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ABSTRACT

One major challenge in communication networks is the prable
of dynamically distributing load in the presence of burstg &ard

to predict changes in traffic demands. Current traffic ereging
operates on time scales of several hours which is too slowe-to r
act to phenomena like flash crowds or BGP reroutes. One pessib
solution is to use load sensitive routing. Yet, interactiogting de-
cisions at short time scales can lead to oscillations, whahpre-
vented load sensitive routing from being deployed sinceetirty
experiences in Arpanet.

However, recent theoretical results have devised a ganwe the
retical re-routing policy that provably avoids such ostibn and
in addition can be shown to converge quickly. In this paper we
present RPLEX, a distributed dynamic traffic engineering algo-
rithm based on this policy. Exploiting the fact that most eriging
routing protocols support multiple equal-cost routes tceatida-
tion, it dynamically changes the proportion of traffic thetouted
along each path. These proportions are carefully adaptiésing
information from periodic measurements and, optionatifgrima-
tion exchanged between the routers about the traffic camcitiong
the path.

We evaluate the algorithm via simulations employing trdéfads
that mimic actual Web traffic, i. e., bursty TCP traffic, andosl
characteristics are consistent with self-similarity. Haulations
quickly converge and do not exhibit significant oscillasan both
artificial as well as real topologies, as can be expected fitwen
theoretical results.

Categories and Subject Descriptors

C.2.2 [Computer-Communication Networks]: Network Proto-
cols—Routing protocols
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1. INTRODUCTION

Internet Service Providers (ISPs) want to use their netvirork
frastructure as efficiently as possible to maximise theienees.
This encompasses the task of designing the network and isptim
ing the routing system which is responsible for deliverimg traffic
entering the network to its destination. In the context ofhR-
works, the latter task is referred to taffic engineering TE). TE
adopts the parameters of the routing system to the impoa#t tr
demands, in order to achieve performance gains.

Over time, various TE methods have been proposed. Most pop-
ular among operators are approaches that either utilise3viBh-
nels [47] or solutions with optimised IGP link weights [4%, 41,

22, 18, 17, 12]. However, the disadvantage of these appesach
is that they are quasi-static: The optimal routing is calted off-
line for a predicted or previously measured traffic demanttima
Obviously such schemata are not able to react to unprediciéd
fic changes or network events. To arrange for unforeseeresudd
traffic shift, network providers account for single linklfaies and
some traffic shifts in their optimisations [45, 18, 1]. In &gh they
often combine traffic engineering techniques with overjgioning

of their network infrastructure, or purely rely on overpigigning.

Recently, TeXCP [21] and MATE [9] have been proposed as
promising dynamic TE solutions. These systems take adyanta
of alternative paths in a network (e.g., MPLS multipathshey{
optimise network utilisation by adjusting the distributiof traffic
among the paths with the same ingress/egress nodes. Tlese sy
tems are not routing protocols per se; they rather operatepaf
an existing MPLS infrastructure. Accordingly they are rede to
astraffic engineering protocolg21].

This paper presents a new traffic engineering protoceRLEX,
which is applicable in a broader context than TeXCP or MATE.
In contrast to TeXCP and MATE, it is not restricted to MPLEeli
solutions but can be deployed on top of virtually any routimg-
tocol. Moreover communication between the routers is fealole,
but not necessary.

Our protocol is derived from an algorithm that can be proven
to be stable and converge quickly in a game-theoretic modtes.
algorithm assumes that the only action that a router caroparis
to change the traffic distribution among a set of equalicasites
between an ingress/egress pair. Similar to TeXCP or MAT&seh

IThroughout this paper, the termostrefers to quasi-static costs as
defined by an underlying routing protocol, e. g., OSPF linkgivs.
It does not encompass costs that change with traffic conditio



paths are provided by an existing routing architecture.

Our algorithm specifies how a router should react to chanyes i
its traffic load, be they externally or the effect of anothauters’
decision. In order to not reorder packets within a flow, whigh
known to cause bad TCP performance [26], traffic splittinddee
on a flow-by-flow basis utilising the standard hashing teghei[7].

To help the router with its decision about how to distribiite traf-

fic among the path, the router can gather measurement data abo
the path itself, or, in addition, periodically exchangeoimhation
with other routers. While experiments indicate that thi®ima-

tion is helpful, in cases where such communication is noirelés
e.g., in an interdomain context, the algorithm still yielagprove-
ments. In general, the communication overhead is low, asseeau
distance vector-like approach for distributing this imf@tion. The
method is therefore scalable even for large networks.

Our proposed system features a number of novel properties. T
oretical analyses in a game-theoretic setting promise ekaqan-
vergence speed and no oscillations. Our simulations stiipese
expectations under realistic conditions. Contrary to alnadl other
papers proposing dynamic routing solutions, we impose lestiea
workload whose characteristics are consistent with sedftar traf-
fic, and which is thus difficult to handle due to the resultiraffic
bursts. The traffic demands are the results of heavy-tailedab
processes of Web-like downloads with heavy-tailed distidns
of the number of bytes and inter-download times. The Web-lik
workload moreover implies that we do neither ignore the dyna
ics imposed by TCP’s congestion control, nor its inhereetibmck
to congestion in the network which interacts with any sriatle
scale traffic engineering. The simulations furthermoreficonthat
the communication overhead is low and that the system waeks e
if no communication is possible.

One of the convenient properties of the proposed systenais th
it is generic with regard to the underlying routing architee that
provides the routing alternatives, may they be OSPF, I3AF, S,
etc. Here, an interesting question is if the number of offeak
ternative paths is sufficient to enable the algorithm to dgab,
or how many alternative paths are needed. Our experimeing us
topologies provided by Rocketfuel [37] indicate that theikable
number of equal-cost paths when using hop-count as distaate
ric is sufficient.

The remainder of this paper is structured as follows. Weudisc
related work in Section 2. The underlying game theoretioréigm
and its analysis together with the derivation of the progcesgo-
rithm is presented in Section 3. The setup for our networkukm
tions featuring realistic workload is outlined in SectiarSection 5
presents simulation results for simple topologies, whiehused to
understand the principle behaviour of the algorithm as waglto
determine suitable parameter values. Section 6 analyseadb-
rithms performance on topologies of actual autonomou®sysas
determined by Rocketfuel. We summarise our contributiarg a
discuss future work in Section 7.

2. RELATED WORK

A great variety of publications exist on traffic engineerigd
related areas [16, 47, 17, 45] such as traffic matrix estond84,
49, 40, 50]. Most of the TE methods frequently used within the
network operator community are offline methods: Networkita
intensities are measured over some period of time (usudiya
hours); then these measurements are collected at a ceaind| p
where a new routing (e. g., readjusted OSPF weights; [1741],
and many others) is calculated. This new routing is then tised

network, and the network remains in the new state—unlesska li
or a router fails, or the TE is re-run.

