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ABSTRACT
In recent years, many high speed congestion control algo-
rithms have been proposed for utilizing network pipes with
large bandwidth-delay product, and some of them have also
been implemented in popular operating systems. Since the
Internet is and tends to be lightly-loaded and there are many
bandwidth-greedy applications, high speed congestion con-
trol algorithms may be used by many flows of the Internet.
Considering that the Internet is now very important, it is
necessary to make sure that applying high speed congestion
control algorithms will not hurt the existing applications,
especially the interactive World Wide Web and streaming
applications, such as Voice over IP.

In this paper, several influential high speed congestion
control algorithms, HS-TCP, H-TCP, Cubic-TCP, and delay-
based Compound-TCP, are evaluated with the focus on their
effects to existing applications. Many simulations are car-
ried out for answering whether it is safe to apply high speed
congestion control algorithms in high speed wide area net-
work and/or local area network of the Internet, and which
algorithm performs the best.

Through this study, we find that it is safe and profitable to
apply Cubic-TCP inside high speed local area network. Net-
work utilization ratio can be improved and the experience of
users, that communicate with remote hosts of the Internet
through existing applications, is not adversely affected.

As for high speed wide area network, we find that with
large amount of web traffics, routers should be provisioned
with a large queue for accommodating their burstiness. With
this prerequisite, all algorithms are not satisfying in high
speed wide area network. Loss-based HS-TCP, H-TCP, and
Cubic-TCP inevitably increase queue delay experienced by
the existing applications, H-TCP also causes much higher
packet loss rate, and these QoS (Quality of Service) degra-
dation can be perceived by users. Delay-based Compound-
TCP can well utilize the network without adversely affect-
ing the existing applications only when congestion can be
detected through queue delay. Considering that queue delay
detection method of Compound-TCP is not scalable with
the number of Compound-TCP flows, a new delay-based
high speed congestion control algorithm, which is scalable
with flow number, should be a promising solution for high
speed wide area network of the Internet.
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Simulation results of this study also indicate that end
hosts should be a little more intelligent and use different
high speed congestion control algorithms on different net-
work pipes of the heterogeneous Internet.

Categories and Subject Descriptors
C.2.5 [Computer Systems Organization]: Computer Com-
munication Networks—Local and Wide-Area Networks

General Terms
Performance, Measurement.

Keywords
Congestion Control, High Speed Networks, Friendliness.

1. INTRODUCTION
TCP [22] is the de-facto standard protocol of the Inter-

net for uni-cast reliable data transmission. But it is also
well known that TCP’s congestion control algorithm [8],
AIMD (Additive Increase and Multiplicative Decrease), can
not work well on network pipes with large bandwidth-delay
product (BDP) [5][13]. On these network pipes, TCP be-
comes the performance bottleneck and network bandwidth is
under-utilized. Based on this observation, many high speed
congestion control algorithms, such as Scalable-TCP [14],
HS-TCP [5], BIC-TCP [26], H-TCP [17], Cubic-TCP [23],
Fast-TCP [11], TCP-Africa [15], and Compound-TCP [24],
have been proposed in recent years.

It is very attractive to apply these high speed conges-
tion control algorithms for providing high throughput to
bandwidth-greedy applications, such as data backup, con-
tent distribution, and file sharing. Some of these algorithms
have been implemented in popular operating systems. For
example, Compound-TCP is implemented in Windows Vista
and Linux is distributed with several algorithms which can
be easily selected through a socket option. These high speed
congestion control algorithms normally switch to fast mode
when a flow finds that its sending window is larger than a
threshold. In HS-TCP and Compound-TCP, this threshold
is 38 and 41 segments respectively. Considering that net-
work bandwidth increases quickly, the Internet is and tends
to be lightly-loaded [21], and Peer-to-Peer communications
are more selfish and irresponsible, these high speed conges-
tion control algorithms may run over many network pipes of
the Internet.



Flows driven by high speed congestion control algorithms
are more aggressive and inevitably increase the load of the
Internet. Since many tasks of our daily life and business
are being carried out in the Internet, it is very important to
make sure that applying high speed congestion control algo-
rithms will not hurt the existing applications, especially the
interactive Wide Wide Web (WWW) and streaming appli-
cations, such as Voice over IP (VoIP).

