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Abstract

We describe a variant of TCP, called FAST, that can sustain high throughput and utilization at
multi-Gbps over largedistance. We present the motivation, review the background theory, summarize
key features of FAST TCP, and report experimental results from our �rst public demonstration in
November 2002.
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1 In tro duction

The congestioncontrol algorithm in the current TCP has performed remarkably well and is generally
believed to have prevented severe congestionas the Internet scaledup by six orders of magnitude in
size, speed, load,and connectivity in the last �fteen years. It is also well-known, however, that as
bandwidth-delay product continuesto grow, the current TCP implementation will eventually becomea
performancebottleneck.

In this paper we describe an alternative congestioncontrol scheme for TCP, called FAST. FAST
TCP has three key di�erences. First, it is an equation-basedalgorithm and henceeliminates packet-
level oscillations. Second,it usesqueueingdelay as the primary measureof congestion,which can be
more reliably measuredby end hoststhan lossprobabilit y in fast long-distancenetworks. Third, it hasa
stable 
o w dynamicsand achievesweighted proportional fairnessin equilibrium. Alternativ e approaches
are described in [2, 3, 4]. The details of the architecture, algorithms, extensive experimental evaluations
of FAST TCP, and comparisonwith other TCP variants can be found in [1]. Here, we can only brie
y
sketch the motivation, background theory, implementation and our �rst major experimental results.

2 Motiv ation

One of the key driversof ultrascale networking is the High Energy and Nuclear Physics(HENP) commu-
nit y, whoseexplorations at the high energyfrontier are breaking new ground in our understanding of the
fundamental interactions, structures and symmetries that govern the nature of matter and spacetime
in our universe. The largest HENP projects each encompasses2,000 physicists from 150 universities
and laboratories in more than 30 countries. Collaborations on this global scalewould not have been
attempted if the physicists could not count on excellent network performance. Rapid and reliable data
transport, at speedsof 1 to 10 Gbps and 100Gbps in the future, is a key enablerof the global collabora-
tions in physicsand other �elds. The abilit y to analyzeand sharemany terabyte-scaledata collections,
accessedand transported in minutes, on the 
y , rather than over hours or days asis the current practice,
is at the heart of the processof search and discovery for new scienti�c knowledge.

For instance, the CMS (Compact Muon Solenoid) Collaboration, now building next-generation ex-
periments scheduledto beginoperation at CERN's (EuropeanOrganization for Nuclear Research) Large
Hadron Collider (LHC) in 2007, along with the other LHC Collaborations, is facing unprecedented
challengesin managing, processingand analyzing massive data volumes,rising from the petabyte (1015

bytes) to the exabyte (1018 bytes) scaleover the coming decade.The current generationof experiments
now in operation and taking data at SLAC (Stanford Linear Accelerator Center) and Fermilab face
similar challenges. SLAC's experiment has already accumulated more than a petabyte of stored data.
E�ectiv e data sharing will require 10 Gbps of sustainedthroughput on the major HENP network links
within the next 2 to 3 years, rising to terabit/sec within the coming decade.

Continued advances in computing, communication, and storage technologies, combined with the
development of national and global Grid systems,hold the promise of providing the required capacities
and an e�ectiv e environment for computing and science. The key challenge we face, and intend to
overcomewith FAST TCP, is that the current congestioncontrol algorithm of TCP does not scaleto
this regime.

3 Background theory

There is now a preliminary theory to understand large-scalenetworks, such as the Internet, under
end-to-end control. The theory clari�es how control algorithms and network parametersdetermine the
equilibrium and stabilit y propertiesof the network, and how thesepropertiesa�ect its performance. It is
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useful both in understanding the performanceproblemsof the current congestioncontrol algorithm and
in designingbetter algorithms to solve theseproblems,while maintaining fairnessin resourceallocation.

Congestion control consists of two components, a source algorithm, implemented in TCP, that
adapts sending rate (or window) to congestioninformation in the source'spath, and a link algorithm,
implemented in routers, that updates and feedsback a measureof congestionto sourcesthat traverse
the link. Typically, the link algorithm is implicit and the measureof congestionis either lossprobabilit y
or queueingdelay. For example, the current protocol TCP Reno and its variants use loss probabilit y
as a congestionmeasure,and TCP Vegasprimarily usesqueueingdelay as a congestionmeasure.Both
are implicitly updated by the queueingprocessand implicitly fed back to sourcesvia end-to-end loss
and delay, respectively. In contrast, ECN will allow the explicit update and feedback of other kinds of
congestionmeasure.