Such TE schemes are used by quite a number of operational net-
works, since they achieve good performance gains. By rgnnin
TE mechanisms multiple times per week or even per day, latern
providers can react to long-term changes in traffic demaeds. (
day-of-week effects and to some extent circadian effeetap and
Ito even propose a mechanism for dynamically adjusting OSPF
weights [19]. However, changing weights too often increase
number of times that the intradomain routing protocol hasaio-
verge, and has an impact on the interdomain routing. Duhagrt-
terdomain routing convergence time, albeit in the orderecbsads
or milliseconds, routing loops and thus massive serviceakzgion
can occur. Moreover changing IGP weights can result in obsihg
the BGP routing [39] and thus affect other providers and ity
be harmful to the global BGP stability.

Obviously, offline methods that are run once every few hours
cannot react to sudden traffic changes in real time. Suchgelsan
can, e.g., be caused by BGP reroutes, flash crowds, malib®us
haviour, and to some extent by diurnal traffic variationsrtfer-
more, while current TE can deal with network failures by pre-
computing alternative routings, it usually does so onlyddimited
set of failures (e. g., explicitly via MPLS backup paths oplic-
itly [18, 1]). It thus may fail to anticipate certain faillsgwhich can
lead to bad performance even when the network actually gesvi
enough capacity. Even a guaranteed worst-case behavijsti#
leaves room for improvement.

In the past, various methods for online traffic engineeriing,
other words, routing protocols that react to changes iti¢rae-
mands, have been proposed. The earliest approaches tcosuaeh |
adaptive routing were used in the Arpanet [23]. Howevers¢ho
protocols have a strong tendency to oscillate; this is dietévac-
tions between the decisions made by the various routeredhyts
Internet, one can presume an even higher danger of osmilati
when deploying a load-adaptive routing protocol: A largarst8]
of today’s traffic consists of TCP connections, which theese
use end-to-end feedback loops in order to avoid network &sng
tion [30]. Thus a routing protocol reacting to load changesym
affect a large number of TCP connections, which results ti@rin
actions between the feedback loop of the routing protocti thie
one used by the affected TCP connections. Hence, by redcting
changes in the traffic demands, the traffic demands thensselas
change.

With all these issues in mind, network operators are scalptic
about employing load-adaptive routing protocols. Instethey
use traditional offline TE techniques, combined with vastrev
provisioning of their network backbone infrastructure. iWhthis
“brute-force” approach can indeed protect against paiéntdis-
rupting changes in traffic patterns, it brings about the tioes
whether a currently overprovisioned network backbone eamsied
in a more efficient way, thus allowing the operator to incecéis
revenues without the need for costly upgrades to its halwar

The reluctance of network operators to employ load-adaptiv
routing in their network is amplified by the fact that mostdea
adaptive schemes that have been proposed in theory (forean ov
view, we refer to [36]) require them to entirely replace theirrent
routing architecture with a new load-adaptive one. To rgnthis
aspect, approaches that allow automatic online trafficrergging
on top of an existing traditional routing infrastructurevlebeen
proposed. Among these are MATE [9] and TeXCP [21]. Both sys-
tems represent approaches similar to ours, in that theyctreut-
ing protocols, but traffic engineering protocols [21]. Tlsgyit traf-
fic amongst multiple paths that an underlying routing assttiire



has established between the same pair of edge routers (tiwsu
suggest MPLS tunnels), and adjust the splitting ratio dyinalhy
depending on the traffic. In contrast to TeXCP and MATE, the
system we propose is not restricted to path-centred (i. @1.$4
like) scenarios. Not only is there a large number of ISPs who d
not use MPLS, but also there are known issues with MPLS paths
across AS boundaries [29]; therefore these TE protocolare
suited as interdomain TE protocols. Moreover our approfiolva
greater scalability for large networks, since the commaiion cost
incurred at each router is only linear with the number of rinte
faces times the number of destination prefixes, while for GPL
like solutions it is quadratic with the number of edge rositeffi-
nally, an evaluation of their systems’ behaviour underiséaltraf-

fic load, containing TCP feedback loops and bursts causetieby t
self-similar nature of Internet traffic, has not been perfed yet.

The Traffic Engineering extensions for OSPF routing (OSE--T
[22]) allow the routers to inform the network not only abou&ig
ability and costs for each link, but also provide a framewtwk
broadcast traffic conditions for each link. Consideringt B8PF
is a link-state protocol, one can expect a sizable increasem-
munication due to periodically broadcasting traffic coiudis for
each single link. The system that we propose is expectedate sc
better than OSPF-TE, since it aggregates information fthrgpa a
distance-vector like fashion. Moreover our approach de¢pre-
scribe the operator to use OSPF; rather it can even be debtoye
top of routing protocols such as BGP/MIRO [48] across AS libun
aries for the purpose of interdomain traffic engineering.

The theoretical background of our algorithm is describefd &
14, 15]. Therein, a very similar policy is analysed in whas ba-
come known as the Wardrop model [4, 35, 46]. Ragunathan et al.
analyse the performance of STARA routing protocols and gsep
various Wardrop-based improvements, most notably PSTARA [
32, 36]. The authors focus on mobile networks where netwiadss
are small; realistic traffic workload and TCP issues are nositl-
ered. Liu and Reddy analyse a similar adaptive mechanisiri27
a multihoming scenario [27].

Adaptive routing policies have also been studied from the pe
spective of online learning, where one aims at minimisirgegret
which is defined as the difference between a user’s aversgecia
over time and the latency of the best path in hindsight (se, e
[2, 6]). Analyses of the convergence time for selfish loacibel
ing problems in discrete models have been performed maanly f
simple networks consisting of parallel links [10, 5].

3. METHODOLOGY

In this section we introduce our load-adaptive multipatfoué
ing algorithm. We start from a simple rerouting policy in arga
theoretical model which can be proven to quickly convergesta-
ble state. This model assumes that a set of agents is loczatieel a
ingress of the network, each of which manages the path fora#l sm
amount of traffic headed towards some destination. Each hgsn
full control over which path its traffic takes and uses thistodl to
minimise the latency that its traffic will sustain.

Subsequently, we adopt this algorithm from an artificiatisgt
to an algorithm that is deployable in networks with a tramfitl
IP routing infrastructure. We assume that path alternatesdst
(such as in OSPF equal-cost multipath), but that the rougsrmot
necessarily have control over the path the packets will bey@nd
the current router. The optimisation TE goal may also diffem
minimising latencies.

3.1 A Game Theoretic View

The algorithm we present in this section is built upon thenfou

dation of a well-known game theoretic model, the Wardrop ehod
A rigorous analysis in this model proves convergence eveh wi
stale information and yields polynomial upper bounds ortitne

to reach approximate equilibria [13, 15]. Note, that theoatgm
presented in this section cannot be directly used as a mpptilicy

in a real-world IP network. Rather, its serves as a startaigtgor
the scheme we devise in Section 3.2.

