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Abstract

This paper examines the effect of background traffic on the performance of existing high-speed TCP variant protocols,
namely BIC-TCP, CUBIC, FAST, HSTCP, H-TCP and Scalable TCP. We demonstrate that the stability, link utilization,
convergence speed and fairness of the protocols are clearly affected by the variability of flow sizes and round-trip times
(RTTs), and the amount of background flows competing with high-speed flows in a bottleneck router. Our findings
include: (1) the presence of background traffic with variable flow sizes and RTTs improves the fairness of most high-speed
protocols, (2) all protocols except FAST and HSTCP show good intra-protocol fairness regardless of the types of back-
ground traffic, (3) HSTCP needs a larger amount of background traffic and more variable traffic than the other protocols
to achieve convergence, (4) H-TCP trades stability for fairness; that is, while its fairness is good independent of back-
ground traffic types, larger variance in the flow sizes and RTTs of background flows causes the protocol to induce a higher
degree of global loss synchronization among competing flows, lowering link utilization and stability, (5) FAST suffers
unfairness and instability in small buffer or long delay networks regardless of background traffic types, and (6) the fairness
of high-speed protocols depends more on the amount of competing background traffic rather than its rate variability. We
also find that the presence of high-speed flows does not greatly reduce the bandwidth usage of background Web traffic.
Published by Elsevier B.V.
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1. Introduction

Transmission Control Protocol (TCP) is respon-
sible for detecting and reacting to overloads in the
Internet and has been the key to the Internet’s oper-
ational success in the last few decades. However, as
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link capacity grows and new Internet applications
with high-bandwidth demand emerge, TCP’s per-
formance is unsatisfactory, especially in high-speed
and long-distance networks. In these networks,
TCP underutilizes link capacity because of its con-
servative and slow growth of congestion window.
The congestion window governs the transmission
rates of TCP.

A number of solutions have been proposed to
alleviate the aforementioned problem of TCP by
changing its congestion control algorithm:
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BIC-TCP [26], CUBIC [21], FAST [15], HSTCP
[10], H-TCP [19], LTCP [6], STCP [16], TCP-West-
wood [23], and TCP-Africa [17]. These new proto-
cols promise to improve TCP’s performance in
high-speed networks significantly. They are called
high-speed TCP variants because they maintain the
overall functionality of TCP such as connection
establishment, connection termination and protocol
interface to the application layer even though they
modify TCP’s congestion control algorithm to
improve their performance in high-speed networks.

As the design of high-speed TCP variants (here-
after, high-speed protocols) has received a consider-
able amount of interest, far less attention has been
paid to thorough evaluations of these protocols.
Existing evaluation work [20,7,18,25] was done with
only a few high-speed flows, with little or no back-
ground traffic or no control over cross-traffic. Inter-
net measurement studies showed complex behaviors
and characteristics of Internet traffic [1,4,13] that
are necessary for realistic testing environments.
Unfortunately, existing evaluation work did not
capture and reproduce these behaviors in their test-
ing environments. Since congestion control algo-
rithms are sensitive to environmental variables
such as background traffic and propagation delays,
realistic performance evaluations of high-speed pro-
tocols entail creating realistic network environments
of the Internet. The performance evaluation of
congestion control protocols also needs to explore
systematically the parameter space and various pro-
tocol aspects to expose, if any, hidden behavior of
the protocols under evaluation.

There are several reasons why background traffic
is important in protocol testing. First, since it is unli-
kely that high-speed flows are used exclusively in a
production network, it is essential to investigate
the impact of background traffic on high-speed flows
and vice versa. The aggregate behavior of back-
ground traffic can induce a rich set of dynamics such
as queue fluctuations, patterns of packet losses and
fluctuations of the total link utilization at bottleneck
links and can have a significant impact on the perfor-
mance of high-speed flows.! Second, network envi-
ronments without any randomness in packet
arrivals and delays are highly susceptible to the
phase effect [27,12], a commonly observed simula-

! We note that randomness at a bottleneck link could be
induced by other mechanisms such as the RED algorithm as well.
However, RED is not currently widely used in the Internet [9].

tion artifact caused by extreme synchronization
among flows. A good mix of background traffic with
diverse arrival patterns and delays reduces the likeli-
hood of synchronization. Third, the core of the
Internet allows a high degree of statistical multiplex-
ing. Hence, several protocols assume that their flows
always run under this type of environment. For
instance, the designers of HSTCP and STCP rely
on statistical multiplexing for faster convergence
(so, criticizing these protocols for slow or no conver-
gence in testing environments without background
traffic, thus without statistical multiplexing, is unfair).
Therefore, the performance evaluation of network
protocols with little or no background traffic does
not fully investigate the protocol behaviors that are
likely to be observed when these new protocols are
deployed in the Internet.

It is generally understood that the presence of
background traffic affects the performance of con-
gestion control. However, it is unknown how the
behavior of protocols change in what traffic condi-
tions. The goal of this paper is to find these what’s
and how’s. It is not to find why these protocols
behave in the ways that they do in our experiment
because the answers to that depend on various per-
formance tradeoffs that the protocols make. We
leave that work for future study.

