deduce the obtained goodput. The linkemulator is configured in order to emulate an errored
satellite link inducing a packet error rate (PER) of 1% and the typical propagation delay of 125 ms.
Of course, this experience is not strictly equivalent with the results that could be obtained using a web browser,
mainly because doing so we serialize the transfer of each objects contained in the considered web page.
Nevertheless, this approach has the interest to ensure that no hidden parameters or functionalities will induce on
the results. And, of course, as we use the same method for each tested TCP solutions the results can be directly
compared. The results are presented in Table 1.
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Table 1. Web page load with different testbed configuration
Testbed Configuration

Web Page Load Time (s)

Goodput (KBytes/s)

e2e_NewReno

158

31.4

e2e_Cubic

72

68.8

Cubic & PEPsal

37

133.9

As expected, we observe that the use of PEP improves TCP performances observed at the end point with an
offered goodput about four times greater than the configuration based on end to end TCP NewReno.
Nevertheless, it has also to be underlined that end to end TCP Cubic solution already allows to double the
goodput comparatively to end to end TCP NewReno. As TCP Cubic is with CTCP currently widely deployed, it
has from now on to be considered as a reference point to assess the gain offered by PEP approaches. Furthermore,
we have to keep in mind that the entire offered capacity is in this studied case dedicated to the considered TCP
connection, e.g. no exogenous TCP traffic.
5.1.2 Single File Transfer
As first experiment of this new part dedicated to file transfer and once again in order to verify if we obtain the
expected trends, we assess end user performances obtained in case of file transfer in our main scenarios. And yet
here, the linkemulator is configured on our testbed in order to emulate an errored satellite link (PER of 1%) and a
propagation delay of 125ms observed in case of geostationary satellite link. The considered file have a size of 5
MBytes and its download is emulated using our home made tool TCPMeter presented in 4.2. The results are
shown in Table 2.
Table 2. Single file transfer with different testbed configuration
Testbed Configuration

File transfer
Time (s)

Goodput
(KBytes/s)

Avg/Max owin
(KBytes)

e2e_NewReno

77.5

26.9

17.3/56.5

e2e_Cubic

34.8

61.9

34.6/97.1

Cubic & PEPsal

18.8

121.3

9.5/23.2

In the present experiment, the entire offered capacity is dedicated to a single TCP connection, e.g. no exogenous
TCP traffic. Like in the previous section, we observe the expected trend: e2e_Cubic case improve greatly
performances comparatively with e2e_NReno but the best performances are provided by the third solution which
is based on PEPSal. It is important to understand that such results are due to the relative aggressiveness of the
new TCP variants, particularly TCP Hybla which is used by PEPSal on the satellite hop. On a packet loss event
this allows to retrieve more quickly the congestion window size reached before the loss and hence to better fill
the offered capacity on the link. As we have here a single TCP connection in each experiment, the aggressiveness
of the best solutions does not present drawbacks. Thanks to tcptrace, the third column of Table 2 shows the
average and maximum amount of outstanding data. In our cases, e.g. in presence of high packet loss, the amount
of unacknowledged outstanding data, or in flight data, is bounded by cwnd. The values obtained in e2e_Cubic
case explain finally the gain observed on the goodput and file transfer time. But when PEPSal is used in order to
split the end to end TCP connection, we observed nevertheless smaller values for the goodput. This is coherent
with the fact that the TCP connection has been split and tcpdump command is used at the end point. We observe
there the average and maximum amount of outstanding data concerning the TCP connection between the host
server and the first ground station.
The question we address in the next section is, what is the expected gain if the satellite link is shared by several
TCP connections based on the same approach?
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5.2 Multipple Simultaneouus File Transfe
fers
This last ppart is dedicated to the study of TCP perforrmances with m
multiple simulttaneous TCP cconnections sharing
a single saatellite link. Thhe number of ssimultaneous T
TCP connectioons is taken froom 1 to 20. Ass we generate these
several TC
CP flows of daata from a singgle client node to a single serrver node, we have first veriified on our tesstbed
that such a configuratioon does not im
mply limits innduced by thee end points. To do so we have done a first
measurem
ment campaign without any liink emulation,, e.g. based onn the real testbed properties aand characteristics.
We have verified that even with 20 simultaneouss TCP connecctions the amoount of transfferred data is only
bounded bby the link caapacity betweeen the two nnodes which w
will emulate tthe ground sttations. Hence
e, the
following experiments may
m be consideered equivalennt to the case of several TCP connections frrom different client
c
nodes to ddifferent serverr nodes, whichh is equivalentt to a LAN froom which seveeral TCP connnections are op
pened
with severral servers all sharing a geosstationary satellite link. We consider our tthree configuraations: e2e_NR
Reno,
e2e_Cubicc, and Cubic & PEPSal. Yeet again our ttestbed is conffigured in ordder to behave as a geostatio
onary
satellite linnk offering Intternet access. A
As explained in subsection 55.1, each experriment correspponding to a tesstbed
configurattion, for instannce e2e_NRenoo, have been pplayed twenty times and resuults averaged in order to pro
ovide
reliable ressults.
The Figuree 6 presents thhe obtained reesults in term oof mean total aggregate gooodput. As prevviously underllined,
with a singgle TCP conneection, the usee of PEPSal allows to improove greatly thee performance comparatively
y to a
solution baased on e2e_N
NReno. Neverttheless, the usee of e2e_Cubiic already offeers a gain of 1000%. But the main
interest off these figure is to reveal thhat the greaterr the number of simultaneoous TCP conneections sharing
g the
satellite linnk, the fewer the gain offerred by PEPSal. Indeed, starrting at 3 or 4 simultaneouss TCP connecttions,
PEPSal appproach does not
n offer any ggain comparativvely to end-to-end TCP Cubbic configuration which allow
ws to
ensure a gaain even for 200 simultaneouss connections.