In the Wardrop traffic model [46], one assumes an infinite num-
ber of selfish agents each of which wants to send an infinissim
amount of traffic (calledlow) through a networlG = (V,E). Each
agent belongs to @emmodity from a setk] = {1,...,k} specified
by a sources, a sinkt; and a total flow demand; that is to be
routed froms totj. The total flow demand; can be interpreted as
the number of agents belonging to commodityVe normalise the
demands such thgtc di = 1. Each agent can choose the path for
their flow from a set?; of paths connecting andtj. The path an
agent picks is also referred to as th&tiategy and Z; is therefore
the strategy spacef commodityi. By &2 = Uie & we denote
the set of all possible routing paths. An assignment of agemt
equivalently, traffic, to paths induces a flow vectdg)pc o». This
flow assignment in turn induces latencies on the edges.

Forec E, let fe = Sp-e fe denote the flow on edge Then
the latency of edge is given by the value of the respective non-
decreasindatency function/e(fe) and the latency of a patR is
thentp(f) = aggp{le(fe)} where agg is some aggregation func-
tion. In the Wardrop model, agg is typically assumed to bestina
which is appropriate i¥ denotes latency. If denotes any other
metric like link utilisation, agg can also be the maximum ome
other function. In the following, wheff is clear from the context,
we omit f as an argument ta

In picking a routing pattP € &, the agents strive to minimise
the latency they sustain. From the game theoretic perspectne
is usually interested in equilibrium solutions, i. e., asigsment of
agents to paths such that no agent has an incentive to déwaate
the path it is assigned to. This notion is formalised by tHat&m
concept ofNash equilibrig also referred to ag/ardrop equilibria
in this model.

DEerFINITION 1. A flow vector f is at aNardrop equilibriumif
for each commodity & [k] and each path = .27 with fp > 0 it
holds that?p(f) < ¢p/(f) for all P’ € 2.

Wardrop equilibria are meaningful in a competitive scemari
where each agent strives to minimise their own latency &éffis
In contrast, the operator controlling an autonomous sy$f®) is
usually interested in obtaining a system optimal flow misimg
the total or average coétf) = 3 g fele( fe) without any need for
“competition” among its network components. Let us remagk t
system optimal flows are Wardrop equilibria with respect twdm
ified latency functions. More precisely, a flow at Wardrop iequ
librium for so-calledmarginal cost[4] latency functionshe(x) =
(x-Ee(x))ad;( is known to be system optimal for the original latency
functions/e. Note, that for linear latency functions without offset,
i.e., le(X) = ae - X, We havehe(X) = 2ae - X = 2(¢(X) implying that
Wardrop equilibrium and optimum coincide.

We are considering the Wardrop model in a dynamic, round-
based variant. Here, agents are activated eVesgconds and are
then allowed to change their path simultaneously. An irsting
question is then whether agents can distributedly andlyoliearn
a Wardrop equilibrium quickly. The main problem here is toidv
oscillation. To illustrate this, consider the natural pgliwhere
agents migrate to a path with minimal latency whenever thiey a
activated. Such policies are generally referred tbest response
policies. However, best response policies lead to greadseased



congestion on the optimal path at the end of a round and caise o
cillation effects subsequently. Hence, our reroutinggyofnust be
more careful. The so-calle@-f)-exploration-replication policy
presented in [13] is designed to avoid oscillation and firgsax-
imate equilibria quickly. This policy is simple, easy to ilement,
and requires only local knowledge.

Informally, our policy as performed by all agents in paraiban
be described as follows: At regular intervals an agent sesnh-
other path applying one out of two sampling techniques: Ufor
form sampling which is executed with only a small probability,
every path is sampled with uniform probability. This samglstep
guarantees that every path has strictly positive sampliolggbility
and is consequently responsible for eplorationof the strategy
space. For the second sampling techniqueportional sampling,
the probability of sampling a path is proportional to thecfian of
agents already using it, i. e., the popularity of a path isma&s an
indicator of its quality, and agents using good paths areerfikcely
to be imitated. Proportional sampling is thus responsibtedpli-
cationof paths with small latency and will thus “boost” successful
strategies. It can indeed cause the flow on such a path to gimov e
nentially fast. Having sampled a pafh the agent must eventually
decide whether or not they want to migrate from their old fth
Q in amigrationstep. Again, the decision is randomised. Indeed,
the migration probability is sensitive to the relative fatg gain
that can be achieved by switching frd®to Q. More precisely, the

migration probability is ma0, ng } wherea is some parameter
that can be interpreted as a positive offset added to afidgtRinc-
tions to prevent the migration probability to become ovéalge if
p (and alsd/g) are close to zero.

More formally, our policy can be described in the followingyv
In every round, every agent is activated with probability Each
activated agent performs the following two steps (consiahesigent

in commodityi, currently assigned to pathe #):

1. Sampling.With probability 3 perform step (a) and with prob-
ability 1— 3, perform step (b).

(a) Uniform SamplingPick a patQ € %7; with probability

1/12.
(b) Proportional SamplingPick a pathQ € & with prob-
ability fo/d;.
2. Migration. If £o(f) < ¢p(f), migrate fromP to Q with prob-
e oL,
ability [;H?.

The adaptive migration rule ensures that small latencysgairty
cause a small migration rate. This is necessary to avoidlasci
tion. However, the migration rate also depends on the chufitiee
paramete which consequently determines whether or not oscil-
lation can occur. Its value has to respect the steepness latdncy
functions. This is made precise by the following theoremaluhs

(in a slightly stronger version) proved in [13].

THEOREM 1. Ifthe latency functions are polynomials of degree
d andA < c/d for a suitable constant = 0, the (@-f)-exploration-
replication policy converges towards a Wardrop equililmuf 8 <

%% where L is the maximum length of a path.
This theorem can actually be generalised to latency funstwith
finite first derivative. While this ensures convergence i ltng
run, in order to give a bound on the time of convergence we teeed
defineapproximate equilibriaLet ¢( f) denote the average latency
of all paths and let;(f) denote the average latency of paths in
commodityi. We say that a flow is at &,¢)-equilibrium iff for

every commodityi € K], & agents use paths with latency at least
G(f)+6-£(f) and Jicg & < €. It can be shown [13] that for

suitable choices of parameters, thee[8)-exploration-replication
policy reaches ad,¢)-equilibrium in time

J _
7 (5262 log

dmaxs £(f)
ming £(f) )’

whered is again (a generalisation of) the degree of the polyno-

mial latency functions. We believe that these positive lissare

a strong indication that a load-adaptive rerouting alponitbased

on this selfish rerouting policy can perform well in practitethe

following section, we develop such an algorithm.

3.2  Wardrop routing in an IP network

The Wardrop model is suitable when the number of agents is in-
finite, the agents have full control over their traffic andyeascess
to the current latency of the paths. Obviously, none of thesee
in real-world networks such as the Internet. In the follayvime
address all of the aforementioned issues and show thatanvafi
our Wardrop policy can yield a practical algorithm.

3.2.1 Delegation of Decisions

The first major problem is that agents normally do not have con

trol over the path their packets take in real-world commatian
networks. Usually, the end points of a communication streaen
located at the periphery of the network, and are typicallynexted
to the network by only a single link, e. g., Ethernet or DSLtHea,
it is the routers that are responsible for choosing the pkthga
which the data packets are sent. In most cases however, et ev
the routers can choose a path as a whole: Apart from caseg wher
tunnels such as MPLS are being used, a router can only deiermi
the next-hop node on the way to the destination. Moreoveroin
mal IP routing this decision is solely based on the destinadf a
packet while other header attributes (e. g., the source)agiected.
In this section we describe how agents (end hosts) delegatatr
ing decisions to adjacent routers, which make partial d@tssand,
in turn, delegate further decisions they are unable to carryhem-
selves along the path.