The source-link algorithm pair, referred to here as TCP/A QM (active queue management) algo-
rithms, 1 forms a distributed feedback system, the largest man-madefeedback systemin deployment. In
this system,hundredsof millions of TCP sourcesand hundredsof thousandsof network devicesinteract
with each other, each executing a simple local algorithm, implicitly or explicitly , basedon local infor-
mation. Their interactions result in a collective behavior, whoseequilibrium and stabilit y properties we
now discuss.

3.1 Equilibrium and performance

We can interpret TCP/A QM as a distributed algorithm over the Internet to solve a global optimization
problem [5]; seealso [6, 7] for recent surveys. The solution of the optimization problem and that of
an associated problem determine the equilibrium and performanceof the network. Di�eren t TCP and
AQM algorithms all solve the sameprototypical problem. They di�er in the objective function of the
underlying optimization problem and the iterativ e procedureto solve it.

Even though historically TCP and AQM algorithms have not been designedas an optimization
procedure, this interpretation is valid under fairly general conditions, and useful in understanding
network performance,such asthroughput, utilization, delay, loss,and fairness. Moreover, the underlying
optimization problem has a simple structure, that allows us to e�cien tly compute these equilibrium
properties numerically, even for a large network that is hard to simulate.

Speci�cally , we can regard each sourceas having a utilit y function, as a function of its data rate.
Consider the problem of maximizing the sum of all sourceutilit y functions over their rates, subject to
link capacity constraints. This is a standard constrainedoptimization problem for which many iterativ e
solutions exist. The challenge in our context is to solve for the optimal sourcerates in a distributed
manner using only local information. A key feature we exploit is the dualit y theory. It says that
associated with our (primal) utilit y maximization problem is a dual minimization problem. Whereas
the primal variables over which utilit y is to be maximized are sourcerates, the dual variables for the
dual problem are congestionmeasuresat the links. Moreover, solving the dual problem is equivalent to
solving the primal problem. There is a classof optimization algorithms that iterativ ely solve for both
the primal and the dual problems at once.

TCP/A QM canbe interpreted assuch a primal-dual algorithm, that is distributed and decentralized,
to solve the utilit y maximization problem and the associated dual problem. TCP iterates on the source
rates (a sourceincreasesor decreasesits window in responseto congestionin its path), and AQM iterates
on the congestionmeasures(e.g., loss probabilit y at a link increasesor decreasesas sourcestraversing
that link increaseor decreasetheir rates). They cooperate to determineiterativ ely the network operating
point that maximizes aggregateutilit y. When this iterativ e processconverges,the equilibrium source
rates are optimal solutions of the primal problem and the equilibrium congestionmeasuresare optimal
solutions of the dual problem. The throughput and fairnessof the network are thus determined by the

1We will henceforth refer it as a \TCP algorithm" even though we really mean the congestion control algorithm in
TCP.
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TCP algorithm and the associated utilit y function, whereasutilization, loss and delay are determined
by the AQM algorithm.

3.2 Stabilit y

If we think of an equilibrium state as the desired operating point that producesgood network perfor-
mance, then we want to make sure the equilibrium points are stable. This meansthat when the equi-
librium point shifts becauseof changesin network topology or 
o w pattern, the network will converge
to the new equilibrium point. It seemsundesirable to operate a large network in an unstable regime,
and unnecessaryif we know how to operate it in a stable regime without sacri�cing performance.

It has beenshown that the current TCP algorithm can becomeunstable as delay increases,or more
strikingly , as network capacity increases[8, 9]! The analysis in [9] suggeststhat the high control gain
introduced by TCP is mainly responsible for the instabilit y. The gain increasesrapidly with delay or
capacity, making it very di�cult for any AQM algorithm to stabilize the current TCP. This underlies
the well-known di�cult y of tuning RED parameters: they can be tuned to improve stabilit y, but only
at the cost of a large queue. Most recommendationsin the literature aim to avoid a large queue,often
leading to violent oscillations and reducedutilization.

The lack of scalability of TCP due to both equilibrium and stabilit y problemsis illustrated in Figure
1 with packet-level simulations using ns-2 (Network Simulator). The �gure shows the link utilization
of TCP/RED and that of FAST. The simulation involved a single bottleneck link with 100msround
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Figure 1: Link utilization of TCP/RED and FAST at bandwidth from 155Mbpsto 10Gbps(packet size
= 1KB).

trip propagation delay shared by 100 NewReno FTP sources. `Gentle RED' marking is used at the
bottleneck link with large bu�er capacity to avoid packet loss. The link capacity varies from 155Mbps
to 10Gbps. Packet are all 1000 bytes in size. Simulations show that as link capacity increases,the
utilization under TCP/RED drops steadily, in stark contrast to that under FAST.

