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Abstract: This is a work-in-progress report on our work on
designing realistic evaluation suites for testing high-speed TCP
variants. In this work, we have created an experimental net-
work model that captures some of the complex characteristics
of propagation delays and background traffic [14, 15, 20]. We
use our network model to evaluate a large collection of recently
proposed TCPs for high-speed networks: BIC TCP, CUBIC,
FAST, HSTCP, H-TCP, and STCP. While we do not claim that
we have the most realistic experimental network model, we
believe that our work is a right step towards improving ex-
perimental methodologies for evaluating network protocols. In
this report, we show how protocols could behave differently
under the presence or absence of background traffic, and point
out the danger of drawing conclusions based on testing under
an isolated case of no background traffic.

1 Introduction

Congestion control is an important component of a transport
protocol in a packet-switched shared network. The conges-
tion control algorithm of the widely used transport protocol
TCPisresponsible for detecting and reacting to overloadsin
the Internet and has been the key to the Internet’s opera
tional success. However, as link capacity grows and new
Internet applications with high-bandwidth demand emerge,
TCP performance is unsatisfactory, especially on high-
speed and long distance networks. The main reason for this
is the conservative behavior of TCP in adjusting its conges-
tion window that governs the senders’ transmission rates.

A number of solutions have been proposed to remedy the
aforementioned problem of TCP by changing the way in
which TCP adapts its congestion window: BIC TCP [1],
CUBIC [2], FAST [3], HSTCP [4], H-TCP [5], STCP [6],
TCP-Westwood [10], and TCP-Africa [11]. These new pro-
tocols promise to improve TCP performance on high-speed
networks significantly and are hence usualy called TCPs
for high-speed networks.

While the design of TCPs for high-speed networks has re-
ceived a considerable amount of interest, far less attention
has been paid to thorough evaluations of these protocols.
For example, Internet measurement studies showed complex
behaviors and characteristics of Internet traffic [14, 15, 20].
Unfortunately, existing evaluation work [8] did not capture
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these behaviors in their testing environments. Since conges-
tion control algorithms are very sensitive to environmental
variables such as background traffic and propagation delays,
thorough performance evaluations of TCPs for high-speed
networks require creating realistic network environments
where these protocols are likely to be used.

There are many factors in constructing realistic network
testing environments. Most frequently used factors include
end-to-end characteristics such as (1) bottleneck bandwidth,
(2) round-trip times of protocol flows being observed, (3)
the network topology over the path that protocol flows of
interest travel through, and (4) queue size at the bottleneck
link. These factors are more or less statically captured in a
simulation and do not change over the course of the experi-
ment. What is missing in most of existing evaluation work
is the considerations of what the protocol flows of interest
dynamicaly (i.e., in a time-varying manner) experience in
the middle of the network path, namely the traffic mix and
statistical multiplexing over the intermediate links. These
dynamic characteristics include “background” network traf-
fic over both forward and backward directions of these links.
These are background traffic because they are not being
measured at end points and can still influence the behaviors
of the protocol flows being observed at the end points.

There are several reasons why background traffic is impor-
tant in protocol testing. First, network environments without
any randomness in packet arrivals and delays are highly
susceptible to the phase effect [25], a commonly observed
simulation artifact caused by extreme synchronization of the
network flows on the end-to-end path. A good mix of back-
ground traffic with diverse arrival patterns and delays re-
duce the likelihood of the phase effect. Second, a high de-
gree of statistical multiplexing is often assumed in protocol
design. For instance, the authors of HSTCP and STCP rely
on datistica multiplexing for faster convergence (so
criticizing these protocols for slow or no convergence under
environments without background traffic is unfair). Today’s
Internet contains a varying degree of multiplexing and it is
very unlikely that a production network does not contain
any mix of background traffic. Third, it enables a study on
the impact of the protocol flows on the “passing-through”
aggregate traffic. These passing-through traffic are not ob-
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Figure 1. Experimental network setup.

served at the end points of observation as they have differ-
ent end-points. These aggregate behaviors include queue
fluctuations at the bottleneck links, total link utilization
fluctuations, traffic distributions, and average response time
and throughputs (for short-lived web traffic).