In this work, we have created a set of experimen-
tal network models in our laboratory that capture a
set of complex characteristics of propagation delays
and background traffic [1,4,13]. However, we make
no claim about the realism of our experimental net-
work models other than that with certainty, it is
more realistic than the ones with no background
traffic. Instead, we focus on identifying the features
of background traffic that can affect the perfor-
mance of protocols. Finding and reproducing realis-
tic network traffic patterns in itself is an ongoing
research area and we do not address that here.
However, wherever applicable, traffic patterns
known to exist from various Internet measurement
studies are modeled. Our testing environments in
this paper may not cover an exhaustive list of traffic
patterns of the Internet and also the tested protocols
may not include all the published high-speed proto-
cols. We hope that this work can serve as a stepping
stone for completing such studies.

Our paper is organized is as follows. Section 2
reviews related work. Section 3 explains our experi-
mental design. We present our experimental results
in Section 4. Section 5 gives our summary and
conclusion.
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2. Related work

Floyd proposed a framework for evaluating con-
gestion control algorithms [11]. The framework
includes a number of metrics such as throughput,
packet loss rates, delays, and fairness as well as a
range of network environments. Along the same
line, Wei et al. [24] proposed that the networking
community establish a TCP benchmark suite to
enable comparative performance evaluations of
protocols. The benchmark includes various scenar-
ios for realistic performance evaluations such as
heavy-tailed file size distributions and ranges of
propagation delays. The frameworks proposed by
Floyd and by Wei et al. illustrate the need for real-
istic performance evaluations of new congestion
control algorithms and accentuate the motivation
of our work.

Bullot et al. [7] compared the performance
of TCP-NewReno with HSTCP, FAST, STCP,
HSTCP-LP, H-TCP, and BIC-TCP on high-speed
production networks. They reported that TCP
New Reno gave low and unstable performance
and most high-speed protocols delivered significant
improvement over TCP Reno. Bullot et al.’s results
are very encouraging. Nevertheless, as their experi-
ments were performed in a real production network,
they did not have any control over the background
traffic on the network. They only included UDP
background traffic and did not consider the impact
of network environments created by mixes of back-
ground traffic on protocol behavior.

Li et al. [20] performed experiments for STCP,
HSTCP, BIC-TCP, FAST, and H-TCP in a labora-
tory network similar to our setup reported in this
paper. They noted that most protocols, especially
FAST, STCP, HSTCP and BIC-TCP, exhibit sub-
stantial unfairness and highlighted the good perfor-
mance of H-TCP. Although the authors claim that
they tested these protocols under some Web-traffic,
they report results only from no background traffic
and claim that similar results and conclusions can
be obtained from the experiment involving Web
traffic as background traffic. However, our view
differs in that a diverse set of background traffic
significantly influences and alters the behaviors of
protocols, and thus more thorough studies invol-
ving varying statistical patterns of cross-traffic are
necessary.

In previous work, we demonstrated that high-
speed protocols exhibited different protocol behav-
ior when they were evaluated with and without

background traffic [14]. We concluded that perfor-
mance evaluation for high-speed protocols without
background traffic is dangerous and can lead to
incorrect conclusions about protocol behavior. This
paper continues our previous work but delves into
details of background traffic generation. Further,
this paper also expands our previous work by inves-
tigating protocol behavior under various types of
background traffic.

3. Experimental methodology

Experimental methodology plays a vital role in
the performance evaluation of network protocols
because experimental results obtained from un-
realistic environments are not representative for
real-world scenarios, and unrealistic testing environ-
ments can lead to incorrect conclusions about pro-
tocol behavior. This section presents our detailed
experimental network model that captures complex
and realistic characteristics of propagation delays
and background traffic. The section is structured
as follows. Section 3.1 describes the setup of our
laboratory network. Section 3.2 discusses how we
emulate propagation delays in our experiment. We
explain how background traffic is generated for
our experiments in Section 3.3 and our experimental
procedure in Section 3.4.

3.1. Testbed setup

We have constructed a laboratory network simi-
lar to the one shown in Fig. 1 to emulate a bottle-
neck link between two subnetworks. We use this
dumbbell setup because it is impossible to create a
network topology of realistic scale; even if we use
parking lots or multiple bottlenecks; they still fall

Dumm; ynet Dummynet

Router | Router 2
(Drop Tail) (Delay Generator)

RTT for Background Traffic Short and Long-lived
Traffic Generator 3

Short and Long-lived
Traffic Generator |

Short and Long-lived

Traffic Generator 2 Short and Long-lived

Traffic Generator 4

Fig. 1. Experimental network setup.
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short of realism. Instead we focus on the diverse
traffic patterns that background traffic may have
when arriving at a core router of the Internet as
these background flows must have gone through
many hops and congested routers in the Internet.
This allows us to create more realistic environments
for testing without actually creating a topology
spanning the entire Internet where network flows
might have passed before reaching to the bottleneck
link.

At each edge of our testbed are four identical
high-end Linux machines. Two machines on each
side are used for flows of high-speed protocols
(high-speed flows) and run Iperf to emulate high-
performance applications that have high-bandwidth
demand. These machines are tuned so that high-
speed flows can saturate the 400-Mbps bottleneck
link without overloading the machines. In addition,
these four machines are configured to have a very
large receive buffer so that the transmission rates
of high-speed flows are only limited by the conges-
tion control algorithms under evaluation. The other
four machines in the network (two machines on
each side) run Linux 2.4 and are used to generate
time-varying background traffic at the bottleneck
link. The details of background traffic generation
are discussed in Section 3.3.

