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ABSTRACT

The TRANSAT [1] satellite architecture is intended to provide
efficient Internet access services over DVB-RCS satellite links.
One of the key features in the TRANSAT architecture is the
Satellite-Link Aware Communication Protocol (S.LACP), which
operates at the link layer, and is employed over a satellite
segment to decrease the residua packet error rate down to an
acceptable level. In this smulation study, we measure the TCP
performance over satellite links, including the effect of various
TCP enhancements and the S-LACP protocol. We show that
when SLACP is used to reduce the residual packet rate as seen
by the TCP layer, performance improves. Without S.LACP the
modeled packet error rate tends to be rather high not alowing a
TCP sender to open the congestion window large enough or later
on to retain the congestion window fully open.

General Terms
Measurement, Performance, Design, Experimentation.

Keywords
TCP, satellite, performance.

1. INTRODUCTION

In recent years, the rapid global expansion of the Internet and the
massive growth of wireless communication systems is leading
towards a market where wireless data network and services
would be predominant. Satellite systems are candidates to
integrate the wireless data networks due to their wide coverage
and broadcast abilities. However, the typical satellite links
characteristics, such as high latency and high Bit Error Rate,
affect the performance of the Internet transport protocols [2,3].

In this study, we measure the performance of several TCP
enhancements selected for use with DVB-RCS (Digital Video
Broadcasting-Return Channel System) satellite links in the
TRANSAT [1] architecture, whose major goa is to provide
efficient Internet access services over satellite links. DVB-RCS
standard is an access technology, which alows Broadband access
to the Internet and to value-added services via satellite. The
leading guideline in the TRANSAT architecture is to follow the
end-to-end design principle of the Internet architecture. A
specific link-layer protocol, Satellite-Link Aware Communication
Protocol (SLACP), is employed over a satellite segment to
decrease the residua packet error rate down to an acceptable
level without significantly increasing the link delay, as seen by
the higher layers. This would alow employing TCP, which is a
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mature and widely deployed protocol and which has been
thoroughly studied and has efficient implementations in severa
platforms. Furthermore, this approach follows the end-to-end
principle in designing the Internet protocols and does not
sacrifice the end-to-end semantics, thereby avoiding al the
related negative implications on security, fate sharing, end-to-end
reliability [16].

In addition to the TCP enhancements, the effect of the SLACP
protocol is validated in a set of tests. This means that the focus of
the study is not in evaluating the performance of TCP over
satellite links in large but rather in validating the approach of
using SLACP and building up a better overall view of the TCP
behavior in the TRANSAT target environment. No SLACP
implementation is in use in tests, but the effect of S-LACP is
approximately modeled with tests having lower packet error rate
combined with an additional delay due to link-layer
retransmissions during an error burst. We show that when S
LACP is used to reduce the residual packet rate as seen by the
TCP layer, the performance improves, thereby justifying the
approach with the additional layer 2.5 error recovery. Without S
LACP the modeled packet error rate tends to be rather high, not
allowing a TCP sender to open the congestion window large
enough or later on to retain the congestion window fully open.

We use Network Simulator [13] for modeling the environment
and studying the performance of TCP in satellite networks. NSis
an object oriented, discrete event-driven network simulator
developed at UC Berkeley written in C++ and OTcl, which is
very useful for simulating local and wide area networks. Using
NS is easy to model, andyse and compare different TCP
variations. We choose a Reference TCP implementation, with
features assumed to be common and widely deployed in the
Internet today. We aso use TCP with some improvements, which
are intended to improve the performance of TCP over network
paths including a satellite link. We call this TCP the Enhanced
TCP. The enhancements in use are enhancements described in
Standards Tracks of IETF and they are expected to be deployed
in ashort time.

We first study the behavior of TCP with one connection
transferring bulk data. We also study the TCP behavior with
several parallel connections. As an additional case, we add
competing traffic with TCP to address a more redlistic real-world
case. We apply an empirical error model to simulate GEO
satellite failures in order to cause packet errors. We evaluate and
compare the effects of various TCP improvements on TCP
behavior under the same network conditions. Finally, we present
some concluding remarks, summarizing the outcome of each test



case and illuminating the reasons behind the performance results
aswell as reasons for various kinds of TCP behavior observed.

The rest of the paper is organized as follows. Section 2 describes
the test arrangements used in the performance measurements,
illustrating the experimentation environment, network
configuration and parameters, TCP enhancements and workload
models. In Section 3 we present our experiments and
performance results. Finaly, in Section 4 we present some
concluding remarks, summarizing the outcome of each test case
and illuminating the reasons behind the performance results as
well as reasons for various kinds of TCP behavior observed.

2. TEST ARRANGEMENTS

2.1 SLACP Protocol

Satellite-Link Aware Communication Protocol (S-LACP) is
intended to be employed over a satellite link to enhance transport
performance. SLACP is a satellite-link-specific protocol that
logically operates at the link layer but aso includes various
useful features for mapping IP layer services to the underlying
satellite link service. S-LACP uses error control schemes to
reduce the packet error rates on the satellite channel. The S
LACP protocol only runs over the satellite link in the forward
and return direction. The S.LACP layer shall be considered as
layer 2.5 between IP and link layers. In order to decrease the
packet error rate (as seen by higher layers) over the satellite,
specific error recovery mechanisms are implemented, like ARQ
and FEC, for both forward and return direction as well as QoS
support mechanisms taking into account the QoS needs of the
flows. Flows asking for different QoS will be classified in
different queues and will be given different error recovery
treatment by S-LACP. ARQ and FEC are selectively applied
using severa logical S-LACP channels, so that delay sensitive
flows are directed over S-LACP channels not performing ARQ
(but possibly using FEC).