Consider a router lying on a paths~ r ~»t from stot. There
may exist several paths fromto t. Applying our Wardrop rerout-
ing policy, routerr aims at distributing the traffic frommtot evenly
among these paths. Howeverdoes not know about all of these
paths, but merely knows a set of possible next hops of roates f
destinationt denoted byN(r,t). In practice, these routes can be
manually configured, or they are obtained from an underly@nug-
ing protocol such as OSPF as equal-cost routes.

In order to control the traffic balance, the router maintairset
of dynamically changeable weightgr,t,v;) for every target and
possible next-hop router; € N(r,t). For every target we nor-
malise the weights such that we obtgigcn ) wW(r,t,vi) = 1. For
the time being, let us interpret(r,t,v;) as the exact fraction of
traffic routed fronr tot viav;.

From the perspective of an agent at sowg,dbe routing decision
made at intermediate nodénfluences only the performance of the
path section fronr to t whereas the performance of the section
from stor is fixed. In order to make the routing decisigrmust
gather traffic information about the set of paths betweandt.

On the other hand; cannot control which one of the possible
paths a packet will take once it has been forwarded to oneeof th
vi’s. Thus,r cannot exploit exhaustive information abaiit possi-
ble paths. Consequently, we use only aggregated informabout
the possible paths from next-hapto destinatiort. We now de-
scribe how router can gather this information simply by perform-



ing measurements of the adjacent lifks; ) and exchanging mes-
sages with its peer routevs This information exchange resembles
a distance vector routing protocol.

Sincer cannot influence a packet’s path beyond any neighbour
Vvj, the decision whether to send the packet via tink v; is based
on theexpected latency(kL,t,Vv;) for the pathr — v; ~ t. Routery;
can keepr informed about the expected latency of its paths- t
by periodically sending messages. But how carse these values
to computel(-)? Let us consider the case that agg is the sum, and
let Z(x,y) denote the set of paths between nadedy. Thenr’s
valuationL(r,t,v;) of the next-hop node; for destinatiort is

L(r,t,vi) := by, + Wp - {p
PG,@(Vi.t)

wherewp is the weight of pattP, i.e., forP € £ (up,u;), we have
Wp = n:;%w<ui,t7Ui+l). The measurement value of the next-hop
edgelry, can be evaluated at Let us now specify the information
that routern; sends ta. We define

A(vi,t) == ; Wp-lp .
PeZ(v,t)
We then obtain
A(Vivt) = W(Vi7t7 uj) Wp - (gviU] +€P)
ujeN(v;t) PeZ(ujt)

w(vi,t,uj) | by, + Wp - /p

1)

2

uieN(v; Pe2(ujt)

w(vi,t,up) - L(vi,tuj)

uieN(vit)

where the first equality is the definition ép, the second holds
becausey,y; does not depend oR and the weights sum up to 1,
and the third equality holds as it uses the definitioh Gf -, -).

To summarise, the valu&v;,t) is computed a¥; and sent to at
regular intervals, after whichcan updaté (r,t,vi) = lry; +A(v;,t).
A(vj,t) can be interpreted as condensed information about the per-
formance of subsequent path sections. Note that we are tigng
fact thatL(vj,t,u;) is already defined for allj € N(r,t) andu; €
N(vi,t) when computingd-(r,t,v;). This corresponds to the infor-
mation being propagated backwards along a path.

For everyt, the size of such a message contains the identifier of
t which is typically an IPv4 prefix of 32-5 bits plus the value of
A(vi,t) itself. Allowing 11 bits for this value, the total size of the
update message is 6 bytes per best-cost destination in ukiago
table ofv;. For IPv6 prefixes, this value triples to 12& + 11 bits
<19 bytes. Even if one assumes an extreme “worst-case” soenar
where information about 200,000 IPv6 prefixes is exchanged e
ery two seconds, the resulting communication is only 1.8 td&fs.
Compared to today’s link capacities of 10 Gbit/s and morés th
value is small € 0.2%). It can be reduced even further by iden-
tifying prefixes for which no multipaths exist.

Based on the values stored lrfr,t,-), routerr can adapt its
weightsw(r,t,-) over time and distribute the traffic of this demand
(from various sources to the same sikas evenly close to the
weights as possible. The next section explains how this spfi
performed in practice.

3.2.2 Randomising vs. Hashing

A natural way of distributing traffic according to some weggh
w(r,vi,t) is to use simple randomisation, where each weight is in-
terpreted as a probability. However, this probabilistiatiing ap-
proach has the drawback that packets headed towards thelsame

tination may take different paths—a bad decision. Evenghdbte
expectedatencies along each path may be the sameatheal la-
tencies can differ. Thus packets can overtake each othechwh
results in packet reordering at the destination. Since Tr€&tg
packet reordering in the same manner as it treats packetsloss
probabilistic routing can seriously harm TCP performarie.[

Therefore we “roll the dice” not per-packet but rather pew
by applying the well-known technique [7] of using a hash tiorc
h:V xV — [0, 1] mapping each packet based on its source and des-
tination address to some value. For every destindtiam partition
the interval[0, 1] into sections of sizev(r,t,v;) and label each in-
terval with the corresponding next-hop nogeWhenever a packet
from sourceids and destinationd; arrives, it is forwarded to the
node associated with the interval containhigds, idt).

As long as the weights are constant, we can thus be sure that
no packet reordering occurs. Whenever weights are shiftesl,
causes a fraction of the traffic to be rerouted, possibly ingus
packet reordering. Hence, the time interval at which wegdtifts
occur should not be smaller than the time it typically tal@sTfCP
to recover from packet losses. Note that if there is a randeash
values that are systematically more popular than otherst e
accident or due to an adversary, this causes our weighirghgfto-
cedure to decrease the corresponding weight accordingly.

3.2.3 Measuring Performance

In Section 3.2.1 we have assumed that every rautsrable to
measurée for all outgoing edgegr,vi}. With an acceptable com-
putational effort we can measure the following values dyeach
time interval: the number of packets sent and dropped (dlieko
overload), the number of bytes sent and dropped, and thegeer
queue length. From this information we can, e.g., compuge th
following two metrics:

1. Thelatencyas the sum of the (constant) propagation delay
of the edge plus the (variable) queueing delay. Obviously,
latency values are additive along a path.

2. Thelink utilisation. Let b denote the bit rate of an interface,
T the length of the measurement interval, anchléénote the
number of bytes sent within this interval. Then we compute
the link utilisation as%. We define the utilisation of a path
to be the maximum utilisation of a link in the path, i.e., the

aggregation function agg is the maximum.