We use the implementation of high-speed proto-
cols made available by their designers in our exper-
iment. All protocols except FAST are implemented
in Linux 2.6.13 kernel, (FAST uses Linux 2.4
because FAST is not yet available for Linux
2.6.13). Since the implementation of selective
acknowledgment in Linux is inefficient for high-
speed protocols [20], we developed our own fix for
that for both Linux 2.4 and Linux 2.6.13. Our
acknowledgment handling improvement is equally
effective for all high-speed protocols and is used
for all of them in our experiment.

The core of the network consists of two FreeBSD
5.2.1 machines that are used as routers”® and run a
modified version of Dummynet software [22]. These
two PC-based routers are tuned to forward traffic
close to 1 Gbps. The first router emulates the bottle-
neck of the network where high-speed flows and
background TCP-SACK (Selective Acknowledge-
ment) flows compete for bandwidth. The Dummynet
software is configured in the first router to control

2 The reason for using FreeBSD rather than Linux for the PC-
based routers is that the Dummynet software is only available for
FreeBSD.

the bandwidth and buffer size of the bottleneck link.
The bandwidth of the bottleneck link is set to
400 Mbps. The second router is used to assign per-
flow delays to all flows. The emulation of propaga-
tion delays is explained below.

3.2. Model for propagation delays

An extension of Dummpynet is used in the second
router to assign per-flow delays to background flows
to emulate the effects of wide-area networks. The
Dummynet software is clocked at 1-ms intervals — a
reasonably fine granularity to have minimal effects
on congestion control algorithms under evaluation.
This configuration allows us to apply different net-
work delays to different network flows. The delay
is randomly selected from a distribution obtained
from an Internet measurement study [1]. The distri-
bution is similar to an exponential distribution.
Although our network setup has a simple dumbbell
topology, the emulation of propagation delays allows
us to obtain experimental results as if our experi-
ments would be performed on an actual wide-area
network where different flows pass through a router
with different propagation delays. The round-trip
time experienced by a TCP connection (high-speed
or background flows) is the sum of the delay induced
by Dummynet and any additional queuing delays
incurred at the router machines.

3.3. Models for background traffic

Two types of flows are used to emulate back-
ground traffic: long-lived and short-lived. All TCP
flows used to generate background traffic are from
TCP-SACK. The long-lived flows are generated by
using Iperf. These flows are used to emulate regular
long-lived TCP flows such as FTP connections. The
amount of background traffic contributed by these
flows is controlled by the number of Iperf connec-
tions (and TCP’s adaptive behavior as well). These
flows are started at random times around the begin-
ning of the experiment to reduce synchronization
and last until the end of the experiment.

Short-lived flows are used to emulate Web ses-
sions and are generated by a modification of
SURGE, a Web traffic generator [4]. The amount
of data to be transferred in each Web session (i.e.,
flow size) is randomly sampled from a distribution
of file sizes that consists of a log-normal body and
a Pareto tail [24,4,13]. By controlling the ratio
between the body and tail, and also the minimum
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file size in the Pareto distribution, we can adjust the
variability of flow sizes. The inter-arrival time
between two successive short-lived flows follows
an exponential distribution [24,13]. The chosen dis-
tributions of inter-arrival times are considered rep-
resentative for Internet traffic characteristics
[24,13] and are used to control the amount of traffic
generated by short-lived flows. For example, the
amount of background traffic contributed by
short-lived flows can be increased by reducing the
average inter-arrival time between successive Web
sessions.

The file size distributions of background traffic
are categorized into five different distributions
(Types 1 through V). Their details are shown in
Table 1. We construct these types of background
traffic by varying their variance in flow sizes from
a Pareto to log-normal distribution and the amount
of Pareto generated traffic and also by adjusting the
total amount of traffic. These traffic types are used
to examine the impact of varying flow size distribu-
tions and the amount of background traffic. All
short-lived TCP flows have their maximum window
size set to 64 KB. Fig. 2 shows the cumulative distri-
bution of throughput rates of our background traf-
fic measured every second from runs containing
only the short-lived flows. It shows that Type II
has the longest tail showing the largest variance

Table 1
Flow size distributions used in experiments

Type |
Type Il
0.8 Type lll weeeeees
Type [V v
&3
5 0.6 1
&
o 04r 1
0.2 i
0 et s s
0 50 100 150 200

Throughput (Mbps)

Fig. 2. The cumulative distribution of the throughput rates
measured every second for different types of background traffic.
Only short-lived flows are measured. Type II shows the largest
variance while Type IV shows the smallest variance.

among all types. Type III has slightly smaller vari-
ance, but larger than Type 1. Type IV has the small-
est variance.

In our experiments, we set the parameters of
background traffic so that its average throughput
is approximately 70 Mbps except Type V. The
throughput of Type V depends on the aggressiveness
of competing high-speed flows, and in our experi-
ments, we find the long-lived flows take from 40 to
200 Mbps in addition to the Web traffic generated
by Type II. Further, the same type of background
traffic is injected into the reverse direction of the bot-
tleneck link to achieve the effects of ACK compres-
sion and to reduce the phase effect [12,27].