2.2 Test Environment

The test environment consists of a TCP sender that
communicates with another TCP host via a router connected to a
satellite link. The Network Simulator is used to simulate the
GEO satellite link, routers and the TCP behavior.

In this study, we first ignore the possible congestion problems of
the global Internet and focus on the behavior of the Reference
TCP and enhanced TCP on the GEO satellite link. Addressing
the full problem requires adding a tail network (the Internet), but
in the first place, we are interested in the effect of packet losses
(over satellite) with different TCP variations. To achieve this we
first model a well behaving Internet. Even in this case it is
expected that congestion will affect the TCP behavior in some
scenarios, as the satellite link is the bottleneck link of the test
environment. In order to model the Internet one should run avery
large set of tests, as atypical Internet path does not exist (that is
why simulating the Internet is very hard). Thisis left for further
study and will be addressed in the performance study of the
TRANSAT Phase 2.

We use the network topology showed in Figure 1. The two hosts
are connected to two routers, which communicate via a GEO
satellite link. The GEO satellite has a bandwidth of 2 Mbits/s
and one-way propagation delay of 255 ms. The hosts H1 and H2

are connected to a network of bandwidth 10 Mbits/s. We
consider a unidirectional flow of data from host H1 to host H2.
Therefore, the workload models we have selected are realized on
host H1. The MTU size is taken to be 1000 bytes over each link.
The buffer size (the IP router queue) at the Satellite Node 1 is 50
packets. The buffer size at the other nodes is selected large
enough to prevent congestion from occurring elsewhere on the
end-to-end path.
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Figure 1. Network Topology smulated to study the effects of
the satellitelink on TCP

We run tests with different kinds of satellite nodes; satellite
nodes without S-LACP and satellite nodes with S-LACP enabled.

In addition to an optimal satellite link with no packet losses as
the baseline, we apply an empirical burst error distribution based
on actual test data taken from the DSN (Deep Space Network
[12]) to cause packet errors. In this model, bursts duration is
from 100ms to 500ms with an exponentia distribution and the
inter-arrival time between two consecutive bursts is from 1 to 30
seconds. The packet error rate (PER) during a burst is 100%. In
our test cases, the inter-arrival timeisfrom 1 to 10 seconds. This
is because otherwise many shorter test runs may experience no
error burst at all whereas our interest is in studying the behavior
of TCP versions experiencing at least one error burst.

In order to validate the basic ideas of the S'LACP protocol we
use a crude approximation of SLACP, instead of full
implementation of SLACP in the NS simulator. A rough model
on the impact of SLACP isimplemented by reducing the packet-
error rate during the error-burst down to 25% and 1%. In
addition, we simulate the additional delay due to the SLACP
ARQ mechanism by increasing the delay for the packets affected
by the error burst (those not finaly dropped). In the first place,
the latency of the satellite link is increased by 550ms during
bursts errors to model a delay of one additiond RTT for
retransmitted packets. Additional test cases with higher extra
delay up to six times the satellite link latency added to smulate
S-LACP retransmissions were run.

Since packets are delivered in sequence by SLACP, the packets
delayed due to S-.LACP retransmissions would cause a burst of
packets to be sent after the delay. This is a potential problem.
We intend to address this in S'LACP fina implementation in
form of packet pacing to avoid (large) bursts. The details of this
are still to be defined in the detailed design of TRANSAT Phase
2 of the project. Since such a packet-pacing function is not
available in NS, we do not intend to model the impact of S
LACP correctly by pacing this kind of burst behavior. Instead, a



burst of packets is likely to follow the modeled SLACP delay in
our simulations, possibly resulting in somewhat worse
performance in some test scenarios than what could be achieved
with SLACP pacing. The results can then be used for validating
the need for the S.LACP pacing.

2.3 TCP Variants

We selected a Reference TCP to be used as the baseline against
which the performance of the different TCP enhancements is
studied.

The Reference TCP is defined with the following features:
congestion control (Slow Start, Congestion Avoidance, Fast
Retransmit, etc.) as defined in [4], the TCP New Reno [5]
algorithm for Fast Recovery, Initial Window of 1 segment, and
Delayed ACK threshold was set to 200ms. The TCP SACK
option [6] was disabled for the Reference TCP.

The following TCP enhancements were studied:

Initial window of 4 segments [7]

SACK option [4] with Conservative SACK algorithm [8,9]
Limited Transmit [10]

DAASS - immediate acknowledgement for the first ten
segments [11]

In order to show the impact of different TCP enhancements on
TCP performance, we compare the Reference TCP to the
following TCP variants:

Reference TCP with an initial window of 4 segments (Ref,
lwin=4)

Ref. TCP with ACK-every-Segment during Slow Start
(DAASS) — immediate ack of ten first segments (Ref,
DAASS)

Ref. TCP with SACK (SACK)

Ref. TCP with SACK, Limited Transmit (SACK,
LimTran)

Enhanced TCP with all enhancements above (Enh. TCP)
Reference TCP with RED (Ref. + RED)

Enhanced TCP with RED (Enh. TCP + RED)

The TCP window-scaling option is turned on in al tests as
otherwise some TCP transfers would be receiver-window limited
due to the large bandwidth-delay product of the end-to-end path.
The SACK version used in the tests is the version available in
NS, described in [17].

