IMPROVING START-UP AND STEADY-STATE
BEHAVIOR OF TCP IN HIGH BANDWIDTH-DELAY
PRODUCT NETWORKS

by

DAN LIU

Submitted in partial fulfiliment of the requirements

For the degree of Master of Science

Thesis Adviser: Dr. Shudong Jin

Department of Electrical Engineering and Computer Science

CASE WESTERN RESERVE UNIVERSITY

August, 2007



Improving Start-up and Steady-state Behavior of TCP in

High Bandwidth-Delay Product Networks

Approved by

Thesis Committee:

Dr. Shudong Jin

Dr. Vincenzo Liberatore

Dr. Michael Rabinovich

Mark Allman (Ad hoc Committee)



javascript:parent.addSender(%22Michael%20Rabinovich%20%3cmisha@eecs.cwru.edu%3e%22)

To Grandpa
Zhongyi Xiao

Mom and Dad

Yuyou Xiao and Yanming Liu



Contents

(O] 01 (=] 1 | £ TR P TR PPR PR v
LIST OF TADIES ... e Vi
(TS o) T U] TSP Vil
ACKNOWIEAGEMENT ...ttt re e e e e sre e e aneenneens IX
N 0] 1 1o SRS X
Chapter 1 INTrOUCTION.......c..iiiiiieiee et nae e 1
1.1 MOTIVALION ..ttt ettt sttt 1

1.2 Approaches and ReSUILS..........ccviveiiiiciere e 3

1.3 Thesis Organization ........c.cccccveveiieiiiiecee et 4
Chapter 2 Background and Related WOrK...........cccoiieiiiiiiiinienie e, 5
2.1 TCP Congestion Control OVEIVIEW .........cccveveiiereeiesieniesieseesie e sreeseeanes 5

2. 1.1 SIOW SEAM...c.eieiiiicie s 6

2.1.2 CoNngestion AVOIANCE .......cc.eoviiveiieieieiesie e 7

2.2 TCP Congestion Control Modifications ...........cccccccveveiievisie i 8

2.2.1 Previous Modifications to SIOW Start ...........cccooeieiiieieieiccceeee 8

2.2.2 Previous Modifications to Congestion Avoidance.............ccccoevevveenneene. 10

Chapter 3 Improving TCP Start-up Behavior Using Jump Start.............ccccooeeene. 12
3.1 Problem DESCIIPLION .....cc.eiiiiiieiiiie ettt 12

3.2 JUMP STAIT ..ottt st 13

3.3 Simulations and RESUILS ..........cooiiiiiiiiiie e 15

3.3.1 SiNGIE FTP FIOWS.....eoiiiiieieiee et 18

3.3.2 Competing FTP FIOWS ....c.cooiiiiieiieic e 22

3.3.3  MiXEA FTP FIOWS .....oviiiiiiieeeeeeeeee e 24

334 WED TraffiC...cveeiiieieiieee s 26



3.3.5 Active Queue Management...........cooevereriererienenieriesee e 29

3.4 Coping MEthOGS........ccviiiiie e 32

3.5 SUMMAIY ..ttt 33
Chapter 4 Improving TCP Steady-state Behavior Using EXP-TCP ...........ccc....... 34
4.1 TCP Variants for High BDP Networks..........cccccccvivieiieviiiecece e 34

A2 EXP-TCP et 39

4.2.1 EIMD AIGOITNM ..o 39

4.2.2 AlGOrithm ANAIYSIS ......cvviiiiiiieii e 40

4.3 SIMulations and RESUILS ..........cuoiiiiiiieiee s 42

4.3.1 Impact of Bottleneck Capacity..........ccccevereriirrieiniinieeieeee s 43

4.3.2 Impact of Number of FIOWS .........cooiiieeee e 46

4.3.3 Impact of Web TraffiC.........cccovviiiiiiiiiiiie e 46

4.3.4 Convergence t0 FaiMMESS .......coueiiieieieieieee e 49

4.3.5 Response to Sudden Changes .........ccovviieiiiiieiisie i 53

A4 SUMIMATY .oiiiiiiiiie ittt e et e e sab e e e sbb e e e bt e e e bbeeabeeeannes 57
Chapter 5 Conclusions and FULtUre WOIK ..........cccooeiiiiieiiiie e 58
5.1 SUMIMAIY ..ottt bbbt n e nnees 58

5.2 FULUIE RESEAICN.....ccviiiiiicc e 59
BIDHOGIaPNY ..o e 60



List of Tables

Table 3.1 Network configuration ..............cccoceeunne.

Table 3.2 Scenario design and specified parameter

Table 3.3 Parameters of the Web traffic simulation

VI

SELHINGS ..vvevreee e



Figure 2. 1
Figure 3. 1
Figure 3. 2

Figure 3. 3

Figure 3.4

Figure 3.5

Figure 3. 6

Figure 3.7

Figure 3. 8

Figure 4. 1
Figure 4. 2

Figure 4. 3

Figure 4.4

Figure 4. 5

Figure 4. 6

Figure 4.7
Figure 4.8

List of Figures

An illustration of evaluation of TCP congestion window Size..............c....... 6
Simulation topology: Dumb-bell ...........ccoov i 15

Percent improvement and drop rate increase of Jump Start compared with
Slow Start across a variety of bottleneck capacities ............cccooevverieiiennns 19

Percent improvement for Jump Start when compared with Slow Start as a
function of one-way bottleneck delay ..........ccccovevieiieiiiiiecece e 21

Connection duration and aggregate drop rate as a function of start interval:
JUuMP Start VS. SIOW SEArt ......c.ooveiieieice s 23

Median connection duration and median drop rate as a function of the
fraction of Jump Start flows: Jump Start vs. Slow Start ...........ccccceevvrnenee. 25

Distributions of connection duration and aggregate drop rates: Jump Start
VS, SIOW STAIT ..o 28

Connection duration as a function of transfer size: Jump Start vs. Slow
Start, DropTail VS. RED .......cccoiiiiiieiecie et 30

Connection duration and aggregate drop rate as a function of start interval:
Jump Start vs. Slow Start, DropTail vS. RED ........ccccocviiiiiiieienieeeee 31

An illustration of the congestion window size evolution of EXP-TCP ......41

Performance of control algorithms when the bottleneck capacity ranges
from 2.5MDPS t0 5.12GDPS ....eeiveeiiiiiieiesie s 45

Performance of congestion control algorithms when the number of
long-lived flows ranges from 2 t0 512........cccevveiieiieieee e 47

Performance of congestion control algorithms when the background
Web-like flows consumes between 2% and 51.2% of the bottleneck

07210 0| YRR UPTTR PR 48
Convergence to fairness of competing flows when DropTail is used: TCP
VS. HSTCP VS. STCP VS. EXP-TCP ....ooiiiiiiiiiiiirieeee e 50
Convergence to fairness of competing flows when RED is used: TCP vs.
HSTCP VS. STCP VS. EXP-TCP....vii it 50
Fairness Index: TCP vs. HSTCP vs. STCP vs. EXP-TCP .....ccccccevvvvivennene. 52

Changes of the average throughput of competing flows in response to the

Vil



Figure 4.9

Figure 4. 10

sudden changes of traffic demands: TCP vs. HSTCP vs. STCP vs.
EXP-T CP e e 54

Changes of bottleneck utilization in response to the sudden changes of
traffic demands: TCP vs. HSTCP vs. STCP vs. EXP-TCP.......cccccvvvvvivnene. 55

Changes of bottleneck queue occupation in response to the sudden changes
of traffic demands: TCP vs. HSTCP vs. STCP vs. EXP-TCP.........cccccvennun. 56

VIl



Acknowledgement

I would like to express my most sincere gratitude to Dr. Shudong Jin, my advisor, for his
guidance, inspiration and support throughout my M.S. program. | am indebted to him for
the opportunity that he gave me to achieve my personal endeavors. He inspired me to go
beyond the limits of what | thought was possible. He was deeply engaged with me from
the formative stage, through the refining of this work to the final writing. His great

patience and deep understanding make me feel forever grateful toward him.

I would like also thank Mark Allman and Dr. Limin Wang for their instructions and
suggestions during the writing of this thesis. Their patient advice always encouraged me

to work hard. Without their support, this work would never have been completed.

| feel very thankful to my advisory committee members, Dr. Vincenzo Liberatore
and Dr. Michael Rabinovich, for their effort to read this thesis and give me valuable

comments and suggestions, and eventually evaluate my work.

Finally, great thanks go to my beloved father Yanming Liu and mother Yuyou Xiao
for their endless support and love. Special thanks go to my grandfather Zhongyi Xiao for
his lifetime love. Last but not least, are thanks to all my dear friends in Case Western

Reserve University for their friendship and help during my studies.


javascript:parent.addSender(%22Vincenzo%20Liberatore%20%3cvl@case.edu%3e%22)
javascript:parent.addSender(%22Michael%20Rabinovich%20%3cmisha@eecs.cwru.edu%3e%22)

Improving Start-up and Steady-state Behavior of TCP in High

Bandwidth-Delay Product Networks

Abstract

by
DAN LIU

It has been long known that the standard Transmission Control Protocol (TCP) yields
limited performance in high bandwidth-delay product (BDP) networks due to its
conservative Slow Start and Congestion Avoidance algorithms. In this work, we focus on

TCP modifications to improve both TCP’s start-up and steady-state behavior.

First, we propose Jump Start, a new technique which has the potential to speedup the
start-up of TCP by ignoring the Slow Start. It allows a higher initial sending rate but
keeps the remaining of TCP unchanged. Simulations show both positive and negative
implications of Jump Start on TCP performance. Second, we introduce EXP-TCP, a new
TCP variant which replaces the additive-increase rule of the Congestion Avoidance with
an exponential-increase algorithm. It decouples TCP efficiency control and fairness
control to achieve both high performance and good fairness. Simulations indicate that
EXP-TCP provides higher performance and better fairness than TCP in high BDP

networks.