But the existing high speed congestion control algorithms
are normally evaluated in the metrics of throughput, con-
vergence speed, and fairness of flows driven by high speed
congestion control algorithms. Although TCP friendliness
had also been considered, the throughput of a concurrent
long-lived FTP flow is normally the only metric. In addi-
tion, high speed congestion control algorithms are normally
evaluated on network pipes without large amount of back-
ground web traffics, which do exist in the Internet. Hence,
it is necessary to evaluate them on network pipes with large
amount of background web traffics, and user experience of
the existing applications, especially the interactive WWW
and streaming applications, should be used as the friendli-
ness metrics of high speed congestion control algorithms.

Such a study is carried out in this paper. Several influen-
tial high speed congestion control algorithms, HS-TCP [5],
H-TCP [17], Cubic-TCP [23], and Compound-TCP [24], are
evaluated and compared on simulated high speed wide area
network and local area network of the Internet with the aim
of answering whether it is safe to apply high speed conges-
tion control algorithms in wide area network and/or local
area network, and which algorithm performs the best. Dif-
ferent queue sizes are also used in simulations with the aim of
investigating how to provision queue for well accommodating
flows driven by high speed congestion control algorithms.

This paper is organized as follows. Section 2 first intro-
duces these high speed congestion control algorithms to be
evaluated. Section 3 then describes the methodology used
in our evaluation. Simulation results are presented and an-
alyzed in section 4. Related works are introduced in section
5, and the paper is concluded in section 6.

2. HIGH SPEED CONGESTION CONTROL
ALGORITHMS

In this section, we briefly introduce high speed congestion
control algorithms to be evaluated in this paper. The reader
should refer to the original literature for more information.

2.1 HS-TCP
HS-TCP [5] updates its congestion window (cwnd) based

on equation 1. Carefully designed logarithmic functions are
proposed for α(cwnd) and β(cwnd), whereby α(cwnd) and
β(cwnd) increase with cwnd for quickly probing network
pipes with large BDP, and both increase and decrease slopes
decrease with the increase of cwnd for converging quickly
and avoiding large burst of segment loss.

cwnd =

{
cwnd + α(cwnd)

cwnd
per ack,

β(cwnd)× cwnd per loss.
(1)

2.2 H-TCP
Equation 2 shows the rules used by H-TCP [17] for up-

dating its cwnd. Here, β = min(max( RTTmin
RTTmax

, 0.5), 0.8) for

high network utilization ratio. Its increase parameter is in-
dependent on the value of cwnd, and this independence from
cwnd is helpful to convergence. As shown in equation 3, the
parameter is also a quadratic increase function of ∆ (the
elapsed wall clock time since the last congestion event), and
the threshold, ∆L = 1 second. This function makes H-TCP
more scalable with RTT.

cwnd =

{
cwnd + 2×(1−β)×α(∆)

cwnd
per ack,

β × cwnd per loss.
(2)

α(∆) =

{
1 ∆ ≤ ∆L,

1 + 10(∆−∆L) + (∆−∆L

2
)2 ∆ > ∆L.

(3)

2.3 Cubic-TCP
Cubic-TCP [23] is an offspring of BIC-TCP [26]. As shown

in equation 4, Cubic-TCP inherits the merit of BIC-TCP
that, the closer cwnd is to Wmax (the cwnd value when last
congestion event occurs), the smaller its increase step is.
The concavity of its window growth function can effectively
reduce the burst of segment loss. In equation 4, β is the
decrease parameter used when segment loss is detected and
C is a carefully designed scaling factor. Just like H-TCP,
for better RTT scalability, the window growth function of
Cubic-TCP is also a function of the elapsed wall clock time
since the last congestion event.

Wcubic = C(t− 3
√

Wmax ∗ β/C)3 + Wmax (4)

2.4 Compound-TCP
Compound-TCP [24] is a delay-based high speed conges-

tion control proposal from Microsoft and has been imple-
mented in Windows Vista. Compound-TCP sender main-
tains two variables, dwnd and cwnd. Their sum (win =
cwnd + dwnd) plays the same role of cwnd in other algo-
rithms, the sending window probed through congestion con-
trol. cwnd is updated in the same way of regular TCP, and
dwnd is updated based on queue delay information. Equa-
tion 5 shows these rules used by Compound-TCP.

cwnd =

{
cwnd + 1

cwnd
per ack,

0.5× cwnd per loss.
(5)

dwnd =


dwnd + (α× wink − 1)+ per RTT, ∆ < γ,

(dwnd− ζ ×∆)+ per RTT, ∆ ≥ γ,

(win× (1− β)− cwnd
2

)+ per loss.