2.4 Workload

We selected two workload models to be used in performance
tests: a single unidirectional bulk transfer and four parallel
unidirectional bulk transfers. Both workloads under study are
tested with and without competing traffic. In single
unidirectional bulk transfer the transfer is achieved by using a
single TCP connection. The transfer size is 1 MB. In paralléd
unidirectional bulk transfers we have four TCP connections on
the same satellite link in order to study the effect of simultaneous
TCP flows and fairness between them. The transfer size is 250

KB for each TCP flow, hence the total transfer size of 4 TCP
flows equaling IMB. We add competing traffic in order to study
the implications on the TCP behavior over a congested
bottleneck link. A Constant Bit Rate flow of 0.8 Mbit/sup to 1.7
Mbit/s forms the competing traffic.

3. SSIMULATION RESULTS
3.1 Optimal case

In this section, we present simulation results for the optimal case
in which no burst errors happen. These tests form a baseline for
TCP behavior in the target environment with no error-related
packet losses. Table 1 shows the elapsed time of one replication
for one TCP flow without and with competing traffic. Columns
indicate the buffer size (IP router queue) at the Satellite Node,
the traffic characteristics and the elapsed time to complete the
transfer for different TCP versions (Reference TCP, Reference
TCP with initial congestion window of 4 segments (Iwin=4), Ref.
TCP with DAASS, Sack TCP, Sack TCP with Limited Transmit
and Enhanced TCP).

For reference purposes, the first row of Table 1 shows the
optimum case in which the TCP flow does not experience
congestion losses. This is achieved by setting the buffer size of
Satellite Node 1 up to a very large value (200 packets). This case
yields the best possible performance with the given network
configuration because neither packet losses nor other factors
exists that would sacrifice TCP performance. The Window
Scaling option is aso turned on in this test case, alowing
unlimited utilization of the available link bandwidth.

Table 1 - Elapsed time of one replication for one TCP flow
without and with competing traffic

Elapsed Time (sec)

Buffer Traffic Ref. Ref., Ref, SACK SACK, |Enhanced
size TCP | Iwin=4 | DAASS Lim Tran| TICP
No competing traffic

Window Scaling OFF
No competing traffic
50 1 TCP flow (1MB) G051 55.89 56.47 15582 15.51 3.13
50 1 TCP flow (1MB) 1462 1293 1332 1462 1462 123
Window Scaling OFF
With competing traffic
50 1TCP flow (TME) + | B3.24 B2.4 59.23 1238 1282 10.8
CBR 0.6 Mhit
50 TTCP flow (IMB) + | 1469 1303 1367 14.63 14,63 1222
CBROG
Window Scaling OFF
a0 TTCP flow (TMB) + | 46.71 4296 43.43 2939 29.04 3506
CBR 1.7 Mhit
50 1TCP flow (TMB) + | 37.82 36.53 40.18 30.56 30.00 3463
CBR 1.7 Mhit
Window Scaling OFF

The second row shows the effect of not selecting the TCP
window-scaling option. This makes the TCP transfer receiver-
window limited and does not alow the TCP sender to fully
utilize the available bandwidth. This result was used to justify
the selection of awindow-scaling option for al TCP variants.

Congestion occurs and results in worse performance, when the
Satellite Node 1 buffer size is set down to the default value of 50
packets (row 3). This clearly indicates that the satellite link is
subject to congestion.



Row four shows the case for the TCP flow with the window
scaling option OFF and with default buffer size. Turning the
window scaling off effectively prevents the TCP flow from
overflowing the router buffer and thereby no congestion occurs.
This is because the TCP sender becomes receiver-window
limited and is no longer able to increase its congestion window to
a large enough value to cause congestion on the Satellite node 1.
We do not use this result to justify turning off the window
scaling in all tests, because limiting the receiver window in such
a simple way does not necessarily help with simultaneous TCP
flows and competing traffic where less bandwidth is available
per TCP flow and therefore congestion is likely to occur anyway.
In addition, it is well known that TCP fast recovery, either with
or without SACK, does not work well if the TCP sender is
receiver-window limited.
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Figure 2. Reference TCP (2a) and Enhanced TCP (2b), Table
1 row 3. Sequence Number and ACK trace when the slow-
start overshoot problem occurs.

The selected enhancements either improve or yield similar TCP
performance as the Reference TCP, which is an expected result.
The elapsed time for SACK TCP, SACK with Limited Transmit
and Enhanced TCP (with all the selected enhancements) is much
shorter than the elapsed time for Reference TCP in cases where
congestion-related losses occur. Reference TCP with larger
initial congestion window and Ref. TCP with DAASS vyield
somewhat better performance in all cases due to faster increase
of the congestion window during the initial slow-start phase.
When Congestion occurs (rows 3-7), neither the larger initial
window nor DAASS are able to improve the performance much,
since the slow-start overshoot problem causes a larger number of
packet drops at the end of the slow-start phase and it takes longer
to recover from such a congestion-related loss burst. In other
words, the exponentia opening of the congestion window results
in overshooting the available bandwidth and loosing multiple
segments.

