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Introduction

increases, throughput will decrease. The solution is
to decrease router queue occupancy, and consequently
packet loss rates. To achieve this, sources must lower

The Internet has grown in a significant way in the

Today, it connects millions of their sending rate. However, this was not the behapeople and machines, and it has impacted numerous vior of early TCP versions. TCP, being a reliable
aspects of our lives. Next-generation consumer net- transport protocol, is expected to retransmit lost seglast twenty years.

ments, but its original retransmission behavior was

works, such as residential fiber optic networks [20],

are pushing the boundaries of what was considered to too aggressive, putting the network at risk of congesbe impossible just a few years ago. For example, new tion collapse. A congestion collapse happens when
services with ever increasing bandwidth requirements,

a severely congested network reaches a steady state,

such as high definition video-on-demand, on-line mu-

where the actual useful throughput is very low.

sic, and cloud-based storage services, are quickly

In October of 1986, the Internet suﬀered its first con-

changing the way we use the Internet. High-speed

gestion collapse, and more would soon follow. These
transatlantic networks are enabling laboratories, like events fascinated researchers, prompting them to inCERN and Fermilab, to exchange massive amounts vestigate the underlying causes of the collapses [21].
of experimental data with science research facilities

It was shown that TCP lacked the fundamental con-

across the globe everyday.

trol mechanisms to prevent congestion collapses. Sev-

The Transmission Control Protocol (TCP) [38] plays eral algorithms were proposed, along with critical ima critical role in the Internet infrastructure. By provements to TCP timers.
providing a connection-oriented, reliable, byte-stream

The TCP congestion control algorithms have been

service, TCP has enabled the Internet to thrive on

successful since their inception in 1988, and have al-

many types of networks; ranging from high-speed,

lowed the Internet to scale multiple times. However,
highly reliable fiber optic links to error prone wire- the proliferation of new-generation networks, such as
less links. Additionally, TCP provides a fundamental links with high bandwith-delay products or wireless
service to the stability of the Internet, called conges- networks, have made the limitations of traditional
tion control.
TCP congestion control more apparent. Even with

its long history, TCP congestion control remains an

Congestion control is a key issue in any network. It is

intrinsically related to network and router capacity. hot topic to this day, as TCP is still the only standThe Internet, being composed by many heterogen- ard Internet protocol capable of end-to-end reliable
eous networks with distinct capacities, is particularly transmission, and congestion control.
susceptible to congestion events. Routers must buﬀer
packets in queues before and after processing. If the
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arrival rate of packets is larger than the capacity of

Current TCP challenges and
solutions

the network, a router must store them in a queue until
it can forward the packets to the next hop. Eventu-

ally, if the arrival rate continues to be larger than the A major challenge currently faced by TCP is link
departure rate, the queue will grow to a size where

eﬃciency.

Link eﬃciency means TCP should be

the router has no alternative but to drop packets, able to fully use the capacity provided by a netdisrupting network flows. So, as the packet loss rate

work. In fact, many recent contributions to TCP
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congestion control come as a side eﬀect of the need

packet loss as a sign of congestion. So, in a wireless

to enhance TCP’s performance on links with large

network, when TCP detects that a segment is lost,

delay-bandwidth products. To understand this issue, it will frequently and erroneously assume that it
we note that advances in physical network techno-

was caused by congestion. In response to the loss

logy have made long distance, multi-gigabit, networks event, TCP will lower its congestion window by half,
commonplace. However, although network capacity

unnecessarily aﬀecting throughput. This is, perhaps,

has been continually increasing, latency remains con-

the most challenging problem of TCP, as it does not

stant. We also note that a TCP sender adjusts its

have any means to distinguish between losses caused

window according to the Additive Increase Multiplic- by network congestion, and losses caused by link
ative Decrease (AIMD) algorithm with fairly con-

errors.

servative parameters. This design, while safe, leads
to very poor link utilization on networks with large