Two types of TCP/A QM algorithms are proposedin [10] and [11] that can be proved to maintain
linear stabilit y at high capacity and large delay in general networks with arbitrary routing and load.
While both of thesealgorithms aredecentralized, they arecomplementary in many ways. The algorithms
in [10], called primal algorithms, allow general utilit y functions, and hencearbitrary fairness in rate
allocation, but give up tight control on utilization. The algorithms in [11], called dual algorithms, on the
other hand, can achieve very high utilization, but are restricted to a speci�c classof utilit y functions,
and hencefairness in rate allocation. The main insight from this seriesof work is that, to maintain
stabilit y, sourcesshouldscaledown their responsesby their individual round trip delays and links should
scaledown their responsesby their individual capacities.

By adding slow timescale adaptation to the link algorithm, the primal algorithms can be made
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to achieve both arbitrary fairness and high utilization [12]. The primal approach motivates a TCP
implementation tailored for high bandwidth-delay product regime [3].

By adding slow timescaleadaptation to the sourcealgorithm, the dual algorithms can also be made
to achieve both arbitrary fairnessand high utilization [13]. Moreover, combining this with the insight of
[14] leads to a TCP algorithm that can maintain linear stabilit y without having to changethe current
link algorithm [15]. This approach also allows an incremental deployment strategy where performance
steadily improvesasECN (Explicit CongestionNoti�cation) deployment proliferates. Thesetheoretical
results suggestthat, by modifying just the TCP kernel at the sendinghosts, we canstabilize the Internet
with the current FIFO (�rst-in-�rst-out) routers. This provides the motivation for the implementation
of FAST TCP.

4 Implemen tation

The implementation of FAST TCP involves a number of innovations that are crucial to achieve scal-
abilit y. As the Internet scalesup in speed and size, its stabilit y and performance becomeharder to
control. The emerging theory that allows us to understand the equilibrium and stabilit y properties of
large networks under end-to-end control forms the foundation of FAST TCP. It plays an important
role in its implementation by providing a framework to understand issues,clarify ideas and suggest
directions, leading to a more robust and better performing implementation.

Even though theory o�ers a classof algorithms that can avoid the pitfalls of the current algorithms
and maintain stabilit y, their implementation must addressseveral problems that are not captured in
the theoretical model and that becomesevere in the multi-Gbps regime becauseof the large window
size,measuredin packets.

For example,FAST TCP must deal with massive lossese�ectiv ely. At large window sizes,thousands
of packets can be lost in a single lossevent. Thesepackets must be retransmitted rapidly, yet in a way
that does not exacerbatecongestion and lead to more lossesand timeouts. During the recovery of
massive losses,round-trip time (RTT) measurements and acknowledgment clocking may be lost and
the window size must be controlled basedon both loss and delay information. At large window sizes,
tra�c can be extremely bursty due to events both in the network and at the end hosts. For instance,
a single acknowledgment can acknowledgeseveral thousand packets, opening up the window in a large
burst. Sometimesthe senderCPU is occupied for a long period to serve interrupts of incoming packets,
allowing outgoing packets to accumulate at device output queue, to be transmitted in a large burst
when the CPU becomesavailable. Extreme burstiness increasesthe likelihood of massive losses. To
reduceburstinessand massive losses,FAST TCP employs pacing at the sender.

We separate the congestioncontrol mechanism of FAST TCP into four components. These four
components are functionally independent so that they can be designedseparately and upgraded asyn-
chronously. The data control component determineswhich packets to transmit, window control deter-
mineshow many packets to transmit, and burstinesscontrol determineswhento transmit thesepackets.
These decisionsare made basedon information provided by the estimation component. Window con-
trol regulates packet transmission at the RTT timescale, while burstiness control works at a smaller
timescale. Due to spacelimitation, we only brie
y overview the window control component; see[1] for
other details.

FAST TCP uses both queueing delay and packet loss as signals of congestion. If only packet
loss is used, sourcesmust periodically push bu�ers to over
o w, without AQM, in order to generate
the target loss probabilit y, even if the network is static, thus inducing a jittery behavior. The delay
information allows the sourcesto settle into a steady state when the network is static. Queueingdelay
alsohastwo advantagesasa congestionmeasure.It providesa �ner-grained measureof congestion:each
measurement of packet loss(whether a packet is lost or not) provides onebit of congestioninformation,
whereaseach measurement of queueingdelay provides multi-bit information, limited by clock accuracy
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and measurement noise. Moreover, the dynamics of delay has the right scaling with respect to link
capacity that helps maintain stabilit y as the network scalesup in capacity [11, 15, 13].

