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Abstract

This paperdiscusseseveral changesither proposedor in
progressor TCP congestiorcontrol. The changego TCP
includea Limited Transmitmechanisnfor transmittingnewn
pacletsonthereceiptof oneor two duplicateacknavledge-
ments,anda SACK-basedmechanisnfor detectingandre-
spondingo unnecessaryastRetransmit®r Retransmifime-
outs. Thesechangego TCP aredesignedo avoid unneces-
sary RetransmitTimeouts,to correctunnecessaryast Re-
transmitsor RetransmitTimeoutsresultingfrom reordered
or delayedpaclets,andto allow the developmentof viable
mechanismdor Corruption Notification. The changesn
thenetwork includeExplicit CongestiorNotification(ECN),
whichis itself built upontheadditionof Active QueueMan-
agement.

1 Intr oduction

The basisof TCP congestioncontrol lies in Additive In-
creaseMultiplicative Decreas€AIMD), halvingtheconges-
tion window for every window containinga pacletloss,and
increasingthe congestionwindow by roughly one segment
per RTT otherwise. A secondcomponenif TCP conges-
tion control of fundamentalmportancen highly-congested
regimesis the RetransmitTimer, including the exponential
bacloff of the retransmittimer whena retransmittegpaclet
is itself dropped. The third fundamentacomponenis the
Slow-Start mechanisnfor the initial probingfor available
bandwidth,insteadof initially sendingat a high rate that
might notbe supportedy the network.

Within thisgeneratongestiortontrolframewnork of Slow-
Start,AIMD, andRetransmifimers,thereis awide rangeof
possiblebehaiors. Theseincludetheresponsevhenmulti-
ple pacletsaredroppedwithin around-triptime;the precise
algorithm for settingthe retransmittimeout; the response
to reorderedbr delayedpaclets; the size of the initial con-
gestionwindow; and so on. Thus, different TCP imple-
mentationgdiffer someavhatin their ability to competefor
availablebandwidth However, becaus¢hey all adhereo the
sameunderlyingmechanismsthereis no bandwidthstana-
tion betweencompetingTCP connections. That is, while
bandwidthis not necessarilysharedequally betweendiffer-
entTCPimplementationsit is unlikely thatoneconformant

TCP implementationwill preventanotherfrom receving a
reasonablshareof the availablebandwidth.

The changego TCP discussedn this paperall adhere
to the underlyingframework of Slow-Start,AIMD, andRe-
transmitTimers;thatis, noneof thesechangeslterthefun-
damentalunderlyingdynamicsof TCP congestioncontrol.
Insteadtheseproposalsvould helpto avoid unnecessarRe-
transmitTimeouts correctunnecessarlastRetransmitand
Retransmiffimeoutsthatresultedrom reorderedr delayed
paclets,andreduceunnecessargosts(in delayandunnec-
essaryretransmitsyassociatedvith the mechanisnof con-
gestionnotification. Theseproposalsarein variousstageof
theprocessesf researchstandardizatioranddeployment.

Otherchangego TCP’s congestiorcontrolmechanisms
in variousstagesof deploymentinclude larger initial win-
dows, andNewRenoTCP for greaterrobustnesswvith mul-
tiple paclet lossesin the absenceof the SACK option [4].
Changego TCP’s congestiorcontrolmechanismsargelyin
theresearchstagesncludeACK filtering or ACK congestion
controlfor traffic onthereturnpath,arangeof improvements
to the Slow-Startprocedureandrate-basegacing[4]. Pro-
posalsfor greaterrobustnessagainstmisbeha&ing end-hosts
[17] would give protectionagainsia singleendnode(e.g.,at
theweb client) attemptingto subvert end-to-enctongestion
control,while not changingthe congestiorcontrolbehaior
in the caseof conformaniend-nodes.

While Endpoint CongestionManagemen{ECM) does
not proposea changeo the congestiorcontrol mechanisms
for asingleflow, it doesproposea changeto the numberof
individualtransfergreatedasasinglestreamnin termsof end-
to-endcongestiorcontrol. Otherproposaldor moreexplicit
communicatiorbetweerthetransportayerandthelink layer
belon or the applicationlevel aborve (e.g., HTTP), or for
performance-enhancingroxies, would modify the context
of congestiorcontrol,andnotits underlyingmechanisms.