The limitations in TCP congestion control urged the

delay-bandwidth products. This problem is aggrav-

research community to put forward new solutions.

ated as the bandwidth-delay product of the link in-

Many contributions have been proposed, but all can

creases.

be framed in one of two approaches: end-to-end con-

Fairness is also an important issue. We consider two gestion control, and router-assisted congestion condiﬀerent types of fairness. TCP fairness, which is how

trol.

fair a new TCP proposal will be to standard TCP, and

The end-to-end strategy is the classical approach to

intra-protocol fairness, which is concerned with fair

congestion control. In this model, it is the respons-

distribution of bandwidth among flows running the

ibility of the TCP sender to detect congestion and

same TCP version. Regarding legacy TCP fairness,

act upon it. End-to-end algorithms have a black-

bandwidth allocation for flows running TCP variants

box perspective of the network. Therefore, all end-to-

should not dominate standard TCP flows, to allow for

end congestion mechanisms can only rely on implicit

a less disruptive deployment in the Internet. Regard-

congestion signals, i.e. packet losses and delay vari-

ing intra-protocol fairness, any TCP algorithm which

ations. This approach has proved successful for many

aims to provide eﬃcient link utilization on high-speed

years. Nevertheless, it has some limitations. Loss-

networks, must eventually converge to fair distribu-

based schemes cause network congestion by design, as
tion of bandwidth among competing flows. Also, the
it is the only way to probe for available bandwidth,
algorithm should account for various aspects that may
making them reactive, rather than proactive. Delayinfluence individual flow behavior, and consequently
based schemes can proactively respond to network
its overall fairness [36].
congestion, and thus are more network friendly. By
Wireless networks have become very popular in
the last few years.

inspecting fluctuations in measured RTT values, they

With the advent of mobile can infer router queue occupancy, but face many chal-

computing, the number of devices using TCP over lenges with accurate RTT estimation and link underwireless links has seen an explosive growth. They utilization on the presence of loss-based algorithms.
serve as a testimony of TCP’s flexibility to adapt Moreover, it is yet to be determined if pure delayto new physical media. However, it is important to based algorithms can work correctly on many netnote that TCP was originally designed with wired work scenarios. More recently, hybrid-based (i.e.,
networks in mind, where packet error rates are small, that combine loss and delay) approaches are being
and the network characteristics are fairly constant. proposed as possible solutions to some of the inherent
This, of course, contrasts with the reality of wireless

problems with pure loss- and pure delay-based mech-

networks. In wireless networks, error rates can spike

anisms. Hybrid-based algorithms show improved res-

due to interference, or frame collisions, caused by

ults in some scenarios, but they still retain most prob-

multiple senders trying to transmit simultaneously. lems from the loss and delay based algorithms, beAvailable bandwidth can suddenly drop due to cause they still have limited awareness of the true
signal degradation.

TCP is designed to interpret

network state. Despite its limitations, the proponents
2

of the end-to-end approach argue that only an end-to- main drawbacks are that, in addition to the sources,
end algorithm adheres to the “golden principle” that

all routers in the network are required to participate

complexity of a network should be at its edge and not

in the protocol, and that more powerful routers are

at its core [14], allowing the network to scale [41]. An-

needed to cope with the increased complexity of such

other important argument is that the end-to-end ap-

algorithms.

proach allows for an incremental deployment of such

The router-assisted approach, while arguably super-

algorithms. A very attractive characteristic of and

ior, is still under discussion, since its implementation

end-to-end congestion control algorithm is that only

in the current Internet is very challenging due to

the sender side must be modified.

both technical and political aspects. This, and other
At the same time, a diﬀerent strategy to congestion factors, have hindered so far the adoption of the
control is being proposed. The router-assisted ap- router-assisted approach.
proach makes routers an active component of a congestion control architecture.

Our work will focus on the end-to-end approach.