Traffic type  Description

Type 1 This traffic is generated from the default parameters used in Surge [4], a Web traffic generator. It uses the body with a log-
normal distribution and the tail with a Pareto distribution. It consists of 93% body and 7% tail (i.e., 93% flow arrivals
follow the log-normal distribution), the shape parameter of the Pareto distribution is 1.1, and the mean and standard
deviation of the log-normal distribution are 9.357 and 1.318 respectively, and the minimum file size for the Pareto
distribution is 133 KB. The arrival time of flows follows an exponential distribution with intensity 0.2

Type 11

Type II adds more rate variance to Type 1. It consists of a Web traffic with 70% body and 30% tail. The minimum file size

of the Pareto distribution is IMB. The arrival time of flows follows an exponential distribution with intensity 0.6. The
remaining parameter values are the same as those of Type I

Type 111

The variance in the flow size distribution of this traffic type is in between that of Types I and II. It has 10% of all the

arriving flows are Peer-to-peer traffic (P2P). The P2P traffic are generated with a Pareto distribution whose shape
parameter is 1.1 and the minimum file size is 3MB. The remaining 90% flows are Type I traffic. The inter-arrival time
follows an exponential distribution with intensity 0.2. These values are chosen to generate the same amount of traffic as

Types 1
Type IV

This traffic type removes a Pareto distribution from the Web traffic to further reduce the variance of flow sizes from Type I.

All flow sizes follow a log-normal distribution with mean 13.357 and standard deviation 1.318. These values are chosen to

generate the same amount of traffic as Types 1

Type V

This traffic is created to increase the amount of traffic without changing the variance of the Type II flow size distribution.

We add 12 long-lived flows to the Type II traffic. The RTTs of the flows are varied randomly. The amount of traffic is
different from the other types and the actual amount of throughput that this traffic has in a test run depends on the
aggressiveness of high-speed flows competing with this traffic because of the long-lived TCP flows




S. Ha et al. | Computer Networks 51 (2007) 1748-1762 1753

3.4. Experimental procedure

We instrument the kernel of the routers with a
number of monitoring programs to collect network
data. These monitoring programs sample the bottle-
neck queue and record the number of forwarded
and dropped packets. This data is processed to com-
pute performance metrics such as throughput,
packet losses and queue fluctuations. In addition,
we also record the goodput reported by Iperf at
the senders for both high-speed and long-lived back-
ground flows.

The process of data collection for throughput,
fairness, packet loss rate, queue fluctuations and
link utilization is started after the first 35 s to elim-
inate the start-up phases. Each experiment is
repeated 5-10 times and the running time of each
experiment is 600-1200 s.

4. Experimental results
4.1. Link utilization and stability

We measure the utilization of the bottleneck link
to evaluate the effectiveness of protocols in using the
available bandwidth. Our experimental results indi-
cate that the link utilization obtained by the proto-
cols shows high sensitivity to the following network
parameters: queue size of the bottleneck router, the
characteristics of background traffic and propaga-
tion delays.

Fig. 3(a) shows the total link utilization for
experiments without background traffic. Fig. 4
shows one run of each protocol with 162 ms
RTT showing the instantaneous throughput mea-
sured every second for each flow from the bottle-
neck router. In each experiment run, we run two
high-speed flows of the same type. The RTTs of
the high-speed flows are fixed in each run to the
same value selected from a range between 16
and 324 ms. The buffer size of the bottleneck rou-
ter is fixed to 1 or 2 MB. In a 400 Mbps network
with 162ms RTT, 2 MB buffer amounts to
roughly 24% of the bandwidth-delay product
(BDP) of the network. While conventional wis-
dom recommends that the buffer size be propor-
tional to the BDP, we choose a much smaller
buffer size than the BDP to follow a likely trend
where high-speed routers do not have a large buf-
fer. This trend is consistent with recent research
[3,5] that showed that the buffer size of a bottle-
neck link with a high degree of multiplexing of
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Fig. 3. Link utilization as we vary the RTT of the bottleneck
link. We fix the router buffer size to 1 MB. When background
traffic with sufficient randomness (Type II and RTT variations) is
added to the experiment, the link utilization of some protocols
has dramatically changed. Especially, the link utilization of STCP
improves substantially while that of H-TCP and FAST drops
dramatically. This behavior is highly related to protocol stability
under the presence of dynamic cross-traffic. See also Figs. 4, 5
and 7. (a) No background traffic and (b) Type II background
traffic with variable RTTs.

TCP connections can be significantly less than
the BDP.

4.1.1. Link utilization under no background traffic
In this experiment, all protocols except TCP-
SACK (denoted SACK), STCP and FAST, consume
most of the link utilization. We observe that regular
TCP-SACK obtains far less utilization than the other
protocols when the RTT increases, which demon-
strates the weakness of regular TCP on high-speed
and long-distance networks. All high-speed protocols
obtain good link utilization (about 95%) under RTTs
of range between 16 and 162 ms (except STCP). As
the RTT increases to 324 ms, while all protocols
except STCP, TCP-SACK and FAST maintain good
utilization with only slight reduction due to the inher-
ent long feedback loop in congestion control, STCP
drops its utilization substantially. As we can see from
Fig. 4(e), STCP experiences a lot of consecutive
packet loss events and loss synchronization with steep
dips in total forward traffic throughput. A similar
behavior is also observed with HSTCP, but its impact
on the total throughput is not as high. We report that
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Fig. 4. Instantaneous rates of protocol flows and the total forward traffic rates (dark line at the top). No background traffic. The RTT of
high-speed TCP variant flows is set to 162 ms. The router buffer size is set to 2 MB. (a) CUBIC (utilization 95%), (b) BIC-TCP (utilization
95%), (c) H-TCP (utilization 94%), (d) HSTCP (utilization 92%), (e) STCP (utilization 84%) and (f) FAST (utilization 95%).