Onethemeof thispapelis thatproposed¢hangeso TCP’s
congestiorcontrolalgorithmstendtowardsincreasedobust-
nessacrossa wide rangeof ervironments ratherthanfine-
tuning for one particularervironmentor traffic type at the
expenseof another

A secondthemeof this paperis that mary independent
changesrein progressandevaluatingonechangerequires
taking into accountits interactionswith other changesn
progress.In additionto consideringhe impactof a partic-
ular changein TCP giventhe currentervironment,with all



elseheldfixed,it is alsousefulto considerthe potentialim-
pactof a proposedchangesomeyearsdown theroad,when
otherchanged¢o TCPandto thenetwork arein place.

A third themeis that thereis unasoidableheterogeneity
in the congestiorcontrol behaiors of deployed TCPimple-
mentationsjn part dueto the uneven progressof proposed
changego TCP from researcho standardizatiorio actual
deployment. As anexample the SACK optionto TCP[15],
which allows morerobust operationwhenmultiple paclets
arelost from a singlewindow of data,wasstandardizedas
ProposedStandard)in 1996. RFC 2488 recommendg5]
thatTCPimplementationsisethe SACK optionfor bestper
formance. While SACK is deployedin roughly half of to-
day’'swebbrowserg2], it is notyetwidely deployedin web
seners. This seemdikely to changesoon,asweb seners
begin to changeoverto new operatingsystems.

2 SmallChangesin TCP’sCongestion
Control Mechanisms

This sectiondiscusseseveral smallchangego TCP’s con-
gestioncontrol mechanismséntendedto avoid unnecessary
Retransmiffimeoutsfor smalltransfersandto improve per
formancein ervironmentswith reordereddelayed,or cor
ruptedpaclets.Insteadof involving fundamentathangeso
TCP’s congestiorcontrol, thesechangesvould bring TCP
closerto its “pure” congestioncontrol behaior described
above of Slow-Startfor startingup, AIMD for congestion
windows largerthanonesegment,andthe exponentialback-
off of the retransmittimer for ervironmentsof heary con-
gestion.

2.1 Avoiding UnnecessaryRetransmit
Timeouts

Retransmitimeoutsareanecessarynechanisnof lastresort
in TCPflow control,usedwhenthe TCPsendeihasno other
methodfor determiningthata sggmentmustbe retransmit-
ted. Theexponentiabacloff of retransmitimersis afunda-
mentalcomponenobf TCPcongestiorcontrol,of importance
whenthe congestiorwindow is at mostone segment. How-
ever, whenthe congestionwindow is larger than one seg-
ment, TCPis ableto usethebasicAIMD congestiorcontrol
mechanismsandin this caset would be preferableo avoid
unnecessariRetransmiffimeoutsasmuchaspossible.
CurrentTCP implementation$have two possiblemech-
anismsfor detectinga pacletloss,FastRetransmibr a Re-
transmitTimeout.A TCPconnectiorgenerallyrecorersmore
promptly from a paclket losswith FastRetransmitjnferring
apacletlossafterthreeduplicateACKs have beenreceved.
When Fast Retransmitis invoked, the TCP senderretrans-
mitsthesegmentinferredto belost,andhalvesits congestion
window, continuingwith the datatransfer If the TCP data
sendedoesnt receve threeduplicateACKs afteraloss(for

example becausehe congestiorwindow waslessthanfour

sgments),then the TCP senderhasto wait for a retrans-
mit timer to expire. Retransmittimeoutshave the cost of

introducinga possibly-considerablgelayof waiting for the
transmittimer to expire. This delaycanbe particularlylong

in a shorttransfer asthe TCP senderhasnot yet receved
sufficient samplego estimatean effective upperboundon

theround-triptime.

Experimentabtudiesshow thatthe performancesoststo
small flows of unnecessarilyvaiting for a retransmittimer
to expire canbe considerabld7, 8]. In onestudyroughly
56% of retransmissionsentby a busywebsenerweresent
afterthe RTO expires,while only 44%werehandledby Fast
Retransmif8]. Furthermorepnerecentstudyshavsthatfor
oneparticularwebsenerthemediantransfersizeis lessthan
four sgmentsjndicatingthatmorethanhalf of the connec-
tionswill beforcedto rely onthe RTO to recover from ary
losseghatoccur[2].