One early proposal is Random Early Detection (RED)
[16] alongside Explicit Congestion Notification (ECN)
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[40]. RED aims to mitigate some of the problems

Related work

with drop-tail queues. In drop tail queues, packets
are dropped in a bottleneck router, after a queue buf- End-to-end algorithms propose an attractive apfer overflow occurs. In RED managed queues, pack- proach to Internet congestion control, both in simplicity and scalability. We present some of the most

ets will be dropped earlier, based on the output of a

drop probability algorithm. If the queue occupancy relevant work on TCP end-to-end congestion control.
is low, almost no packets are dropped; conversely, if Recall that the only signals of network congestion
the queue starts to fill, the drop probability will rise

available to an end-to-end algorithm are packet losses

proportionally. This approach has shown good results

and latency variations. Therefore, research has been

in controlling packet drops, queuing delay and lock- focused on three types of algorithms:
out behavior [6]. However, TCP senders still detect
• Loss-based algorithms rely on packet losses alone

network congestion by observing packet losses, and

to react to network congestion;

inherit all the problems associated with implicit congestion signaling. Thus, ECN was proposed. ECN

• Delay-based algorithms use delay measurements

uses the output from RED’s probability function, but

alone to infer router queue occupancy and act

instead of dropping the packet, it will explicitly signal

before heavy congestion occurs;

the TCP sender, allowing it to adapt to congestion be-

• Hybrid-based algorithms use techniques from

fore it occurs and avoid unnecessary retransmissions.

both loss-based and delay-based algorithms;

More sophisticated algorithms for Internet conges-

their rationale is that with more information, an

tion control, called explicit-rate feedback algorithms,
have also been proposed.

end-to-end algorithm can infer the state of the

They were inspired on

network more accurately and make better de-

ATM’s ABR protocol [11]. Examples of such pro-

cisions.

posals are [3] and XCP [12], even though XCP uses
windows, instead of rates. In essence, explicit-rate

3.1

feedback algorithms allow routers to present sources
with how much data they should be sending at a
given time. Therefore, they exhibit advantages over

Loss-based congestion control algorithms

the end-to-end counterparts, solving most of their Traditionally, TCP has used packet losses to detect
problems. This includes eﬃcient utilization in high

network congestion. Many new algorithms now use

bandwith-delay links, flow fairness, and the ambigu-

delay information, but pure loss-based algorithms are

ity of segment loss in heterogeneous networks. The still, by far, dominant in the Internet. We present
3

the key concepts of the classic TCP congestion control recovery. Reno is a major improvement over Tahoe realgorithms, and their significance to Internet stability. garding single packet loss in a window. However, like
Tahoe, it does not behave well when multiple packet

Tahoe was the first TCP version designed with con-

losses occur within a single window of data.

gestion control [21]. One of the main principles of its
operation is that the rate of new packets sent into the

NewReno is proposed in [15] to enhance Reno’s fast

network must be close to the rate at which the receiver retransmit and fast recovery algorithms. Reno asreturns the acknowledgements. In versions earlier sumes that only one segment is lost from a window of
than Tahoe, sources send multiple segments into the data. However, packets frequently arrive in bursts at
network until the advertised receiver window is full. the routers [31], and therefore packet drops will also
This overly aggressive behavior may cause problems

occur in bursts. In this setting, Reno will not handle

when there are slower links between the sender and

multiple packet drops adequately.

receiver. Upon reaching an upstream router connec-

A fundamental problem with Reno, which makes it

ted to a lower capacity link, a packet must be buﬀered

unsuitable to handle multiple packet drops, is that

and wait for transmission. Since the buﬀer space is fi-

every time an ACK that acknowledges new data ar-

nite, it is possible that the router overflows its queue,

rives, it will leave fast recovery. In a scenario where

and multiple packets will be dropped. It was shown

multiple packets are dropped, Reno will call fast re-

in [21] how that approach could severely aﬀect the

transmit and fast recovery multiple times. Each time

throughput of TCP connections.