FAST behaves abnormally in 324 ms RTT and its
flows do not increase beyond 200 Mbps under this
environment. This has been observed in other exper-
iments involving FAST flows over 300 ms or larger
RTT networks. We suspect that this problem occurs
because the congestion control parameters of FAST
Linux implementation are tuned only for lower delay
networks.

4.1.2. Link utilization under background traffic
Fig. 3(b) shows the link utilization of various
protocols when we add the Type II background

traffic with varied RTTs (i.e., each background flow
picks its RTT randomly from a distribution mea-
sured in [1]). We use Type II because it induces
the biggest impact on protocol link utilization
among all the types we have tested. We show the
performance under the other types of traffic later.
In this experiment, we use four flows of high-speed
protocols with the same RTT. Fig. 5 shows one run
of each protocol under 162 ms RTT. In this experi-
ment, TCP-SACK reduces its utilization more with
background traffic than without background traffic.
This is because background traffic tends to increase
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Fig. 5. Instantaneous rates of protocol flows and the total forward traffic rates (dark line at the top). In this experiment, the Type II
background is added with each background flow having random delays. The RTT of high-speed TCP variant flows is set to 162 ms. The
router buffer size is set to 1 MB. (a) CUBIC (utilization 92%), (b) BIC-TCP (utilization 94%), (c) H-TCP (utilization 82%), (d) HSTCP
(utilization 87%), (e) STCP (utilization 92%) and (f) FAST (utilization 82%).

packet losses. Under large BDP networks with
higher chances of packet losses, TCP-SACK cannot
increase its window fast enough. In the runs with no
background traffic case, TCP-SACK does not have
packet losses until its congestion window reaches
the BDP. With background traffic, it gets loss events
far earlier. On the other hand, the Type II back-
ground traffic helps STCP improve link utilization
substantially. With four flows of STCP and also
the background traffic, STCP reduces its aggressive-
ness in window growth substantially so reducing the

chances of loss synchronization and consecutive loss
events as shown in Fig. 5(e). While BIC-TCP and
CUBIC maintain good utilization under all traffic
types, HSTCP, FAST and H-TCP tend to suffer
more under the Type II background traffic. Espe-
cially, the link utilization of H-TCP and FAST is
noticeably lower regardless of network delays for
their flows. We also find that in general the perfor-
mance of FAST becomes highly unpredictable with
background traffic. Fig. 5(f) supports this argument.
H-TCP experiences more loss synchronization with
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back-to-back loss events (indicated by deep cuts in
the total forward traffic throughput). In order to
find out whether this behavior of H-TCP and FAST
is sensitive to buffer sizes, we ran the same experi-
ment with different buffer sizes. Fig. 6 shows the
result from runs with 324 ms RTT. While FAST
shows unpredictability under 324 ms RTT for all
buffer sizes, H-TCP gradually improves its perfor-
mance as the buffer size increases, but it continues
to show lower utilization until the buffer size
becomes 8§ MB (which is about 50% of the BDP).
We also observe the same behavior with HSTCP
under 324 ms RTT (while its performance is much
better under RTT 162 ms or lower).

The link utilization of protocols shows high cor-
relation with the fluctuations of the total forward
traffic rates. In Fig. 7 we show the coefficient of
variance (CoV) of the total forward traffic rates
measured at the bottleneck router in the same exper-
iment as in Fig. 5. CoV is computed by dividing
standard deviation by mean. We find that especially

S

=

k<]

T

N

5

x

£

-
) (FAST,31) ) )
3 4 5 6

Buffer size (MB)

Fig. 6. Link utilization as a function of buffer size with
background traffic from Type II transfer distribution and
variable RTTs. The RTTs of high-speed flows are set to 324 ms.
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Fig. 7. The stability of various protocols measured in terms of
the CoV of the total forward traffic rates in runs involving
different high-speed protocol flows. The throughput rates are
measured at the bottleneck router at every one second interval
from experimental runs with the Type II background traffic and
variable RTTs. As the total throughput (i.e., link utilization) has
more fluctuations, they have a higher value of CoV. We find a
high negative correlation between link utilization (shown in
Fig. 3(b)) and rate fluctuations of protocol flows.

the CoV values of H-TCP are much higher than
those of the other protocols (except FAST and
SACK) in the entire range of RTTs. In another
study of ours, we find that this behavior of H-TCP
is highly related to the shape of its window growth
function. For more information, refer to [8].

To identify what aspect of background traffic
causes this problem in H-TCP, we run some more
experiment that runs four H-TCP flows with eight
different types of background traffic (Types I, I,
IIT and IV with either fixed or variable RTTs selected
for each background flow generated). Fig. 8 shows
the total link utilization and the average CoV of
the total forward traffic rate when the four flows of
H-TCP are competing with various types of back-
ground traffic. We find that while all background
traffic types cause reduction in throughput, Type 11
with variable RTT causes the most damage. When
the RTTs of background flows are varied, H-TCP
tends to undergo more fluctuations and lower utili-
zation. This indicates that RTT variations play some
role in determining protocol stability. Type II traffic
contains a substantially larger amount of Pareto
traffic than the other traffic types. The above results
indicate that the variance in the flow size and delay
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Fig. 8. The performance of H-TCP with various background
traffic types. The Type 11 traffic contains the largest variance with
varied RTTs. H-TCP tends to exhibit lower utilization and cause
higher fluctuations in the total link utilization under more
variable background traffic. Error bars are shown with one
standard deviation. (a) H-TCP link utilization with various
background traffic types and (b) CoV of utilization with various
background traffic types.
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distributions of background traffic plays a significant
role in determining the stability of H-TCP perfor-
mance.