Figure 6. Mean total aggregatte goodput
The Figurre 7 presentss the maximuum total aggrregate goodpuut versus the number of simultaneous TCP
connectionns sharing thee satellite link.. This new result allows to confirm the ttrends of Figuure 6. In this case,
PEPSal soolution shows the
t best gain uup to 10 conneections where it becomes allmost equivaleent to e2e_Cub
bic in
term of offfered perform
mances. This m
may be interppreted as a first indication oof the unfairnness of TCP Hybla
H
proposed w
with PEPSal. Actually,
A
Figurre 6 shows thaat e2e_Cubic reesults are equivvalent or betteer than PEPSal’s for
4 or moree connections, instead of 100 in Figure 7. This indicatees that the ressults obtained during the tw
wenty
experimennts with PEPSaal approach aree more scattereed around the m
mean value.
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Figuure 7. Maximuum total aggreggate goodput
mean total agggregate gooddput by e2e_C
Cubic and PE
EPSal
The Figurre 8 shows thhe gain obserrved on the m
approaches comparativeely to e2e_NReeno versus thee number of siimultaneous T
TCP connectionns. The aim off this
metric is hhere to confirm
m the previous results. It undderlines that evven if the gain provided by P
PEPSal is impo
ortant
when the nnumber of sim
multaneous TCP
P connections is quite low, thhis gain decreaases drasticallyy as the connection
CP Cubic appproach, the gaiin seems moree stable, and cconsidering PE
number inncreases. With end-to-end TC
EPSal
cost and llimits exposedd in 3.3, for innstance its com
mplexity or uunsuitability w
with IPSec, e2ee_Cubic shoulld be
preferred aas soon as the number
n
of sim
multaneous TCP
P connection iis greater than three.

Figuure 8. Mean tootal aggregate ggoodput gain
Finally, the Figure 9 preesents a compaarison of each 3 main scenarrios in term off the fairness index as introd
duced
in (Jain ett al., 1984). Thhis index alwaays lies betweeen 0 and 1. A fairness indeex of 1 indicattes a complete
e fair
behaviour of the consideered TCP versiion. In order too provide reliaable results, wee enhance this metric with a 98%
confidencee interval. Likke end-to-end T
TCP NewRenoo approach, ennd-to-end TCP
P Cubic showss very good results,
at least 0.997 with quite small confideence interval aand whatever tthe number off simultaneouss TCP connecttions.
And the reesults obtainedd with split TC
CP approach im
mplemented w
with PEPSal revveal a less fairr behaviour, always
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under 0.944 as soon as there is moree than a singgle TCP conneection. Furtheermore, the coonfidence inte
ervals
measured are greater, about
a
four tim
mes those obtaained with TC
CP Cubic. Thiss is symptomaatic of the rellative
unpredictaability of TCP Hybla. Moreoover, TCP Hybbla aggressivenness allows to recover rapiddly the window
w size
reached prrior to a loss buut it also tendss to favour som
me TCP connecctions at the exxpense of the oothers.

Figure 99. Mean fairneess
ns
6. Conclussions and Reccommendation
The preseent paper has been motivaated by two m
main goals: pproviding a nnew survey oon improving TCP
performannces over geosttationary satelllite link takingg into account rrecent high speeed TCP variaants, and comparing
the perform
mances providded by three appproaches (nam
mely end-to-ennd TCP NewR
Reno, end-to-eend TCP Cubic
c and
split TCP connection ussing PEPSal) according to a set of metrics. The study is based on a configurable
e link
emulator implemented on a testbedd and a set oof COTS andd homemade tools involved in the diffferent
experimenntal steps. In thhe light of thiss study we recoommend to lim
mit the use of P
PEPSal for situuations where very
few TCP fflows will be compete
c
for thhe resources onn the satellite llink. Actually, we show thatt as soon as several
TCP conneections share the
t satellite linnk, a solution bbased on end-tto-end TCP Cuubic (currentlyy deployed on linux
boxes) shoould be preferrred. This latterr, contrary to thhe considered PEP approachh, does not opeerate in violatio
on of
the TCP eend-to-end parradigm and hennce does not iintroduce vulnnerability. Thee end-to-end T
TCP Cubic solution
ensures a rreal end-to-endd reliability, annd gives betterr results in term
m of goodput aand fairness.
Nevertheleess the gain in
i term of obbserved end uuser performannces stay reallly interestingg with the PE
EPSal
approach pparticularly inn the case of a single TCP
P connection oon the satellitee link. So it w
would certainlly be
interestingg to investigatee the feasibilitty of an adaptiive solution. T
This solution ccould be basedd on an active TCP
connectionns counter whiich would alloow to activate PEP solution at the ground station only w
when a thresho
old is
reached.
further work would
w
consist in studying thhe TCP frienddliness of eachh solution thatt have so far been
Another fu
consideredd independentlly in each expeeriment of the present paperr. Friendliness refers to the ccapacity to ensure a
fair link caapacity subdivvision among ccompeting connnections that uuse different vversions of the protocol. Actu
ually,
ETSI recommendations plan that eachh TCP connectiion via the satellite link will be able to opeerate in accord
dance
with its ow
wn intrinsic neeeds. This means that at thee same time seeveral TCP coonnections migght be present on a
link with some based on
o PEPSal andd others basedd on differentt end-to-end T
TCPs. As frienndliness is alsso an
important feature for anyy version of TC
CP protocol, thhis certainly m
motivates a new
w study which should address this
point.
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