Chapter 1

Introduction

1.1 Motivation

The Transmission Control Protocol (TCP) [J88] is the most popular transport layer
protocol in the Internet for reliable data transmission. It has had a significant impact on
the performance and behavior of the Internet [TMW97]. However, it has been long
known for its unsatisfactory performance in high bandwidth-delay product (BDP)
networks. Such performance limitation comes from TCP’s conservative congestion
control algorithms which are unable to cope with the features of high BDP networks, i.e.,
the large per-flow throughput or long propagation delay that requires high outstanding
traffic in the pipe during transmission [CO02]. Maintaining a high volume of outstanding

traffic in turn requires that the TCP source set a large congestion window size (cwnd).

The two main algorithms of standard TCP, i.e., Slow Start and Congestion
Avoidance [J88], both have been hindrances for TCP’s high performance in high BDP
networks. First, Slow Start, the initial phase of a TCP connection before reaching a
reasonably high congestion window size, could be time-consuming in high BDP
environment. Although the sender’s congestion window size is increased exponentially
during Slow Start, the initial sending rate, as low as one packet per round-trip time (RTT),
is too conservative for the sender to make full use of the available large capacity. Second,
the Additive Increase Multiplicative Decrease algorithm (AIMD) of Congestion

Avoidance also holds back the performance of TCP in high BDP networks. For example,



when a large amount of bandwidth becomes suddenly available after a period of
congestion, it may take TCP too long to linearly recover from its huge back-off to full

utilization.

To solve all these problems, many TCP modifications have been extensively studied
(e.g., [AHO98], [K03], [LPWO01], [XSSKO05]). For Slow Start, a number of alternatives
have been proposed (e.g., [AHO98], [AP99], [BRS99], [FAJS06], [PRAKS02]). They
enable the sender to reach an appropriate congestion window size faster, but the
improvement is still unsatisfactory because they either require extra assistance from the
network or turn to be hard to achieve both efficiency and fairness at the same time. On
the other hand, two main categories of modifications have been suggested for Congestion
Avoidance. One is based on end-to-end congestion controls (e.g., [F03], [KO03],
[XHRO4]); the other one uses router-assisted mechanisms (e.g., [K03a], [LAWO5],
[XSSKO05]). They both emphasize more aggressive increasing behavior at the sender
during Congestion Avoidance phase, but unfortunately they either worsen the unfairness
problem, or introduce additional complexity to other network components, such as the
routers. In Chapter 2, a more detailed introduction will be provided to all these

modifications as well as their pros and cons.

In this thesis, our goal is to explore new modifications to TCP which can achieve
both high efficiency and good fairness in high BDP networks, only from an end-to-end

perspective.



1.2 Approaches and Results

To achieve our goals, we proposed a new mechanism, Jump Start, which has the potential
to improve TCP’s start-up behavior by eliminating Slow Start, and also a new algorithm,
Exponential TCP (EXP-TCP), which can decouple TCP’s efficiency control and fairness
control for TCP’s steady-state behavior. Then, the new mechanism and algorithm are
implemented in ns-2 (Network Simulator Version 2, [NS2]), based on which all sets of

simulations are conducted for evaluations.

The main work of this thesis can be summarized as follows. First, for TCP Slow Start,

the following studies are conducted.

® \We introduce Jump Start as a new start-up policy for TCP, in which we assume
that a start-up phase is not required and that a host can begin transmission at an
arbitrary rate, with the major caveat being that the remainder of TCP's

congestion control algorithms stays intact.

® \We implement our Jump Start mechanism in ns-2 and conduct simulations in a

variety of scenarios.

® \We identify and discuss network characteristics and techniques that might make

Jump Start amenable to real networks.

Second, for Congestion Avoidance, the following goals are achieved.

® \We propose EXP-TCP as a new mechanism in which we use the Exponential
Increase Multiplicative Decrease (EIMD) algorithm instead of AIMD to achieve

both efficiency and fairness.



® We implement our EXP-TCP mechanism in ns-2 and perform comprehensive

simulations in various scenarios.

® We compare EXP-TCP with standard TCP and other related work (namely
HSTCP [F03] and STCP [KO03]) to show the performance gain by using

EXP-TCP.

According to the simulations, Jump Start has both benefits and drawbacks. Jump
Start can significantly speed up the moderate-sized connections which take a few RTTs if
using standard TCP, but it has little impact on those connections which take so long that
the start-up phase becomes a transient of the overall connection. On the other hand,
EXP-TCP mainly helps large-size connections, as it decouples efficiency control and
fairness control in the Congestion Avoidance phase. Therefore, Jump Start and EXP-TCP
complement each other and can be used together for a connection. Nevertheless, for a
particular connection of medium or large size, it is likely only one of these two

mechanisms contributes to performance improvement.

1.3 Thesis Organization

The remainder of this thesis is organized as follows. In Chapter 2, an overview of the
research is provided, including a detailed introduction to Slow Start and Congestion
Avoidance, as well as some major previous TCP modifications. In Chapter 3, the idea of
Jump Start is introduced, and both its benefits and drawbacks are investigated with
simulations and evaluation. In Chapter 4, the EXP-TCP mechanism is described in detail
and all sets of simulations are conducted to show the performance improvement and
fairness enhancement that occurs when EXP-TCP is used. Finally Chapter 5 summarizes

the thesis and gives directions for future research work.



Chapter 2
Background and Related Work

In this chapter, we first provide an overview of standard TCP and discuss its limitation in
high BDP networks. Then, we give a detailed introduction to the major previous TCP
variants which modify the original TCP, either on Slow Start, or on Congestion

Avoidance, in order to improve TCP performance in high BDP networks.

2.1 TCP Congestion Control Overview

As a widely used transport layer protocol for reliable data delivery, TCP uses a
sliding window algorithm to control its sending rate and infers congestion by packet loss
events. Two mechanisms are used to detect packet loss events: the triple duplicate
acknowledgements (ACKs) and the retransmission timeout (RTO). The current
implementation of TCP consists of four intertwined phases: Slow Start, Congestion
Avoidance, Fast Retransmit, and Fast Recovery [J88]. Figure 2.1 shows a typical
trajectory of the sender’s cwnd through a normal TCP connection. In this thesis, we focus

on the first two phases because they have major impacts on the overall performance.

The idea behind Slow Start is to begin the transmission with a conservative sending
rate which is assumed to be appropriate for the vast majority of network paths, and then
to increase the sending rate exponentially until any packet loss event is detected.
Congestion Avoidance follows Slow Start and uses an AIMD algorithm [J88] to probe a
proper sending rate at the sender. It increases the cwnd linearly upon each positive
acknowledgment and decreases it multiplicatively upon each packet loss event. Chiu and
Jain [CJ89] shows that AIMD can eventually achieve fair bandwidth allocation among

competing flows.
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Figure 2. 1 An illustration of evaluation of TCP congestion window size

2.1.1 Slow Start

The Slow Start algorithm is an essential part of standard TCP protocol. To avoid network
congestion caused by a huge burst of data, TCP starts from a small initial cwnd once a
new connection is established at the end of the three-way handshake. It then increases its
cwnd by one packet per RTT upon each newly arrived successful ACK. In this way, the
sender actually keeps increasing its cwnd exponentially before any congestion is detected.

If a packet is dropped, the cwnd is cut by half and the Congestion Avoidance phase starts.

Although Slow Start enables the sender to increase its cwnd exponentially, it may
still be a time-consuming process in the high BDP networks due to its conservative initial
sending rate. When the bottleneck capacity is large, it takes the sender a long time to
grow its cwnd size large enough to well utilize the available bandwidth. For example,
when the network has a bandwidth of 5Gbps and an RTT of 200 ms, its BDP is equal to
the product of 5Gpbs and 200 ms, i.e., 1Gb or 119 MB. Then, for any transmission less

than 238 MB, the network capacity cannot be fully utilized. In fact, the bottleneck



utilization of this network could be very low. If the packet size is 1KB, the BDP is
approximately equal to 119,000 packets. Although the file transfer can be finished in two
RTTs at the maximum bottleneck utilization, with Slow Start, it actually takes about

log,BDP=16.9 RTTs. Thus the average utilization during the transfer time is merely 12%.

To address this problem, additional modification is needed to speed up the start-up

processing of standard TCP in high BDP networks.

2.1.2 Congestion Avoidance

During the Congestion Avoidance phase after Slow Start, a TCP sender uses the AIMD
algorithm to update its cwnd. Specifically, it increases its cwnd by one packet per RTT, as
long as no congestion is detected. If the congestion signal is the triple duplicate ACKs,
the cwnd is halved (multiplicatively), and a new round of linear increase begins. However,
if congestion is indicated by the expiration of the RTO, which suggests a potentially more
severe congestion condition, cwnd is reduced to one packet per RTT and TCP switches to
Slow Start again, with Slow Start then lasting until cwnd recovers to half of where it was
before the loss. The Additive Increase rule aims at a cautious probing for a higher
available bandwidth and the Multiplicative Decrease rule relieves the load when
congestion occurs. In addition, it was shown that under a synchronized feedback
assumption, the repetitive use of AIMD can finally lead to fair share of resources among

competing TCP flows [CJ89].

However, when it comes to high BDP networks, AIMD becomes a hindrance to TCP
performance. Since the sender can only increase its cwnd by one packet per RTT, it may
take the sender a long period of time to make full use of the available bandwidth. For
example, if a TCP connection has a bandwidth of 5Gbps and an RTT of 200ms, it has a

BDP as large as the product of 5Gbps and 200 ms, i.e., 125MB, which corresponds to a



cwnd of 83,333 packets when the packet size is 1500 bytes. When a congestion event is
detected by the triple duplicated ACKs, the cwnd is immediately reduced by half which is
equivalent to a sending rate of 2.5Gbps. Then using the traditional AIMD, it will take the
sender around 41,667 RTTs or 2.3 hours to reach the sending rate of 5Gbps again, which
is obviously too long for a normal network application to wait. Therefore, for the purpose
of utilizing the provided bandwidth more effectively, new approaches are in need to

enhance the efficiency.