Here (.)+ is defined as max(., 0). That means a Compound-
TCP flow will never receive less throughput than that re-
ceived when the flow uses regular TCP. ∆ is the number of
packets backlogged at the bottleneck link and is estimated
based on the same method used by TCP Vegas [2].

With these rules, when network is under-utilized (∆ is less
than the threshold, γ = 30 segments, and there is no seg-
ment loss), sending window is increased binomially (win =
win + α × wink, per RTT) for probing network bandwidth
quickly. After that, cwnd is continuously increased and
dwnd reduces itself with the aim of maintaining γ packets
at the bottleneck link and driving network to work at the
knee [10]. After dwnd is reduced to zero, Compound-TCP



Figure 1: Wide Area Network Scenario: High Speed Congestion Control Algorithms on a Transocean Optical
Fiber Link

acts as regular TCP and sending window is still increasing
slowly until some segments are dropped or corrupted. When
segment loss is detected, sending window is multiplicative
decreased (win = win × (1 − β)) for avoiding congestion
collapse.

3. EVALUATION METHODOLOGY
Since experiments in the Internet may adversely affect

users of the Internet, simulation is used to evaluate the ef-
fects of applying high speed congestion control algorithms
in the Internet. NS-2 [1] is adopted due to its powerful
functions and NS2-TCP-Linux [25] is patched for compar-
ing these algorithms in a common TCP implementation.

The following subsections will describe the methods used
for evaluating high speed congestion control algorithms on
a simulated transocean optical fibre link and a simulated
high speed campus network. By comparing their effects on
the existing applications, we can answer whether is is safe
to apply high speed congestion control algorithms in high
speed wide area network and/or local area network of the
Internet, and which algorithm performs the best.

3.1 Wide Area Network Scenario
The dumbbell network configuration in figure 1 is used for

evaluating high speed congestion control algorithms in wide
area network. The link between R1 and R2 is a simulated
transocean optical fibre link whose bandwidth is 1Gbps,
propagation delay is 50ms, and packet error rate is 10−6.
The other links are all highly reliable and very fast (band-
width: 1Gbps, packet error rate: 0) so that the transocean
optical fibre link is the only bottleneck.

3.1.1 Background Web Traffics
Between the two WWW node clouds of figure 1, HTTP

sessions are generated according to the connection-based
web traffic model [3]. The propagation delay of the links
between WWW nodes and R1/R2 follows an uniform distri-
bution whose range is 5 to 15ms. In the forward direction
(R1 → R2), 4000 HTTP sessions are generated per second,
and 1000 HTTP sessions are generated per second in the
reverse direction. Hence, similar to the real Internet, back-
ground web traffics consume quite large amount bandwidth
of the simulated transocean optical fibre link.

3.1.2 High Speed Flows
N flows driven by high speed congestion control algo-

rithms are established between HS Si and HS Ci. Unless
specified, N equals to 4. window , NS parameter for socket
buffer, is set to 100000 packets so that the sending rate
of these flows is solely determined by congestion control.
In order to mitigate the presence of phase effects, as was
done in [26], we set overhead , NS parameter for node pro-
cessing delay, to 8 × 10−6. The propagation delay between
HS Si/HS Ci and R1/R2 also follows the uniform distribu-
tion whose range is 5 to 15ms.

3.1.3 Flows for Collecting User Experience
In order to evaluate a high speed congestion control al-

gorithm’s effects on existing applications from user experi-
ence point of view, a client (WWW C) continuously accesses
a web server (WWW S) which sends back responses with
fixed sizes (1KB, 2KB, 4KB, 8KB, 16KB, 32KB, 64KB, or
128KB). The response time of these HTTP transactions is
used to evaluate its effects on WWW.

