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Abstract

The performanceof serviceoverlay networksdependgprimarily on how well they take ad-
vantageof the characteristicandresource®f the underlyingnetwork. To improve performance,
therefore serviceoverlay networksneedfastandaccuraténformationaboutthe IP networkcon-
cerningresourceavailability, network congestionyouting andso on. In this thesiswe propose
ImTCP (Inline measurementCP), a real-timeinline measurementechanismwith very small
overheador measuringend-to-endbandwidthavailability in serviceoverlay networks. Utilizing
thetransmittecpacketof anactive TCPconnectiorto performmeasurementgheinline measure-
mentmechanisnof ImTCP hasthe advantageof yielding resultsquickly andaccuratelywithout
usingadditionalprobepackets.

In this thesis,we rst introducea new bandwidthmeasuremenalgorithmthat can perform
measuremergstimatesjuickly andcontinuouslyandis suitablefor inline measuremerttecause
of the smallernumberof probepacketgequiredandthe neggligible effect on othernetworktraf c.
We thenshow how thealgorithmis appliedin TCPthrougha modi cation to the TCPsendeionly.
We alsopresenta systemwe designedor storingmeasurememnesultsfrom which anapplication
canretrieve resultsdatafor ary time scale.In addition,we presentexamplesin which TCP data
transmissiomperformanceés improved by usingthe measuremenesults.

We show throughextensie simulationresultsthat the inline measuremenmechanisnsuc-

cessfullymeasurebandwidthavailability in theend-to-engathatintenalsof severalRT Ts while



exhibiting no degradationn TCPtransmissiorspeed We alsoshov how measuremenesultscan
be usedto prevent TCP datatransmissiorfrom affecting othernetworktrafc andhow available

bandwidthcanbe utilized moresuccessfullthanwith conventional TCP
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1 Intr oduction

Network measuremertiechniqueshave receved a greatdeal attention,and numerousmneasure-
menttools have beendeveloped[1-10]. Thesetools obsere and/ormonitor networkcharacteris-
tics suchasthe physicallink bandwidth[5-8], available bandwidth[1-3], delay[7], loss[9] and
topology[10] of the network. The obsered resultsare often usedfor networktrouble-shooting
isolationof fault locations,and networkprovisioning [11]. Measurementechniquesanbe cat-
egorizedinto active and passiveapproaches Active approache$l—4,7-10] inject testpackets
into the network,andutilize thefeedbackinformationto derive measuremeresults.Passve ap-
proacheg5, 6] do not usetestpacketsbut rathermonitor the packetsalreadytraversinga router
interfaceor alink.

As theInternetincreasinglydiversi es andthe userpopulationgrows rapidly, nev andvaried
typesof service-orientedhetworksare emeging. Called serviceoverlay networks they include
Peerto-Peer(P2P)networks[12,13], Grid networks[14-17] and ContentDelivery/Distrikution
Networks(CDNs)[18-20] andIP-VPNs[21]. Serviceoverlay networksareupperlayernetworks
providing special-purposserviceshuilt ontothe lowerlayerIP network. Their performancale-
pendsprimarily on how well they takeadwantageof the characteristicandresource®f the un-
derlying network. To improve performancetherefore,serviceoverlay networksneedfast and
accuratanformationconcerningesourcevailability in thelP networkto realizeadaptie control

mechanismsSomeexamplesof this are:

P2Pnetworks.Whenaresourcealiscorery mechanismnds multiple peershaving thesame
requestedtontents.this informationis usedto determinewhich peershouldtransmitthe

contents.

Grid networks.Whenmultiple sitescontainthe samedata,this informationis usedto deter

minefrom which site datawill becopiedor read.



CDNs. Whenbackupdataor cacheddatais transmitted this information canbe usedto

preventothernetworktraf ¢ from beingdeprived of resourcesluringthetransmission.

Our studyfocuseson measuringavailablebandwidthin the networkpathof a serviceoverlay
network. Many approache$or measuringoandwidthavailability, including active and passie,
have beenpresentedn the previous literature( [3, 5, 22] andreferencegherein). However, ex-
isting measuremerdlgorithmscannotbe useddirectly to measurehe networkcharacteristicof
a serviceoverlay network. Onereasonis that actve measuremenapproachesitilizing probe
packetswith continuousmeasurementsiegradethe performanceof the othernetworktrafc. In
addition,existing measuremertechniquesespeciallythe passie approachesgequirearelatively
long time to collecteachmeasurementesult. We mustcollectas quickly aspossiblethe latest,
andhencemostaccuratejnformationon networkcharacteristicsvhenthe volumeof IP network
trafc uctuatesgreatly

Basedon theseconsiderationswe proposea techniquefor measuringend-to-endnetwork
bandwidthavailability that satis es requirementdor serviceoverlay networks. Our methodis
basedon existing active measuremerdpproachesf PathLoad[3] andPathChirp[22], but does
not requirethe sendingof additionalpackets.Instead,informationon networkcharacteristicés
collectedfrom transmittedpacketsof an existing TCP serviceconnection.We call this approach
Inline NetworkMeasuement Therationalbehindthisis to changelr CP from a data-transfeonly
tool to onethat canalsobe usedfor measurementThe methodproposedchereis a sendetbased
approachit doesnotrequirechangeso the TCPrecever.

Traditional TCP canbe consideredo someextentasatool for measuringvailablebandwidth
becausef its ability to adjustthe congestiorwindow sizeuntil thetransmissiomateis relevantto
the available bandwidth.However, the resultingestimationis insufcient andinaccuratebecause
it is a measureof usedbandwidth,not available bandwidth. Especially in networkswherethe

probabilityof packetossis relatively high, TCPtendsto fail in estimatingheavailablebandwidth.



Moreover, theTCPsendewindow sizeoftendoesnotaccuratelyepresentheavailablebandwidth
dueto natureof the TCP congestiorcontrolmechanismA studyby TCP Westwood23] presents
animproved TCP bandwidthmeasuremennechanisnin which the TCP sendemusesthe arrival
intervals of ACK packetsto estimatethe available bandwidthand control the transmissiorrate
accordingly It is agoodmeasuremerdlgorithmin termsof simplicity. However, it tendstoward
underestimatiorwhen the available bandwidthof the network path transitionsfrom a low to a
high value. This is dueto the fact that when available bandwidthsuddenlyincreasesthe TCP
datatransmissiomrate,dueto the self-clockingphenomenomf TCR, doesnot changeasquickly
andneedgimeto rampup. Meanwhile,asthetransmissiomratecontinuesat aratelower thanthe
available bandwidth,the measuremenalgorithmyields resultslower thanthe real values. This
shortcomingarisesfrom the fact that WestwoodTCR aswith traditional TCR, measureshe used
bandwidth notthe availablebandwidth.

In this paperwe rst introducea measuremerdlgorithmsuitablefor theinline networkmea-
surementThisalgorithmperiodicallyyieldsmeasuremernesultsat shortintervalssuchasseveral
RTTs. Thekey ideain measuringapidly is to limit the bandwidthmeasuremerntangeusingsta-
tistical informationfrom previousmeasuremenesults.This is doneratherthansearchingutthe
physicalbandwidth[3, 22], from 0 bpsto the upperlimit of the range,in every measuremeras
existing algorithmsdo. By limiting the measurementange we canavoid sendingprobepackets
atan extremelyhigh rateandkeepthe numberof probepacketsmall.