Figure 2 illustrates the Slow-start overshoot problem. The
Sequence Number of sent packets and the received ACK traces
are respectively showed in red and green. Packet drops are
indicated in blue. In Figure 2a the TCP sender is in the initia
slow start phase, exponentially increasing its congestion window
each round trip time. When the router buffer is exhausted, a
large number of packets in the window is dropped. This happens
because the sender roughly doubles the sending rate each RTT.
When the buffer overflows, the congestion window size has
reached roughly twice the buffering capacity of the path,
resulting in loss of most packets in the latter half of the window.
The same phenomenon happens with SACK, but the SACK
option alows recovery from such burst loss to be much quicker
(see Figure 2b).

Table 1 shows that the Reference TCP performs better with a
higher amount of competing traffic than with a lower amount of
competing traffic; rows 5 and 7 of Table 1, TCP with a CBR flow
of 0.8 Mb/s and with a CBR flow of 1.7 Mb/s, respectively. The
reason is that with a higher amount of competing traffic, TCP
reacts earlier to congestion and the slow-start overshoot effect is
less harmful (less packet losses). Figure 3 illustrates the trace of
two such cases. With a 0.8 Mb/s CBR flow (a) new packet losses
occur after the first recovery phase (t=45s) because the sudden
high number of acknowledged packets allows the TCP sender to
transmit a burst of new packets. This could be avoided by tuning
the maximum burst of packets that can be sent in response to one
acknowledgement. With a 1.7 Mb/s CBR flow, however, this
does not happen because less packets are lost during the initial
sow start; consequently, after the recovery phase the number of
acknowledged packets is less than in the case with 0.8 Mb/s
CBR flow and a smaller burst of new packetsis sent.

Table 2 shows the elapsed times in one replication for four
parallel TCP flows without and with competing traffic. It shows
statistics for the fastest and the slowest TCP flow among the four
parallel TCP flows. There are two columns more than in Table 1:
Reference TCP and Enhanced TCP with RED. The RED Active
Queue Management was not used with asingle TCP flow case as
it was not expected to help due to reasons discussed in section
3.2.
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Figure 3. TCP behavior with different amounts of competing
traffic.

Without competing traffic, congestion occurs during the initial
slow start phase and the window scaling option OFF helps to
prevent congestion because it avoids overflowing the router
buffer. Figure 4 shows the fastest and the slowest flow (red and
green line) in the test case without competing traffic (Table 2,
row 1,3). Congestion occurs during the initial slow start case; the
Enhanced TCP recovers packet losses much quicker than
Reference TCP.

With competing traffic, TCP reacts to congestion early and the
dow-start overshoot phenomenon is avoided or the effect is less
severe as it occurs much earlier. That is why some TCP versions
perform better with competing traffic than without. Competing
traffic causes the TCP window size to be always below 64KB
because TCP reacts to congestion before reaching the 64KB
window size; therefore, the Window Scaling option has no effect
on the performance in this case (rows 5-6 and 7-8 shows the
same results). Table 2 shows that the performance for the fastest
and the slowest flow are quite different with each TCP version.
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Figure 4. Without competing traffic, congestion occurs
during theinitial slow start phase. Enhanced TCP recovers
packet losses much quicker than Reference TCP. Reference

TCP (left side) and Enhanced TCP (right side). 4 TCP flows,
FASTEST flow (red line) and SLOWEST flow (green line).

This indicates that in both cases, with and without competing
traffic, the available bandwidth is not shared fairly between the
four flows. With competing traffic, Active Queue Management is
useful in improving the fairness between the TCP flows. The last
four rows, indicating four parallel connections with competing
traffic, show that Enhanced TCP takes advantage of RED. The
fastest flow of Enhanced TCP performs approximately the same
with and without RED, but the slowest flow improves its
performance, and correspondingly the total performance of four
flows, with RED. However, without competing traffic the slow-
start overshoot problem remains the main reason for sub-optimal
performance and it can not be alleviated with use of RED,
because RED is not able to react fast enough to the exponentially
increasing queue size during the initial slow-start of the TCP
flows. A further analysis of the RED effect isin the next sections
of the document.

Table 2. Elapsed time of onereplication for four TCP flows

without and with competing traffic.

4 TCP flows (250 KB), PER=0%
Elapsed Time (sec)

SACK,

Bulfe Ref. | Ref, | Ref “K | Enhanc. [Ref.TCPIEDNTCE
¢ size Traffic TCP | Iyin=4 | DaASs | SACK ;‘r’;'r'l TCP | + RED | + RED
No competing traffic

4 TCP flows (250KB)
50 076 | 1199 12.59 863 8.63 585 077 7.11

without competing traffic and four parallel TCP flows (250 KB
for each TCP flow), with competing traffic. Table 3, 4 and 5
show statistics of 20 test replications when SLACP is not used
(hence the PER during error bursts is 100%) and when SLACP
is used. In the latter case, PER is reduced to 25% and 1% and
packets are delayed during bursts due to SLACP
retransmissions. In the case where there are four flows, statistics
of all 80 TCP connections (4 flows each replication x 20
replications) are showed in Tables 6, 9 and 12. Tables also show
statistics for the fastest flow and slowest flow for each of the 20
replications (“fastest flow” is defined like the first flow which
ends the data transfer among the four concurrent flows). In other
words, statistics are calculated selecting the fastest and the
slowest flow among the four flows for each replication.

The results show that the selected TCP enhancements improve
performance compared to the Reference TCP as could be
expected. The median value for elapsed time with each TCP
improvement is lower than the median for Reference TCP. The
larger Initial congestion window and DAASS help to improve
performance during the initial slow start phase. The SACK
option helps to recover packet losses more efficiently. Enhanced
TCP combining al TCP improvements offers best performance
in al cases. The SLACP allows better performance because of
its ability to reduce packet losses, even though it causes
additional packet delay.