A numberof researchersave proposed Limited Trans-
mit mechanisnwherethe sendertransmitsa new segment
afterreceving oneor two duplicateACKs, if allowedby the
recever'sadwertisedvindow [4]. Becausehefirst or second
duplicateACK is evidencethata paclethasleft thepipe,it is
conformantvith thespirit of thecongestiorwindow to allow
a new pacletto enterthe pipe. Becausédhe Limited Trans-
mit mechanisntransmitsa new packeton receving thefirst
or secondduplicateACK, ratherthanretransmittinga paclet
suspectetb have beendroppedtheLimited Transmitmech-
anismis robustto reorderedaclets. The Limited Transmit
mechanismallows TCP connectionsvith smallwindows to
recoverfrom lessthatafull window of pacletlossesvithout
a RetransmifTimeout. As discussedurtherin Section3.2,
the useof Explicit CongestionNotification (ECN) canalso
helpto avoid unnecessarRRetransmiflimeouts.

The Limited Transmitmechanisnhasbeensubmittedo
the IETF [3], andwe hopethatit will soonbecomean ac-
ceptedpart of the TCP specification. This shouldreduce
unnecessaryetransmittimeouts,while preservingthe fun-
damentatole of retransmittimersin congestiorcontrol for
regimeswheretheavailablebandwidthis at mostonepaclet
perround-triptime.

2.2 ‘Undoing’ UnnecessaryCongestion Con-

trol Responsedo Reordered or Delayed
Packets

Thereare a numberof scenariosvherea TCP sendercan
infer a paclet loss,and consequentlyeduceits congestion
window, whenin facttherehasbeenno loss. Whenthe re-
transmittimer expiresunnecessarilgarly (thatis, whenno
dataor ACK paclethasbeenost,andthesendemwould have
recevedacknavledgementsor the outstandingpacletsif it
hadwaitedalittle longer) thentheTCPsendeunnecessarily
retransmitsaa sggment. More importantly an early Retrans-
mit Timeoutresultsin anunnecessaryeductionof the con-



gestionwindow, astheflow hasnot experiencecary paclet
losses.Similarly, whenFastRetransmiis invokedunneces-
sarily, afterthreeduplicateACKs have beenreceveddueto
reorderingratherthanpaclet loss,the TCP senderalsoun-
necessarilyetransmitsa packet andreducests congestion
window.

While it is no doubtpossibleto fine-tuneTCP’s Retrans-
mit Timeoutalgorithmsto achieve animprovedbalancebe-
tweenunnecessarRetransmifimeoutsandunnecessarge-
lay in detectingloss, it is not possibleto designRetransmit
Timeoutalgorithmsthat never resultin an unnecessarRe-
transmitTimeout. Similarly, while it is no doubtpossibleto
fine-tuneTCP’s FastRetransmitlgorithmto achieve anim-
proved balancebetweenunnecessaryast Retransmitsand
unnecessarglelayin detectingloss, it is not possibleto de-
visea FastRetransmitlgorithmthatalwayscorrectlydeter
mines,afterthe receiptof a duplicateACK, whetheror not
a paclet losshasoccurred. Thus, it would be desirablefor
TCPcongestiorcontrolto performwell evenin thepresence
of unnecessarRetransmiffimeoutsandFastRetransmits.

For a flow with a large congestiorwindow W, anun-
necessarpalvingof the congestiorwindow canbeasignif-
icant performancepenalty asit takesat leastiW/2 round-
trip timesfor the flow to recoverits old congestiorwindow.
Similarly, for an ervironmentwith persistentreorderingof
pacletswithin aflow, or for anervironmentwith anunreli-
able estimatedupperboundon the round-triptime, this re-
peatedunnecessarhalving of the congestionwindow can
have a significantperformancgenalty A persistenteorder
ing of pacletsin aflow couldresultfrom changingoutes,or
from the link-level retransmissiowf corruptedpacletsover
awirelesslink.

An initial steptowardsaddingrobustnessn thepresence
of unnecessarRetransmiflimeoutsandFastRetransmitss
to give the TCP senderthe informationto determinewhen
an unnecessariRetransmifTimeoutor FastRetransmithas
occurred. Thisfirst stephasbeenaccomplishedvith the D-
SACK (for duplicate-SAK) extension13] thathasrecently
beenaddedto the SACK TCP option. The D-SACK exten-
sionallowsthe TCPdatareceverto usethe SACK optionto
reportthe receiptof duplicatesegments.With the useof D-
SACK, the TCPsendercancorrectlyinfer the sggmentsthat
have beenreceved by the datarecever, including duplicate
segments.