Different applications require optimisation of differgrarameters.
Applications like voice over IP require small latency, eiag files
requires large throughput, and a typical goal of an ISP duffjc
engineering is to minimise the maximum utilisation of an @dly
the network. In this work, we focus on the latter. Let us renthat
in this case, Wardrop equilibria with respect to link ugli®n are
also optimal from the ISP’s point of view. Note, however,ttbar
algorithm can cater for other metrics as well.

Internet traffic is known to be very bursty [28]. Thereforaffic
measurements made within a short time interval are not \ery r
liable. To this end, instead of using the measured valuetijr
we use an exponential moving average (EMA). More precisely,
£(r,v) is our current metric value for linkr,v), and we measure a
value ofér, then we update the value 6ffr,v) in the next round to
bef(r:V) —n Ary + (17 U)E(V:V)-

3.3 The REPLEX Algorithm

Combining the techniques presented in the previous subaect
we now present the protocol which is run on each individuatep
that participates in a network optimised by our algorithmncg



Algorithm 1 Main loop of the REPLEX-algorithm
initialise an empty messagé

2: for every destinatiot in the routing tablelo

3:  for all next-hop nodes € N(r,t) do

4 measure performandg, _

5: £(r,v) <= n - by + (1—n)L(r,v) Il calculate EMA
6

7

8

=

L(r,t,v) < agglrv,A(vt)).
end for
o oavg«— ZV€N<r7t)W(I’,t7V) -L(r,t,v)
9:  Append(t,avg) to M
10: end for
11: sendM to all neighbours who store it inA(r, -)
12: call procedure AAPTWEIGHTS (Algorithm 2)

Algorithm 2 Procedure AAPTWEIGHTS
1: for every destination in the routing tablelo

20 wW(rt) —w(rt).

3:  for every pair of next-hop routerg, v, € N(r,t) do
4: if L(r,t,v1) > L(r,t,v2)+¢€ then

5: 5\ ((17 BYW(r,t,i) + ‘Nﬁ’t)‘) —
6: V\/(r,t7v1)<—vx/(r,t7v1)—6

7: W (r,t,v) «— W (rt,vo)+ 9

8: end if

9: endfor

10:  setw(r,t) « w/(r,t).

11: end for

it is derived from the exploration-replication policy, wame our
algorithm ReEPLEX which sounds better thanXlREp. Recall that

a protocol implementation has to address several taskentemt,

it needs to calculate the weightg-). For this, measurements
on the router’s link queues are necessary. These are cothbitie
the informationA(-) that is received from neighbouring routers. Fi-
nally, it has to compute the informatidr(-) which it then sends
to its neighbours. In order to perform above computatioashe
routerr maintains the following arrays::

#(r,v): The EMA of the measurements for lirfk v).
L(r,t,v): metric value for destinationusing next hop node

A(v,t): The average measurement value that next hop reties
announced for destinatidn This array is updated whenever

weigh shift factor A: This parameter determines the weight shifted
in one round. The ratid /T controls the convergence speed
of the algorithm. Oscillation effects and congestion cointr
feedback loops of affected TCP connections limit the maxi-
mum convergence speed we can achieve.

EMA weight n: Decreasing the weight of the exponential moving
average makes the algorithm less sensitive to the effects of
bursty traffic whereas choosing it too small increases the ti
until the algorithm realises the effects of rerouting diecis.

virtual latency offset a: This virtual offset is added to all path la-
tenciesL(r,t,v) making the algorithm less sensitive to small
differences when the metric is close to 0. (For a detailed dis
cussion, see [13].)

improvement threshold e: The parameteg can be considered a
damping factor. Projected weight shifts that are smallanth
€ are not carried out; thus we can ensure that weights are
only shifted if the change is substantial.

exploration ratio 8: This parameter determines the ratio between
exploration and replication. I8 is too small, currently un-
used paths may not be detected by our algorithm. On the
other hand,8 should not be too large since this can result
in excessive growth of a flow ifp is close to zero. (For a
detailed discussion, see [13].)

Our simulations show that the performance is largely inddpat

of the choice ofr, €, andf as long as these are chosen within rea-
sonable intervals. We find = 8 = ¢ = 0.1 to offer a good trade-off
between the effects described above. The more sensitiaengar
ters that influence the performance most®&rd, andn. Accord-
ingly, we explore this parameter space in Section 5.1 in rdetail.

4. SIMULATION SETUP

For our simulations we use the toolkit SSFNet [33] as it encom
passes the features that we need: a full TCP implementdiiboa,
ble workload generators, complex topologies, and supgdartud-
tiple routing protocols (including OSPF, MPLS [24], BGPurF
thermore it is possible to run complex simulations lastioigrul-
tiple hours of simulated time with hundreds of clients anustef
routers in reasonable computation time (less thg Hours) and
with thousands of clients and hundreds of routers in noeqaa-
sonable computation time (multiple days).

The purpose of the simulations are twofold. On the one hand
we use them to determine good parameters for the algorithm. O

update messages from neighbouring routers are received. ltthe other hand we want to understand the behaviour of thersyst

is initialised with values that are neutral w.r.t. #gg).
w(r,t,v): Current weight of route — v~ t for destinatiort

In the router’s main loop, which is executed evérgeconds, these
values are updated and sent to the neighbouring routerse-as d
scribed in Section 3.2.1. Algorithm 1 describes the prooedi
more detail.

At the heart of the algorithm we have the actual weight adapti
procedure described in Algorithm 2. For every pair of nexp ho
nodes, this procedure computes the migration rates (lisar)ar
to the policy described in Section 3.1. The computed raieshan
migrated by shifting the corresponding weights.

3.3.1 Parameters
In the following we describe the static parameters of ouoidlgm.

update period lengthT: The length of the interval at which the
main loop is executed.

both in simple scenarios as well as more complex ones. Aecord
ingly, we consider various topologies ranging from simpberf
node graphs to complex intra-autonomous system topolsgiels

as those provided by Rocketfuel [37]. The specifics of thelwmp
gies are discussed when we present the results. Howeverithe
ciple workload and routing setup is the same across all sitionls
and summarised below.

Within each simulation run we distinguish two phases: awpar
period which lasts 500 seconds and an evaluation periochgluri
which we study the performance of the algorithm. The stapeesp
riod is used to setup the underlying routing system and tblena
the workload generator to reach a “stable” state.

4.1 Routing

As a traffic engineering protocol, our algorithm relies onuan
derlying routing system. For simple examples, we choosestiall
the routing manually; for more complex scenarios, we use FOSP
routing. The computation of the routes only takes a few sggon



Figure 1: A set of HTTP servers is connected to a set of HTTP
clients via two different routes (r,vq,v3) and (r,vo,Vv3).

Information contained in the Rocketfuel maps also compriise
ferred IGP weights. These weights are presumably the refalt
traffic engineering process. As we do not know the traffic matr
underlying the TE process, we cannot use these IGP weights. |
stead we use uniform OSPF weights, resulting in hop courttes t
distance metric. Using hop count increases the number alequ
cost paths when compared to routing based on, e.g., weights i
ferred from Rocketfuel measurements. Therefore it provitdie
algorithm with more flexibility.