We thenintroducelmTCP (Inline measurement CP), a Reno-based CP in which the pro-
posedalgorithmfor inline network measurementlescribedabore is included. Whena sender
transmitsdatapackets,ImTCP rst storesa groupof ve to 10 packetsin a queueand subse-
guently forwardsthem at a transmissiorrate determinedby the measuremerdlgorithm. Each
groupof packetscorrespond$o a probestream.Then,consideringACK packetsasechoedpack-
ets, the InTCP senderestimatesavailable bandwidthaccordingto the algorithm. To minimize

transmissiordelay causedby the packetstore-and-forwargprocesswe introducean algorithm
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similar to the RTO (roundtrip timeout)calculationin TCP to regulatepacketstoragetime in the
gueue. We evaluatethe inline measuremensystemwith simulationexperiments. The results
shaw the proposedalgorithmworkswith thewindow-basedcongestiorcontrolalgorithmof TCP
without degradingtransmissiorthroughput.

We alsoproposesomemodi cations to the socketinterfaceof traditional TCP sothatupper
layerapplicationscancontrol ImTCP behaior andaccessmTCP measuremernesults.We pro-
posea storagemechanismandnew API allowing retrieval of measurementesultsfor ary given
time interval by applications. We also presenttwo examplesusing ImTCP congestiorwindow
control modesto shav how measurementesultscan be appliedto TCP datatransmission.In
badkground transfermode IMTCP usesbandwidthavailability measurementesultsto prevent
its own trafc from degradingthe throughputof othertrafc. This allows priority to be givento
the othertraf c sharingthe networkbandwidth. In full-speedtransfermode ImTCP usesmea-
surementesultsto keepits transmissiorratecloseto the measuredraluenecessaryor optimum
utilization of availablenetworkbandwidth.This modeis expectedto beusedin wirelessandhigh
speedhetworkswheretraditional TCP cannotutilize the availablebandwidtheffectively [24,25].

Theremaindeof this paperis organizedasfollows. In Section2, we discussequirements$or
networkmeasuremerih serviceoverlay networksandthe problemsfound with existing network
measuremeninethods. We introducethe proposedalgorithm for inline network measurement
and evaluateit. In Section3, we introducelImTCP (Inline measurement CP) and evaluateits
performanceln Section4 we discusssomeof theimplementatiorissuesof ImMTCR In Section5,
we introducetwo examplesof congestiorwindow controlmechanismgor ImMTCP And nally in

Section6, we presentoncludingremarksanddiscusguture projects.
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2 Inline Network Measurementin IP-basedSerice Overlay Networks

2.1 Requirements

In accordancevith thediscussionn Sectionl, we considetthefollowing factorsto betherequire-

mentsof the measuremerdlgorithmof inline networkmeasurement:

Smallnumberof packetaused

Becaus@urmethodusesT CP packetdor themeasurementhereis alimitation onthenum-
berof packetsavailablefor transmissiorat ary onetime becausef the TCPwindow size.
Sincethe TCP window sizeis relatively smallandchangesiynamically the measurement

algorithmshoulduseassmalla numberof packetsaspossible.

Little effecton othertrafc onthenetwork

Sincethe goal of measuremernis to improve the quality of servicesof the serviceoverlay
network,themeasuremerghouldnot affecteitherthetraf ¢ of thesupportedservicestself
or theexternaltraf c. The measuremennay adwerselyaffectthe networkin two ways: by

sendingnumerougprobepacketsandby sendingprobepacketsat a highrate.

Providing resultscontinuously

Sincethe characteristic®f the IP network changesonstantlyand dynamically measure-
ment should provide periodic estimationresults. Furthermore the interval shouldbe as

smallaspossiblein orderto provide anaccuratedepictionof the rapid networkchange.

Providing resultsquickly

Themeasuremerghouldbe performedquickly in orderto obtainup-to-datanformationof
thelP network. In the proposednethod,we thereforeassigna higherpriority to measure-

mentspeedhanto measuremerdccurag.
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2.2 Existing network measuementmethods

As mentionedn Sectionl, theexistingmeasurememhethodsanbedividedinto two groups:pas-
sive measuremennethodsandactive measuremennethods.The passie methodsyepresented
by SFAND [5] andNettimer[6], obsene passingrafc atsomecertainpointsin the networkand
usethe monitoredinformationto obtainthe measuremenesults. Althoughtheseapproacheare
goodin termsof notaffectingothertraf ¢, they requirequitealongtime to gatherinformationfor
accurataneasuremenesultsandmary measuremen@renecessarin orderto estimatehechar
acteristicoof the end-to-engath. Furthermorepassie approachesannotprovide high-accurag
measuremerresultsbecausehe availableinformationis very limited.

On the other hand, the active measurementnethodsinject probe packetsinto the network
andcollectthefeedbackinformationfrom monitoredresultsincludingtransmissiordelay packet
arrival-intenal time, packetlossratio andso on. Therefore we canexpecta higheraccurag of
measurememesultsn anend-to-endashionthanwhatis possibleby passve methods Cprobe1],
Topp[2], andPathload[3], arerepresentatie toolsto measurahe availablebandwidthof the net-
work path betweentwo endhosts. Thesealgorithmswork on endhostsand requireno change
insidethe network,sothey seemsuitablefor applicationto measuremerin serviceoverlay net-
works. However, thesealgorithmsalsohave fundamentatlisadwantagesOneis thatmary probe
packetsaresentat a high transmissiomate. For instance Topp sendss000packetgo obtainonly
onemeasuremengnd Cprobeinjects 100-200probepacketsat the physicalbandwidthspeedof
thelink connectedo the senderhost. PathLoadsendssereral 100-packemeasuremengtreams
for ameasuremenPathChirp[22] is amodi cation of PathLoadon the purposeof decreasinghe
numberof probepackets But therequirednumberof packetgo be sentat onetime in PathChirp
is still large. The probetrafc canaffect othertraf c alongthe path,for exampleby degrading
traf ¢ throughputandincreasingthe packetlossratio and packettransmissiordelay Existing

actve measuremenalgorithmsalsorequirea long time to obtain one measurementesult (for
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Service Overlay
Network

Receive

(1) Send probe packes —

(2) Echo packes

(3) Receive ehoed packes
Estimate he availdle bandwith

Figurel: Outline of proposedneasuremerdlgorithm

example,50-100RTTs arenecessaryo obtainoneestimationvaluein ToppandPathload).Long-
term measurementanprovide an accurateresultbut cannotfollow the dynamicchangeson the
IP network.

Thus,theexisting active measuremerglgorithmsdonot satisfytherequirementsnentionedn
Subsectior®.1. In the next subsectionye introducea measuremerdlgorithmwhich satis esthe
requirementsNotethatwe do not attemptto replacethe existing active measuremerdpproaches
by the proposedneasuremerdlgorithm. Rathey the proposedmeasuremenrdlgorithmis useful

in theinline networkmeasurement.

2.3 Proposedmeasurementalgorithm

Figurel shavs anoutline of the proposedneasuremerdlgorithm. A sendehosttransmitsmea-
suremenpacketdo arecever host,which immediatelysendsecevedpacketdackto thesender
host. The sendeithenestimateghe available bandwidthof the pathusingthe arrival intervals of

theechoedackets.
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In every measurementye usea search rangeto nd the value of the available bandwidth.
Searchrangel is a rangeof bandwidthwhich is expectedto includethe currentvalue
of theavailablebandwidth.The proposedneasuremeralgorithmsearche$or theavailableband-
width only within thegivensearctrange.Theminimumvalueof , thelowerboundof thesearch
range,is 0, andthe maximumvalueof , theupperbound,is equalto the physicalbandwidth
of thelink directly connectedo the sendethost. By introducingthe searchrange,we canavoid
sendingprobepacketsat an extremelyhigh rate,which seriouslyaffectsothertrafc. We canalso
keepthenumberof probepacketdor themeasuremerguitesmall. As discussedhaterherein,even
whenthevalueof the availablebandwidthdoesnot exist within the searctrange we can nd the
correctvaluein afew measurementsThe following arethe stepsof the proposedalgorithmfor

onemeasurementf theavailablebandwidth :
1. Settheinitial searctrange.
2. Divide thesearctrangeinto multiple sub-ranges.