In this work, we have created an experimental network
model that captures some of the complex characteristics of
propagation delays and background traffic [14, 15, 20]. We
use our network model to evaluate a large collection of re-
cently proposed TCPs for high-speed networks: BIC TCP,
CUBIC, FAST, HSTCP, H-TCP, and STCP. While we do
not claim that we have the most realistic experimental net-
work model, we believe that our work is a right step toward
improving experimental methodologies for evaluating net-
work protocols. Since we make no claim about the realism
of our background traffic mix, this work-in-progress report
has a modest goal of simply contrasting protocol behaviors
observed from two different environments created with and
without background traffic. Our future work will evolve into
testing protocols under more realistic background traffic.
Our plan is to use some of the existing traffic generators
such as Tmix [24] and Harpoon [23] that use real network
traces as seeds for generating synthetic network traffic, and
create a standard set of network testing environments where
the network community can test and compare protocol be-
haviors.

2 Related Work

Floyd proposed a framework for evaluating congestion con-
trol algorithms [13]. The framework includes a number of
metrics to be considered such as throughput, packet loss
rates, delays, and fairness as well as a range of network en-
vironments. Along the same line, Wel et al. [12] proposed
that the networking community establishes a TCP bench-
mark suite to leverage comparative performance evaluations
of TCP variants. The benchmark includes various scenarios
for realistic performance evaluations such as heavy-tail file
size distributions and ranges of propagation delays. The
frameworks proposed by Floyd and by Wei et a. illustrate

the need for realistic performance evaluations of new con-
gestion control algorithms and accentuate the motivation for
our work and existing evaluation work that we briefly re-
view below.

Bullot et a. compared the performance of TCP New Reno
with HSTCP, FAST, STCP, HSTCP-LP, H-TCP, and BIC
TCP on high-speed production networks [7]. They reported
that TCP Reno gave low and unstable performance and
most TCPs for high-speed networks delivered significant
improvement over TCP Reno. Bullot et al.’sresults are very
encouraging. Nevertheless, as their experiments are per-
formed over areal production network path, they don’t 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
various mixes of background traffic on protocol behaviors.

Li et al. [8] performed experiments for STCP, HSTCP, BIC
TCP, FAST, and H-TCP in a lab network. They noted that
most protocols, especially FAST, STCP, HSTCP and BIC,
exhibit substantial unfairness in their experiments and high-
lighted the good performance of HTCP. Since Li et al. did
not have any background traffic in their experiments, their
results may be subject to the deficiencies we point out in the
introduction.

3 Experimental Design

3.1 Testbed setup. The experimental network that we used
to perform experiments for TCPs for high-speed networksis
shown in Figure 1. At each edge of the network are four
machines that have identical hardware configurations. Two
machines are used as TCP senders and run iperf to simulate
high-performance applications that have the demand to
transmit a large amount of data to two other machines func-
tioning as TCP receivers on the other side of the network.
The TCP senders run a modified version of Linux 2.6.13
kernel that includes the implementations of new congestion
control algorithms for high-speed networks.