A VoIP connection is established between VoIP S and
VoIP C. We use the ITU G.711 PCM VoIP traffic as our
voice source. The data rate during talk spurt is 87.2 Kbps,
including the relative protocol headers. Each packet size is
218 bytes. The average burst time is 0.4s, average idle time
is 0.6s, and the distribution follows an exponential ON/OFF
model. One way delay from VoIP S to VoIP C and its jit-
ter are used to evaluate a high speed congestion control al-
gorithm’s effects on VoIP, a typical streaming application.
Considering that there may not be enough VoIP packets for
accurately measuring a low packet loss rate, we use packet
loss rate of the bottleneck link as the packet loss rate expe-
rienced by VoIP packets.

A FTP connection (HFTP) is established between HFTP S
and HFTP C. It uses a TCP agent whose window is set to
100000. Its throughput is used to evaluate a high speed con-
gestion control algorithm’s effects on long-lived FTP flows
with support of window scale option [9] and without buffer-
limitation. Another FTP connection (FTP) is established
between FTP S and FTP C. It uses a TCP agent whose
window is set to 64. Its throughput is used to evaluate a
high speed congestion control algorithm’s effects on long-
lived FTP flows with buffer limitation and/or without sup-



Figure 2: Local Area Network Scenario: High Speed Congestion Control Algorithms on a High Speed Campus
Network

port of window scale option.

The propagation delay between the above nodes and R1/R2
is set to 10ms.

3.1.4 Experiments
In order to investigate how to provision queue for well

accommodating flows driven by high speed congestion con-
trol algorithms, R1 uses DropTail queue and queue size is
set to 0.02, 0.05, 0.1, 0.2, 0.5, or 1 BDP of the simulated
transocean optical fibre link.

For each queue size, five experiments are carried out. HS-
TCP, H-TCP, Cubic-TCP, and Compound-TCP are used by
high speed flows in different experiments. For comparison,
TCP (SACK [20]) is also used by these flows in the remaining
one experiment. For each experiment, simulation runs for
830 seconds and figure 3 shows the start and end sequence
of different kinds of flows.

Figure 3: The start and end sequence of different
flows

3.2 Local Area Network Scenario
As shown in figure 2, in local area network scenario, we

simulate a high speed campus network (bandwidth: 1Gbps,
delay: 5ms, packet error rate: 10−7) that connects to the
Internet through a leased OC-1 line (bandwidth: 51Mbps,
delay: 50ms, packet error rate: 10−6). In this scenario, we
want to investigate whether it is safe to apply high speed
congestion control algorithms inside a high speed local area
network, and which algorithm performs the best. We focus
on their effects on the experience of users that communi-
cate with remote hosts of the Internet through existing ap-

plications, especially the interactive WWW and streaming
applications.

3.2.1 Background Web Traffics
Between the two WWW node clouds of figure 2, back-

ground web traffics are also generated. In the forward di-
rection (R3 → R1 → R2), 500 HTTP sessions are generated
per second, and 125 HTTP sessions are generated per sec-
ond in the reverse direction. The propagation delay of the
links between WWW nodes and R2 follows an uniform dis-
tribution whose range is 1 to 3ms, and the propagation delay
of the links between WWW nodes and R3 follows another
uniform distribution whose range is 5 to 15ms.

3.2.2 High Speed Flows
Just like the wide area network scenario, N flows driven

by high speed congestion control algorithms are established
between HS Si and HS Ci, and the default value of N is
4. The propagation delay between HS Si/HS Ci and R1/R2
follows the uniform distribution whose range is 1 to 3ms.

3.2.3 Flows for Collecting User Experience
WWW, VoIP, HFTP, and FTP connections are also es-

tablished for evaluating a high speed congestion control al-
gorithm’s effects on the experience of users that communi-
cate with remote hosts of the Internet through the existing
applications. The propagation delay between client nodes
and R2 is set to 1ms, and the propagation delay between
server nodes and R3 is set to 10ms.

3.2.4 Experiments
DropTail queue is used by R3 and its size is set to 1 BDP

of the leased OC-1 line. R1 also uses DropTail queue, and its
queue size is set to 0.1, 0.2, 0.5, or 1 BDP of the simulated
high speed campus network so that queue is not less than 50
packets. For each queue size, five experiments are also car-
ried out. TCP (SACK), HS-TCP, H-TCP, Cubic-TCP, and
Compound-TCP are used by high speed flows in different
experiments. The start and end sequence of different kinds
of flows is identical to wide area network scenario (shown in
figure 3).
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Figure 4: Utilization Ratio and Packet Loss Rate of the Simulated Transocean Optical Fibre Link

4. SIMULATION RESULTS AND ANALYSIS
In this section, simulation results are presented and an-

alyzed. Instead of the performance of flows driven by high
speed congestion control algorithms, we focus on their ef-
fects on user experience of existing applications, especially
the interactive WWW and VoIP. Performance of the whole
network is also considered.