3. Injectapacketstreaminto the networkfor eachsub-rangendchecktheincreasingrendof

the packetinter-arrival timesof thereceved stream.

4. Find a sub-rangevhich is expectedto includethe correctvalueof the availablebandwidth

usingtheincreasingrendsof sentstreams.

5. Calculatethe available bandwidthby meansof linear regressionanalysisfor the chosen

sub-range.
6. Createanew searchrangeandreturnto Step2.

A packetstreamis a groupof packetssentat onetime for the measurementn whatfollows, we

explain in detailthe algorithmby which to implementtheabove steps.

1. Setinitial searchrange

15
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We rst senda packetstreamaccordingto the Cprobealgorithm[1] to nd a very rough

estimationof the availablebandwidth.We setthe searchrangeto

, Where is theresultof the Cprobetest.

. Divide thesearchrange

We divide thesearctrangeinto  sub-ranges$ . All sub-ranges

have theidenticalwidth of the bandwidth.Thatis,

As increasestheresultsof Steps4 and 6 becomemore accurate pecauseahe width of
eachsub-rangebecomessmaller However, a larger numberof packetstreamss required,
whichresultsin anincreasdan the numberof usedpacketsaandthe measuremerttme.

. Sendpacketstreamsandcheckincreasingrend

For eachof sub-rangesa packetstream is sent. The transmissiomratesof

thestreams packetsrary to cover the bandwidthrangeof the sub-rangeWe denotethe -th
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packetof the packetstream asP  ( , Where is the numberof packetsn a
stream)andthetime atwhich P is sentfrom thesendethostas ,where  =0. Then

is setsothatthefollowing equationis satis ed:

where isthesizeof theprobepacket.Figure2 shavstherelationshipbetweerthesearch
range thesub-rangeandthepacketstreamsin the proposedlgorithm,packetsn astream
aretransmittedwith differentintervals, for this reasonthe measurementesultmay not be
as accurateas the Pathloadalgorithm[3], in which all packetsin a streamare sentwith
identicalintervals. However, the proposedalgorithmcancheckawide rangeof bandwidth
with one stream,whereagshe Pathloadchecksonly onevalue of the bandwidthwith one
stream.This reduceghe numberof probepacketsandthe time requiredfor measurement.
By this mechanismthe measuremenspeedis improved at the expenseof measurement

accurag, asdescribedn Subsectior?.1.

We thenobsene , thetime the packetP arrivesat the sendethost,where
We calculatethe transmissiordelay of usingthefunction . We
thencheckif anincreasingrendexistsin thetransmissiordelay

accordingto the algorithmusedin [3]. As explainedin [3], theincreasingtrend of
transmissiordelayin a streamindicatesthat the transmissiorrate of the streamis larger

thanthe currentavailablebandwidthof the networkpath.

Let betheincreasingrendof stream asfollows:

increasingrendin stream
noincreasingrendin stream

unableto determinethe existenceof anincreasingrendin stream

17



As increasesthe rateof stream decreasesTherefore, T is expectedto be 1 when is

sufciently small. Ontheotherhand,when becomedarge, is expectedio become

Therefore,when neitherof the successie streams or have an increasingtrend
( ), the remainingstreamsare expectednot to have increasingtrends
( for ). Thereforewe stopsendingthe remainingstreamsn order

to speedup themeasurement.

. Chooseasub-range

Basedon theincreasingirendsof all streamswe choosea sub-rangavhich is mostlikely
to includethe correctvalue of the availablebandwidth. First, we nd thevalueof

, which maximizes( ). |If , we determine
thesub-rangd is the mostlikely candidateof the sub-rangewvhich includesthe available
bandwidthvalue. Thatis, asa resultof the above calculation,l indicatesthe middle of
streamavhich have increasingrendsandthosewhich do not. If or ,onthe
otherhand,the algorithmdecidesthat the available bandwidthdoesnot exist in the search
range . We determinethat the available bandwidthis larger thanthe upperbound
of thesearclrangewhen , andthatwhen theavailablebandwidthis smaller

thanthelower boundof thesearchrange.

In this way, we nd the sub-rangewhich is expectedto include the available bandwidth
accordingo theincreasingrendsof the packetstreams.

. Calculatethe availablebandwidth

We thenderive the available bandwidth  from the sub-rangd chosenby Step4. We
rst determinethe transmissiorrate and the arrival rate of the packetP  ( )

as , , respectiely. We thenapproximateherelationshipbetweerthe

transmissiomateandthearrival rateastwo straightlinesusingthelinearregressiormethod,

asshawvn in Figure 3. Sincewe determinethat the sub-range includesthe available

18
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bandwidth,the slopeof line (i) which consistsof smalltransmissiorratesis nearly1 (the
transmissiorrate and the arrival rate are almostequal), and the slope of line (ii) which
consistsof larger transmissiorratesis smallerthan 1 (the arrival rateis smallerthanthe
transmissiorrate). Therefore we determinethatthe highesttransmissiorratein line (i) is

thevalueof theavailablebandwidth.

On the otherhand,whenwe have determinedhat the available bandwidthvalue doesnot
exist in the searchrange( ) in Step4, we temporarilysetthe valueof availableband-

width asfollows:

. Createanew searclrange

Whenwe have found the value of the available bandwidthfrom a sub-rangd in Step5,

we accumulatehe value asthe lateststatisticaldataof the available bandwidth. The next

19



searchrange( ) is calculatedasfollows:

where s the varianceof storedvaluesof the availablebandwidthand is the numberof
storedvalues.Thus,we usethe 95% con dential interval of the storeddataasthe width of
thenext searchrange andthe currentavailablebandwidthis usedasthe centerof thesearch
range. isthelowerboundof thewidth of the searctrange whichis usedto preventthe
rangefrom beingtoo small. Whenno accumulatediataexists (whenthe measuremerttas
juststartedor just aftertheaccumulatediatais discarded)ye usethe samesearchrangeas

thatof the previousmeasurement.

On the otherhand,whenwe cannot nd the available bandwidthwithin the searchrange,
it is possibleto considerthatthe networkstatushaschangedyreatly Thereforewe discard
the accumulatediatabecauséhis databecomesunreliableasstatisticaldata. In this case,

thenext searchrange( ) is setasfollows:

This modi cation of the searclrangeis performedn anattemptto widenthesearchrange

in the possibledirectionof the changeof the availablebandwidth.

By this statisticalmechanismye expectthe measuremerdlgorithmto behae asfollows:
whenthe available bandwidthdoesnot changegreatly over a period of time, the search
rangebecomessmallerand more accuratemeasurementesultscan be obtained. On the

other hand,whenthe available bandwidthvariesgreatly the searchrangebecomedarge
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Figure4: Networkmodelfor evaluationof the proposedneasuremersdlgorithm

andthe measurementan be restartedfrom the rough estimation. That s, the proposed
algorithmcangive a very accurateestimationof the availablebandwidthwhenthe network

is stable,anda roughbut rapid estimatecanbe obtainedwhenthe networkstatuschanges.