2.2 TCP Congestion Control Modifications

Since standard TCP fails to fully utilize the network capacity of high BDP networks,
various modifications have been proposed to improve both Slow Start and Congestion

Avoidance algorithms.

2.2.1 Previous Modifications to Slow Start

To alleviate the performance problems caused by Slow Start, three categories of

mechanisms have been broadly studied [LAJWO7].

The first category uses capacity estimation techniques to determine the available
bandwidth along a network path such that the cwnd can be set based on this estimate. For
example, Partridge et al. suggest a Swift Start [PRAKS02] for TCP to increase the
sending rate swiftly at the start of the connection. Starting from an initial cwnd of four
packets per RTT, Swift Start employs the packet pair algorithm [K91] to estimate the
available bandwidth during the first RTT. It then calculates the network BDP by
multiplying the estimated bandwidth by the RTT measurement, and set the cwnd to a
fixed fraction (e.g. 1/8th) of this BDP estimate so as to protect against an over-estimate

from the packet pair algorithm. Moreover, packet pacing [ASAQ0Q] is also used to avoid



initial burst. According to the performance evaluation in [LTO04], Swift Start improves the
performance of transmission which does not overflow the network buffer. However,
when the link is heavily congested, the estimation loses much accuracy due to the

retransmissions and expiration of delayed ACKs, thus performs worse than regular TCP.

The second category of mechanisms shares congestion and path information between
individual connections when carrying out the congestion control. For instance,
Balakrishnan et al. proposed a special centralized architecture around a Congestion
Manager (CM) [BRS99, BS01] for integrated congestion management. The CM keeps
track of the network characteristic and congestion state information based on the
congestion parameters and feedbacks from the receivers. It then shares such information
between multiple connections, such that the streams to the same receiver or to the
receivers of the same subset can speed up their start-up phase by using the available
information of the same network path. In this way, the CM can minimize the congestion
between these connections and realize an integrated congestion management across all
applications and transport protocols. However, such a method can only benefit those
connections which are nearly simultaneous and lead to the same destination. In addition,
only those protocols and applications which provide feedback information to the CM can

benefit from this mechanism.

The last category of mechanisms requests network assistant to obtain an acceptable
sending rate for all hops along a network path. Quick Start [FAJSO06] is a good example
of this category. During the start-up of a transmission, the sender will attach a Quick Start
request for a desired sending rate in its SYN packet. The returning packet then collects
feedbacks from all hosts and routers along this path. If the desired rate is accepted by
each hop or is reduced to some other agreeable value, such a value will be used

immediately, together with the obtained RTT measurement, to determine the initial cwnd



of the sender. After that, the packet pacing will also be used to avoid any possible data
burst. However, if any rejection or invalid response is received, the desired sending rate
is denied and a default initial window size will be used. In this way, the sender may
directly start a transfer with a high initial sending rate without probing for an appropriate
one using Slow Start. Such a mechanism may significantly improve the efficiency, but it
also has two weaknesses. First, this mechanism requires the routers recognize the Quick
Start packets and return the feedbacks. Thus, it has significant difficulties in the
implementation and deployment. Second, the extra communication between the sender

and other hops will increase the network complexity and cost of maintenance.

2.2.2 Previous Modifications to Congestion Avoidance

As stated earlier, standard TCP cannot efficiently grab available bandwidth in high BDP
networks due to its conservative Additive Increase rules. To address this problem, two

categories of modifications have been widely discussed.

One category is based on the pure end-to-end congestion control which only applies
modification to end-host system. Examples in this category include HighSpeed TCP
(HSTCP) [F03], Scalable TCP (STCP) [K03], Binary Increase Control TCP (BIC-TCP)
[XHRO04], H-TCP [SL04], and Fast AQM Scalable TCP (FAST-TCP) [WJLHO06]. Except
for FAST-TCP, which is a typical example of approaches using queuing delay to detect
congestion, all the other examples are loss-based methods which use packet loss events to
indicate congestion. HSTCP is a typical one designed for TCP connections with high
cwnd. It modifies the increase and decrease parameters of AIMD as functions of the
current cwnd. It becomes more aggressive when the sender’s cwnd is large. STCP uses a
Multiplicative Increase Multiplicative Decrease algorithm (MIMD) instead of the
traditional AIMD. By setting the increase and decrease parameters to some specific

values, STCP is reported to significantly improve TCP performance in bulk transfer

10
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networks [KO03]. BIC-TCP uses a unique window increase algorithm which divides its
window growth period into two stages, the additive increase phase and binary search
increase phase, which effectively improve the scalability and fairness of TCP in high
BDP networks. H-TCP considers both the elapsed time since the last loss event and the
measured RTT to configure the window update rules. FAST-TCP belongs to the
loss-based approaches which use queuing delay to guide congestion control. It updates
the cwnd periodically based on the estimated average RTT and queuing delay, so as to
keep a constant queue size throughout the connection. All these algorithms introduced
above can achieve better performance in some certain circumstance. However, it was
discovered that STCP performs poorly in achieving fairness between two competing
flows [YLS]. The similar problem exists for HSTCP and BIC-TCP [WJLHO06] which
takes a more complex approach to probe for an appropriate cwnd. In Chapter 4, all these

TCP variants will be reiterated to analyze and compare their congestion algorithms.

The other category uses router-assisted congestion control mechanisms which require
help from the routers. XCP [KHRO02] is a typical example of this kind. It adjusts the
aggressiveness according to the bandwidth left in the network as well as the feedback
delay. It relocates bandwidth from flows with rate over the fair share to those suffering
from unfairness. XCP solves the unfairness problem by decoupling of the utilization
control from fairness control. However, since XCP requires extra assistance from the
routers, it does not work unless all routers can support such cooperation. VCP [XSSK05]
leverages the two ECN bits, so that routers can return more precise feedbacks. Although
it still requires slight changes to the routers and has a much lower deployment cost than
XCP, still the requirement to change the router functionalities suggests difficulties for the
proposal to be widely adopted. For these reasons, this thesis exclusively focuses on the

design and evaluation of pure end-to-end algorithms.

11
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Chapter 3

Improving TCP Start-up Behavior Using Jump Start

In this chapter, we first introduce a new approach called Jump Start as an attempt to
improve the TCP start-up behavior in high BDP networks. We describe the Jump Start
mechanism in detail. Finally, we study the potential implications of Jump Start to the TCP

start-up behavior in high BDP networks and discuss its pros and cons.

3.1 Problem Description

The standard TCP protocol uses a traditional Slow Start algorithm at the beginning of its
transmission. It begins with a conservative initial sending rate, i.e., only 1 to 4 packets in
the first RTT per the standard (RFC 3390 [AFP02]). Then it exponentially increases the
congestion window size, trying to probe for an appropriate sending rate which utilizes the

available capacity well.

Although Slow Start can work fairly well with normal networks [J88], its
performance suffers from severe inefficiency when it is applied to high BDP networks.
This is because it takes too long for the sender to reach an available high rate. To
illustrate the problem, let us consider the network with a bottleneck of C bps, a round-trip
time of RTT seconds, and thus a BDP of N = C * RTT bits. If DropTail is used and the
transfer size is larger than N bits, Slow Start keeps increasing the cwnd up to N until any
packet drops due to a queue overflow at the bottleneck. Such processing takes at least
RTT*logzN seconds. Therefore, the larger C or RTT is, the longer it will take to make full
use of the bottleneck capacity. Thus, much bandwidth will be wasted before the highest
available sending rate is reached. In fact, when the transfer size is less than 2N, the

bottleneck capacity will never be fully utilized.

12



The impact of Slow Start on overall performance is highly related to transfer size. If
the connection is short enough to fit in one RTT, the entire transmission will end before
other mechanisms of TCP begin to work. On the other hand, if the connection is too long,
Slow Start becomes a small transient at the very beginning, thus overall performance will
be decided primarily in Congestion Avoidance rather than in Slow Start. In either case,
modifications to Slow Start make a less significant contribution to overall performance.
Therefore, for a connection with a medium transfer size relative to the BDP, which takes
more than one RTT to finish the transmission but not too long to obscure Slow Start, a

faster start-up becomes more important to the improvement of the overall performance.

As discussed in Chapter 2, many approaches have been proposed and studied to
improve TCP’s start-up behavior in high BDP networks. All of them focus on speeding
up Slow Start. However, since Slow Start has become time-consuming in high BDP
environment, it is natural to come to the idea that we eliminate Slow Start, and replace it
with a more aggressive start-up mechanism, i.e., to begin with an arbitrarily large sending
rate directly. In the remaining part of this chapter, a new start-up mechanism, named
Jump Start, is introduced in detail, as an attempt to address the problem of Slow Start.
Moreover, simulations are implemented to study the potential impacts of Jump Start on

TCP performance in high BDP networks.

3.2 Jump Start

As a sender-side mechanism, Jump Start involves a number of steps. First, the sender
takes an RTT sample, RTTy, from the three-way handshake and sets the initial cwnd size
to cwndy packets. The value cwndp is set to the minimum amount of D, data queued
locally for transmission, and awnd, the receiver advertised window. The sender then

paces all cwnd, packets over RTT, seconds. In other words, there is no mechanism in

13



place by which the sender can probe for an appropriate starting point; any congestion
caused by the interaction between hosts and routers is handled by the network itself. It is
well known that an oversize congestion window size will cause undesired bursts at the
start of the round trip cycle, and large bursts (of hundreds of segments) usually introduce
loss [BAO5]. To avoid such bursts, instead of sending all cwndgpackets in a bunch at once,

the sender paces them over RTT, seconds.