this happens, the congestion window and slow-start

Tahoe includes three new algorithms. They are slow-

threshold will be further reduced, leading to poor

start, congestion avoidance, and fast retransmit. It

throughput.

also adds a new window to the sender’s TCP, called

The novel idea in NewReno is the introduction of par-

the congestion window. Moreover, the TCP sender

tial acknowledgements. A partial acknowledgement

must not transmit more than the minimum of the

will acknowledge only some of the segments before the

congestion window and the advertised receiver win-

sender had detected packet loss. In Reno, the first

dow. One of TCP Tahoe’s fundamental assumptions

partial acknowledgement will result in the termina-

is that the packet loss rate is very small, therefore

tion of fast recovery. NewReno, on the other hand,

packet losses could be inferred as a strong indicator

will use the partial acknowledgement as a signal that

that congestion had occurred on the network, and the

another packet was lost, and react accordingly.

sender should decrease its sending rate. Tahoe, even
with its limitations, was a major breakthrough in con-

Upon detecting three duplicate acknowledgements,

gestion control. It has played a critical part in the

NewReno will save the sequence number of the last

prevention of congestive collapses on the Internet, and

transmitted segment in a variable called recover.

has set the guidelines and principles for which virtu- What follows is a behavior nearly identical to Reno.
ally every new TCP implementation should respect NewReno will enter fast retransmit, send the lost
packet, and invoke fast recovery. However, when a

or, at least, consider.

partial acknowledgement arrives at the sender, Ne-

Tahoe was followed by Reno [2]. Reno retains most

wReno will retransmit the segment matching the par-

of Tahoe’s characteristics, but introduces two changes

tial acknowledgement, but it will continue in fast re-

that improve Tahoe’s performance considerably. The

covery. Only after the sequence number in recover

key idea is that Reno, contrarily to Tahoe, should

is acknowledged, will fast recovery end.

not fall back to slow-start when packet loss is detected through duplicated ACKs. Instead, it should

NewReno is still nowadays one of the most popular

continue sending data, albeit at a slower pace. The

TCP variants.

Together with Reno and SACK

main insight is that since the sender is still receiving [35], which extends TCP’s capabilities to selectively
ACKs, the network is still delivering packets, and so acknowledge individual segments,

and therefore

the congestion experienced is not yet heavy. As such, improve its ability to recover from multi-window
Reno introduced a new mechanism called called fast

segment losses, it is commonly regarded as the de
4

facto TCP version.

uses the bandwidth estimate to set the congestion
window and slow-start threshold to more appropri-

High-speed

TCP

congestion

control

ate values. This makes TCP-Westwood perform sig-

al-

nificantly better than Reno in heterogeneous net-

gorithms

works. More recently, the authors of TCP-Westwood

It is widely recognised that TCP’s conservative

proposed a new variant called TCP-Westwood with

AIMD behavior scales poorly in networks with high

agile probing and persistent noncongestion detection

bandwith-delay products. One possible strategy to

(TCPW-A) [44]. The proposed changes make TCP-

improve link eﬃciency is to make TCP more aggress-

Westwood more suitable for links with dynamic, high
ive. That is, increase the congestion window faster, bandwith-delay products. Moreover, its authors state
and upon packet loss, use a smaller decrease factor. that TCPW-A can achieve good eﬃciency, without
Several new high-speed TCP variants were proposed
as simple changes to TCP’s AIMD mechanism.

compromising fairness and stability.
Another algorithm, called Binary Increase Congestion

HighSpeed TCP for Large Congestion Windows [13]