2.4 Simulation results

This Subsectiorshovs somesimulationresultsin ns[26] andvalidateshemeasuremeralgorithm
proposedn Subsectior?2.3. Figure4 shavs the networkmodelusedin the simulation. A sender
hostconnectgo arecever hostthrougha bottlenecklink. The capacityof the bottlenecklink is
Mbpsandthe propagatiordelayis  msec.All of thelinks from the endhostdo therouters
hastea -Mbpsbandwidthanda -msecpropagatiordelay
Thereis backgroundrafc generatedby endhostsonnectingo therouters.The background
trafc is madeup of UDP packet o ws, in which variouspacketsizesareusedaccordingto the

monitoredresultsin the Internetreportedn [27]. Thecorrectvalueof the availablebandwidthof

21



the bottlenecKink is calculatedas:

We makethe availablebandwidthon the bottlenecKink uctuate by changingbackgroundraf ¢
rates.

The senderhost sendsprobe packetsto the recever hostand the recever hostechoesthe
packetsackto the sender Thesenderusingthealgorithmproposedn Subsectior2.3, measures
theavailablebandwidthof the pathbetweerthetwo hosts.In this situation theresultcorresponds
to the availablebandwidthof the bottlenecHKink betweertherouters.

The numberof sub-range , which a searchrangeis dividedinto, is decidedaccordingto the

width of the searclrangeandthelatestresultof the measuredvailablebandwidth,

, thelower boundof thewidth of searchrangesis setto 10% of . Theprobepacketsize
is 1500Bytes.

Figure5 showvs the measuremenesultsof the available bandwidthandthe searchrangedor
a simulationtime of sec. During the simulation,the backgroundraf ¢ is changedso that
the available bandwidthof the bottlenecklink is  Mbpsfrom secto sec, Mbpsfrom

secto sec, Mbpsfrom secto sec, Mbpsfrom secto secand
Mbps from secto sec. We alsoplot the correctvaluesof the available bandwidthin all
gures. Figures5(a)-5(c)shav theresultswhenthe numberof the probepacketsn astream( )
is 3,5 and8, respectirely. Thesegures indicatethatwhen is 3, themeasuremenesultsarefar
from the correctvalues.When becomedargerthan5, on the otherhand,the estimationresult
accuray increasesThe proposedneasuremerdlgorithmcandeterminghe availablebandwidth

rapidly, evenwhenthe availablebandwidthchangesuddenlyWhen is very small,we cannot
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Figure5: Resultsof the proposedneasuremerdlgorithm(1)

determingheincreasingrendof the streamsorrectlyin Step3 in the proposedilgorithm,which
leadsto theincorrectchoiceof sub-rangén Step4. Althoughtheaccurag of measuremenesults
increasess isincreasedrom 5t0 8, =5is judgedto bethe bettersettingsincewe placea
higherpriority on measuremergpeedhanon measuremerdccuray, asdescribedn Subsection
2.2.

We next shav anothemresultin which we changethe available bandwidthslowly asfollows:

from O secto 50 sec,the available bandwidthis 60 Mbps; from 50 secto 100 sec,decreasetn
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40 Mbps; from 100 secto 150 sec,increasego 60 Mbps; from 150 secto 210 sec,decreases
to 20 Mbps; from 120 secto 270 sec,increasego 60 Mbps; andfrom 270 secto 300 secthe
available bandwidthis 60 Mbps. The simulationresultsare shavn in Figure6. When =3,
the estimationresultsare not accurate but when is 5 or 8, the resultsbecomesacceptable.
Fromthesesimulationresults we canconcludethatthe proposedalgorithmcanmeasurevell the

availablebandwidth jndependentf the degreeof changan availablebandwidth.
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3 ImTCP;: TCP with Inline Network Measurement

3.1 Overview

In traditional TCP, asendetransmitsdatapacketgo arecever andtherecevver sendscorrespond-
ing ACK packetsbackto the sender Basedon this characteristicwe apply the measurement
algorithmproposedn Section2 to TCP by consideringdatapacketsas probepacketsand ACK
packetsasechoedhackets.

Becausehe programfor inline networkmeasuremennustknow the currentsizeof the TCP
congestiorwindow, it shouldbe implementedat the bottomof TCP layerasshovn in Figure7.
Whena new TCP datapacketis generatedit the TCP layer andis readyto be transmittedit is
storedin anintermediate=1FO buffer (hereaftercalledthe ImMTCPbuffer) beforebeingpassedo
thelP layer Ontheotherhand,whenan ACK packetarrivesatthe sendeihost,the measurement
programrecordsts arrival time andpassed to the TCPlayerfor TCP protocolprocessingWhen
IMTCP performsa measurementhe programcreategpacketstreams;it waits until a sufcient
numberof packetsarein the ImMTCP buffer thensendshemat the transmissiorrate determined

by themeasuremerdlgorithm. Thisis repeatedintil all streamsequiredfor ameasuremertave
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Figure8: Structureof the measuremergrogram

beentransmitted WhenImTCP is not performinga measurementt passesll TCP datapackets
immediatelyto thelP layer.

Theprogramdynamicallyadaptgo changesn the TCPwindow size. It storesno datapackets
whenthe currentwindow sizeis smallerthanthe numberof packetsequiredfor a measurement
stream.This is becauséhe TCP sendercannottransmita numberof datapacketdargerthanthe
window size.Ontheotherhand whenthewindow sizeis sufciently large,theprogramcreatesll
streamgequiredfor ameasurementith every RTT. Thatis, onemeasuremernesultperRTT can
beobtainedf thewindow sizeis largeenough Whenthewindow sizeis small,ImTCPmaycreate

only onestreamperRTT with theresultthatseveral RTTs arerequiredfor onemeasurement.

3.2 Packetstoring mechanism

Figure8 shaws the structureof the measuremerrogram. It consistsof threeunits. TheImTCP
Buffer unit storesT CPdatapacketsandpassegachpacketto thelP layerundercontrolof the Con-
trol unit. It informsthe Controlunit whenanew TCP packetarrives. The Controlunit determines
whento sendthe packetsstoredin the buffer. It receves searchrangesfrom the Measuement

unit and createsthe measuremenstreams. The Measurementinit checksthe arrival times of
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ACK packetsandcalculatesneasuremenesultsusingcorrespondingentpacketdeparturdimes
passedrom the Controlunit.

Details of the Measuremenunit were introducedin Subsectior2.3. Here,we explain the
operatiornof the Controlunit. The Controlunit hasfour functionalstatesSTOREPACKET, PASS

PACKET, SEND STREAM and EMPTY BUFFER,asshowvn in Figure9. The Control unit is

initially in the STORE PACKET state.In whatfollows, we describethe detailedbehaiors of the

Controlunit in eachstate;

STORE PACKET state

— Startstoringpacketdor the creationof measuremergtreams Setthe packetstoring
timer to endpacketstoringafter certainlengthof time. The timer valueis discussed

in Subsectior8.3.

— Goto the EMPTY BUFFERSstateif the currentTCP window size becomesmaller
than orthepacketstoringtimerexpires. , asmentionedn Subsectior.3,is the

numberof packetsneededo createameasuremergtream.
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— Gotothe SEND STREAM stateif the numberof storedpacketdecomedargerthan

— Gotothe PASSPACKET stateif all packetstreamdor thecurrentmeasuremerttave

beensent.

EMPTY BUFFER state

— Clearthetimerif it is set.

— Passcurrentlystoredpacketgo the IP layeruntil the buffer becomegmpty

— Returnto the STORE PACKET state.