Jump Start terminates in two conditions when either (a) the first ACK arrives and
notifies the end of the first RTT, or (b) all cwndy packets are sent out. When either
condition happens, the sender will turn back to standard TCP to finish the rest
transmission. In other words, Jump Start only acts within one RTT. It quickly switches
back to the normal TCP so that even if the initial sending rate is overly aggressive for the
network path, the possible resulting congestion does not become too severe within such a
short time. We use pacing only during the first RTT but not throughout the whole
connection, because based on the previous study [ASA00], multiple flows paced through

the bottleneck may end up in synchronization and thus lead to worse performance.

If the initial sending rate is so aggressive that congestion occurs during the first RTT,
the sender will use standard loss recovery algorithms in response to the packet drop. In
this way, the sender will halve its cwnd and retransmit the lost packet. Moreover, the
sender will keep counting the number, R, of the retransmitted packets until a new ACK
arrives. Then it will set the cwnd to (cwndy — R) / 2. Here, R is subtracted from cwndy
because the capacity may have been overestimated, and the halving is TCP’s normal
response to congestion. Based on such a conservative estimation, the sender can adjust its
cwnd to nearly half of the load which the network has been able to handle, and may

recover from the packet loss events in a short time.
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3.3 Simulations and Results

To study the impact of Jump Start on TCP performance, we implemented Jump Start

in ns-2 [NS2] and ran simulations in ns-2 for performance evaluation.

Ns-2 is an event-driven network simulator which implements many network features,
including network protocols such as TCP and UDP [P80], traffic source behaviors such
as FTP [PR85], Telnet [PR83], and Web [JWO04], router queuing management
mechanisms such as DropTail and RED [FJ93], and routing algorithms such as Dijkstra’s
algorithm [D59] among others. According to [NS00], ns-2 is composed of several main
components, such as a simulation event scheduler, a set of network component object
libraries, and network setup module libraries. The user can program in the OTCL [M95],
using the network objects and the plumbing functions in the library to set up the network
topology. Ns-2 then interprets the script to schedule events such as when to start and stop
the transmission. Using ns-2, we can keep track of various related network settings

besides the simulation results.

The network topology used in our simulations is depicted in Figure 3.1. The basic

Receiver 1

dumbbell topology is used for all simulation scenarios.

2500Mbps, 1ms 2500Mbps, 1ms

Receiver 2n

Figure 3.1 Simulation topology: Dumb-bell
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Table 3.1 shows the network configuration of our simulations for Jump Start. These
parameters and settings are constant during all simulations, except when otherwise
specified for specific simulation purposes. The duplex link between two routers has 50
Mbps of bandwidth and 30 ms of one-way delay. The link between each end host and the
router has 2,500 Mbps of bandwidth and 1ms one-way delay. The buffer size is 250

packets at the router, but is 20 times larger at the end host.

Table 3. 1 Network configuration

Bottleneck Link

Bandwidth (Mbps) 50
One-way Link Delay (ms) 30
Sender Buffer Size (packet) 250
Side Link

Bandwidth (Mbps) 2,500
One-way Link Delay (ms) 1
Sender Buffer Size (packet) 5,000
TCP Configurations

Maximum Segment Size (byte) 1,460
Maximum Advertised Window Size (packet) 10,000
Maximum Congestion Window Size (packet) 10,000
Initial Congestion Window Size of Slow Start (packet) 3
Minimum Retransmission Timeout (sec) 1

In order to study the relationship between the impact of Jump Start and the general
network parameters such as the bottleneck capacity, RTT, sender’s buffer size, and
transmission size, we designed a series of scenarios for each group of simulations. Table

3.2 lists all the scenarios we considered in our simulations.
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Table 3.2 Scenario design and specified parameter settings

Bottleneck Bottleneck Connection
Number of C ) Bottleneck Buffer Si L h Performance
Flow(s) apacity RTT(ms) utier sz engt Metrics
(Mbps) (packet) (packet)
5 25
50 60 250 1~512 Percent
Improvement &
1
500 2 500 Drop Rate Increase
’ of Jump Start
500 2~512 10,000 250

Bottleneck
Number of Bottlen_eck Bottleneck Buffer Tra_nsfer Flow Performance
Capacity . Size Interval ;
Flows (Mbps) RTT(ms) Size (packet) (ms) Metrics
P (packet) P

Connection
100 500 60 10,000 900 10~500 Duration &

Drop Rate

Number
of Flows Bgttlengck Bottleneck gogleng_ck Trg_nsfer I Flow | Performance
(Qump | C3PACILY | gy | BufferSize | Size - Interval | "oy
starto) | (MbPS) (packet) | (packet) | (ms)
100 Mediar_l Flow
(10% ~ 50 60 250 45 50 Duration &
90%) Median Flow
Drop Rate

See Table 3.3.4

See Section 3.3.5

17



3.3.1 Single FTP Flows

3.3.1.1 Impact of Transfer Size

We start our simulation with the simplest traffic model in which a single FTP flow runs
one direction through the bottleneck. In this simulation, three scenarios are used to study
the impact of the transfer size on overall network performance. The scenarios have
bottleneck capacities of 5Mbps, 50Mbps, and 500Mbps, respectively. The bottleneck RTT
is always set to 60 ms and the bottleneck buffer size is equal to the bottleneck BDP, i.e.,
25, 250, and 2500 packets, accordingly. Each simulation is repeated for both the Jump
Start flow and the Slow Start flow, with the transfer size ranging from 1 to 512 packets.
In each simulation, the Jump Start flow and the Slow Start flow are compared in the
connection duration and aggregate drop rate. As for the metric, we use the Jump Start

Percent Improvement. As another metric, the Jump Start Drop Rate Increase is computed.

Theoretically, bottleneck buffer size can be thought of as a tipping point between
regimes where Jump Start is useful and where it is not. When the transfer size is larger
than the bottleneck buffer size, Jump Start may quickly build up a queue in the bottleneck
and cause packet drops due to the buffer overflow. However, when the traffic load can be
handled by the bottleneck well, Jump Start can effectively speed up the transmission by

using a higher initial sending rate than Slow Start.

Figure 3.2 (a) and (b) plot the Jump Start Percent Improvement and Drop Rate

Increase as a function of transfer size respectively.
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Figure 3. 2 Percent improvement and drop rate increase of Jump Start compared with

Slow Start across a variety of bottleneck capacities

Figure 3.2 (a) shows that when there is only 1 packet to send, Jump Start and Slow
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Start perform identically, whereas when connection length increases to 2 or 3 packets,
Slow Start shows better performance because Jump Start has to pace all packets but Slow
Start simply sends them out in a bunch at once. After that, Jump Start shows an
increasing advantage over Slow Start, until its performance begins to degrade after the
transfer size exceeds a specific value. For example, in the 5SMbps case, Jump Start
achieves up to 47% of percent improvement until the connection length reaches 32
packets, approximate to the network bottleneck buffer size of 25 packets. In the 50Mbps
case, the Jump Start percent improvement reaches 70% when the connection length
reaches 210 packets, also approximate to the bottleneck buffer size of 250 packets.
However, in the 500 Mbps case, Jump Start maintains the best performance among the
three cases and achieves better performance than Slow Start for all cases. All these
simulation results meet our theoretical expectation well. The reason for the performance
degrade of Jump Start can be found in Figure 3.2 (b), in which the Jump Start Drop Rate
Increase is up to 37% in the 5Mbps case. For the 50Mbps case, although Jump Start does
not introduce any packet drop, it still shows a drop in performance due to its longer

queuing delay when compared with Slow Start.

From the results of this simulation, we can see that the impact of Jump Start on the
network performance is related to the connection length. If the traffic load can be handled
by the bottleneck with the given buffer size, Jump Start can significantly benefit the
overall performance. On the contrary, if the connection length is too large for the
available bottleneck buffer to absorb within one RTT, Jump Start degrades the

performance by worsening the congestion problem.

3.3.1.2 Impact of Bottleneck RTT

In this simulation, we focus on the study of the impact of bottleneck RTT. The traffic

model is the same as that of the pervious simulation but the network configuration differs
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a little. The bottleneck one-way delay ranges from 1 ms to 256 ms to produce a variety of
bottleneck RTTs. The bottleneck capacity is set to 500 Mbps. The connection length is set
to 250 packets and the bottleneck buffer size is set to 10,000 packets, such that the
connection length will not become the hindrance to the overall performance. For the
metric, the Jump Start Percent Improvement is used again but the Drop rate increase is

omitted since the bottleneck buffer is large enough to avoid packet drop.

Theoretically, when the one-way delay of the bottleneck is increased, there is a
two-fold increase in the bottleneck RTT. Since the sender paces all packets out in a rate
inversely proportional to the RTT, the increase in RTT leads to a lower sending rate at the
sender, and thus to a shorter queuing delay which renders the overall duration shorter.
Then, for a small one-way bottleneck delay, e.g., less than 5 ms, the decrease in the
queuing delay can significantly reduce the overall duration. But the impact becomes less

as the one-way bottleneck delay increases.
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Figure 3.3 Percent improvement for Jump Start when compared with Slow Start as a

function of one-way bottleneck delay
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As shown in Figure 3.3, the Jump Start flow obtains better performance in all cases
because the bottleneck buffer size is large enough to avoid any packet drop due to buffer
overflow. In addition, since the maximum bottleneck queuing delay is 250*1500*8 bytes
/ 500 Mbps, i.e., 6ms, the Jump Start percent improvement increases when the one-way

delay increases from 1 to 6 ms, and then remains the same for any longer delay.