As pointed out by Li et al. [8], existing implementations of
various congestion control algorithms often make changes
to parts of the TCP stack that are not directly related to the
congestion control algorithm in order to improve their over-
al performance. To be fair to all congestion control algo-
rithms, we run a modified version of Linux 2.6.13 kernel
that separates the implementation of congestion control al-
gorithms from the standard TCP stack (with the exception
of FAST that has an implementation in Linux kernel 2.4
because FAST is not yet publicly available in Linux kernel
2.6). Further, we modified the SACK implementation to
remove inefficiencies of the standard SACK implementation.
Our improved SACK implementation is equally effective
for all congestion control agorithms.
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At the core of the network are two FreeBSD 5.2.1 machines
running dummynet software [21]. These machines are care-
fully tuned to be capable of forwarding traffic close to 1
Gbps. The dummynet software is used in the first router to
control the bandwidth and buffer size of the bottleneck link
in the network. The bandwidth of the bottleneck link is con-
figured to be 400 Mbps. Unless mentioned otherwise, the
buffer size of the bottleneck link is fixed to the maximum of
2 Mbytes or 20% of bandwidth delay product (BDP). While
various rules of thumb recommend that the buffer size be

(a) Without background traffic

(b) With background traffic

Figure 3. Convergencetime
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(b) With background traffic
Figure5. TCP friendliness

proportional to the bandwidth delay product (BDP), we fol-
lowed a more practical approach where the buffer size can-
not be less than some reasonable capacity. We test the pro-
tocols under a smaller buffer size than BDP which is a
likely trend in high-speed routers. This trend isin line with
recent research results showing that the buffer size of a bot-
tleneck link with a high degree of multiplexing of TCP con-
nections can be much less than the bandwidth delay product
[16, 17].
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Figure 8. CoV values

3.2 Model for propagation delays. An extension of
dummynet is used in the second router to assign per-flow
delays to long-lived as well as short-lived background traf-
fic flows. This configuration gives all packets from a flow
the same amount of delay that is randomly sampled from a
distribution obtained from a measurement study [14]. This
allowed us to obtain results as if our experiments would
have been performed on an actual wide-area network where
different flows passing through a router experience different
amount of delays.

(a) Without background traffic

(b) With background traffic
Figure7. Link utilization of buffer size fixed at 2
Mbytes

(a) Without background traffic

(b) With background traffic
Figure9. Packet lossrate

3.3 Models for background traffic. Since congestion con-
trol protocols for high-speed networks are unlikely to run
adone in dedicated networks, we need to generate some
background traffic to make our results realistic as in real-
world scenarios. Two types of flows are used to generate
background traffic: long-lived and short-lived. The long-
lived flows are generated by iperf and are used to simulate
regular long-lived TCP flows such as ftp. The amount of
traffic generated by these flows is controlled by the number
of iperf connections. Short-lived flows are used to simulate



web sessions and are generated using Lognormal (Body)
and Pareto (Tail) distribution for their file sizes [12, 15, 20].
The inter-arrival between two successive short-lived flows
follows an exponential distribution and is used to control the
amount of short-lived flows [12, 20]. The chosen distribu-
tions of file sizes and inter-arrival times are considered rep-
resentative of Internet traffic characteristics [12, 20]. Further,
we also generate reverse traffic consisting of both short-
lived and long-lived flows to achieve the effects of ACK
compression [22] and to reduce the phase effect. The maxi-
mum receiver window size of these long and short-lived
TCP flowsis set to the default 64KB.

Our models for propagation delays and background traffic
described above alow us to create workloads that contain
some of the statistical properties observed in real-world sce-
narios.

Each experiment with congestion control algorithms for
high-speed network is run for 600 seconds. The long-lived
and short-lived background flows start at time 0. We have
two high-speed TCP flows in each experiment. The first
flow starts at 30 seconds and the second flow starts at 130
seconds. We took the measurement after the first 135 sec-
ondsto eliminate the start-up phase.

4 Experimental Results

We performed a suite of experiments where propagation
delays for the two high-speed TCP flows were set to 16, 42,
82, 162, and 324 milliseconds to simulate different network
scenarios. (note that while the propagation delays for high-
speed TCP flows were set to these values, propagation de-
lays for background traffic were randomly sampled from a
realistic model for propagation delays [14] as described in
section 3.) We simulated scenarios where the two high-
speed TCP flows either experienced the same or different
propagation delays. For each of the chosen propagation de-
lays, we performed experiments with and without back-
ground traffic to contrast experimental results and protocol
behaviors between these scenarios. The congestion control
protocols for high-speed networks are evaluated based on
the following properties: fairness, convergence time, RTT
fairness, TCP friendliness, link utilization, stability of
throughput, and packet loss rates.