In the test case with a single transfer size of 1 MB in which S
LACP is used and PER is 1%, the Reference TCP performs the
same badly because congestion happens during the initial slow-
start (slow start overshoot). This also happens for the TCP SACK
and Enhanced TCP, but the SACK option allows packet losses
recovery to be very quick (see Figure 2a).

The RED active queue management mechanism is used together
with both Reference TCP and Enhanced TCP. RED queue
management, however, is not able to help in scenarios without
competing traffic.
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RED Queue trace

4 TCP flows (250KB)
50 1296 | 634 651 8.56 8.56 573 1298 545
WS OFF
4 TCP flows (250KB)
50 | SLOWESTFLOW | 2374 | 20.12 19.63 967 9.71 .58 2375 1077

1TCP flows 250KB)
50 SLOWESTFLOW | 1903 1032 19.31 9.4 9.37 .56 1907 827
WS OFF

With competing traffic

4 TCP flows (250KB)

*CBROSMBY | 1339 | 1404 | om 920 923 796 1239 776

ATCP flows (220KE)
TCBROSIBE | 555 | a4 | om 519 523 795 | 12m | 77
WS OFF
TTCP flows (250KB)
+ CBR 0.8 Mbit
SLOWEST FLOW

1265 17.03 18.85 113 11z 1141 1264 976

4 TCP flows (250KB)
+CBR 0.8 Mbit
SLOWEST FLOW
WS OFF

1265 17.03 18.85 113 113 1141 1264 976

3.2 Test caseswith burst errors

In this section, we summarize simulation results for a transfer
size of IMB using one TCP Flow without and with competing
traffic, and a total transfer size of 1IMB using four paralel TCP
flows (250 KB for each TCP flow), without and with competing
traffic. For brevity reasons, in this paper we just report (see
Appendix) the results for the case of one TCP flow (1MB)
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Figure 5. Instantaneus queue size (red line) and average
queue size (green line).

Figure 5 shows that the workload used makes the instantaneous
RED queue size (red line) very variable and unsteady, in
particular during the initial slow-start phase. Therefore, the
average queue size (through which RED packet drops are
controlled) stays under the minimum threshold for the entire
dow-start phase. This is a known phenomenon and RED is
known to work best with aggregate traffic.

However, when active queue management is used with
competing traffic, the effect of the RED queue management is
now visible. With competing traffic and four competing TCP
flows, RED helps both improving transfer performance and
fairness among different flows. The median value of Table 7



shows that Enhanced TCP takes quite a clear advantage of RED
and the Reference TCP is aso dlightly improved. Table 8 and
Table 9 show the fastest flows of the Enhanced TCP performing
roughly the same with and without RED, but the slowest flows
improve their performance, and correspondingly the total
performance of four flows, with RED. In particular, the
performance of the Enhanced TCP significantly improved.

When S-LACP is in use, the trend of the improvements with
RED is visible with Enhanced TCP but the improvement is not
that notable any longer. With Reference TCP the RED queue
management is not able to help anymore when the error-related
losses become more infrequent. This seems to be due to
increasing congestion at the end of the slow-start (the slow-start
overshoot problem). The phenomenon remains roughly the same
as without competing traffic as the competing traffic is not
reacting to congestion but just reduces the amount of available
bandwidth for TCP flows.

3.3 Comparingthe behavior of different

enhancements
In this section, we present some performance graphs to explain
the behavior of different TCP versions. Figure 6 alows
comparing the initial Slow Start phase of Reference TCP and
Enhanced TCP and shows the Sequence Number trace of sent
packets (red ling) and the received ACK trace (green line). The
Enhanced TCP version includes an initial congestion window of
four segments and the DAASS option, implemented by
immediately acknowledging the first 10 segments. As the figure
shows, these improvements alow increasing the congestion
window quickly, roughly 5 times faster, even though the high
RTT of the satellite link.
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Figure 6. Comparison between theinitial Slow Start phase of
Reference TCP and Enhanced TCP

Figure 7 shows an example of the SACK ability to quickly
recover multiple packet losses after a burst error event occurs.
The yellow line shows a burst happening at t = 4.2s and packets
43-48 are lost (blue points). The Reference TCP (Figure 7a),
which includes TCP NewReno, is able to recover just one
segment per RTT, whereas the Sack option alows a faster
recovery because of Selective ACK information (Figure 7b).
Figure 8 shows an example of the effect of using SLACP on the
satellite link. Figure 8a indicates the trace of the Reference TCP
in the ideal case, no packet losses and no delay. Figure 8b shows
the case in which SLACP is used, causing aresidual PER of 1%
and an additional delay because of additional retransmissions. In
this example, SLACP is able to recover all packet losses and it
only increases the link delay during the burst error period as seen
by higher layers. The red line show the sequence number of sent
data packets, the green line indicates the sequence number of

corresponding data packets when received at the receiver. The
blue line shows the arrival of ACK packets at the sender. The
burst event (yellow line) isindicated in both figures, even though
no packet losses occur in either of the cases. In other words, the
yellow line shows where the satellite channel is in the “bad
state”, causing an additional delay for the SLACP case.