We find that especially under small buffer sizes,
the amount of background traffic affects the perfor-
mance of FAST than the distribution of back-
ground flow sizes. When we reduce the amount of
background traffic from Type I to 10 Mbps on aver-
age by reducing the arrival rate of short-lived flows
while keeping the distribution of their sizes the same
as that in Type I, FAST shows good link utilization
although it shows some strange behavior described
as follows. Fig. 9(a) shows the result in which flows
2 and 4 drastically reduce their throughput when
flows 1 and 3 join the run at a later time. This could
be related to wrong estimates of the base RTTs (or
the minimum RTT of the network path which is
measured when the queue is empty) by flows 1
and 3; when the network is already congested with
flows 2 and 4, the measurements of the base RTT
by later joining flows could be erroneous so that
they have a higher estimate on the base RTT than

a Throughout at Routers

T T T
\Total hsflow2
hsflow3 --
hsflow4 -

Short-lived Background Flows
Total Forward Traffic =« -«

(Mbps)
n
o
o
T

\hsflow 1,3

BK hsflow 2,4 4

£ 3 { : ; N
0 100 200 300 400 500 600
Time (second)

b Throughout at Routers

(Mbps)

Time (second)

Fig. 9. The performance of FAST under different types of
background traffic. Also see Figs. 4(f) and 5(f). The performance
of FAST under small buffer sizes is sensitive to the amount of
background traffic rather than variance in the background traffic
rates. But even under a small amount of background traffic,
FAST shows a strange behavior with respect to fairness under a
small buffer. (a) Four FAST flows, | MB buffer, 10 Mbps Type I
traffic and (b) four FAST flows, 1 MB buffer, 70 Mbps Type 1
traffic.

the real value, which makes flows 1 and 3 more
aggressive. Fig. 9(b) shows the result for the regular
Type I (with 70 Mbps on average). We also discover
the same behavior with the other traffic types. For
instance, see Fig. 5(f). From this result, we confirm
that flow size distributions do not make much differ-
ence in the behavior of FAST while their traffic
amount makes a more significant difference.

4.2. Fairness

In this section, we present results on fairness
including intra-protocol fairness, RTT-fairness and
TCP-friendliness. We measure these metrics from
the runs involving the flows of each protocol under
various background traffic. Intra-protocol fairness
measures the fairness in sharing bandwidth among
flows of the same protocol. To measure it, we run
experiments involving two flows of the same kind;
the first flow starts at the 30th second and the
second flow starts at the 130th second. Both flows
go through the same routing path with the same
RTT.

RTT-fairness measures the ability of a protocol
in sharing bandwidth fairly among flows of its
own, but with different RTTs. It is debatable
whether having the equal bandwidth share among
flows with differing RTTs is desirable because flows
with longer RTTs tend to consume more network
resources so that short-delay flows should get more
bandwidth. Note that TCP-SACK achieves 1/k*
throughput ratio, where k is the RTT ratio of two
SACK flows, when losses are completely synchro-
nized and it achieves 1/k if losses are completely
random and independent [26]. Based on this obser-
vation, if a protocol achieves a similar fairness with
TCP-SACK, we consider its RTT-fairness “accept-
able”. In our experiment for measuring RTT-fair-
ness, we run two high speed flows of the same
protocol, one with a fixed RTT of 164 ms and the
other with a different RTT taken from various
RTTs of 16 ms, 22 ms, 42 ms, 82 ms and 162 ms
for a different run.

TCP-friendliness is defined to be the fairness of a
high-speed flow in sharing bandwidth with another
TCP-NewReno or TCP-SACK flow over the same
end-to-end path. In this case, we do not res-
train the maximum window size of TCP-SACK.
Although this metric is used commonly in the com-
munity for measuring the TCP-friendliness of a pro-
tocol, this may not be representative of its fairness
to competing TCP flows because most TCP flows
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in the Internet are restrained by its maximum win-
dow size set to 64KB. Thus, the accurate measure-
ment of the unfairness of a protocol in sharing
bandwidth with TCP-NewReno flows in the Inter-
net must be measured against TCP flows whose
maximum window is fixed to 64KB. However, to
make our result comparable to existing performance
results (e.g., [20]), we use the conventional notion of
TCP-friendliness where no window restriction is
enforced to the competing TCP-SACK flow for
the measurement. Note that all short-lived back-
ground flows of TCP have the 64 KB window limits.
In our experiment, we start a regular TCP-SACK
flow without the window limitation at the 30th sec-
ond and then a high-speed flow at the 130th second.