4.1 Wide Area Network Scenario

4.1.1 Simulation Results and Analysis
Figure 4 shows utilization ratio and packet loss rate of the

simulated transocean optical fibre link, and figure 5 shows
WWW, VoIP, and FTP user experience in this wide area net-
work when 4 concurrent flows use HS-TCP, H-TCP, Cubic-
TCP, Compound-TCP, or TCP.

Figure 4(a) shows that if queue is small (0.02 and 0.05
BDP), high speed wide area network can not be well uti-
lized no matter which algorithm is used. The reason is that
there are a large amount of bursty web traffics. When queue
is small and these burstiness can not be accommodated, seg-
ments are dropped and sending rate is reduced even when
the network is under-utilized. Figure 4(a) also indicates that
high speed congestion control algorithms are really needed
for utilizing network pipes with large BDP and large queue.

Figure 4(b) shows that H-TCP always causes the high-
est packet loss rate. The reason is that following the rules
in equation 3, the window growth function of H-TCP is a
convex function. When congestion occurs, its increase step
can be quite large and many packets are dropped. The
same reason can also explain the high packet loss rate of
Compound-TCP when queue is small and congestion can
not be detected through queue delay. Compound-TCP only
achieves binomial window growth and its increase step can
also be very large when congestion occurs. Figure 4(b) also
shows that the concave Cubic-TCP and well designed HS-
TCP can effectively reduce data burst and the number of
segments dropped during a congestion event. One strange
phenomenon is that packet loss rate of TCP and Compound-
TCP is very high when queue is huge (0.5 and 1 BDP). We
find that most of lost segments are dropped shortly after the
join of new high speed flows. The reason is that TCP and

Compound-TCP don’t use any mechanism similar to Lim-
ited Slow Start [6] used by HS-TCP. The larger the queue is,
the larger their increase step at the end of slow start phase
is, and the more segments are dropped.
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Figure 6: CDF of 64KB HTTP Transaction Re-
sponse Time When Queue is 0.1 BDP

Irrespective of the size of response data, response time of
HTTP transaction follows the same pattern. Due to space
limitation, figure 5(a) and 5(b) only present average response
time of HTTP transactions whose response data size is 4KB
or 64KB. They show that loss-based high speed congestion
control algorithms do increase the average response time of
HTTP transactions a little. It is reasonable since these al-
gorithms drive network to work near the cliff [10] during
most of the time and HTTP packets experience long queue
delay. As shown in figure 6, loss-based high speed conges-
tion control algorithms, especially H-TCP, can cause user-
perceptible increase of some HTTP transactions’ response
time. As for delay-based Compound-TCP, when queue is
large, it can drive network to work around the knee and limit
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Figure 5: WWW, VoIP, and FTP User Experience in Wide Area Network
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Figure 7: Twenty High Speed Flows on the Simulated Transocean Optical Fibre Link

the increase of HTTP transactions’ response time. But when
queue is 1 BDP, Compound-TCP still obviously increases the
response time of HTTP transactions. The reason is that af-
ter dwnd is reduced to zero, Compound-TCP acts as regular
TCP and slowly drives network to the cliff. When queue is
huge, Compound-TCP drives network to leave the knee for
a long time and the average response time of HTTP trans-
actions is increased.

Figure 5(c) and 5(d) show the average one-way delay and
jitter experienced by VoIP packets. Their pattern is simi-
lar to figure 5(a) and 5(b) due to the same reason. When
queue is large, loss-based high speed congestion control al-
gorithms obviously increase the delay and jitter suffered by
VoIP packets, and this increase can be perceived by more
sensitive VoIP users. As for delay-based Compound-TCP,
when congestion can be detected through queue delay, it is
also better than loss-based proposals in the two metrics.