4.2 Realistic workload

To account for the bursty nature of traffic on the Internef] [28
and the fact that most traffic on the Internet is still usingPT[@],
we choose to generate our workload using the Web workload gen
erators of [42] and [33]. Both use a workload model similathi®
one imposed by SURGE [3] or NSWeb [43], which generate TCP
traffic with realistic properties [11]. To increase bursts, we dis-
able the use of persistent HTTP connections [25]. Both gdoes
simulate Web users that read a Web page, then are idle for som
time before reading another Web page, etc. Therefore onéohas
allow the system to reach its equilibrium duringtartup period
where all clients are started at random times (to avoid symiba-
tion effects) after the route computations have finishedkseidre
the startup period ends. Like the timeouts, the simulatecsiiles
are also heavy-tailed and thus yield many short flows, asagel
significant number of long-lasting flows.

€

model assumes that well-connected POPs with many routetssca
expected to account for a larger share of the traffic thenviedis
connected POPs. To be more specific, we install 30 clients3and
servers for each link.

In order to add variability to the experienced RTT valueg],[11
we randomise the link delay for each client and each senisey T
are chosen uniformly from the intervéd, 60 ms for clients and
[0,25 ms for servers. The bandwidth of each end-host is 40 Mbit/s.
Since Rocketfuel estimates only link latencies but not lakd-
widths, we use the former in our simulations while the lakiave
to be chosen manually. As TE is most effective in a networkrehe
the bottleneck is in the backbone and not at the periphergime
ulate anunderprovisioningnetwork and set the link bandwidths of
the links between routers to 10 Mbit/s.

4.4 Traffic Demands

In all of our simulations, the request distribution betwé&gab
clients and Web servers and therefore the traffic demandsnare
formly distributed, i.e., at all times each client choodes YWeb
server hosting the next Web page to be downloaded unifomney,
gardless of their location. Our workload demands are thus co
structed to reflect the traffic matrix model of Zhang et al][50

In order to determine the traffic load imposed by such trafic d
mands in an extremely fast and overprovisioned “ideal” oekw
we examine the results of a simulation in which all pairs ofkvo
load clouds are connected directly by vastly overprovistbhinks
with minimal delays, and not via a network backbone. Natyral
this shifts the network bottleneck from the network corehi net-
work edge. In this scenario, the application layer bandwiin-
sumed by each client is 21 kBytes/s when averaged over tire ent
simulation time; the median throughput when downloadingoWe
objects however is 47 MBytes/s. This large discrepancycateis
the burstiness of the generated traffic.

4.5 Traffic Engineering Algorithm

After 500, the startup period ends and thaluation period
begins. To simplify our notation, we completely ignore therip
period and define the time &t 0 to be the beginning of the evalua-

We note that alternative approaches, such as replaying-a pre yon neriod. The evaluation period is used to study the biebaef

recorded trace, do not suffice, as they do not account fawictieg
feedback loops. After all, the self-adjusting traffic eragring pro-
tocol as well asother control loops, foremost TCP, both react to
congestion. Therefore it is crucial to investigate potrititerac-
tions of TCP’s congestion control feedback loop with theasst of
our TE protocol.

4.3 Client/Server location

For the Rocketfuel-based simulations, we install worklcadids
containing some number of clients and servers at every barug
every access router. The number of clients and servers im eac
workload cloud is linear to the degree of the respectiveao(ithis

Figure 2: The Web servers are connected to two client subnets
each reachable via two different routes. Bottleneck edgesa
dashed.

the TE algorithm. Accordingly, the TE instances at eacheoate
now started. Similar to the Web clients, the TE agents stagra
dom times to avoid synchronisation effects. This happemmglu

t € [0,1] s distributed uniformly across the interval. If communi-
cation between routers is enabled, they establish TCP ctinone
to their neighbours in order to start exchanging traffic infation.
Initially, all route weight settings are neutral; this gaatees an
equal traffic distribution among the available equal-costes.

When the algorithm starts, the route weights are still at e
biased uniform setting (i. e., each inversely proportidcaghe num-
ber of same-cost routes to its destination), and have nabee
optimised. Thus the time at which the TE instances are starte
can be seen as a situation in which a drastic traffic change-pre
ously has caused a sudden large-scale readjustment ofsfalatio
weights—which our algorithm now needs to mend.

In all our simulations we chose link utilisation as the meto
optimise, since itis presumable the most popular trafficrexeying
goal. Note that our software allows to optimise other goaleall
(e.g., minimise latencies).

5. ARTIFICIAL TOPOLOGIES

The theoretical background of the algorithm indicates ¢ast-
vergence. But as this analysis cannot take real world faétdo
account, e. g., interactions with the feedback loop of TCORyes-
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Figure 3: The above plots show how weights are adapted for twmutes with speedslOMbit and 100Mbit over time. The optimal
weights for this scenario arel/11 and 10/11, respectively. For various values ofA, T, and nj the above plots show the weights for
two different routes over time. For every choice of parametes, we have two plots of weights, one for each route. We obsenthat

oscillation vanishes as\ = A /T decreases.

tion control, we now evaluate its performance under realigbrk-
load conditions but on simple topologies. This helps us te tine
various parameters of the algorithm as well as evaluatentpadt
of communication on the behaviour of the algorithm. Funtiere
we check how the algorithm reacts to traffic shifts.

5.1 Choosing the Rerouting Speed

To avoid oscillation effects, we have to judiciously chodise
time interval T, which specifies how often a router can shift traf-
fic, and the amount of flow that the router can shift at any one
time. Furthermore, we need to pick the exponential movirgy-av
age weight in a way that the algorithm can react quickly enough
but does not overshoot.

We start with the topology depicted in Fig. 1 consisting afrfo
routers and focus on the traffic fronto vs with its two alternative
paths, one via; the other viar. The router distributes traffic sent
by a set of HTTP servers connected to it to a set of HTTP clients
that are connected to our sink router Routerr has two possible
routes(r,v1,v3) and (r,v,v3) to distribute its traffic tovs. Our
algorithm splits the traffic between the routes by assigeeah one
a weight. To study the capabilities of the algorithm to mawerf a
uniform traffic distribution which corresponds to equal grgs (the
initial setting) to an unbalanced (but optimised) traffistdbution,
we configure different bandwidths for each path. Litiks1) and
(v1,v3) have bandwidtts; whereas linkgr,v2) and(vz,v3) have
bandwidthS,. Therefore, the optimal weights for the two routes
areS /(S +S) andS /(S +S). Note that in this scenario, we
can safely disable communication between the routers:dRoig
able to measure link utilisation on its directly connected#td, and

moreover there is no cross traffic.

We start withS; = 10Mbit andS, = 100Mbit and a workload
imposed by 40 HTTP servers (on end-hosts connectegand 40
clients (connected tgz). Obviously, the optimal weights for this
scenario are 111~ 0.91 and 1911~ 0.09. Fig. 3 shows how our
algorithm adjusts the weights etluring the evaluation period, for
different choices ofA, T, andn. We observe that for all choices
of A andT, the weights (averaged over time) computed by our al-
gorithm is close to the optimal values. Yet, for large valoésa
and small values of , the weights oscillate rather heavily around
their optimal weights. The critical parameter valuelis= A /T.