Figs. 10-12 show the average intra-protocol fair-
ness, RTT-fairness and TCP-friendliness of various
protocols, respectively, measured in terms of the
throughput ratio of the two protocol flows under
evaluation (taken by dividing a larger throughput
value by a smaller throughput value) from runs with
no or little background traffic. We use the Type V
traffic which contains a number of long-lived TCP
flows and the Type II traffic in order to see the
impact of background traffic. We use the Type V
traffic because among all background traffic types,
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Fig. 10. The intra-protocol fairness of various protocols under
different network delays. Two high-speed flows run in the
experiment; the first flow starts at the 30th second and the
second flow at the 130th second. The two flows have the same
RTT for each experiment. The bottleneck capacity is 400 Mbps
with 2 MB buffer. (a) No background traffic and (b) Type V
traffic.
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Fig. 11. The RTT-fairness of various protocols under different
RTT ratios. Two high-speed flows run — the first flow starts at the
30th second with an RTT of 162 ms and the second flow at the
130th second from its RTT varied for each experiment from
16 ms to 162 ms. The bottleneck capacity is 400 Mbps with 2 MB
buffer. (a) No background traffic and (b) Type V traffic.
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Fig. 12. The TCP-friendliness of various protocols under differ-
ent network delays. In this experiment, we start a regular TCP-
SACK flow without the window limitation first at the 30th second
and then a high-speed flow at the 130th second. The bottleneck
capacity is 400 Mbps with 2 MB buffer. (a) No background traffic
and (b) Type V traffic.

Type V shows the biggest difference in protocol
fairness. In this experiment, we vary the RTTs of
background flows randomly. Later Fig. 13 shows
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Fig. 13. The fairness of various protocols under various back-
ground traffic types (with varied RTTs). The intra-protocol
fairness is measured with the RTT of high-speed flows set to
82 ms, the RTT-fairness with the RTT of the second high-speed
flow set to 42 ms and the RTT of the first flow set to 162 ms, and
the TCP-friendliness is measured with the RTT of TCP-SACK
and high-speed flows set to 42 ms. The bottleneck capacity is
400 Mbps with 2 MB buffer. (a) TCP-friendliness, (b) intra-
protocol fairness and (c) RTT-fairness.

the results with the other traffic types to identify the
elements of background traffic that influence the
fairness of protocols. All the results reported in this
section are from runs with 2 MB router buffer.

4.2.1. Fairness under no background traffic

Li et al. [20] also report the intra-protocol fair-
ness of various protocols without background traffic
and with some Web traffic. Unfortunately, we can-
not reproduce any of their results in our testbed.
At the time of writing this paper, we are unclear
as to why that is the case. For instance, in [20] sig-
nificant unfairness for BIC-TCP and STCP is
reported. As shown in Fig. 10, the intra-protocol
fairness of BIC-TCP is roughly comparable to that

of H-TCP which shows the best performance. We
are also surprised to find that STCP performs much
better than HSTCP although its fairness is lower
than that of some other protocols because the con-
vergence of STCP is not guaranteed under perfectly
synchronized loss environments and under no back-
ground runs, synchronized losses are more likely to
happen. We find that this behavior of STCP is
because the aggressive window growth of the second
flow of STCP makes the first flow reduce its window
quickly to give more room for the second flow to
grow its window. In Fig. 4(e), the second flow grows
very fast to use more bandwidth than the first flow
and then later, their role switches which is com-
pletely different from the one reported in [20] where
the two flows of STCP run in a lock step, abating
convergence (we note that we have observed this
lock step behavior only in NS-2 simulation, but
not with the Linux implementation of STCP in
our testbed).

From Fig. 10(a), HSTCP shows the lowest
throughput ratio because of the slow convergence
speed of HSTCP flows although they actually do
converge in the long run. The slow convergence of
HSTCP flows is visible also from Fig. 4(d). For
RTT-fairness and TCP-friendliness (in Figs. 11 and
12), our experimental results indicate that H-TCP
has the best fairness ratio. The RTT-fairness of
H-TCP and FAST is very close to 1, indicating that
these protocols ensure that all H-TCP flows share
the same bandwidth regardless of their RTTs. This
equal share of flows having different RTTs, as we
noted earlier, may not be a desirable feature of con-
gestion control in the Internet. CUBIC has a slightly
less RTT-fairness ratio but close to the inverse of the
RTT ratio of the two competing flows. BIC-TCP
and STCP show lower RTT-fairness ratios than
TCP-SACK. The TCP-friendliness of CUBIC and
FAST is comparable to that of H-TCP under delays
larger than 40 ms. With very low RTTs, the TCP-
friendliness of H-TCP is the best. The TCP-friendli-
ness of BIC-TCP, STCP and HSTCP is low when
tested without background traffic.

4.2.2. Fairness with background traffic

Figs. 10(b), 11(b) and 12(b) report the results
from the runs with the Type V traffic. The intra-pro-
tocol fairness of all protocols except FAST has
improved under the Type V background traffic (var-
ied RTTs). FAST has similar problems that we cited
in Section 4.1 — its inability to correctly translate
RTTs to the congestion level of the bottleneck link



1760 S. Ha et al. | Computer Networks 51 (2007) 1748-1762

as shown in Fig. 9. The RTT-fairness of all proto-
cols has also improved in the runs with the back-
ground traffic. We note that the RTT-fairness of
HSTCP and BIC-TCP is fairly close to that of
TCP-SACK. The RTT-fairness of FAST is also
very low due to the same problems cited above.
The TCP-friendliness of all protocols has also
improved to varying degrees in the presence of
background traffic while H-TCP and CUBIC have
improved their fairness the most with low RTTs.