3.3.2 Competing FTP Flows

In this section, we consider a more complicated traffic model, in which there are multiple
FTP flows competing for the bottleneck capacity, and the amount of contention for the
bottleneck capacity is controlled by the interval between when connections start. In this
simulation, we focus on scenarios with either pure Jump Start flows or pure Slow Start
flows, and leave the mixed flows composed of both Jump Start flows and Slow Start
flows to the next section. To study the impact of the interval on Jump Start, the median
connection duration and aggregate drop rate of the Jump Start flows will be compared
with that of the Slow Start flows. Using the dumbbell network topology described at the
beginning of Section 3.3, we start 100 FTP flows on each direction successively with a
set of intervals ranging from 10 ms to 500 ms. Each flow has a transfer size of 900
packets. The bottleneck has a capacity of 500 Mbps, an RTT of 60 ms, and a buffer of
2000 packets.

In theory, when the interval is small, Jump Start may introduce more traffic loss
events to the network than Slow Start. This is because the initial sending rate used by
Jump Start may be so high that the bottleneck queue will overflow easily. Although Jump
Start may cause a higher aggregate drop rate than Slow Start, the median connection
duration of Jump Start flows may still be less than that of Slow Start flows. The reason is
that even when Jump Start suffers from more retransmission than Slow Start, Jump Start

may finish the rest transmission within another 1 or 2 RTTs, while Slow Start may take
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many more RTTs to reach an appropriate sending rate. On the other hand, when the

interval time is so large that no congestion occurs, the difference between the connection

duration of Jump Start and Slow Start becomes stable, i.e., specific number of RTTs.
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Figure 3. 4 Connection duration and aggregate drop rate as a function of start interval:

Jump Start vs. Slow Start
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The result shown in Figure 3.4 confirms our theoretical hypothesis. When the
interval is no more than 30 ms, although Jump Start flows suffers from an aggregate drop
rate up to 5% higher than that of Slow Start flows, the median duration of Jump Start
flows is shorter than that of the Slow Start flows. As the interval increases, the difference
between the median duration of Jump Start case and Slow Start case increases as well.
Finally, when the interval is more than 30 ms, both cases show stable duration regardless
of the start interval, whereas the duration time of Jump Start flow is 60% less that that of

the Slow Start flows.

3.3.3 Mixed FTP Flows

In this simulation, we turn to the scenario with mixed FTP flows composed of both Jump
Start flows and Slow Start flows. Using the dumbbell network topology described at the
beginning of Section 3.3, we start 100 FTP flows on each direction with an interval of 50
ms between each flow. The transfer size of each flow is set to 45 packets. The bottleneck
has a capacity of 500 Mbps, an RTT of 60 ms, and a buffer of 2000 packets. Moreover,
the 100 FTP flows on each direction are composed of both Jump Start flows and Slow
Start flows. To see how the ratio of the Jump Start flows to the Slow Start flows may
affect the overall network performance, we repeat the simulation by ranging the
percentage of Jump Start flows from 10% to 90%, and compare the median connection

duration and median drop rate of Jump Start flows with that of Slow Start flows.

Theoretically, when the majority flows are using Slow Start, the bottleneck queue is
mainly occupied by the packets of the Slow Start flows, whereas the packet of the Jump
Start flows may be delayed in the queue or be dropped due to queue overflow with in a
much higher possibility. Thus the Jump Start flows may suffer from a higher aggregate
drop rate and longer median connection duration. Conversely, when the percentage of the

Jump Start flows is increased, the possibility for the packets from such flows to be
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delayed will also decrease. When the ratio of the Jump Start flows to the Slow Start flows
is large enough such that Jump Start can make full use of the bottleneck queue, Jump

Start shows an obvious advantage over Slow Start.
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Figure 3.5 Median connection duration and median drop rate as a function of the

fraction of Jump Start flows: Jump Start vs. Slow Start
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The simulation results in Figure 3.5 meet our theoretical expectation. From the plots
we can see that Slow Start shows a little better performance than Jump Start when the
fraction of Jump Star flows is less than 20%, whereas Jump Start always takes a shorter
connection duration and a lower aggregate drop rate than Slow Start for cases when more
than 20% of the competing flows use Jump Start. From the plots, we can also find the
performance of both Jump Start flows and Slow Start flows fluctuates in terms of the
fraction of the Jump Start flows. Future work will be needed to figure out the factors

determining such instability.

3.3.4 Web Traffic

In this section, we conduct simulations using a more realistic traffic model, i.e., a web
traffic model composed of multiple short HTTP flows. The dumbbell topology in Section
3.3.1is used in our simple web system, with only one pair of sender receiver acting as the
client and server respectively. The web traffic generator of ns-2 is used to automatically
generate traditional HTTP 1.0 transactions. To catch the realistic web traffic pattern, we
set the workload and web parameters as follows in Table 3.3 based on the study of
[KWZ02]. The bottleneck capacity is 10 Mbps. In the simulation there are 50 web
sessions starting every 5 ms on both directions. Each web session has 5 web pages to
send on an average and each web page contains several embedded web objects. The size
of the web page follows the Pareto-I1 distribution with an average of 4 web objects and a
shape of 1.5. The web object also follows the Pareto-Il distribution with an average of 4
packets and a shape of 1.2. The inter-page interval and inter-object interval are both
exponentially distributed with the average being 500 ms and 50 ms respectively. The

simulation is conducted with Jump Start and Slow Start under the same scenario.
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Table 3.3 Parameters of the Web traffic simulation

Web Traffic (HTTP 1.0)
Number of Bottleneck Buffer Bottleneck Bottleneck Web Session
Server/Client Size (packet) Capacity (Mbps) RTT(ms) Number
1/1 250 10 60 50
Web Pages Size Web Object Size
(Pareto-11 Distribution) (Pareto-11 Distribution)
Average o = 4 Web object, Shape k = 1.5 Average a = 4 packets, Shape k = 1.2
Web Session Size | Inter-session Time Inter-page Time (ms) Inter-object Time (ms)
(Web pages) (ms) (Exponential Distribution) | (Exponential Distribution)
5 5 Average = 500 Average =50

Ns-2 sets up a connection whenever there is a web object to send, so we consider the
transmission of a web object as a connection. To see the impact of Jump Start on web
traffic, the Cumulative Distribution Function (CDF) of connection duration and
per-connection drop rate is studied. Since the default initial cwnd of Slow Start is set to
three packets, the results of connections carry no more than three packets are filtered out

for more accurate analysis. Results are shown in Figure 3.6 [LAJWO7].

Figure 3.6 (a) shows the distribution of connection duration for both start-up
mechanisms. We can see that Jump Start can significantly benefit the connections with
short durations. For example, 45% of both Jump Start connections and Slow Start
connections consume less than one second, whereas Slow Start connections usually take
more than twice as much time as Jump Start connections when the same percentage of
connections are considered. This is expected because the transfer load of those Jump Start
connections is well absorbed by the bottleneck quickly enough such that Jump Start

effectively speeds up the whole transmission. However, the performance improvement
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decreases when the connection duration increases. In fact, Jump Start and Slow Start
perform similarly when connection durations are between 1s and 1.5s. This is because
when the transmission takes more than 16 RTTs, the steady-state of the connection has

been reached and it has more impact on overall performance than the start-up phase.
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Figure 3. 6 Distributions of connection duration and aggregate drop rates: Jump Start vs.

Slow Start
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The distribution of per-connection loss rate is shown in Figure 3.6 (b). From the plot
we can see that 10% more Jump Start connections cause no congestion when compared
with the Slow Start connections, which is another benefit of Jump Start. Given the fact
that the short Jump Start connections end up faster than those Slow Start ones with the
same size, it is reasonable that when Jump Start is used, more connections can be handled
by the bottleneck since more bandwidth has been spared due to the early completion of
those short Jump Start connections. However, in general, Jump Start shows a higher loss
rate than Slow Start. For example, the loss rate of Jump Start connections can be up to
twice as high as that of Slow Start connections. In fact, the study in [AHO98] shows that
the loss rate is correlated with the congestion window size, so the higher loss rate of
Jump Start can be explained by its more aggressive start-up behavior. Such a drawback
dose not conflict with the performance improvement showed in the pervious plot. This is
because that even with a higher loss rate and thus more retransmissions, Jump Start
connections may still end before Slow Start connections. For instance, if a Jump Start
connection has a transfer size of 100 packets and a loss rate of 50%, 50 lost packets have
to be retransmitted which may take another RTT to finish. Even in this way, Jump Start
still takes less time than the standard Slow Start which requires about 5 RTTs to complete
the transmission of 50 packets. Therefore, even with a higher loss rate, Jump Start may

still contribute to the overall performance.

3.3.5 Active Queue Management

In this simulation, the Active queue management (AQM), specifically RED, is employed
at the bottleneck queue to operate with Jump Start. For the performance comparison in
terms of connection duration, four scenarios are simulated, i.e., Jump Start with DropTail,
Jump Start with RED, Slow Start with DropTail, and Slow Start with RED. First, we

study the case of a single FTP flow. The simulation in Section3.3.1.1 is repeated except
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that RED rather than DropTail is used at the bottleneck queue.

In theory, RED is designed to control the congestion level and avoid buffer overflows.
Since RED uses the Early Packet Dropping technique to limit queuing delays, it may run
the queue in a regime that more often has space to accommodate the bursts, as opposed to
DropTail which may run deeper buffers in general. However, due to the possible overly
aggressive start-up behavior of Jump Start, it might still be too hard for RED to control
the huge packet bursts within a relatively short round-trip time. In that case, when the
sender receives the congestion signal provided by the RED mechanism, the sender
probably has already switched to Slow Start due to the expiration of RTO which indicates

the severe congestion caused by the packet bursts introduced by Jump Start.