Figure 5(e) and 5(f) show the throughput of FTP and
HFTP connections. They indicates that Compound-TCP
can be very friendly to long-lived TCP flows when queue
is large enough so that Compound-TCP can detect conges-
tion through queue delay. Loss-based high speed congestion
control algorithms do decrease the throughput of FTP users
and H-TCP performs the worst.

4.1.2 Discussion
According to previous section 4.1.1, routers of wide area

network should be provisioned with large queue for accom-
modating the bursty web traffics of the Internet. With this
prerequisite, loss-based high speed congestion control algo-
rithms unavoidably increase response time of HTTP trans-
actions and one way delay & jitter of VoIP packets. Their
adverse effects on VoIP packets are quite obvious and may
be perceptible to users. The throughput of concurrent FTP
connections is also obviously reduced.

Among loss-based high speed congestion control algorithms,
H-TCP performs the worst. It causes much higher packet
loss rate and the largest jitter experienced by VoIP packets.
In addition, its link utilization ratio is lower than other high
speed congestion control algorithms and is even lower than
TCP in some cases. Due the convexity of its window growth
function, many segments are dropped during a congestion

event and these large burst of segment loss harm cross traf-
fics and H-TCP flows themselves. These results indicate that
convex window growth function is not suitable for loss-based
high speed congestion control.

As for delay-based Compound-TCP, it is quite encourag-
ing when queue is large (≥0.2 BDP). It achieves the highest
link utilization ratio and its adverse effects on user experi-
ence of the existing applications are also the slightest. But
when queue is very large (1 BDP), the network still can
leave the knee for a long time and queue delay experienced
by interactive applications can be increased obviously. More
severely, as shown in figure 4 and 5, when queue is not larger
than 0.1 BDP, Compound-TCP can not detect congestion
through queue delay, it only carries out binomial window
growth, and the performance is very bad. Its utilization ra-
tio is even lower than TCP, and the existing application are
adversely affected. Considering that each Compound-TCP
flow tries to maintain γ = 30 segments at the bottleneck,
Compound-TCP is not scalable with flow number and its
delay-based rules can not work in many cases. We had car-
ried out the experiments in section 3.1.4 with 20 high speed
flows. Figure 7 shows utilization ratio of wide area network
and the response time of 64KB HTTP transaction. It indi-
cates that until queue is larger than 0.5 BDP, Compound-
TCP can not achieve high link utilization ratio and it is not
better than loss-based high speed congestion control algo-
rithms in the metric of HTTP transactions’ response time.
These results indicate that a delay based high speed conges-
tion control algorithm, which is scalable with flow number,
should be a promising solution for high speed wide area net-
work of the Internet.

4.2 Local Area Network Scenario

4.2.1 Simulation Results and Analysis
Figure 8 shows utilization ratio and packet loss rate of the

simulated high speed campus network, and figure 9 shows
the experience of WWW, VoIP, and FTP users that commu-
nicate with remote hosts of the Internet when 4 concurrent
flows use HS-TCP, H-TCP, Cubic-TCP, Compound-TCP, or
TCP.

Figure 8(a) shows that TCP can also achieve quite high
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Figure 8: Utilization Ratio and Packet Loss Rate of the Simulated High Speed Campus Network

network utilization ratio. The reason is that BDP of the sim-
ulated high speed campus network is not very large (1250KB)
and RTT is short. It also shows that HS-TCP can not
improve network utilization ratio and Compound-TCP is
even worse than TCP when congestion can not be detected
through queue delay. The reason is that the window growth
functions of HS-TCP and Compound-TCP are related with
RTT. They congest local area network too frequently and
cause high packet loss rate (as shown in 8(b)). Their sending
window is reduced frequently and their throughput is low.
Compound-TCP are more liable to this problem since its
decrease parameter is 0.5 when segment loss is detected. As
for H-TCP and Cubic-TCP, their window increase functions
are related with wall clock time. Their congestion frequency
is effectively controlled and they achieve higher throughput
than TCP. Cubic-TCP is better than H-TCP because of its
concave window growth function. Its segment loss is less
synchronized than H-TCP and the network can keep work-
ing around the cliff.

Figure 9(a) and 9(b) only present average response time
of HTTP transactions whose response data size is 4KB or
64KB. Figure 9(c) and 9(d) show the average one-way delay
and jitter experienced by VoIP packets. Compared with
the propagation delay of leased OC-1 line, queue delay of
local area network is very short. Response time of HTTP
transactions and one way delay experienced by VoIP packets
are not obviously increased by high speed congestion control
algorithms. In some cases, they are even better than TCP.