(BIC) is proposed in [50]. It uses a novel congestion

modifies TCP’s AIMD mechanism to make it more

window growth mechanism that views congestion con-

suitable for high-speed networks. It is designed to

trol as a searching problem. The basic idea of the al-

have a dynamic behavior that is dependent on the

gorithm is as follows. A minimum window is defined

state of the network. In low packet loss conditions,

as the congestion window where packet loss is not yet

HighSpeed TCP behaves more aggressively than reg-

detected. A target window is defined as the midpoint

ular TCP to achieve high network utilization. When

between the minimum window (i.e., the current con-

the packet loss rate is higher than 10−3 , HighSpeed

gestion window, provided no loss occurred yet) and a

TCP’s behavior is identical to regular TCP, improv-

maximum window. Initially, the maximum window is

ing compatibility with legacy TCP variants. High-

a large pre-defined constant, or else it is the window at

Speed TCP is now an Internet RFC, but it has not

which packet loss was previously detected. If the cur-

yet seen significant adoption.

rent congestion window is far from the target window,

Scalable TCP [24] builds upon the work of HighSpeed

BIC will increase the congestion window faster. This

TCP. Its congestion window follows a Multiplicative

is called the additive increase phase. When the con-

Increase Multiplicative Decrease (MIMD) rule. Like

gestion window approaches the target window, BIC
HighSpeed TCP, Scalable TCP’s window will grow at will enter the binary search phase, where the window
a faster rate after it has reached a certain threshold. has a logarithmic growth. If the congestion window
Unlike HighSpeed TCP, however, ScalableTCP uses
static increase and decrease parameters.

reaches maximum window, BIC will enter the max
probing phase, and the window will grow exponen-

HighSpeed and Scalable TCP can both achieve good

tially until the new maximum window is found. This
behavior sets BIC apart from other scalable proto-

scalability and link utilization. However, they present

cols, such as HighSpeedTCP and ScalableTCP, where

some fairness concerns [36, 50], when flows with dif-

ferent RTTs compete for network bandwidth. Recall the growth rate is always fastest near the maximum
that standard TCP is biased towards flows with smal- window. Its authors argue that, compared to TCP,
ler RTTs. A disadvantage in both protocols is that BIC’s design improves link eﬃciency, TCP friendlitheir more aggressive nature makes them more prone ness, fairness, and protocol stability. BIC was made

the default TCP congestion control algorithm in the

to RTT unfairness [32].

2.6.8 Linux kernel.

TCP-Westwood+ is proposed in [9]. It uses the idea
of bandwidth estimation from earlier proposals such

CUBIC is a less complex and more network friendly

as [7] and [25]. The key insight is to use the arrival variant of BIC, proposed after some concerns were
rate of acknowledgements to infer the current network

raised about the aggressiveness of BIC in networks

bandwidth. Unlike standard TCP, which halves the

with low round-trip times or low link speeds [18]. CU-

congestion window on packet loss, TCP-Westwood

BIC eliminates BIC’s three distinct window growth
5

phases. Instead, it uses a single cubic function that

the typical congestion window oscillation of loss-based

behaves in a similar way. Also, inspired on the ideas

algorithms, e.g., TCP NewReno’s familiar “saw ef-

proposed in [29] and [19], CUBIC makes its conges-

fect”, and enable better link bandwidth utilization.

tion window growth rate independent of RTT, and in- However, as doubts still persist on the eﬀectiveness
stead dependent on the time since the last congestion

of delay-based strategies, several authors argue that

event. CUBIC’s authors state that its cubic window

more research is needed [39].

function ensures intra-protocol fairness, and that its

Pure delay-based algorithms

RTT-independent congestion window increase func-

There are several early proposals for congestion con-

tion improves RTT fairness.

trol algorithms based on delay information. In [46],

CUBIC distinguishes itself from many end-to-end

RTT variations are used to control the congestion

congestion control algorithms proposed in the literat-

window size. The window grows according to Reno.

ure by the fact that it is the default congestion control

But, if the value of the current measured RTT is
algorithm in the Linux kernel, since version 2.6.19. As higher than the average of the minimum and maxa consequence, it is one of the few proposals which imum measured RTTs so far, then the window size
has seen extensive real-world testing. Nevertheless,

is decreased. In [45], variations in the sending rate

CUBIC it is not without its critics. Some research-

are used to control the window size. The window

ers have pointed out that CUBIC can be overly ag-

is increased every RTT by one segment. The curgressive to cross-traﬃc (e.g., VoIP calls) [49], have rent throughput is then compared to the throughput
very slow convergence times, or not converge at all, achieved with the previous window. If the diﬀerence
showing significantly throughput unfairness in several

in the sending rate is less than a certain threshold,

network scenarios [30].

then the window is decreased by one segment. In

Satellite links

[22], the window size is adjusted based on both RTT
and window size.