Figure 3.7 shows that, at least in this particular scenario, RED cannot provide
significant performance improvement for Jump Start. As we can see, the lines of the RED

cases and the corresponding lines of the DropTail cases almost overlap.
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Figure 3. 7 Connection duration as a function of transfer size: Jump Start vs. Slow Start,
DropTail vs. RED
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Then we turn to the case of multiple FTP flows. Similarly, the simulation in Section
3.3.2 is repeated except that the bottleneck queue management policy is RED instead of
DropTail. The connection duration is compared among four scenarios in the same way as
in the last simulation. The simulation results shown in Figure 3.8 confirm our theoretical
expectation again. In general, the performance difference between the RED case and
DropTail case is very trivial. When the interval is less than 30 ms, the RED case shows a
little advantage over the other one in terms of connection durations. However, when

intervals become longer, RED and DropTail have the same performance.

According to above two simulations, we can see that RED can hardly help in solving
the problem of Jump Start. The reason for this lies in the way RED detects the congestion,
which is based on the average queue size instead of the current queue size. Therefore,
AQM can help little in absorbing the traffic bursts introduced by Jump Start unless it has
a mechanism sensitive enough to detect the congestion in time. In the future work, other

AQM mechanisms (e.g., CHOKe [PP00]) will be studied.

3.4 Coping Methods

From the simulations in the Section 3.3, we can see that Jump Start has the potential to be
overly aggressive. So in order to cope with Jump Start, we think a number of methods
can be used or have already been used by the network to address the problem caused by
the over aggressiveness of Jump Start. First, it is well known that the Web traffic is
heavily tailed, so if Jump Start were used, the fraction of connections which impose a
heavier load to the network would be small. Second, the sender can apply a particular
policy to limit the initial sending rate to specific flows based on the practical
requirements. Moreover, the end host using Jump Start can mark the packets in the initial

window so that once the congestion occurs the router can drop those packets with a
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higher priority. Finally, in the enterprise network with a low degree of congestion, Jump
Start would be especially useful. We provide a more detailed discussion for all these

coping methods in [LAJWO7].

3.5 Summary

In this chapter we first presented a new idea in term of Jump Start which eliminates
TCP’s traditional Slow Start. Then we used various simulations to explore the impact of
Jump Start to TCP performance in high BDP networks. Our simulations results showed
that Jump Start has both benefits and drawbacks. Generally, when the traffic load can be
absorbed by the bottleneck buffer, Jump Start can appreciably speed up the transmission,
whereas when the traffic load cannot be handled by the bottleneck within a short RTT,
Jump Start may degrade the performance by causing a longer queuing delay or RTO due

to the over-aggressive initial sending rate.
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Chapter 4
Improving TCP Steady-state Behavior Using EXP-TCP

In this chapter we present a new TCP variant called Exponential TCP (EXP-TCP) which
is a sender-only TCP modification for high BDP networks. During its Congestion
Avoidance phase, EXP-TCP uses the Exponential Increase Multiplicative Decrease
algorithm (EIMD) to control its cwnd and utilizes historical information in its increase
rule. In this way, EXP-TCP effectively achieves convergence-to-fairness while still

achieving high performance.

4.1 TCP Variants for High BDP Networks

During its steady-state, standard TCP uses the traditional AIMD algorithm during its

Congestion Avoidance stage with the following response function:

(94 .
Increase : W<« W+ — a>0 inevery RTT;
w

Decrease : w<« (1-p8)*w 0< B <1 oneach lossevent

where w is the value of cwnd; & and P are increase and decrease parameters which

control the increment of cwnd in every RTT and the deduction of cwnd upon each packet

loss event, respectively. Normally, @ is set to 1 and  set to 0.5 such that cwnd is
linearly increased by one packet per RTT if there is no congestion and is halved once any

congestion is detected [APS99, J88].

However, AIMD holds back TCP’s performance in high BDP networks, so many
modifications have been proposed to improve it. In this section, all the examples of TCP

variants for high BDP networks in Chapter 2 will be reiterated in more detail.
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First, let us look at the examples of end-to-end congestion control approaches, e.g.,
HSTCP [F03], STCP [K03], BIC-TCP [XHR04], H-TCP [SL04], and FAST-TCP
[JWLO4]. HSTCP is a typical sender-only TCP modification designed for TCP
connections with high cwnd. It modifies the traditional TCP response function with three
parameters, Wiow, Whigh and Phigh. By default, Wiow, Whigh and Phignh are set to 38, 83000,
and 107 respectively, such that HSTCP can achieve the steady-state throughput of 10
Gpbs with the packet loss rate of 107 when the packet size is 1500 bytes and the RTT is
100 ms [FO3]. When the current cwnd is below W),,, HSTCP behaves in the same way
with regular TCP. When cwnd exceeds Wo, the goals are to make the increase more
aggressive and to make the decrease less dramatic. To achieve these goals, HSTCP uses a

new response function with an upper bound specified by Whigh and Phigh, Which sets the

increase parameter @ , decrease parameter:B , and packet loss ratio p as functions of the

current cwnd as follows:

() = 25 B * p(w)
2-p(w)
_ logw—logW,, B
B(w) = IogWhigh “logW,_ (IBhigh 0.5)+0.5

logw—logW,
W) =ex W _(logP, ., —logP_ . )+logP
p( ) {Iogwhigh_logwlow( g high g Iow) g low

where w is the current value of cwnd, B, with a default value of 0.1, is the value

of B when cwnd equals Whigh. The function p(w) is defined such that it has a value of

P

low

=0.078/ /WIOW when w is equal to W), (with default value of 38) and it has a value of

Phigh When the w reaches Whigh. From these equations we can see that when w is larger

than Wiow, & is more than 1 and Z iis less than 0.5. In this way, HSTCP conducts a more
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aggressive increase and more moderate decrease than regular TCP during its steady-state.
The effect of such a new response function is, the throughput of a HSTCP connection can
be considered as equivalent to that of N parallel standard TCP connections where N

varies as a function of cwnd, i.e., N = (cwnd / Wiow)™* when cwnd is larger than Wiy,

STCP sets the increase and decrease parameters to some specific values (& = 0.01

and B = 0.125) and uses a Multiplicative Increase Multiplicative Decrease algorithm

(MIMD) as follows:

1.01 .
Increase : w<« w*—— inevery RTT;
w
Decrease: w <« 0.875%xw on each loss event

According to the previous studies in [K03], STCP can significantly improve the TCP

performance in bulk transfer networks.

BIC-TCP is another window-based TCP protocol for high BDP networks. It uses the

same Multiplicative Decrease rule as STCP which set the Decrease Parameter & to 0.125.
The window growth period of BIC-TCP has two stages, the additive increase phase and
the binary search increase phase. Assume Wnax iS the cwnd size just before the
multiplicative deduction and Wp, is the cwnd size just after the deduction. After the cwnd
is reduced due to a packet drop, BIC-TCP increases its cwnd linearly to W’ = min
{(Wmax-Wnin)/2, Smax}, Where Spax is a fixed constant. If congestion occurs when cwnd
reaches W’, Wi is set to W’, otherwise, Wnax is set to W’. After that, BIC-TCP repeats
the similar window update until the cwnd increment is less than another constant
threshold Spin. Such a process is described as a binary search growth of cwnd. When W’
reaches the initial Wnax, BIC-TCP enters the “max probing” stage which uses the inverse

of binary search and then additive increase.

H-TCP is another TCP variant which intends to improve TCP’s aggressiveness in
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high BDP networks. When no congestion is detected during a particular length of time,

AL, H-TCP will increase its cwnd aggressively as a function of the elapsed time since the
last congestion event. Once a loss event is detected, H-TCP switches back to standard

TCP. H-TCP has the following response function:
Increase:  w, (k) < w, (k) + ¢« (k) in every RTT;
Decrease :  w, (k) <= w, (k)* g, (k) on each loss event

where wi(k) is the cwnd value of the ith connection before backoff due to the kth

congestion event, (k) and Ai(K) are increase and decrease parameters at the kth

congestion event which have the following functions:

1 if A, (k) <AL

a (k+1)= (k) — on each ACK;
(k+) 1+1O(Ai(k)—AL)+(#)2 otherwise

B (k+1)~B; (k)|

0.5 if >0.2
| Bk |
Li(k+1) = on each loss event
RTTmin i .
: otherwise
RTT i

where A, (k) is the elapsed time since the last congestion event experienced by the ith

connection, AL acts as a threshold for switching from traditional linear increase rule to
the new increase function (with a default value of 1s), B (k) denotes the throughput of
. . . RTT,..: . :
the ith connection just before the kth congestion event, and —™"' js the ratio of the
max, i

minimum and maximum RTT’s of the ith connection.

FAST-TCP belongs to another kind of end-to-end approaches which uses

both queuing delay in addition to packet loss event as congestion indicators. Based on the

37


http://en.wikipedia.org/wiki/Queueing_delay
http://en.wikipedia.org/wiki/Packet_loss

estimated average RTT and average queuing delay, FAST-TCP updates its congestion

window size periodically according to the following response function:

w — min{2w, (1- y)w + ;/(tja;e%W +a(w, qdelay))}, O0<y <1

where baseRTT is the minimum observed RTT for the connection and gdelay is the
average queuing delay. Using this function, FAST-TCP estimates the queue size by
measuring the difference between the observed RTT and baseRTT, and tries to adjust the
sending rate to maintain a constant queue size throughout the networks, that is, increase
the sending rate when there are too few packets in the queue, and decrease the rate if too
many packets have been queued. According to the previous studies in [ATCZ05, JWL04],
FAST-TCP can achieve both higher performance and better fairness than HSTCP and
STCP in high BDP networks. However, if FAST-TCP competes for the same bottleneck
resource with other loss-based algorithms, it tends to be less aggressive due to an over

sensitive reaction to the congestion event.

The second category applies network-assisted mechanisms which require
cooperation between routers and end-hosts. Explicit Control Protocol (XCP) [KHRO02]
and Variable-structure Congestion Control Protocol (VCP) [XSSKO05] fall into this
category. XCP can effectively decouple the efficiency control and fairness control
mechanisms because it uses two different controllers for efficiency and fairness. The
main limitation of such approaches is the cost to upgrade the routers to support such
mechanisms. VCP leverages the two ECN bits so that routers can return more precise
feedbacks about the network. Although VCP still needs extra modification to the routers,

the deployment cost is relatively lower than XCP.