The ACK trace (blue line) in Figure 8b shows that ACK
information arrives later to the TCP sender than for the ideal
case shown in Figure 8a (ACKs 42-48 arrive roughly a half
second later). The green line, which indicates when packets are
received, shows that with S'LACP, the packets 42-48 arrive
roughly a half second later than without S-LACP.

Nevertheless, S-LACP significantly improves TCP performance
compared to the case in which packets are lost (see Figure 7)
because of avoiding unnecessary reductions of the TCP
congestion window after packet losses. Even though the SLACP
causes an additional packet delay, no RTO happens. Figure 8b
shows that the delay due to S-LACP retransmissions causes a
burst of packets (packets 67-78, red line). This phenomenon is
not a problem in this example, but could be in other cases. That
iswhy a packet-pacing ability might be useful in S-LACP.
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Figure 7. Reference TCP (a) and TCP Sack (b), Sack ability
to recover packet losses
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Figure 8. SLACP effect, (a) ideal case (no errors, no delay),
(b) SLACP case (PER=1% and additional delay)

4. CONCLUSIONS

Several test cases were run to complete the simulation study. In
general, the results show that all selected TCP enhancements are
helpful compared to Reference TCP. Active queue management
is not quite helpful with the level of traffic aggregation used in
the different workload models. This is mostly because the major
problem with TCP performance in most of the test cases used in
this study environment seems to be the slow-start overshoot
problem during the initial slow start; the average queue size
maintained by the RED active queue management algorithm is
not able to react fast enough to the rapid increase of the TCP
congestion window during the initial slow start. However, the
trend is such that active queue management tends to become
more useful when more traffic aggregation is present. We assume



that more traffic is aggregated in a typical usage environment for
the TRANSAT architecture. In addition, we believe that the use
of TCP Control Block Interdependence [14] would be useful in
preventing the slow-start overshoot problem from occurring, as it
would allow reuse of congestion control parameters from earlier
TCP oonnections, in particular in setting the initial value for the
dow-start threshold (sstresh).

When SLACP is used to reduce the residual packet rate as seen
by the TCP layer, the results are encouraging, thereby justifying
the approach with the additiona layer 2.5 error recovery.
Without S'LACP the modeled packet error rate tends to be rather
high, not allowing a TCP sender to open the congestion window
large enough or later on to retain the congestion window fully
open. With SLACP, the modeled packet aror rate remains at a
relatively moderate or low level alowing the TCP sender to take
advantage of a much larger congestion window.

In addition to the test cases reported in this document, we aso
ran some test cases with larger S-LACP delay as well as some
tests with larger transfer size. In the additional S-LACP tests, the
extra delay added to simulate SLACP retransmissions was
increased up to three extra satellite RTTs. Adding three extra
RTTs models a case where the retransmission persistency of the
S-LACP is tuned so that the SLACP sender tries to retransmit a
lost packet at most three times. The results showed that even
adding two extra RTTs does not cause spurious TCP
retransmissions timeouts and that TCP performance is
comparable with the tests results reported. However, the burst of
sent packets following the SLACP recovery sometimes leads to
a different kind of congestion loss patterns and is more likely to
be harmful, at least in some test scenarios. This also means that
the packet-pacing ability in S.LACP should be considered, in
particular if more persistent ARQ is used with S.LACP. When
the extra delay was increased to three satellite RTTs, the
spurious TCP RTO tends to occur every time an error burst is
experienced, resulting in unnecessary TCP retransmissions. The
F-RTO [15] agorithm can efficiently prevent unnecessary
retransmission and it is expected to be useful in particular if
more persistent SSLACP ARQ is in use but aso with less
persistent ARQ as infrequent delay spikes may still exist.

Additional tests with a transfer size of 10MB were aso run with
and without S-LACP. Without SLACP, the TCP performance
remains very low. The median transfer time is roughly 600s for
each TCP version; the selected TCP enhancements yield a slight
improvement. This can be explained because frequent error
bursts continuously cause new congestion window reductions.
Therefore, the congestion window size remains very low for most
of the transfer time. In such conditions the SACK extension does
not help much. With SLACP, TCP performance improves
significantly as the residual PER is reduced and Enhanced TCP
gives the best performance (the median elapsed time being
124.3s). However, the satellite link utilization is still low
(roughly one third of the link bandwidth) because the slow-start
overshoot phenomenon is still dominating.
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7. APPENDIX

Tahle 9. Statistics of all 80 connections (4 flows each replication x 20 replications).
S-LACP is used. The residual PER during error bursts is 25%