4.1 Fairness and Convergence Time

Most TCP variants interpret packet losses as an indication
of congestion, and adjust their congestion windows accord-
ingly. Previous analytical work [18, 19] shows that packet
loss patterns, in particular the loss synchronization between
multiple TCP flows and the dependence between packet loss
and sending rates, have a significant impact on the fairness
between multiple TCP flows. As background traffic intro-
duces more dynamics into the network, it can impact the
loss patterns and loss synchronization among high-speed
TCP flows.

We performed experiments where both high-speed TCP
flows used the same congestion control algorithms and ex-
perienced the same propagation delays. Figures 2a and 2b
show the intra-protocol fairness (expressed in fairness index
[18]) of various protocols tested without background traffic
and with background traffic. These results were obtained
with different propagation delays for high-speed TCP flows
(but both flows experienced the same delays). It is interest-
ing to note that FAST obtained alower fairness index in the
presence of background traffic. Since FAST is essentially a
delay-based protocol, the reason for this result could be that
the background traffic introduced more dynamics and fluc-
tuations in the bottleneck queue and made it more difficult
for FAST flows to estimate their fair shares of bandwidth.
We note that HSTCP obtained a higher fairness index in the
presence of background traffic (as noted by its authors,
HSTCP relies on satistical multiplexing for faster conver-
gence).

We were also interested in convergence time of protocols.
Figures 3a and 3b show the convergence time of various
protocols tested without background traffic and with back-
ground traffic. These results were obtained with different
propagation delays for high-speed TCP flows (but both
flows experienced the same delays). We observed that
HSTCP significantly improved its convergence time with
background traffic. This result is consistent with the im-
proved fairness for HSTCP in the presence of background
traffic as observed in Figures 2a and 2b. We note that TCP
Reno also improved its convergence time in the presence of
background traffic as well.

42 RTT fairness

Figures 4a and 4b show the RTT fairness of various proto-
cols tested without background traffic and with background
traffic. In these experiments, the propagation delay for the
first high-speed TCP flow was fixed and the propagation
delay for the second high-speed TCP flow was varied.
While FAST obtained a near perfect RTT fairness index
without background traffic (very close to 1.0), its RTT fair-
ness index is considerably lower in the presence of back-
ground traffic. This result again points to difficulties for
FAST flows in estimating the available fair shares of bottle-
neck bandwidth in the presence of (dynamic) background
traffic. It is also interesting to note that all protocols ob-
tained a better RTT fairness index with background traffic
as RTT increased. This is particularly because, as noted in
[1], RTT fairnessis very sensitive to the amount of random-
ness in the network.

4.3 TCP-Friendliness

Figure 5a and 5b show the TCP friendliness of various pro-
tocols tested without background traffic and with back-
ground traffic. This metric indicates how fair a high-speed
TCP flow is in competing with a regular long-lived TCP
flow. While other protocols obtain similar TCP fairness



indices with and without background traffic, we observe
that FAST increases their TCP fairness index considerably
in the presence of background traffic. This is probably be-
cause FAST is essentially a delay-based protocol and it be-
comes less aggressive in probing for available bandwidth as
background traffic introduced more dynamics and fluctua-
tions to the bottleneck queue. Under low RTT, BIC and
STCP did not show much fairness to TCP. As the delay in-
creases, al the high speed protocols show less fairness to
TCP (especially so for STCP and HTCP) which is accept-
able because Reno cannot use al the bandwidth in this re-
gime.