When queue is less than 0.5 BDP, Compound-TCP can
not detect congestion through queue delay and its binomial
window growth function is a convex function. During each
congestion, many segments are dropped. These frequent and
large burst of segment loss cause the largest jitter experi-
enced by VoIP users (as shown in figure 9(d)). And the
throughput of FTP connections is also obviously reduced by
Compound-TCP (as shown in figure 9(e) and 9(f)).

4.2.2 Discussion
According to previous section 4.2.1, Cubic-TCP should be

a good selection for high speed local area network. Its wall

clock time related window growth function can effectively
reduce the frequency of congestion event. The concavity of
its window growth function can reduce the burst of segment
loss, drive the network to work around the cliff, and well
utilize the bandwidth of high speed local area network. Since
queue delay of local area network’s router is normally quite
short, their effects on the existing interactive applications
can be imperceptible to users.

5. RELATED WORK
When high speed congestion control algorithms [26][17][23]

[24][12] are proposed , the authors also evaluate and compare
their proposal with the existing algorithms. In [4], HS-TCP
is evaluated on a simulated transocean optical fibre link, and
Cubic-TCP is evaluated and analyzed on a testbed in [16].
In [19], BIC-TCP, Fast-TCP, HS-TCP, and H-TCP are sys-
tematically evaluated and compared on a testbed.

But these evaluations focus on the metrics of throughput,
convergence speed, and fairness of flows driven by high speed
congestion control algorithms. Although TCP friendliness
had also been considered, the throughput of a concurrent
long-lived FTP flow is normally the only metric. In [26], the
authors suggested that it may be more realistic to evaluate
the throughput of a long-lived FTP flow with buffer limi-
tation and/or without support of window scale option. In
addition, these high speed congestion control algorithms are
normally evaluated on network pipes without large amount
of background web traffics, which do exist in the Internet.

In [18], Compound-TCP is evaluated and compared with
HS-TCP on several Internet paths (RTT: 8.5-151ms) that
have large amount of background web traffics. In [7], BIC-
TCP, Fast-TCP, HS-TCP, H-TCP, and Cubic-TCP are eval-
uated and compared on a emulated bottleneck link (band-
width: 400Mbps, delay: 8-162ms) with different kinds of
background traffics. But the authors mainly evaluate the
effects of background traffics on flows driven by high speed
congestion control algorithms.

To the best of our knowledge, this paper is the first to
study user experience of existing applications, especially the
interactive applications, when high speed congestion control
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Figure 9: WWW, VoIP, and FTP User Experience in Local Area Network



algorithms are used in high speed wide area network and
local area network of the Internet

6. CONCLUSION
In this paper, several influential high speed congestion

control algorithms, HS-TCP, H-TCP, Cubic-TCP, and delay-
based Compound-TCP, are evaluated in simulated high speed
wide area network and local area network of the Internet
with the focus on their effects to the existing applications,
especially the interactive WWW and streaming applications.

Through this study, we find that it is safe and fruitful to
apply Cubic-TCP within high speed local area network. It
can improve network utilization ratio and the experience of
users, that communicate with remote hosts of the Internet
through the existing applications, are not adversely affected.

As for high speed wide area network of the Internet, we
find that with large amount of bursty web traffic, no matter
the kind of congestion control algorithm, routers should be
provisioned with a large queue. With this prerequisite, all
high speed congestion control algorithms are not satisfying
for wide area network. Loss-based algorithms inevitably in-
crease queue delay experienced by the existing interactive
applications, H-TCP also causes much higher packet loss
rate due to its convex window growth function, and these
QoS degradation can be perceived by users. Delay-based
Compound-TCP can well utilize the network without ad-
versely affecting the existing applications only when con-
gestion can be detected through queue delay. Considering
that the queue delay detection method of Compound-TCP
is not scalable with flow number, a new delay-based high
speed congestion control algorithm, which is scalable with
flow number, should be a promising solution for high speed
wide area network of the Internet.

Simulation results of this study also indicate that end
hosts should be a little more intelligent and use different
high speed congestion control algorithms on different net-
work pipes of the heterogeneous Internet.
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