In this thesis, we focus on the study of loss-based and window-based congestion

control algorithm and leave the studies of other approaches to the future work.
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4.2 EXP-TCP

Although the above proposals have addressed some problems for TCP in high BDP
networks, there are still other problems unsolved such as the unfairness problem between
competing flows. To address this problem, we present a new TCP variant, EXP-TCP, in
this paper. Our goal is to exploit the decoupling of efficiency control and fairness control
with a pure end-to-end method so as to obtain TCP fairness while still maintaining high
bandwidth utilization in high BDP networks. Its implementation and deployment costs
are much less than those of the router-assisted approaches, because only simple

modification is needed in the end-system, specifically, only at the sender side.

To decouple efficiency control and fairness control, two objectives are considered
when designing the window update rules. First, we need to maximize the efficiency, i.e.,
the absolute aggressiveness of an individual flow should be high. Linear increase in the
traditional AIMD is considered inefficient and super-linear increase (including
exponential increase) is desirable. Second, we need to improve the fairness, i.e., the

relative aggressiveness of two competing flows should be set appropriately.

Meanwhile, these two objectives should not be conflicting. Unfortunately, in the
previous HSTCP and STCP protocols, they conflict with each other. The current
congestion window size determines both the absolute aggressiveness and the relative
aggressiveness. In that sense, both protocols are stateless controls. This suggests that to
decouple efficiency control and fairness control, we may need stateful controls which can

use some historic information to indicate the network condition.

4.2.1 EIMD Algorithm

Instead of the traditional AIMD algorithm, EXP-TCP uses a new EIMD algorithm in the

Congestion Avoidance phase. The response function of EXP-TCP is as follows:
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Increase :w <« w+y x(1—-w,/w+w,/w); y>0 oneach ACK; (1)

Decrease :w <« (1-fg)xw; 0<f<1 on each loss event  (2)
where wy and w denote the initial and final cwnd value of the current congestion epoch,
which is defined as the time between two consecutive decreases in cwnd.

The multiplicative decrease rule (2) applies a small value of 3, i.e., 1/8, to obtain a
modest decrease when congestion occurs. In the increase rule (1), the rate of increase is

controlled by? which is set to a small default value of 5%. Since wy is a constant in the
same Congestion Avoidance epoch, we emphasize that the use of wymakes EXP-TCP a
stateful congestion control mechanism. In the following section, we will explain in more

details why we design our new congestion control rules in this way and how it works.

4.2.2 Algorithm Analysis

In this section, we present a more theoretical analysis of the control algorithm of

EXP-TCP and how the efficiency control and fairness control is decoupled effectively.
To illustrate how it works, let us first examine the evolution of the window size of an

EXP-TCP connection. Since the congestion window is updated about cwnd times in one

RTT, the aggregate increment of cwnd is nearly y(w—w, + \/WT ) per RTT according to

the update rule (1). Then, via a sequence of iterations we can see that the cwnd is updated

using the following function:
w=w, +(L+7) -Dw, (3

where t is the time counted in RTTs. From the function (3), we can see two properties of
EXP-TCP. First, cwnd grows exponentially over time t, which is important for EXP-TCP

to achieve high efficiency in utilizing the bottleneck bandwidth. Second, the relative

growth rate is proportional to ./w, , which is vital for EXP-TCP to obtain the
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converge-to-fairness property of EXP-TCP.

The first property enables EXP-TCP to achieve high efficiency, because according to
the increase rule (3) the absolute window growth is exponential over time, whereas the

Multiplicative Decrease rule remains the same as that of AIMD, except that the

parameterﬂ is set to a smaller value of 1/8 rather than the traditional 1/2. This results in
aggressive increase and moderate decrease behavior of EXP-TCP which allows the

sender to probe available bandwidth quickly, thus often leads to high network utilization.

CWND |
J/BW per RTT
/
W | / 1 / r'f
/ / ‘ / / / /
I‘.’I / / j-/ f__-/ /./ ! f/.z
/ p0.5
cwndp= | YW per RTT
(-pw ‘
/ O(logy4,W)
TIME
0

Figure 4.1 Anillustration of the congestion window size evolution of EXP-TCP

Figure 4.1 shows an illustration of the evolution of congestion window size of an
EXP-TCP connection. As it has shown, in steady-state with periodic losses, the

congestion epoch duration is at the order of O(logw) with W being the cwnd value at the

end of the epoch, i.e., when a loss is detected. In each epoch, the growth of cwnd

becomes more and more aggressive when no loss event is detected. For example, at the

beginning of a congestion epoch, i.e., whencwnd = w,, the growth rate is ., /w, per RTT.
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Then when cwnd increases to W, the growth rate becomes YN per RTT. Furthermore, if
abundant bandwidth is available and cwnd increases to a value W >> wy, the asymptotic

growth rate is W per RTT and it will become a stateless multiplicative increase. In

collaboration with the multiplicative-decrease algorithm, this exponential-increase rule

enables EXP-TCP to achieve high efficiency in high BDP networks.

4.3 Simulations and Results

We use ns-2 simulation to evaluate the performance of EXP-TCP for a wide range of
network configurations. We repeat most experiments described in [KHR02], [ XSSKO05],
except that we consider only end-to-end control schemes. It would be interesting to see if
pure end-to-end controls can obtain comparable performance to that of the router-assisted
approaches. A simple dumbbell network is used. The bottleneck capacity varies from
2.5Mbps to 5Gbps. The number of flows in the system varies from 2 to 512. We also
consider a mixture of long flows and Web traffic. The percentage of link capacity
consumed by Web traffic ranges from 0.2% to over 50%. In most simulations, we use
two-way traffic except as otherwise noted. The reverse path is saturated such that the
flows are under the pressure of ACK compression. In most simulations, we use different
round-trip propagation delays to eliminate artificial synchronization. However, in some
simulations we need to create synchronization and we use identical round-trip
propagation delay for different flows. The bottleneck queue size is always set to
bandwidth delay product. The data packet size is 1000 bytes. We use RED queues on the
bottleneck in most simulations unless otherwise noted. The RED parameters are set to
standard values: min_thresh = 0.1 * BDP, max_thresh = 0.3 * BDP, q_weight = 0.002,
max_p = 0.1 and the option gentle = ON. We enable ECN bits, although the performance

metrics except loss rate change little. Each simulation runs for at least 120 seconds.
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Standard TCP, HSTCP, STCP, and our EXP-TCP are compared. The Sackl variant
is always used and we always set maxburst = 4 according to [FF96]. For HSTCP, we set

all its parameters to their default values (Wow = 38, Whigh = 83000, Phigh = 0.0000001, and

Brign = 0:1). For STCP, we also set its parameters to the default values (4 = 0.125 and

@ = 0.01). For EXP-TCP, we set »=0.05 and 5=0.125 for all simulations. All the
simulations are very time-consuming (the ns-2 running time itself is at the order of
weeks). We are aware of other TCP variants such as BIC-TCP, H-TCP, and FAST-TCP.

We plan to conduct comprehensive evaluation with the configurations described above.

Our hypothesis is that EXP-TCP can achieve a comparable or better performance
while still providing better fairness than HSTCP and STCP. First it should obtain a higher
utilization, smaller queue size and lower drop rate than HSTCP and STCP regardless of
bottleneck capacity, number of flows, background web traffic size or other network
conditions. Second, it should converge to good fairness faster than HSTCP and STCP in
case of flow competition, and show comparable robustness in response to sudden
considerable traffic changes. To quantify and compare the converge-to-fairness ability of
each algorithm, we use Jain’s fairness index [JCH84] as the metric to evaluate the
simulation results. As a quantitative measure of the fairness of bottleneck bandwidth
allocation, the Jain’s fairness index is defined as follows: for N competing flows with the

throughput x;,1 <i < N, the fairness index is defined as follows:

4.3.1 Impact of Bottleneck Capacity

In this simulation, we intend to find the impact of bottleneck capacity on EXP-TCP. We
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vary the bottleneck capacity from 2.5 Mbps to 5 Gbps. In each direction, there are 16
homogeneous flows using the same control algorithm. We create side links with different
propagation delays so that the round-trip propagation delays of the flows are between 60
ms to 100 ms. Each simulation runs for 120 seconds. We obtain (1) the average
bottleneck utilization, which is an average value in every 200 ms, (2) the average queue
size normalized by the queue limit which is sampled once every 200 ms, (3) the average
bottleneck drop rate which is calculated for every 200 ms. Moreover, only the results
from the last 100 seconds of the simulation are used for evaluation so as to ensure the

steady state behavior but not the startup transient behavior of TCP is studied.

As shown in Figure 4.2, EXP-TCP consistently achieves more than 95% link
utilization. STCP performs the second best when the capacity is medium but its
utilization drops quickly when the capacity is very high. Since STCP uses MIMD
algorithm, the flow with high throughput keeps grabbing more bandwidth in a more
aggressive manner than the flow with low throughput, which causes the latter to do many
retransmissions and waste much bottleneck bandwidth. Standard TCP obtains the lowest
utilization when the bottleneck capacity is very high. HSTCP shows the low drop rate,
stable utilization, but its efficiency is lower than that of EXP-TCP and even performs the
worst among four algorithms in some conditions. This is because the aggressiveness of
HSTCP leads to a large burst of packets in the bottleneck queue, so RED drops more
packets to cause the senders to back off too frequently. Finally, all control algorithms
result in low queue size due to the use of RED, but standard TCP results in the lowest
loss, because standard TCP uses AIMD, which is the least aggressive one among all

algorithms.
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Figure 4. 2 Performance of congestion control algorithms when the bottleneck capacity

ranges from 2.5Mbps to 5.12Gbps
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4.3.2 Impact of Number of Flows

In this simulation, we study the impact of the number of flows. We fix the bottleneck
capacity to 300 Mbps, but range the number of homogeneous flows in each direction

from 2 to 512. All the other configurations are the same as in the previous simulation.