As this value decreases, both amplitude and frequency afstié
lation decrease until the oscillation vanishes (almosthgetely.
The simulations are in good conformance with theory.

The top row of Fig. 3 shows two extreme cases: Fet 8s and
A =0.1, theA is 0.0125s 1. Convergence to the optimal weights
is very smooth, but rather slow. For the other extreme case2s
andA = 0.4, the resulting) is 0.2s° 1. Here we observe heavy
oscillation of the weights around their optimal values. sTisi ex-
pected, as the load and therefore the losses vary due torihbila
ity in the imposed traffic load. .

The bottom row of Fig. 3 shows the results with= 0.025s1
(i.e.,A =0.05 andT = 2s for the left-hand side plot amd= 0.2
andT = 8s for the right-hand side plot). Here, we see significant
reduction in the oscillatiomnd fast convergence. With a longer
measurement interval and larger value ok, the amplitude of the
oscillation increases slightly. We conclude that one sthahioose
T as small as possible such that reasonable measurements can b
taken. A should be chosen as large as possible but small enough



to avoid oscillation. The plots presented in this sectioa lisk

delays of 10ms; similar results are obtained for other \sabfdink Weights for different bandwidth relations

delays (01 ms to 100ms) and workload parameters, which we omit 1 I I I I I
for brevity. o) 82 =
Fig. 3 also reveals the impact of the EMA weight parameter S 07/ o merem T TNeml T e
Small values fom smooth peaks and values and thus stabilise the '@ 0.6 i ) =
weights that the algorithm is assigning to each alterngiath. Val- i 82 : Someree s
ues such as.01 appear to be too small as they cause the algorithm 5 '3 ]
to be inert—it can no longer react to the effects of its rarmut o N —
decision. 03‘ ‘ ‘ ‘ ‘ | ]
Choosing the right parameter is a tradeoff between conuesge 0 250 500 750 1000 1250 1500

speed and oscillation. We suggest to chobse2s,A = 0.05, and

n = 0.1 as a good compromise. These parameter settings achieve simulation time [s]

convergence within 200s with almost no oscillation. 10MBit — 3AMBIt —— 100MBit ----
5.2 Quality of Adaption Load for different relations of link speeds
To study how the algorithm is capable of utilising the capaci 0.7
on the links, we examine how the relative utilisation of thet ! ! ‘10MBit/1‘OOMBit !
routes changes over time: If the algorithm works well, theedion c 0.6~ 34MBIt/1L00MBit --—--— N
both routes has to be balanced over the two links, i.e., itohe £ 051 100MBit/100MBiIt -------- —
tal imposed load is 11 Mbit and one link has capa&iy= 10 Mbit ,8
while the other has capacify = 100 Mbit, one expects the former =
to carry 1Mbit and the latter 10 Mbit; thus each route shoed s Q
a utilisation of 10%. Using the same topology (Fig. 1), weg@ss 3
different bandwidths to one ling € {10Mbit, 34 Mbit, 100 Mbit} -
while keeping the other & = 100Mbit. The optimal weights, ig-
noring traffic variability, are consequently0®/0.91, 025/0.75,
and 05/0.5. Fig. 4 shows that the algorithm finds the optimal 0 250 590 .750. 1000 1250 1500
weights (top graph) and that the link utilisation is balahoace the simulation time [s]

algorithm has converged to the optimal weights (bottom lgrap
Figure 4: The weights assigned to the routes for different ria-
5.3 Necessary Number of End Hosts tions of bandwidths. The upper plot shows the weights wherea

One of the insights pointed out in Section 3.2.2 is that deran the lower plot shows the link utilisation of the two routes.
domising using hash functions can only perform well if thega
of input values to the hash function is sufficiently largenc®i we Convergence depending on number of hosts
use source and destination IP as well as port numbers assjnput
and since all packets belonging to one TCP connection thus fo
the same input, the variable in question is thus the numbdisef
tinct connections.

We can increase the number of distinct connections by iserea
ing the number of clients or servers, or by changing the work-
load parameters. So as not to change the established paramet
of our workload generators, we choose to only vary the nurober
clients and servers. For these experiments we again usepbk t
ogy shown in Fig. 1 with link bandwidths 10Mbit and 100 Mbit.
The routers andvs are connected to a set nfend hosts, running 0 250 500 750 1000 1250 1500
HTTP servers and clients, respectively. We experiment difth
ferent values oh. Note, that while there are onty’- client-server
pairs, the set of connections and therefore the input to #8hh  Figure 5: Dependence of the stability of the solution depereht
function is even larger, as end hosts pairs can maintainipreult on the number of hostsn.
connections in parallel on different ports.

For these experiments we use very conservative parameitérs w
regards to convergence speed by chooding 4s,A =0.05,n =
0.2. Fig. 5 shows how the weights assigned of the two routes
change over time. We observe that for one, two, and five enid hos
on every side, the algorithm is unable to find the optimal Wwisig
in the beginning. However, fan > 10 clients and servers, the al-
gorithm reliably finds the optimal weights. While we stillsgyve
some oscillation fom = 10, the solution becomes stable rass
increases further.

route weights

simulation time [s]

°.4 BenEfltlng from .Comm_ur.n.catlon ] Figure 6: The Rocketfuel topology for EBONE (AS 1755,.x0
So far none of the topologies can significantly benefit fromeo  ap) consists of 172 routers.



i:.igure 8: A set of D Web clients is connected to routeivs and
a set ofD/k clients waking up at time Ty = 500s is connected to
router vo.

munication between the routers, as the route utilisatiomase

or less equivalent to the link utilisation at the router, @rhican

be measured directly. Therefore we now study a topology that
can benefit from communication, see Fig. 2. The routir con-
nected to two routerg; andv, via 100 Mbit links. Each of these
routers is connected to two other routegsandv,, who are each
connected to a subnet of end hosts.(\Mf,v3) as well as(vp,Vy)

are 100Mbit links and linkgvy,v4) as well as(vo,v3) (shown as
dashed lines) are assigned smaller bandwidth (in our stioof

we used 10Mbit, 34 Mbit, and 100 Mbit) these become the bottle
necks in this topology. We see thattan reach the two subnets
of end hosts either viay or via v,. However, it cannot directly
measure which of the paths has the least utilisation, sime®ddt-
tlenecks are behind; andvy, respectively. To enable such mea-
surements we need to enable communication. If the two reuter
v1 andv; are sending messages evéry- 8s about the two client
networks which are modelled as two prefixes, this causes a com
munication overhead of only-4 bytes'8s= 3bytes/s.

Routerr now has to maintain four weights, two for each subnet.
The optimal weights can be computed as above. From Fig. 7 we
see that our algorithm is able to quickly find these weights, ia
converges fast. Further simulations show that the algorithnot
able to find the optimal weights for this topology if commuation
is disabled; in this case both route weights vary aroudd This
means that if the algorithm has no information about whiakteo
is better, it reverts to the default behaviour: it just disites the
traffic equally across all best equal-cost paths.