In this appendix, we report the results for the test cases of one Ref. | Ref, | Ref, | SACK | SACK, [Enh. TCH Ref. + | Enh. +
: : H TCP | lwin=4 | DAASS Li RED RED
TCP flow (1IMB) without competing traffic and four parallel TCP i L e T T I S
flows (250 KB for each TCP flow), with competing traffic. - Max 3201 | 2562 | 2008 | 3186 | 3155 | 3416 [ 3075 | 2650
CoreuEl 6% Perc. | 1755 | 1546 | 1177 | 105 | 1069 | 9.2 1753 | 840
; : ; ; Median 1942 | 1682 | 1685 | 1286 | 1329 | 1029 | 1953 | 564
Transfer size IMB, one TCP flow without competing traffic o) | e e e e
Tabhle 3. Statistics of 20 test replications when S-LACP is not used. Average 19.72 17.16 16.36 15.48 15.65 10.98 18.93 10.44
. . o Avg. Throughput
The PER during error hursts is 100% (KB/s) 1377 | 1515 | t6es | 1ere | 1esr | oaes | 1363 | 259
Rel. | Ref., | Ref, | SACK | SACK, [Enh. ICH Ref. + | Enh. +
TCP | Iwin=4 | DAASS Lim RED RED Table 10. Statistics of the fastest flow for each of the 20 replications
Min 26.07 14.08 14.50 14.94 14.93 9.13 23.10 4.88 S-LACPis used. The residual PER during error bursts is 25%
. Max 11392 | 11980 | 11976 | 13968 | 12629 | 8440 | 11392 | &4
Flobsed o5% Perc. | 6327 | 477 | 2232 | fae0 | 189 | ao8 | 63%6 | a4 $g, | Ret., . DRef’s SACK S’:\,O(’ Enh. TCH R;E'DJr E;E'DJr
seq) Median 5592 | 4262 | 3839 | 5324 | E746 | 1366 | £692 | 1470 _ win=4 | DAAS 1m
75% Perc. | G293 | 7040 | BbAd4 | 8373 | 7958 | 2734 | @283 | 74 Min 748 819 650 750 7.45 527 7.48 5.27
Average | 6810 | 49.41 | 4784 | 5840 | o444 | 253 | 6778 | 2677 Elapsed| % 2289 | 1661 | 1687 | 2267 | 273 | 1033 | 2269 | 935
Bvg. Throughput e 2% Perc. | 1229 | 1951 | omm 9.27 9.28 770 1271 | 778
(KBY/s) 1731 | 2866 | 9104 | 2840 | 2978 | 67.47 | 1761 | BEED (sec) Median 1528 | 1507 | 1068 | 968 9.80 602 14.68 | 7.89
79% Perc. | 1784 | 1537 | 1299 | 1281 | 1266 | 90 1730 | 846
L e . Average 1483 | 1410 | 139 | 1084 | 1102 | @13 1459 | 768
Table 4. Statistics of 20 test replications when 8-LACP is used. Avg. Throughput
The residual PER during error bursts is 25% (KB/s) 18.55 18.37 3.2 24 24.23 31.69 18.74 J2.44
Ref. Ref., Ref, SACK | SACK, [Enh. TCR Ref. + | Enh. + . L.
TP | lwin=4 | DAASS Lirn RED RED Tabhle 11. Statistics of the slowest flow for each of the 20 replications
Min 2135 21 52 1412 1163 1163 g1 2138 863 S-LACP is used. The residual PER during error bursts is 25%
. Max 6481 | 9964 | 8514 | 5636 | 5655 | B3.41 | 121.28 | 6341 Ref. | Ref, | Rel, | SACK | SACK, [Enh. TCF| Ref. + | Enh. +
il 29% Perc. | 4532 | 2804 | 3108 | 1505 | 1485 [ 025 | 320 [ sen TCP | Iwin=4 | DAASS Lim RED | RED
sec) Median 5528 | 4442 | 4900 | 1554 | 1585 | 973 | 5210 | 975 Win oo T mm T ieme T 1@ | e 0 T w9 | o
75% Perc. | G150 | 5663 | 5763 | 2381 | 2322 | 1299 | Rigs | 1313 Hax o [ Emm | mm | 3w | 3 [ 5is | mE | B
g rhr‘::;;]apﬂu"; 5087 | 4653 | 4622 | 2178 | 2043 | 141 | 8107 | 4.1 el 25% Perc. | 2059 | 1579 | 1o40 | 1243 | 1348 [ 1160 | 2064 [ 1020
: Median 2163 | 2028 | 2130 | 2098 | 1837 | 1293 | 2959 | 1201
(KB/s) 2207 | 2643 | 2590 | 5693 | se7s | 8916 | 2345 | @97 6o e | me T om T me e [ me [ im | me iiE
Average 2371 | 2061 | 21581 | 2096 | 2036 | 1496 | 240 | 1414
Table 5. Statistics of 20 test replications when 8-LACP is used. Avg. Throughput
The residual PER during error bursts is 1% (KB/s) 1082 | 1232 | 1es | 1436 | 1410 | 1827 | 1067 | 1960
Ref. Ref., Ref, SACK | SACK, [Enh. TCP Ref. + | Enh. +
TCP | lwin=4 | DAASS Lim RED | RED
Min 1604 | 1299 | 179 | 1160 | 1160 | BEI 1691 | 888
- Max 12449 | 9533 | 7rE2 | 2185 | 2185 | 1952 | 12450 | 1852
Elapsed
Time 25% Rerc. 4553 33.08 4145 1384 13.33 931 56.52 8.93 Table 12. Statistics of all 80 connections (4 flows each replication x 20 replications).
5oy Median 6111 | 5847 | 5201 | 1581 | 1580 | 963 | 6249 | 958 . . ) -