SEND STREAM state

— Clearthetimeoutif it is set.

— Senda measuremengtream. The transmissiorrate of the streamis determinedac-
cordingto the measuremerdlgorithm. During streamtransmissionpacketsarriving

atthebuffer arestoredin the ImTCP buffer.

— Gotothe STOREPACKET state.

PASS PACKET state

— Passevery packetin the bufferimmediatelyto the IP layer.

— Goto the STORE PACKET statewhenall ACK packetsof the transmittedneasure-

mentstreamsave arrived atthe sender

Figure10 shovs anexampleof how ImMTCP sendgpacketdor ameasuremerperation.The

changein queuelength (the numberof packetsstoredin the ImTCP buffer) is also shovn in
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Figure10: ImTCP packettransmission

the gure. We assumehat TCP sendsa new datapacketsimmediatelyafter receving an ACK
packet. Before , ImMTCP transmitspacketsin the normal TCP fashionsinceImTCP is in the
PASSPACKET state.From , ImTCPmovesto the STORE PACKET state.In this state ImTCP
datapacketsarestoredandthequeudengthincreasesAt |, thequeuedengthreaches , setto5
in this example,andImTCP movesto the SEND STREAM state.The rst packetstreamis then
sentfrom . After sendinghe rst packetstream]mTCPreenterghe STORE PACKET state.At
, thequeuelengthagainreaches andImTCP sendghe secondstreamuntil . Notethatthe
averagetransmissiorrate of the secondstreamassumeshe sameACK arrival rate,sothe queue
lengthremainsconstanfrom to . Thereforethethird streamstartssendingmmediatelyafter
thesecontne,at . At ,whenthethird streamis completelysent,ImTCPreturnsto the PASS
PACKET state(here,we have assumedhatthe measurememnequiresonly threepacketstreams).
At somepacketsstill remainin the buffer, soImTCP maytransmitthosepacketsat a high rate
for sometime in theperiodfrom to  until thebuffer becomeempty From , ImTCPreturns

to sendingpacketdn normalmanner
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3.3 Parametersettings
3.3.1 Packetstoring timer

We avoid degradingthe TCP transmissiorspeed causedy storingdatapacketsheforethey are
passedo the IP layer, by appropriatelysettinga timer to stopthe creationof a stream.Obviously,

thereis a trade-of betweermeasuremerftequeng and TCP transmissiorspeedvhenchoosing
the timer value. That s, for large timer values,the programcan createmeasuremenstreams
frequentlysomeasuremerftequeng increaseslin this case however, becausd CP datapackets
may be storedin the intermediatebuffer for a relatively long period of time, TCP transmission
speednaydeteriorateMoreover, longpacketdelaysmayleadto TCPtimeoutevents.Ontheother
hand,for smalltimer values,the programmay frequentlyfail to createpacketstreams|eadinga

low frequeng of measuremenguccess.In the following discussionwe derive the appropriate

value for the packetstoring timer by applying an algorithm similar to the RTO calculationin

TCP[28].

If we assumea normaldistribution of packetRTTs with average andvariance ,
then and canbeinferredfrom the TCPtimeoutfunction[28]. We usethefollowing
notation;

: RTT of aTCP datapacket

: Thetime sincethe rst of  successie datapacketds sentuntil the ACK of the last

packetarrivesatthe sender

: Thetimenecessarjor  successie ACK packetgo arrive atthe sender

Weillustrate , and in Figurell. We needto know the distribution of  to determinethe

appropriatevaluefor the packetstoringtimer. FromFigurell, we canseethat:

(1)
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Fromtheassumptionimentionedabore, hasanormaldistribution . Notethat

is the period of time from sendingthe rst packetuntil the last packetis sent(we denotethe
length of this periodas ) plusthe RTT of the last packet. Thatis, we canconcludethat the
distributionof  is . From Equation(1) we thenobtainthedistribution of
,as
Obviously, the ImMTCP sendercanrecordthe departureimesof datapacketgo calculatethe
exactvalueof . However, thiswill introduceadditionaloverheadanda wasteof memory Here,
we provide asimpleestimateof . In aTCP o w, dueto theself-clockingphenomenorthe TCP
packettransmissiorrateis a roughestimateof the available bandwidthof the networklink. The

averagetime neededo send  successie TCP datapacketss

— )

where isthepacketsizeand is the valueof availablebandwidthwhich canobtainfrom the

measuremerresults.Fromthedistributionof ~andEquation(2), we determinghewaitingtime
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for ACK packetsasbelow:

Usingthisvaluefor thetimer, the probabilityof successfullycollecting  packetseachespprox-
imately 98% dueto the characteristicef the normaldistribution. Thus,we areusinga relatively
shorttimer lengththatreducesadditionalprocessinglelayscausedy the measuremerngrogram
but providesa high probability of collectinga sufcient numberof packetdor creatingmeasure-

mentstreams.

3.3.2 Number of packetsin a measuementstream

In general,somepacketswill remainin the ImTCP buffer after sendingstreamdor a measure-
ment,asshavn in Figure 10. If the numberis large, ImTCP transmissiordelaysmay occut We

investigatethe relationshipbetweenthe numberof remainingpacketsand , thendeterminean

appropriatevalueof  to minimize leftover packetsImTCP begins sendinga new packetstream
whenthe queuelength (the numberof packetsn ImTCP buffer) becomedargerthan . If the

transmissiorrate of the packetstreamis smallerthanthe arrival rateof ACK packetsthe queue
lengthincreasesluring streamtransmission.This fact canbe seenfor the third streamof Figure
10.

If we examinethe casewhenthe upperboundof the searchrangeis smallerthanthe ACK
arrival rate we canseethat all measuremengtreamsare transmittedat a rate lower than ACK
arrival rate. Therefore the queuelengthis alwaysincreasingduring the measuremenfThe effect
of  onthenumberof packetdeft in the ImTCP buffer aftera measuremeris mostobviousin
this case.

Supposéhat where is thearrival rateof the ACK packetsand ) is the

searchrangementionedin Subsectior2.3. Using the notationof Subsectior2.3, , thetime

32



neededor packetstream to betransmittedjs

Duringtheperiod , thenumberof ACK packetsarriving at the sendelis . SincelmTCP
sends packetsof the packetstream(excludingthe rst oneatthe beginning of the period),
the packetenterednto the ImTCPbuffer duringperiod becomes . Whenall

streamdhave beentransmittedthe numberof packetsemainingin theImTCP buffer () is

where is the numberof packetstreamdor onemeasurememperation.SincelmTCP startsto
sendthe rst streamwhenthebufferlengthreaches , isaddedattheright sideof theequation.

Notethat

Therefore,

From the equation,we can seethatwhen becomedarge, the numberof packetsleft in the
IMTCP buffer alsobecomedarge. Thereforewe concludethat  shouldbe setto assmallvalue
aspossible.

Accordingto theresultsof SubsectiorR.4is the smallesnumberof  thatthe measurement
algorithm can accept. Therefore,unlessexplicitly statedotherwise,we will use =5 in the

experimentakimulationghatfollow.
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3.3.3 Measurementfrequency

As explainedin Section2, the measuremerdlgorithmusesthe previous measuremermesultsto
determineasearchrangefor thenext measurementlhereforejt seemsaturalthatonly onemea-
suremenbperatiorshouldbe performedor oneRTT. If theTCPwindow sizeis sufciently large,
we canperformmultiple measurement®r oneRTT by introducinga quite complex mechanism.
However, mary dif culties mustbe overcometo accomplishthis, including interactionof mea-
surementasks,delayscausecdby multiple streamdn oneRTT asdescribedn Subsectior8.3.2,
andsoon. We thereforedecidedthatImTCP shouldperformat mostonemeasuremerdperation
perRTT. OneRTT is consideredong enoughfor ImTCP to recover the transmissiorrate aftera

measurement.