To see what features of background traffic affects
protocol fairness, we run protocols under various
background traffic types. Fig. 13 shows the fairness
of CUBIC, BIC-TCP, H-TCP, HSTCP and STCP
under Types I through V — we do not present FAST
results because of its unpredictable performance. As
in Section 4.1, we also experiment with fixed and var-
iable RTTs for background traffic. Experimental
runs involving fixed RTTs for the background flows
do not show much difference in the fairness from
the ones with variable RTTs. Hence, we do not show
the results for fixed RTT background traffic. For
intra-protocol fairness, all protocols except HSTCP
have already given good performance even without
background traffic. HSTCP, on the other hand,
greatly improves its intra-protocol fairness with the
Type V traffic. The improved fairness results from
the improved convergence speed of HSTCP — in the
other traffic types, HSTCP flows do not converge
within the testing time (10 min). Type V contains 12
long-lived TCP flows (without the maximum receive
window limit) on top of the Type I traffic (note that
Types -1V have about 70 Mbps traffic on average
while Type V has an additional 70-200 Mbps from
the long-lived flows depending on the aggressiveness
of concurrently running high-speed flows). This indi-
cates that the convergence of HSTCP is less depen-
dent on the traffic types (or the difference in the
distribution of background flow sizes), but depends
more on the amount of traffic and available band-
width.

The RTT-fairness of all protocols shows slight
improvement as we add some background traffic;
especially STCP and BIC-TCP show greater
improvement (about 70-100% for BIC-TCP and
about 500-600% for STCP). Furthermore, BIC-
TCP, HSTCP and STCP show the biggest improve-
ment with the Type V traffic. We also find a similar
behavior with CUBIC, albeit to a smaller degree.
This indicates that the RTT-fairness of these proto-
cols improves as the amount of available bandwidth
becomes smaller.
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Fig. 14. The average amount of throughput (with 95% confi-
dence interval) that the Type II background traffic takes when
competing with a different number of high-speed flows. This
measures the impact of high-speed protocols on the regular
Internet-like TCP traffic. The RTT of high-speed flows is set to
324 ms. The bottleneck capacity is 400 Mbps with 2 MB buffer.

The TCP-friendliness of protocols also shows sim-
ilar patterns as their RTT-fairness. All protocols
improve their TCP-friendliness at varying degrees
when some background traffic is added. Among
all the protocols tested, BIC-TCP and STCP show
the biggest improvement. The TCP-friendliness of
CUBIC also gets about 100% improvement under
the Type V traffic. This TCP-friendliness measure-
ment is conducted by taking the throughput ratio of
a TCP-SACK flow (without the window limit) and
a high-speed flow. However, most Internet TCP flows
are with their maximum window size fixed to 64 KB.
So a more accurate metric for fairness against TCP
must be measured with the Internet TCP flows. To
see the effect of high-speed flows on the Internet
TCP flows, Fig. 14 plots the average amount of
throughput that the Type II traffic takes when com-
peting with a different number of high-speed flows.
From the figure, we find that all protocols (including
TCP-SACK) allow a similar amount of Web traffic
(their differences are within their 95% confidence
interval for 30 runs of the experiment). Since back-
ground flows are created by a preset statistical distri-
butions of flow sizes, and their RTTs and arrival
rates, all experimental runs get the same average
amount of flows. Since these flows use TCP-SACK,
their use of bandwidth is affected by the aggressive-
ness of competing flows. Thus, this measurement shows
that the impact of high-speed flows on the bandwidth
usage of Internet-like Web traffic is fairly minimal.

5. Conclusion

Our work differs from existing evaluation work
in that it examines the behaviors of high-speed pro-
tocols under various types of background traffic
which are created by varying RTTs and flow size
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distributions of background flows. Below, we sum-
marize our findings.

We find that while H-TCP has an excellent fairness
property measured in terms of intra-protocol fair-
ness, RTT-fairness and TCP-friendliness, we have
observed that its stability greatly degrades under
some background traffic, resulting in a high rate of
loss synchronization and low link utilization. Espe-
cially with more variable traffic, this problem
becomes intensified. FAST also shows high instabil-
ity under long delays and small buffers. Even a small
amount of background traffic may cause FAST to
incorrectly estimate RTTs so that late joining flows
may dominate the use of bottleneck bandwidth.
Under a moderate to large amount of background
traffic regardless of differences in flow size distribu-
tions, FAST shows high rates of loss synchroni-
zation. In our study, we cannot reproduce the
intra-protocol fairness problems of STCP and BIC-
TCP reported in [20]. This could be related to various
reasons involving different testbed setups and we need
further investigation to learn why we have such a dif-
ferent observation on the behavior of the same proto-
cols. In terms of fairness, background traffic makes
all protocols improve their fairness. This improve-
ment seems a natural consequence of increased
randomness in packet losses induced by background
traffic. The improved fairness of protocols under
random loss environments is also shown in [2]. Our
result indicates that protocol fairness tends to be
affected more by the amount of background traffic
than by the differences in flow size distributions. We
also find that the presence of high-speed flows does
not affect the bandwidth usage of Web traffic.

Note that our paper is a preliminary report on
our ongoing effort to evaluate various protocols
under realistic environments. Since we run our
experiment on one testbed, it is also possible that
different testbeds may produce different results.
We are interested in improving our testing method-
ology for more objective testing and also simplifying
and automating testing procedures to reduce the
effort involved in reproducing test results.
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