Several contributions have been proposed to address

Vegas [7], is a seminal work on end-to-end delay-based

TCP’s specific problems on satellite links. The pro-

TCP congestion control that has directly influenced

posal in [1] uses dummy segments to probe for avail-

many delay-based proposals. Inspired on [45], Ve-

able networks resources; it also introduces two new

gas measures the sending rate to control the conges-

algorithms to optimize link utilization. In [8], along

tion window size. Additionally, Vegas presents new

with several mechanisms to improve link eﬃciency, it

ideas to improve packet loss recovery, and introduces

is proposed that, to achieve better fairness, the win-

changes to the slow-start mechanism to reduce packet

dow of flows with higher RTTs should increase faster

loss. It can significantly reduce network congestion,

than flows with smaller RTTs.

3.2

and maintain the congestion window around the optimal value for a given link. Its linear growth, how-

Delay-based congestion control al- ever, makes Vegas unsuitable for networks with high
bandwith-delay products. Furthermore, Vegas’ pergorithms
formance is hindered when it co-exists with more ag-

Delay-based algorithms mark a significant departure gressive loss-based TCP variants, such as Reno.
from the traditional loss-based approach. They are

FAST TCP, which can be considered an high-speed

based around the premise that there are signs be-

descendant of Vegas, is proposed in [47]. Even though

fore network congestion occurs. So, they use network

FAST TCP builds upon the principles of Vegas, it

delay information, usually in the form of RTTs, to in-

increases the congestion window more aggressively

fer the state of queues at the routers. One advantage

to achieve good eﬃciency in high-speed networks.

of the delay-based approach is that it is much more FAST TCP converges quickly to near the maximum
network friendly than the loss-based counterpart, in

window, and then, as the RTT increases, converges

the sense that network congestion can be proactively more slowly to the target window. Moreover, FAST
avoided. Therefore, delay-based schemes can avoid

TCP implements a rate pacing technique to solve the
6

burstiness eﬀects observed with very large congestion

network link is under-utilized, the delay-based com-

windows. The authors claim that FAST TCP can

ponent will quickly increase the congestion window to

achieve excellent link utilization in high-speed net-

use available bandwidth, using a behavior similar to

works, converges to fairness quickly, and is stable. [13]. When congestion starts to build up, the delayNevertheless, it has been observed that FAST TCP

based component will reduce the window.

Under

lacks its fairness properties in some scenarios [36, 32]. heavy network congestion, Compound TCP reverts to
FAST can also be problematic when there are many Reno behavior. Compound TCP authors claim that
flows competing for bandwidth. Since each flow aims

the delay-based component allows it to achieve good

to queue α packets in the bottleneck router, the buf-

link eﬃciency and RTT fairness. Moreover, since the

fer may not be suﬃcient to hold all necessary n × α

throughput is lower bounded by the loss-based com-

packets, as n increases.

ponent, it solves Vegas’ unfairness issues with loss-

Hybrid-based algorithms

based schemes. It has been observed, however, that
Compound TCP can revert to a Reno-like scaling be-

Hybrid-based TCP congestion control algorithms

havior, even with light reverse traﬃc [28], and can

have become an active topic of research in the last
decade.

suﬀer from fairness and scalability issues in links with

Their mixed approach promises increased

very high bandwith-delay products [48]. Even though

link eﬃciency, while retaining some of the fairness

disabled by default, Compound TCP is present in

and network friendliness properties of pure delay-

Windows Server 2008, Windows Vista, and Windows

based proposals. Moreover, their loss-based compon-

7.

ent allows hybrid-based algorithms to remain aggress-

The proposal in [23] is similar to Compound TCP

ive enough while competing for bandwidth with pure

in the sense that it also maintains a delay-based and

loss-based algorithms.

a loss-based windows to achieve good link eﬃciency.