3.4 Other issues
3.4.1 Effect of DelayedACK option

Whena TCP recever usesthe delayedACK option, it sendsonly one ACK packetfor every
two datapackets.In this case the proposedalgorithmdoesnot work properlysinceit assumes
therecever hostwill sendbacka probepacketfor eachreceved packet. To solve this problem,
Step3 in Subsectior?.3 of the proposedalgorithmshouldbe changedso that intervals of three
packetsare usedratherthanintervals of two packets. Thatis, we calculatethe arrival intervals
for the probepacketsin stream in orderto checkits
increasingrend. Thismodi cation hasalmostthe sameeffectashalvingthe numberof packetsn
onestreamyesultingin adegradationn measuremerdccurag. Thereforethenumberof packets

in astreamshouldbeincreasedppropriately
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3.4.2 Effect of packetfragmentation

In thecasewhereTCP packetsaretransmittedhrougha queueor nodefor whichtheMTU (Max-
imum TransmissionUnit) is smallerthanthe packetsize, the packetswill be fragmentednto
several piecesin the network. The problemherebecomesa questionof whethermeasurement
resultwill still beaccuratef the packetdn measuremergtreamsecomeragmentedsomevhere
on the way to the recever. We arguethatfragmentatiorhaslittle effect on the measuremente-
sults. Themeasuremerdlgorithmis basedn theincreasingrendof the packetstreamin orderto
estimateavailablebandwidth.Evenwith fragmentationthe streamstill shovs anincreasingrend
whenandonly whenthe transmissiomateis largerthanthe availablebandwidth. However, frag-
mentationdoesincreasehe packetprocessingoverhead which may in turn raisethe increasing
trendof packetstreamsf it occursat a bottlenecKink. This mayleadto a slight underestimation

in themeasuremenesults.

3.5 Simulation results
3.5.1 Measurementaccuracy

Our rst simulationusesthe sametopology asdescribedn Subsectior?.4 exceptthatthe UDP
senderandrecever arereplacedoy anImTCP senderandan ImTCP recever, respectiely. Fig-
uresl2(a)and12(b)shav the measuremenmnesultsof the proposednethodwhenthe numberof
packety )inameasuremergtreams veandeight,respectiely. ComparingFigurel2(a)with
Figure5(b) andFigure 12(b) with Figure5(c), we obsene thatour measuremennethodcanbe
successfullyappliedto TCP with no degradationin measuremerdccurag. Also, the effect of
on the accurag of measurementesultsis the sameasin the caseof Figure5. Thatis, =5is
againfoundto beagoodsetting.

Figure13 shaws the changein throughputof IMTCP in this simulation. For comparisonwe

alsoshav the caseof RenoTCPunderthe samenetworkconditions.Fromthe gure, we cansee
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Figure13: Throughputof InTCPandRenoTCP

that ImTCP performsthe measuremenwith a throughputalmostthe sameasthat of RenoTCP
An importantpoint we cantakefrom Figure12 and13is thatImTCP yieldsaccurataesultseven
whenthe currentthroughputis lower thanthe available bandwidth. For example,from O secto
50 secin the simulation,althoughthe throughputof ImMTCP is lessthan60 Mbps, the available

bandwidthvalueis still realized,asshavn in Figure12.

3.5.2 Effect of INTCP on other traf c

To investigatethe effect of inline measuremenin othertraf ¢ sharingthe network,we compare
thecaseof InTCPto thatof RenoTCRusingthenetworkmodeldepictedn Figurel4. We activate
IMTCP andRenoTCPin turn in the networkinvolving a large numberof active Web document
accessesThereare220 Web clientsdownloadingWeb pagesfrom 20 Web senersthrougha 50
Mbpssharedink. We usea Paretodistribution for the Web objectsizedistribution. Accordingto
previousstudiesin [29], we usel.2 asthe Paretoshapeparametewith 12 KBytesastheaverage

objectsize. The numberof objectsin a Web pageis eight. The TCP senderand TCP recever
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Figurel5: Measurementesultof ImMTCPin Webtrafc ernvironment

connectto a sharedlink through100 Mbps links. We usea large buffer (1000 packets)in the
routerat the sharedink to help ImTCP/RenoTCRonnectionsachieve high throughputbecause,
here the effect of ImMTCP/RenoTCRonnection®nWebtraf ¢ is thefocusof thesimulation.

We run the simulationfor 500 secand nd that the averagethroughputof ImMTCP is 22.3
Mbpswhile thatof RenoTCP23.1Mbps. Theresultsthereforeshav thatdatatransmissiorspeed
of InTCPis almostthe sameasthatof RenoTCPMeasurementesultsof ImMTCP arealsoshovn

in Figurel5. In the gure, we roundthe measuremenesultsusingthis function:

Figurel5con rms thatthe ImTCP measuremenesultre ects the changen availablebandwidth
very well.

We comparethe effect of INMTCP and RenoTCPon Web pagedownloadtime in Figure 16.
This gure shavs cumulative densityfunctions(CDFs)of the Web pagedownloadtime of Web
clients. We canseethatImTCP andRenoTCPhave almostthe sameeffect on the downloadtime

of aWebpage.Thisindicateghatinline measuremerdoesnotaffectothertraf ¢ sharingthelink
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3.5.3 Bandwidth utilization and fair share

Two importantcharacteristic®f the Internettransportprotocolarefull utilization of link band-
width andfair sharingof bandwidthamongconnectionsWe usethefollowing simulationto shav
thatImTCP hasthesetwo characteristics.

We usethe networktopology shavn in Figure 17 with mary ImTCP connectionssharinga
bottlenecklink. Using a small buffer (200 packets)in the router at the bottlenecklink to force
con ict amongconnectionswe vary the numberof IMTCP connectionswhile observingtotal
throughputandfairnessamongthe connections.

Figure18(a)shavs the Jain'sfairnessndex [30] for theconnectionsThis index takesavalue
from 0to 1; ashards consideredair asits index is nearl. We canseethattheImTCP connections
sharethe bandwidthlink fairly. Figure18(b)shaws thelink utilization of ImnMTCP aswe vary the

numberof connectionsAlso shavn aretheresultswhenImTCPis replacedy RenoTCPWe can
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seethatImTCP andRenoTCPhave almostthe samelink utilization regardlesof the numberof
connectionsDueto the smallbuffer size of the bottlenecKink, whenthe numberof connections
aresmallthetotal throughpuis notvery high. However, whenthenumberof connectionss large,
totalthroughpuincreases.