We acknowledge that the experimental scenario for testing
TCP-friendliness needs improvement especially with re-
spect to the impact of high-speed protocols to regular Web
traffic or ftp traffic. Comparing with one TCP flow may not
be the best way for these properties. Although our testing
environment is conducive for these testings, we are till de-
veloping techniques to quantify these properties.

4.4 Link Utilization

Figures 6a and 6b show the link utilization for experiments
with various protocols when they were conducted with and
without background traffic. When the propagation delays
are small, al protocols are able to obtain high link utiliza-
tion (even TCP Reno flows achieved a link utilization
higher than 90% when round-trip times were smaller than
100 milliseconds). When round-trip times increases, link
utilization for H-TCP, SCTP, FAST and Reno degrades
when these protocols are used without background traffic.
However, when these protocols were tested with back-
ground traffic, the link utilization was improved to close to
100%. This is because the background traffic can fill up the
remaining bandwidth of the bottleneck.

Similar results shown in Figures 7a and 7b are obtained
when the buffer size of the bottleneck link is fixed to 2
Mbytes. We observe that link utilization for all protocols
increase in the presence of background traffic as propaga-
tion delays increases. But we also observe that the link utili-
zation for H-TCP even with background traffic degrades to
75% as round-trip times increases. This result indicates the
the protocol is sensitive to buffer size (this is discussed
more next section). We are further investigating the behav-
iors of protocols under varying buffer sizes.

4.5 Smoothness of throughput

The coefficient of variation (CoV) of throughput is usualy
used to measure the smoothness and sometimes stability of
aprotocol [3]. A small CoV value indicates a good smooth-
ness that is desired for media streaming applications, but
possibly a dow responsiveness in case of severe congestion.
While the optimal CoV value is debatable, in this section,
we focus on the impact of high-speed protocols to the stabil-
ity of the entire system. In this experiment, we measure the

CoV of the total throughput observed at the bottleneck link
(including that of background traffic). Figures 8a and 8b
show the CoV values for various protocols with and without
background traffic, respectively. We observe that FAST
achieves small CoV values without background traffic.
However, the CoV value for FAST increases considerably
in the presence of background traffic. Intuitively, this is
because FAST adjusts its congestion window based on both
packet loss and delay, and background traffic can greatly
increase the variation of packet delays. We note that the
CoV values for H-TCP are among the highest, regardless
whether background traffic is used or not. This indicates
that the transmission rates of H-TCP fluctuates the most
among all tested protocols which in fact leads to lowering
thelink utilization.

4.6 Packet lossrates

Figures 9a and 9b show packet loss rates when experiments
for high-speed TCPs were performed with and without
background traffic. We observed that experiments for H-
TCP and STCP resulted in the highest packet loss rates both
with and without background traffic. This result indicates
that these protocols were more aggressive than other proto-
colsin achieving a high transmission rate. This also explains
why H-TCP and STCP obtained the lowest indexes for TCP
friendliness among all protocols.

5 Conclusions

We presented results of an evaluation study of a collection
of congestion control algorithms for high-speed networks.
We used different metrics such as fairness, convergence
time, packet loss rates, link utilization, RTT fairness, TCP
friendliness, and stability of throughput to evaluate these
protocols.

We do not declare any winner in our evaluation but smply
show contrasting experimental results and protocol behav-
iors when experiments were conducted with and without
background traffic. Our results demonstrated that different
conclusions can be drawn when protocol evaluations were
conducted with and without background traffic. Thus,
evaluating a new protocol without background traffic can be
dangerous and a thorough evaluation needs to look at a vari-
ety of testing scenarios to make a valid observation about
the behavior of a protocol. Evaluations without background
traffic are very isolated cases and may not give afull picture
for the protocol performance. While we do not claim that
our models for traffic and propagation delays are the most
realistic, we believe that evaluations of a new protocol
without background traffic are likely unrealistic. Therefore,
we propose that evaluations of a new protocol use diverse
scenarios that involve many different models for traffic and
propagation delays.
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