TCP-Illinois [33] follows an AIMD algorithm, but

The approach in [4] uses a Vegas-inspired, delay-

uses delay estimates to set the increase and decrease

based, MIMD mechanism while on high-speed mode.

congestion window parameters. If TCP-Illinois does

In [26], the algorithm switches between Reno and

not detect queuing delay (i.e., network congestion),

delay-based HighSpeed TCP according to the meas-

the increase parameter is set to the maximum value,

ured delay. The mechanism described in [42] aims to

making the congestion window grow quickly. As the

improve RTT fairness, and friendliness towards Reno,

queuing delay starts to build up, the increase para-

using delay measurements to control Reno’s AIMD

meter is then gradually decreased, making the con-

parameters. The authors of [34] propose an algorithm

gestion window grow more slowly. On packet loss, its

that combines the delay measures from [42] and the

decrease factor is adjusted according to the measured

rate estimates from [9] to create an high-speed, RTT

delay. An higher delay results in a larger decrease
factor, and vice-versa. This improves its behavior in

fair, and TCP friendly protocol.

TCP-LP [27], a

low priority TCP variant, introduces a novel one-

heterogeneous networks. Nevertheless, some concerns

way delay estimate technique. The proposal in [17],

have been raised regarding TCP-Illinois’ scalability in

while not aiming for high-speed link eﬃciency, com-

networks with very high bandwith-delay products due

bines ideas from Reno and Vegas to improve Reno’s

to its fixed maximum window increase parameter (10

behavior in heterogeneous networks.

packets per RTT), and in the presence of reverse path
traﬃc [28].
Compound TCP is proposed in [43] to improve link efficiency and RTT fairness. It maintains two auxiliary
congestion control windows. A traditional loss-based
congestion window that follows Reno’s AIMD behavior, and a scalable delay-based window inspired in
Vegas. The resulting congestion window is the sum
of the loss-based and the delay-based windows. If the
7
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Contributions of this work

“standard” for the evaluation of networks and networking algorithms.

NS-2 supports a wide range

In this work we explore current, and introduce new, of simulation scenarios, including wired and wireless
delay-based techniques in order to improve an existing networks, and protocols such as TCP. NS-2’s core is
loss-based, end-to-end, congestion control algorithm. written in C++, and has an OTcl interface to speWe believe that such techniques can bring significant cify various network scenarios – ranging from simple
performance advantages in numerous network scen- dumbbell to more complex topologies. Because of its
arios. We run simulations with the Network Simu- open nature and very flexible architecture, NS-2 has
lator 2 (NS-2) [37] tool to verify the performance im- been constantly developed and improved. Therefore,
provements of our proposals. The simulation results choosing NS-2 for the implementation and evaluation
focus on key performance metrics such as link eﬃ- of a new proposal gives other researches the opportunciency, fairness, router queue occupancy, latency, and

ity to validate the results, and improve the acceptance

packet loss rate. Finally, we compare our proposals

of such proposal.

with several other high-speed congestion control al-

We obtained through simulation encouraging results,

gorithms.

which means that, at least for the simulated network

In order to evaluate our proposals, we extend and im-

environments, it is possible to have reasonable end-toprove the Hamilton Institute benchmark TCP suite end congestion control algorithms. At the same time,
[5] to fulfill our requirements. The test suite has three with these mechanisms, the complexity is transferred
diﬀerent purposes. First, to assess the performance

to the edge of the network and compatibility with

of existing TCP congestion control algorithms and

existing TCP versions is maintained.

establish a baseline. Next, to test the new candidate algorithms and modifications under identical test
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