We next replacehalf of the ImTCP connectionsvith RenoTCRconnectionsn theabove sim-
ulationandcalculatethe fairnessindex of eachconnection.Figure 19 shows the results.We also
shawv theresultswhen is setto eight. Theresultsshav thatImTCP may not sharefairly with
RenoTCPThereasonfor this is that ImTCP connectionsdueto its packetstoring-and-forward
mechanismmay lose bandwidthwhen con icting with RenoTCPconnections.The unfairness
betweenimTCP and RenoTCPmay limit the scopewherelImTCP canbe used. We argue that
theinline measuremennhechanisnmmay limit the applicationof TCP in somecasesput canen-
hanceT CP performancen otherenvironmentswheretraditional TCPis not effective. In Section

5 we presenttwo exampleswhere TCP performancds improved with the inline measurement
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4 Implementation Issues

4.1 Storagesystemfor measurementresults
4.1.1 Time scaleproblem

Availablebandwidthis a dynamicvalue,thatis, the valuedependstronglyonits time scale.De-
pendingon the characteristicef applicationsn the overlay network,the requiredtime scalefor
measurementesultsvaries.To begenerallyuseful,ImTCPmustprovide measurementesultsfor
ary time scalethatapplicationsrequire. As explainedin Section3, ImTCP canyield a measure-
mentresultfor several RTTs. In otherwords,several RTTs is thesmallesimeasuremeritme scale
IMTCP canprovide. The problem,however, is thatit is impossibleto storeevery measurement
resultwhen building valuesfor larger time scalesdueto limitations in memoryspaceand data
processingime. In the following discussionywe rst de ne therequestfor measuremernesults
that an applicationmay maketo ImMTCP. We thenintroducea datastoragesystemthat cansolve

theabos/ementionegroblems.
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4.1.2 Application request

We assumeanapplicationwill provide thefollowing informationwith every requesfor measure-

mentresults.
Time scale:thetime interval betweerntwo measuremerresults.
Numberof measuremenesults.

For example, a replicaselectionservicein a dataGrid network may requestfor measurement
resultsin the pastl hours,in every 1 minute (time scale=1minutes,numberof results=60)pr an
ISPtraf ¢ investigationcentermay requestmeasuremeniesultsof every daysin the past5 days

(time scale=1day, humberof results=5).

4.1.3 Storagesystem

Becausehe most recentrequestshave a high probability of being repeatedthe systemstores
measurementesultsin the time scaleappropriateto the latestrequests. Thus, the systemcan

successfullyreply to mary requestswithout requiring a large amountof memoryspace. The
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databaseshavn in Figure 20 storesmeasurememntesultsfor an ImTCP connectiorbetweenhost

A andhostB. The primaryfunctionsof the systemare:

For everyrequestn atime scalenotcurrentlyavailablein thedatabaseq queuds createdn
the databaseThis queueis usedto storedatain thetime scalesequestedvith the number

of datain eachqueuethe sameasthe numberof requiredmeasuremerresults.

For a requestin a time scalenot currently available in the databasethe system rst re-
turnsthe mostnearlysuitableresultfrom the currentlyavailable data(for example,an av-
erageof resultsfor threeweeksis returnedwhenthe resultfor onemonthis requestedut
unavailable)then startscollecting dataappropriateto the request. The systemwill return

increasinglyaccuratevaluesfor subsequentequest®f the sametype.

WhenImTCP producesanew measuremenesult,all entriesin all queuesareupdatedwith

theresult.

Eachqueuerecorddts idle time (thetime elapsedrom thelastrequesfor datain thequeue
tothecurrenttime). Whenthe storagespacdimit is reachedthe queuewith thelongestidle

timeis discarded.

4.2 API for ImTCP

SothatuppetlayerapplicationcanuselmTCP easily we addedhew functionsto the TCP socket

interfacewith thefollowing objective:
Applicationcanrequesimeasuremerresultsfrom ImTCR
ApplicationscanusesomelmTCP specialtransmissiormodes.
Note that measurementesults,in additionto being passedo applications,canalso be usedto

controlImTCPtransmissionln Sections we introducetwo examplesof transmissioomodes.The
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socketinterfaceallows anapplicationto selectthe ImTCP transmissiormode. Detailsof the new

functionsaregivenbelow.

New functions
void measue_contml (tcp_Sodket* ,int )

: Pointerto socketdatastructure
: ImMTCP executeghe measurement
or othervalues:ImTCP doesnot executethe measurement
void measue (tcp_Soket* ,int )
: Pointerto socketdatastructure
: ImTCPtransmissionmodes
double*measue_result(tcp_Soket* ,double ,int )
: Pointerto socketdatastructure
: time scale
: numberof measuremenesults

returnedvalue: measuremernesults
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5 TransmissionModesof ImTCP

Herewe introducetwo examplesin which ImTCP controlsthe transmissiorusingmeasurement

resultsto obtainperformancehatis notrealizablewith traditional TCP

5.1 Background transmission

In a CDN servicesuchasAkamai[18] or Exodus[19], originatingWeb senersandWeb proxy
(caching)seners are deployedin the networkin a distributed manner[31,32]. Whena proxy
sener receives a documenttransferrequestfrom a Web client, it checksthe documentcache
and,if therequestediocuments not presentredirectsthe requesto the originatingWeb sener.
In addition, someproxy senersperformWeb prefetching,thatis, transferringin advancethose
documentghatWeb clientsareexpectedo requesin the nearfuture[33,34]. Thesetwo typesof
transmissiorare referredto asforeground transferand badkgroundtransfer respectiely. Since
foregroundtransfersshouldbe completedas soonas possible,backgroundransfersshouldnot
affect foregroundtransferperformance.Suchprioritization mechanismsnay be realizedby an
additionalmechanisnin theunderlyinglP networksuchasDiffserv[35]. However, thisappearso
violatethe”end-to-endprinciple” andconsiderablyimits the servicedeploymentRather service
differentiation(betweenforegroundand backgroundransfersin the currentcontext) shouldbe
performedat endhosts(correspondingo original Web senersandWeb proxy senersin this case)
by assuminghatno suchlP networkmechanismsxist.

Onepossiblevayto deploysuchmechanismss to usenetworkmeasuremerechniqueso es-
timateavailablebandwidthandregulatethe sendingrateof backgroundransferdo avoid degrad-
ing the performanceof foregroundtrafc. Here,we introducean exampleshaving thatImTCP
successfullyperformsthe backgroundransferrole usingits measurementesults. We call this
type of ImnTCPdatatransmissiorbadkgroundmode

Themainideais to setanupperboundon the congestiorwindow sizeaccordingto estimated
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valuesso that the transmissiorrate doesnot exceedthe available bandwidth. This reduceshe

effect InTCP hason othertraf c in the samenetworklinks. We usethe following controlmecha-

nism. When
we set
where is the estimatedvalue of available bandwidth, is the upperboundof the

congestiorwindow sizeand isthenumberof packetdor ameasuremerdtream.The parameter
canrangefrom 0 to 1. When is small,ImTCP useslessbandwidthandinterferesonly very
slightly with foregroundtrafc. When is nearl, InTCP usesmorebandwidthandits effect on
foregroundtrafc grows. We setthe upperboundof the congestiorwindow size( ) to
only whenthevalueis large enoughfor InTCPto continueperformingmeasurements

well. We do not usethe valueto restrainthe window sizewhenit becomesmallerthan ,
where issetto5. (Notethatupto four packetstreamsareneededor ameasuremenilherefore,
whenthe congestiorwindow sizeis smallerthan , themeasuremertaskbecomedlif cult.)