5.5 Dirifting Traffic Demands

Up to now, we have assumed that the traffic demands are static,

even though the workload itself is bursty. However, thematie
reason for deploying a traffic engineering protocol is topadhe
routing quickly to traffic changes. To examine such a situgtive
use the topology shown in Fig. 8. Here, the HTTP clients at end
hosts in subnet 2 are inactive at first and start waking up tifte

T1 = 500s within some time interval. These HTTP clients are
then responsible for additional traffic on lifkv,). Let the to-

tal traffic demand imposed by the sets of HTTP clients in stibne
1 and 2 beD andD/k, respectively. Before the additional HTTP
clients are woken up, the traffic is supposed to be equalyroaid
between the two routeB, = (r,vq,v3) and Py = (r,v,v3) (with
respective weights of.B and 05). After the additional clients
have woken up, an additional traffic of volunig’k is added to
link (r,v2). Hence, the traffic is balanced if the weightsand
1—wfor P, andP; satisfyw-D = (1—w)-D+ %, or, equivalently,
w=min{3 + 5, 1}.

Fig. 9 shows the simulation results fkr= 1, 2, and 4. In this
case the optimal weights f@ are 1, 075, and 0625, respectively.
We observe that our algorithm indeed readjusts the weighitese
desired values. How quickly this happens, depends on tlggHen

Weights adapting to drifting demands
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Figure 9: Weights following a change of traffic demands within
500s (top) and 10s (bottom). Each plot shows simulations for
different ratios of additional traffic: 1, 1/2, and 1/4.

of the interval[Ty, Tp] during which the additional HTTP clients
are woken up. We observe that fo — Ty = 500s, the weights
assigned by our algorithm follow the intermediate flow dedsan
smoothly, whereas fof, — T; = 10s, the algorithm needs its reg-
ular convergence time to adapt to the sudden change in flow de-
mands.

6. ROCKETFUEL TOPOLOGY

In this section, we analyse the performance aPREX in simu-
lations involving a realistic topology. We focus on the EBENet-
work topology from the 2002 Rocketfuel [37] data shown in.Feig
as it features a sizable number of routers and links. Morreitse
good connectivity offers offers good path diversity, whimlr al-
gorithm can take advantage of.

In total, we connect 5,400 Web clients and 417 Web servers to
the 61 access and border routers of this topology. Sinceafabk
61 resulting “workload clouds” is assigned its own networ&fx,

the communication overhead on each link amountglb%%tes =
1.2kbit/s in the simulations when communication is enabled.
parameters, we choogde= 0.3,¢ =0.15,T = 2.5s.

We start with analysing the oscillation behaviour of ourcalg
rithm. As the topology consists of 367 links, it is not fedsito
show weight changes for individual links. Instead, we sunallip
route weight changes at all routers for each 5-second miteAs
already indicated by the experiments in Section 5, we exjbect
weights to be subject to small fluctuations even in the caeabr
state, due to the bursty nature of the generated realistikloaxl
traffic.

Fig. 10 shows the development of the weight changes for sce-
narios with (continuous line, bottom) and without commaatiicn

A
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bottleneck edges and. 00Mbit for the other edges.
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Figure 10: Development of weight shifts during the first 10 min-
utes. Large weight shifts occur only within the first 2 minutes
(vertical line).
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Figure 11: Network performance during 1 hour of simulation
time. Application layer throughput increases even after tte
main weight shift has occurred (vertical line) and only ceass
increasing well after 10 minutes.

(dash-dotted line, top). We see that in in the former scenatr
protocol converges quickly as indicated by the theory: Sigant
weight shifts occur only within the first 120 s (marked by tlegtis
cal line) of the simulation, thereby showing a swift declitiewe
disable communication between the routers such that they tea
rely on their own measurements, algorithm converges athigug
the same time, although significantly more weight shiftsuocc

While convergence certainly is a pleasant property, it inmg
show that REPLEX actually improves network performance. We
chose to measure the performance experienced by end users: F
each transferred HTTP object, we measure the achieved T@R ba
width, and group these values into 20-second bins. Fig. dvsh
the development of the average (red; top lines) and mediaeig
middle lines) for each 20-second bin over time. Again we com-
pare the scenario with communication (continuous lines)ires
the scenario without (dash-dotted lines). For comparisanre-
peat the development of weight shifts in the communicaticer s
nario (blue line; bottom) from Fig. 10.

Fig. 11 moreover shows that even if we disallow communicatio
(dash-dotted lines), BR°LEX improves network performance sig-
nificantly: While median (average) throughput begins atuard
23,000 Bytes/s (42,000), but it increases to around 29, J0&sBs
(46,500) within a short time. This means thatfREX increases
TCP median (average) throughput by 29 % (11 %).

If the routers can exchange information (continuous lings
gain is even greater. In this cases R EX boosts median (average)
throughput to around 37,300 Bytes/s (54,000), which cpoeds
to an increase of the performance as perceived by the endyser
64 % (29 %).

Fig. 11 also allows us to compare the development of the weigh
shifts against the increasing throughput. Again, we haveketa
t =120s by a vertical line. We see that a considerable throughpu
gain has been achieved when the weights (continuous blaetin
bottom) cease undergoing significant changes, i. e., aft@ntin-
utes. Interestingly though, the algorithm has not fullyweged at
this point, as one can see the performance to increase sanilfi
even beyond this point for some more minutes.

7. SUMMARY AND OUTLOOK

In this paper we have presented®EX, a traffic engineer-
ing protocol that automatically balances traffic betweemabgost
routes provided by an underlying routing architecture,hsas
OSPF, MPLS or BGP. Our simulations show that the protocot con
verges quickly, which is in good conformance with its garmeet
retic background. RPLEX scales well even in large networks,
since information distribution is done in a distance vedita fash-



ion. The protocol-induced communication overhead on a ink
only linearly dependent on the number of prefixes. Furtheertioe
“protocol” is even applicable in a scenario where commutinca
between the routers is not desired, e. g., in interdomaitegts

We plan to perform further simulation-based analyses. &hes
comprise simulations involving other AS topologies and pam
isons against other TE techniques (e. g., [41]), and thevieinaif
two neighbouring ASes useERLEX without each other’s knowl-
edge. While our evaluation focuses on minimising the marmu
link utilisation as the traffic engineering goal, we interdanal-
yse other metrics in the future as well, e. g., minimisingmaies
by measuring queue lengths, or minimising packet losses.eMo
over we intend to improve performance (a) by applying theghei
changes in a “soft” manner [21] so as to reduce the number & TC
connections affected by shift-induced packet reorderiagtime
interval, and (b) by changing the inter-update times on dema
(“important news travels fast”). We believe that furthempiove-
ments can be achieved (c) by making use of typical flow size dis
tributions [44] when using improved hashing techniqueshsas
DHFV [20] or aggregating same-egress prefixes [38], (d) oy pr
viding more path alternatives to select from by using MPLS tu
nels, for which TeXCP’s link feedback mechanism [21] carvjute
valuable information for each LSP, or (e) by using PSTARKe i
routing [31] instead of MPLS-based solutions.
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