Under normal network conditions, FAST periodically updates the congestionwindow w basedon
the averageRTT according to:

w  � min
�

2w; (1 � 
 )w + 

�

baseRTT
RTT

w+ �
� �

where 
 2 (0; 1], RTTis the current averageround-trip time, baseRTTis the minimum RTT observed so
far, and � is a protocol parameter that controls fairnessand the number of packets each 
o w bu�ered
in the network. It is proved in [1] that, in the absenceof delay, this algorithm is globally stable and
convergesexponentially to the unique equilibrium point whereevery bottleneck link is fully utilized and
the rate allocation is proportionally fair. Empirically , FAST TCP seemsto behave in a similar manner
in the presenceof delay. Seethe preliminary experimental results in the next sectionand more extensive
results in [1].

5 Exp erimen tal results

FAST TCP was �rst demonstratedpublicly in a seriesof experiments conductedduring the SuperCom-
puting Conference(SC2002) in Baltimore, MD, in November 16{22 2002by a Caltech-SLAC research
team working in partnership with the CERN, DataTAG, StarLight, TeraGrid, Cisco, and Level(3). In
this section, we present someof our experiments during and after SC2002.

We are working to extend these preliminary results and to improve and evaluate the stabilit y,
responsiveness,fairnessof FAST TCP, and its interaction with the current protocols.

5.1 Infrastructure

The demonstrations used an OC192 (10 Gbps) link donated by Level(3) between Starlight (Chicago)
and Sunnyvale, the DataTAG 2.5 Gbps link between Starlight and CERN (Geneva), an OC192 link
connecting the SC2002show
o or in Baltimore and the TeraGrid router in StarLight Chicago, and the
Abilene backbone of Internet2. The network routers and switches at Starlight and CERN were used
together with a GSR 12406router loaned by Cisco at Sunnyvale, additional Cisco modules loaned at
Starlight, CERN and Sunnyvale, and sets of dual Pentium 4 servers each with dual gigabit Ethernet
connectionsat Starlight, Sunnyvale, CERN and the SC2002show 
o or provided by Caltech, SLAC and
CERN. In someof our experiments conductedafter SC2002,someof the servers at Sunnyvale, Chicago
and Geneva were also equipped with Intel's pre-release10-gigabit Ethernet cards. The network setup
is shown in Figure 2.

We have conducteda number of experiments, all using the standard MTU (Maximum Transmission
Unit), 1500bytes including TCP and IP headers.

5.2 Throughput and utilization

In this subsection,we report our SC2002experiments on throughput and utilization.
To calibrate, using default device queuesize (txqueuelen = 100 packets) at the network interface

card, the default Linux TCP (version v2.4.18), without any tuning on the AIMD parameters,routinely
achieves an averagethroughput of 185Mbps, averagedover an hour, with a single TCP 
o w between
Sunnyvale in California and CERN in Geneva, via StarLight in Chicago,a distance of 10,037kmwith a
minimum delay of 180msround trip. This is out of a possiblemaximum of 973Mbpsto the application,
excluding TCP/IP overhead, limited by the gigabit Ethernet card, and represents a utilization of just
19%. If the device queue size is increased 100 times (txqueuelen = 10,000 packets), the average
throughput increasesto 266Mbps and utilization increasesto 27%. With two TCP 
o ws sharing the
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Figure 2: Network setup in SC2002,Baltimore, MD, November 16-22,2002

path, one
o w betweeneach pair of servers, the aggregatethroughputs are 317Mbpswith txqueuelen =
100packets and 931Mbpswith txqueuelen = 10,000packets, out of a possiblemaximum of 1,947Mbps.
This set of calibration experiments was conducted on January 27-28,2003after the SC2002conference
using the sametestbed shown in Figure 2.

Under the sameexperimental conditions, using the default device queue size (txqueuelen = 100
packets), FAST TCP achieved an averagethroughput of 925Mbpsand utilization of 95%during SC2002,
averagedover an hour. The aggregatethroughput with two 
o ws was 1,797Mbpswith txqueuelen =
100 packets.