We rst examinethe behaior of the backgroundnodeof ImTCP whentheforegroundtraf ¢
is persistenT CP connectionsWe generatdoregroundtrafc from four TCP connectionseachof
which passeshrougha 10 MbpsbottlenecKink beforepassinghe 50 Mbpssharelink, asshavn
in Figure21. Therefore jn casewhenthereis no backgroundraf c, thetotaltransmissiomatein
theforegroundis approximately40 Mbps, ascanbe seenfor 0-30secin Figure22. At 30 secin
the simulation,we activatethe backgroundo w throughthe sharedink. The backgroundrafc
doesnot passthroughary link with smallerbandwidththanthe sharedink. In the simulation,
is setto

Figure22 shavs thechangen throughputof foregroundtransferandbackgroundransferasa

function of simulationtime. In the casewherewe useRenoTCFfor the backgroundransfer we
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nd thatthebackgroundraf ¢ greatlyaffectstheforeground,ascanbeseerin Figure22(a),where

the averagethroughputof foregroundtrafc becomes30 Mbps andthatof the backgrounds 16
Mbps. Whenwe uselmTCP backgroundnodefor backgroundransferwe nd thatiImTCP can
exactly estimatethe availablebandwidthin the sharedink (10 Mbps)andsuccessfullypreventits
transmissiomatefrom exceedingthe estimatedralues.The averagethroughputof the foreground
trafc is 39 Mbps total andthat of the backgroundrafc about9 Mbps (Figure 22(b)), which
matchesvell with the settingof thevalueof (=0.9).

We alsoexaminethebehaior of ImMTCPin backgroundnodewhenforegroundtraf ¢ is origi-
natedwith WebdocumentransfersWe replaceghe ImTCPconnectiorin thesimulationin Figure
14 with a backgroundnodelmTCP connection.Figures23(a) and23(b) comparethe download
time for WebpagesunderimTCPandRenoTCPWe nd thatiImTCP hasonly a very smalleffect
onthedownloadtime of theforegroundWebtraf c. Theaveragehroughpuf ImTCPin thiscase
is about70%thatof RenoTCPFigure24 shavs themeasurementalueandthroughpuof ImTCP
connectiorasa function of simulationtime in this case.Notethatthe throughputof ImMTCPdoes
notapproachheactualvalueof availablebandwidth.ThisindicateshatimTCPbackgroundnode

is successfulhavoiding interferencewith Webtrafc. And we canalsosaythatthe measurement
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resultsin this casecon rm thatImTCPin backgroundnodeperformsthemeasurementery well.

5.2 Full-speedtransmission

Finally, we introduceanotherexampleof a modi ed congestiorcontrolmechanisnto shav that
IMTCP canenhancdink utilization usingits measuremenesults.

TCP considergacketiosseventsasindicatorsof bandwidthstanation andconsequentlyle-
creaseshetransmissiomatewheneaerpacketiossesoccur Thereforejn wirelessnetworkswhere
packetsmay be lost due to channelnoise, TCP tendsto usethe available bandwidthineffec-
tively [36]. Similarly, in satellitenetworksandhigh-speedetworks,wherethe bandwidth-delay
productof an end-to-endpathis extremelylarge, TCP with traditional congestioravoidancere-
guiresalongtime andanextraordinarilylow packetlossprobabilityto fully utilize thelink band-
width [25].

To improve TCP throughputin wirelessnetworks,aggreation of multiple TCP connections

[37] canbe used.Our approacthis similar to the approachintroducedin [23] in which the band-
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width measurementesultsareusedto improve the TCP performanceFor high bandwidth-delay
productnetworks,onestudybasedon real networkexperimentg25] proposes moreaggressie
mechanisnfior increasingvindow sizeto achiese higherutilization of thenetworklink bandwidth.
Our approachintroducesa moreavailable-bandwidthsaarewindow sizeadjustment.

We madify only the congestioravoidancephaseof the TCP congestioncontrol mechanism
becausdhe slow-startphaseis fastenoughto obtainthe link bandwidth. The ideais to usethe
measuremernesultto adjusttheincreasingspeedf the congestiorwindow size.Whentheavail-
ablebandwidthis large,thewindow sizeincreasesjuickly to makefull useof availablebandwidth,
andwhenthe available bandwidthis small dueto the existenceof othertrafc, thewindow size
increaseslowly. We call this type of INTCP datatransmissiorull-speedmode

In thecongestioravoidancephasewe do notincreasehe congestiorwindow size( ) by

onein every RTT. Insteadwe usethe adjustmengivenin the following equations.

In theequation, is a parametethatdeterminesiow fastthewindow sizeincreaseslf
is large, ImTCP cansuccessfullytilize the bandwidthlink, but it mayencroachandwidthshare
of otherconnectionsindcauseunfairnessn the network. When is smallor equalto 1, ImTCP
behaesthesameasRenoTCP

We usethetopologyin Figure25to investigateheperformancef ImTCPin full-speedmode.
ThelmTCPsendeandImTCPreceveris connectedby two routerswith Gigabitlinks. Therefore,
the 500 Mbpslink betweerthe two routersbecomesghe bottlenecklink in the path. We assume
the buffer of the TCP recever is large sothe TCP throughputcanachierze 500 Mbps. The buffer
sizeof therouterat the bottle necklink is alsolarge (2000 packets).We comparethe throughput

obtainedwhenusingImTCPin full-speedmode,High-Speedl CP (HSTCP)[25] andRenoTCP
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for datatransmissionn the network.

Figure26(a)showvsthe changesn the congestiorwindow sizeof TCP connectionsRenoTCP
requiresa long time to reacha large window size. HSTCPincreaseshe window size quickly
to fully usethe free bandwidth,however, the increasingspeedis hon-sensitie to the available
bandwidthsuchthat packetloss eventsoccurfrequently Therefore,overall, the throughputof
HSTCPis not aslarge asexpected.ImTCP increaseshe window sizequickly whenthe window
sizeis smallanddecreasethe speedvhenits transmissiomatereachesheavailablebandwidthto
avoid packetiosses.Therefore the throughputof INTCP s betterthanthe others,ascanbeseen
in Figure26(b).

Finally, we comparghethroughpuof ImTCPin full-speedmodewith RenoTCHn awireless
network. We inserta 2 Mbps networklink in the pathbetweera TCP senderand TCP recever to
simulateawirelesslink, asshavn in Figure27. We vary the packetlossrateof the networklinks

and nd thatimTCP canachie/e a largerthroughputhanRenoTCPwhenthe lossrateis high, as
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shavn in Figure28. Parameter is setto 100in this case.Whenthe packetlossrateis high, a
highervaluefor parameter canhelplmTCP obtainhigheravailablebandwidth.Whenthe packet
lossrateis low, thevalueof shouldbelow sothatimTCPwill sharebandwidthfairly with other

trafc. We will investigateanappropriateadaptve controlmechanismior in futureworks.
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6 Conclusion

In this thesis,we introduceda methodfor measuringhe available bandwidthin a pathbetween
two endhostaisinganactive TCP connectionWe rst constructed nev measuremerdlgorithm
thatusesarelatively smallnumberof probepacketandyet providesperiodicmeasuremenesults
quickly. We presentec numberof simulationresultsin orderto validatethe effectivenesf the
proposedilgorithm.We thenappliedthe proposedalgorithmto anactive TCP connectiorandin-
troducedmTCR aversionof TCPthatcanperformmeasurementf the availablebandwidth.We
evaluatedmTCPthroughsimulationexperimentsandfoundthatthe proposedneasuremeralgo-
rithm workswell in TCP with no degradationin TCP datatransmissiorspeed We alsodiscussed
someimplementatiorissuesof ImMTCP andintroducedexamplesof ImTCP specialtransmission
modes. The implementationof IMTCP is currently in progressand hasachiezed someof the
expectedresultsin theinitial stepg38].

In future projectswe will developnew transmissiormodesor INTCP aswell asevaluatethe
performanceof thoseintroducedin this thesis. We will alsoconsidera bandwidthmeasurement
algorithmthatcanbedeployedatthe TCPrecever. Moreover, we intendto developinline network
measuremertbolsthatcanbe appliednotonly to available bandwidthbut to othercharacteristics

of networklinks aswell, suchasbottlenecHlink capacityandpacketiossrate.
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