75% Perc. 5205 710 707 1625 IERE] 1.0 E4.40 .78 S-LACP is used. The residual PER during error bursts is 1%
Average 5435 | 4504 | 4BOR | 1546 | 1533 | 1080 | m2A0 | 10&m Ref. | Ref, | Ref, | SACK [ SACK, [Enh. TCH Ref + | Enh. +
Avg. Throughput TCP | Iwin=4 | DAASS Lim RED | RED
(KB/s) 2434 | o7eR | oroR | GB43 | B713 | 8613 | w040 | 9RaF Wi o5 T i0gd 1 52 FIi] o 57E % 577
. . . . Max 2629 | an32 | 7es | k73 | 18EG | 1920 | 2629 | o0mn
Transfer size 4x250KB, four TCP flows with competing Flansed 555 Porc. | 16,19 | 163 | 1120 | 00 | 0.4 | 6eg | f6.0 | a0
traffic (seqy |__Median | ioil | do76 | i745 | doee | 120 | @43 [ jedl | am
79% Perc. | 1916 | 1747 | 1891 | 1200 | 11597 | 1140 | 1804 | 1004
Table 6. Statistics of all 80 connections (4 flows each replication x 20 replications). T Ave;]agt: 17.63 16.83 15.56 1167 11.61 1001 17.63 9.56
Wi rou |1
S-LACP is not used. The PER during error hursts is 100% 4 (Kst]g P 14.70 15.27 17.49 2225 22,16 2502 1452 2717
Ref. Ref., Ref, SACK | SACK, [Enh. TCP Ref. + | Enh. +
TCP | lwin=4 | DAASS Lim RED RED Table 13. Statistics of the fastest flow for each of the 20 replications.
Min 757 601 50 757 754 4.99 757 4.89 S-LACP is used. The residual PER during error bursts is 1%
[
o A A TN EZ7 0 T X Ref, T Ref, [ Ref, T SACK [[SACK, rh. T Ref. + [ Enh. +
ooy | _Median | o009 | (507 | tads | i7sa | ie | s | oie0 | 109 _ TP iwin=4 | DAASS Lim RED | RED
75% Perc. | 3045 | 2331 | 2266 | 2854 | 2900 | 1665 | 2664 | 1530 Min 795 | 1054 | 824 | 808 | 806 | 675 | 795 | B77
Average 2o T orm [ 1om 210 oo | 1219 | o 12 Elapser| 2 1966 | 1730 | 1747 | 1219 | 1189 | 886 | 2008 | 1044
vy, Throughput 5% Perc. | 1310 | 1453 | 932 9.35 9.36 779 310 | 768
(KB/s) 11.82 13.74 | 1508 14.93 15.10 2117 1188 | 23.09 (sec) Median 1371 1513 9.44 964 9.57 505 14.45 783
75% Perc. | 1541 | 1540 | 1176 | 297 | 10.04 | 825 1595 | 800
Table 7. Statistics of the fastest flow for each of the 20 replications. y A"E?Q‘i 13.98 1460 11.06 981 8.77 735 14.23 792
W, rou 11
S-LACPis not used. The PER during error hursts is 100% 4 (KBJS]B i 16.50 17,96 2364 2558 25,78 3150 18.32 31.80
Rel. | Ref., | Ref, | SACK | SACK, [Enh. TCH Ref. + | Enh. +
TCP | Iwin=4 | DAASS Lim RED RED Table 14. Statistics of the slowest flow for each of the 20 replications.
Min 757 6.01 6.50 757 754 4.99 757 4.99 S-LACP is used. The residual PER during error bursts is 1%
M
e et |20 5 | on 28 aa 1o (o] o | ot | | SACK | SACK, e 18 R B+
(s |_Modian | 645 | 1404 | 1119 | 1mal | 200 | 707 | 611 | e _ TCP | win—4 | DAASS Lim RED | RED
7% Perc. | 1693 | 16.25 | 1425 | 1843 | 1833 | 926 | 1922 | 506 Min 685 | 1229 | VB2 ] 1101 | 128 | 938 | 1661 | 989
Average | 17.95 | 1423 | 1201 | 1544 | 15.42 | 823 | 17.04 | 7.84 Flapsed— 2% 2629 | 32 | 2785 | 2679 | 866 | 1920 | 2629 | 2000
vy, Throughput Toeofl 2s% Pere. [ 1900 | 1733 | 18.85 [ 1151 | 1154 | 1161 [ 1899 | 1002
(KB/s) 1559 | 1955 | 2251 | 1929 | 1907 | 3207 | 1561 | 3345 (seq) |__Median 1942 | 1821 | 1319 | 1195 | 1332 | 1163 | 1842 | 103/
75% Perc. | 2127 | 1982 | 1968 | 1495 | 1568 | 1197 | 2130 | 1240
Awerage | DN3E | 1923 | 1880 | 1426 | 1384 | 1232 | 2040 | 116
Table 8. Statistics of the slowest flow for each of the 20 replications. Ay Thrnughpgut
S-LACPis not used. The PER during error bursts is 100% (KB/s) 12.41 1546 1274 15.60 18.61 20,50 12.39 22.00
Rel. | Ref., | Ref, | SACK | SACK, [Enh. TCH Ref. + | Enh. +
TCP | lwin=4 | DAASS Lim RED RED
Min 1649 | 1693 | 1876 | 1223 | 1228 | 1161 | 1865 | 10.03
. [ Max B463 | 10824 | 3691 | B9.72 | 4418 | 4096 | 4555 | 4096
e[ 2% Perc. | 2407 | 2288 | 2141 | 185k | BB | 163 | 2345 | 1377
se0) Median 3234 | o6re | 2599 | 2905 | 2620 | 2240 | 2958 | 1582
7i%Perc. | ares | o8on | ana? | asd4 | 3412 | 2474 | aves | wnal
Average G20 | A00d4 | JR1d | 7949 | JR0B | @113 | anGD | gds
Avy. Throughput
(KB/s) 545 936 999 ey | a1 | 1318 | &vs | 1503