Figure 4.3 shows the simulation results of bottleneck utilization, queue size, and drop
rate for each TCP variant. Again we observe that EXP-TCP results in the highest
bottleneck utilization (97%-99%), whereas both standard TCP and HSTCP are much
behind. When the number of flows is small, Standard TCP does poorly, confirming the
inability of standard TCP to grab the abundant bandwidth, while HSTCP performs
somehow better but still not well for medium size capacity, mostly due to its still
dramatic window backoff. When the number of flows is large, HSTCP is almost identical
to TCP, since HSTCP is essentially standard TCP when the cwnd is small. STCP has
comparable bottleneck utilization to EXP-TCP when the number of flows is medium (e.g.,
between 20 and 200), but its utilization drops quickly when the number of flows is very
small (e.g., less than 20) or very large (e.g., more than 200). Moreover, although
EXP-TCP achieves high efficiency regardless of the number of flows, its average queue
size and drop rate at the bottleneck is still similar to or even lower than that of each other

TCP variant.

4.3.3 Impact of Web Traffic

In this simulation, we want to see the impact of short-live web traffic on the performance
of EXP-TCP. We run 16 homogeneous flows in each direction and fix the bottleneck
capacity to 300 Mbps. All the other configurations are the same as the previous two
simulations. In addition, we introduce short Web-like flows. Their transfer size follows a

Pareto distribution with a mean of 30 packets and a shape parameter of 1.35.
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Figure 4. 4 Performance of congestion control algorithms when the background

Web-like flows consumes between 2% and 51.2% of the bottleneck capacity
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Figure 4.4 plots the bottleneck utilization, queue size, and drop rate for each
algorithm. It shows that the robustness of EXP-TCP in obtaining good performance
compared with the other algorithms. TCP is the least aggressive one, as indicated by its
low bottleneck queue occupancy and drop rate, but as well as the low utilization. This is
opposite to that of STCP, which stays aggressive, and thus results in high utilization but
also high queue occupancy and drop rate. HSTCP does poorly on utilization too, which
might be explained by its dramatic window backoff after bursty losses. In general,
EXP-TCP achieves the highest and stablest bottleneck utilization regardless of the Web
traffic consumption of the bottleneck capacity, whereas HSTCP and STCP have clearly
lower bottleneck utilization and their performance fluctuates according to the Web traffic
size. STCP shows comparable bottleneck utilization to EXP-TCP but it has slightly

higher queue occupation and drop rate at the bottleneck when compared with EXP-TCP.

4.3.4 Convergence to Fairness

In this simulation, we examine the convergence behavior of various algorithms. We set
the bottleneck capacity to 500 Mbps. Three homogeneous flows will compete for the
bandwidth in one direction but there is not other data flows in the other direction. After
the first flow starts at time 0O, the second flow joins 100 seconds later and the third flow
joins another 100 seconds later. We run the simulation for 450 seconds such that all the

flows which can be converged have enough time to converge.

First, we create a rather synchronized situation. The flows have the identical
round-trip propagation delay of 40 ms, and DropTail is used. For each scenario, the
per-flow throughput is plotted to show the convergence behavior of each flow. We also
calculate Jain’s fairness index for the flow throughput from 200s to 450s to comparison
the converge-to-fairness of each case. Then, we create a less synchronized situation, in

which the round-trip propagation delay varies slightly by 10%, and RED is used.
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Figure 4.5 shows the per-flow throughput (each point is an average value in 200 ms)
when different algorithms are used for the DropTail case. STCP shows the worst
performance. Two flows are starved whereas the first flow does not give up much
bandwidth. This is simply because the MIMD control has a problem in converging to
fairness. The other three algorithms all manage to converge to fairness with EXP-TCP

converging in a comparable speed to HSTCP although a little slower than TCP.

Figure 4.6 shows the results of the RED case. STCP still have difficulty in
converging to fairness. Standard TCP exhibits a large fluctuation of cwnd but converges
to fairness with the AIMD control. EXP-TCP converges well to fairness with smaller
variation in throughput than TCP. HSTCP also show convergence but its bandwidth

allocation is less fair than that of EXP-TCP.

Figure 4.7 shows the fairness index of the flow throughput from time 200s to 450s.
As shown in Figure 4.7 (a), STCP shows the lowest fairness while TCP shows the highest
fairness as predicted. Importantly, EXP-TCP achieves high fairness comparable to TCP.
HSTCP shows nearly perfect convergence as opposed to EXP-TCP, but it is slower in
converging to fairness than EXP-TCP. The fairness index in RED cases is shown in
Figure 4.7 (b). STCP is still slow to converge to fairness but has been greatly improved
by the application of RED. EXP-TCP still achieves comparable fairness to TCP and
reaches high fairness faster than HSTCP. However, HSTCP shows more stable fairness

than EXP_TCP.
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4.3.5 Response to Sudden Changes

In this simulation, we examine the performance of the algorithms as traffic demands and
dynamics vary considerably. We start the simulation with 10 long-lived flows in each
direction. Their round-trip propagation delays vary between 75 ms and 85 ms. The
bottleneck capacity is 500 Mbps. After 100 seconds, 40 more flows join in the forward

direction. They stay in the system for 100 seconds, and then suddenly leave.

Figure 4.8 shows the change of the average throughput of the ten flows in the
forward direction in response to the sudden changes of the traffic demand. The error bars
indicate the range of variation by showing the standard deviation. The changes of the
bottleneck utilization and bottleneck queue occupation are shown in Figure 4.9 and

Figure 4.10 respectively.

From these plots we can see that standard TCP is the slowest to respond to the
increased availability of bandwidth, and it is unable to reach full utilization at the end of
the simulation run. STCP performs better than standard TCP but its response is still
slower than HSTCP and EXP-TCP in this network settings. Although it uses aggressive
MIMD and thus enjoys high average bandwidth utilization, it still needs more than three
times as long as EXP-TCP to fully utilize the available bandwidth. HSTCP has a
comparable response to EXP-TCP but shows two main drawbacks: one is the per-flow
throughput is very unstable, while the other is the average utilization is lower than STCP
and EXP-TCP. The reason for this lies in its RTT-unfairness problem. EXP-TCP has the
best performance. It is the fastest in ramping up the throughput and utilization. Although
it is not as aggressive as HSTCP and STCP in steady-state, it grows more aggressive
when abundant bandwidth is available, and thus maintains more stable sending rate and
bandwidth utilization. On the other hand, EXP-TCP has similar bottleneck queue

occupation to any of the other three algorithms
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Figure 4.8 Changes of the average throughput of competing flows in response to the

sudden changes of traffic demands: TCP vs. HSTCP vs. STCP vs. EXP-TCP
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traffic demands: TCP
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Figure 4. 10 Changes of bottleneck queue occupation in response to the sudden changes

of traffic demands: TCP vs. HSTCP vs. STCP vs. EXP-TCP
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4.4 Summary

In this chapter, we introduced a pure end-to-end congestion control algorithm, EXP-TCP,
which can decouple efficiency control and fairness control so as to effectively overcome
unfairness problem in high BDP networks. EXP-TCP can achieve high efficiency by the
exponential increase in congestion window. Meanwhile, it can also achieve good fairness
by realizing the reasonable relative growth rate among competing flows. We conducted
simulations to evaluate EXP-TCP in various scenarios. Our simulation results have
confirmed that EXP-TCP can achieve both comparable or better performance and better
fairness than HSTCP and STCP. It is also suggested by our study that the end-to-end
congestion control algorithms, if properly designed, can perform reasonably well in

achieving high network utilization and low queuing delay with RED queue management.

57



Chapter 5

Conclusions and Future Work

5.1 Summary

In this work, we studied the performance of TCP in high BDP networks. For the purpose
of improving both the start-up and steady-state behavior of TCP in high BDP networks,
we made modifications to both Slow Start and Congestion Avoidance algorithms and

implemented them in ns-2 for simulation analysis.

For the start-up behavior of TCP, we introduced a new mechanism named Jump Start.
Jump Start enables the sender to begin transmission at whatever rate it deems appropriate
and removes the traditional Slow Start phase from TCP while keeping the remainder of
TCP congestion control unchanged. The experimental evaluation and analysis showed
that Jump Start has both positive and negative impacts on the network performance. Jump
Start notably accelerates the transmission when the bottleneck buffer size is not a
hindrance, but suffers from severe problems when multiple drops are caused due to the

over-aggressive initial sending rate.

For the steady-state behavior of TCP, we presented a new end-to-end control
algorithm called EXP-TCP. EXP-TCP replaces the traditional AIMD congestion control
with a stateful EIMD congestion control. The simulation results demonstrated that
EXP-TCP can effectively decouple efficiency control and fairness control in high BDP
networks under various configurations, thus can achieve both high efficiency and good

fairness.
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5.2 Future Research

For Jump Start, in the future we will further test its performance with different
network setups as well as more realistic traffic patterns, to shed more light on the
implications of using Jump Start. Moreover, real-world experiments will also be
important in deepening our understanding of Jump Start. Finally, the security impacts of
Jump Start should not be omitted. We will keep an eye on attackers who use Jump Start
to coax some server into sending very high-rate bursts of traffic to facilitate pulsing

attacks.

For EXP-TCP, further simulation and evaluation under more complex network
configurations, such as multiple bottlenecks and a wider range of RTTs, should also be
conducted. In addition, we will compare EXP-TCP with more other end-to-end
algorithms, such as FAST-TCP, BIC-TCP, and H-TCP. Moreover, we will study the
RTT-fairness problem. Finally, we will conduct simulations and experiments to see the
combined effect of Jump Start and EXP-TCP, so as to analyze the pros and cons of their

cooperation.
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