The comparison is summarized in the �rst three rows of Table 1, where results from Linux TCP,
using large txqueuelen , are shown in parentheses. The throughput in each experiment is the ratio of

#
o w throughput utilization delay distance duration bmps transfer
Mbps ms km s 1015 GB

1 925 (266) 95% (27%) 180 10,037 3,600 9.28 (2.67) 387 (111)
2 1,797(931) 92% (48%) 180 10,037 3,600 18.03(9.35) 753 (390)
7 6,123 90% 85 3,948 21,600 24.17 15,396
9 7,940 90% 85 3,948 4,030 31.35 3,725
10 8,609 88% 85 3,948 21,600 33.99 21,647

Table 1: SC2002FAST experimental results: averagestatistics. Statistics in parenthesesare for current
TCP implementation in Linux v2.4.18obtained on January 27-28,2003.

total amount of data transferred and the duration of the transfer. Utilization is the ratio of throughput
and bottleneck capacity (gigabit Ethernet card), excluding the (40-byte) overheadof TCP/IP headers.
The \bmps" column is the product of throughput and distance of transfer, measuredin bit-meter-per-
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second. It is the combination of high capacity and large distance that causesperformanceproblems,
and this is measuredby \bmps". Delay is the minimum round trip time. The throughput traces for
theseexperiments are shown in Figure 3.

Linux TCP          Linux TCP              FAST

Average 
util izat ion

19%

27%

92%

t xq= 100 t xq= 10000

95%

16%

48%

Linux TCP       Linux TCP             FAST

2G

1G

t xq= 10000t xq= 100

Figure 3: Throughput traces for FAST and Linux TCP. From left: 1 
o w (Lin ux, txqueuelen = 100),
1 
o w (Lin ux, txqueuelen = 10,000), 1 
o w (FAST, txqueuelen = 100), 2 
o w (Lin ux, txqueuelen
= 100), 2 
o w (Lin ux, txqueuelen = 10,000),2 
o w (FAST, txqueuelen = 100); x-axis is time, y-axis
is aggregatethroughput, and percentage is utilization.

Also shown in Table 1 are aggregatestatistics for 7, 9, and 10-
ow experiments using FAST with
txqueuelen = 100 packets.2 Their throughput traces are shown in Figure 4. In particular, with 10

o ws, FAST TCP achieved an aggregatethroughput of 8,609 Mbps and utilization of 88%, averaged
over a 6-hour period, over a routed path betweenSunnyvale in California and Baltimore in Maryland,
using the standard MTU, apparently the largest aggregatethroughput ever accomplishedin such a
con�guration as far as we know. These traces, especially those for 9 and 10 
o ws, display stable
reduction in throughput over several intervals of several minutes each, suggestingsigni�cant sharing
with other conferenceparticipants of network bandwidth.

In all the experiments reported above and in the next subsection,the bottleneck is either the gigabit
Ethernet card or the transatlantic OC48 link. We conductedsometests in February 2003on the testbed
in Figure 2, using Intel's pre-releaseexperimental 10-gigabit Ethernet card. FAST TCP sustained just
1.3Gbpsusing the standard MTU from Sunnyvale to Chicago, limited by the CPU power of the sending
and receiving systemsat the endsof the network path.3

2We were unable to calibrate our results using current Linux TCP implementation for 7, 9, and 10-
o w experiments
becausethe path between StarLigh t in Chicago and the conferenceshow
o or in Baltimore is not available after SC2002.
The path between Sunnyvale and CERN remained available to us until end of February 2003 and allowed us to calibrate
the 1 and 2-
o w experiments after the conference.

3With 9,000-byte MTU, Linux, FAST and Scalable TCP all sustained more than 2.35Gbps on a single 
o w between
Sunnyvale and Geneva, apparently limited by the transatlan tic link. HSTCP sustained 1.8Gbps in that experiment. We
emphasizethat these experiments are preliminary and not conclusive.
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1 flow                2 f lows                  7 flows      9 flows                       10 flows

Av er ag e 
u t i l i zat io n
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Figure 4: Throughput traces for FAST experiments in Table 1. From left: 1 
o w, 2 
o ws, 7 
o ws, 9

o ws, 10 
o ws; x-axis is time, y-axis is aggregatethroughput, and percentage is utilization.

6 Conclusions

Wehavebrie
y sketch the development of FAST TCP, from background theory to actual implementation
and its �rst demonstration. The experiments described in this paper werecarried out in relatively simple
scenarios. Even though someof the experiments involved multiple 
o ws with heterogeneousdelays in
the presenceof background tra�c, the intensity of the background tra�c wasgenerally low and our own
TCP 
o ws were long-lived. Whether FAST TCP can converge rapidly, yet stably, to a fair allocation,
in a dynamic environment where 
o ws of heavy-tailed sizesjoin and depart in a random fashion, and in
the presenceof current TCP 
o ws needsa lot more evaluation. Someof theseexperiments are reported
in [1].
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