When the senderhasretransmitteda paclet, D-SACK
doesnotallow TCPto distinguishbetweerthereceiptatthe
recever of both the original and retransmittecpbaclet, and
thereceiptof two copiesof theretransmittegaclet, oneof
which was duplicatedin the network. If necessaryTCP’'s
timestampptioncouldbeusedto distinguishbetweerthese
two cased6, 14]. However, in an ervironmentwith mini-
mal paclet replicationin the network, D-SACK allows the
TCP senderto make reasonablénferencesone round-trip
time aftera paclkethasbeenretransmittedaboutwhetherthe
retransmissiomasnecessargr unnecessary

If theTCPdatasendedeterminesaround-triptime after
retransmittinga paclet, thattherecever recevedtwo copies
of that sggmentandthereforethatthe paclet retransmission
wasmostlikely unnecessaryhenthe sendercouldhave the
option of “undoing” the halving in the congestiorwindow.
The sendercan“undo” the recenthalving of the congestion
window by increasingthe Slow-Start thresholdssthresho
the previousvalueof the old congestiorwindow, effectively
slow-startinguntil the congestionwindow has reachedits
old value. In additionto restoringthe congestionwindow,
the TCPsendercouldadjusttheduplicateacknaviedgement
thresholdor the retransmitimeoutparametersto avoid the
wastedbandwidthof persistenunnecessargetransmits.

Thefirst partof this work, providing the informationto
thesendemboutduplicatepacletsrecevedattherecever, is
donewith the D-SACK extension.Thenext stepis to evalu-
atespecificmechanism$or identifyinganunnecessaryalv-
ing of thecongestiorwindow, andfor adjustingtheduplicate
acknavledgementhresholdor retransmittimeout parame-
ters. Oncethis is done,thereis no fundamentateasonvhy
TCP congestiorcontrolcannotperformeffectively in anen-
vironmentwith persistenteordering.

2.3 Implications for Corruption Notification

Oneof thefundamentatomponentsf TCPcongestiorcon-
trol is that paclet lossesare usedasindicationsof conges-
tion. TCP halvesits congestiorwindow after ary window
of datain which oneor more pacletshave beenlost. With
the additionof ECN to the IP architecturerouterswould be
ableto seta bit in the ECN field in the IP headerasanin-
dicationof congestionandendnodeswould be ableto use
ECN indicationsasa secondmethodfor indicatingconges-
tion. However, the additionof ECN to the IP architecture
would not eliminate congestion-relategaclet losses,and
thereforewould not allow endnodesto ignorepaclet losses
asindicationsof congestion.

For wired links, paclet lossesdueto paclet corruption
insteadof congestiorareinfrequent;this is not necessarily
the casefor wirelesslinks [10]. While mary wirelesslinks
useForward Error Correction(FEC) andlink-level retrans-
missionto repairpaclet corruption,it is notalwayspossible
to eliminateall pacletcorruptionin atimely fashion.

Onepossibleresponséo paclet corruptionwould befor
the TCPsendeto “undo” the congestiorwindow reduction,
if the TCP senderfound out, after the fact, that a single
paclet loss had beendueto corruptionratherthanconges-
tion. This late “undoing” of a congestiorwindow reduction
couldusea delayednotificationof paclet corruption,where
the TCP senderecevesthe notificationof corruptionsome
time afterit hasalreadyretransmittedhe packetandhalved
thecongestiorwindow.

Sucha mechanisnfor the late “undoing” of a conges-
tion window reductionwould allow a link-level protocolto
develop a methodfor the delayedsendingof a corruption
notificationmessagéo the TCP datarecever. Thatis, the



link-level protocolcoulddeterminevhenthelink level is no
longerattemptingto retransmita paclet hasbeenlost at the
link level dueto corruption.In this casethelink-level proto-
col couldarrangehatthelink-level sendesenda corruption
notificationmessagedo the IP destinationof the corrupted
paclet. Of coursethiscorruptionnotificationmessageould
itself be corruptedor lost, in which casethe transportend
nodeswould be left to their earlierinferencethatthe paclet
hadbeenlostdueto congestion.

Thus,a TCP sendetthathashalvedits congestionwin-
dow asa resultof a single paclet loss could receve infor-
mationfrom thelink level, sometime later, thatthis paclet
waslostdueto corruptionratherthandueto congestionlUn-
fortunately determiningheappropriateesponsef the TCP
sendetto packet corruptionis an openquestion.For paclet
corruptionthatis notanindicationof congestiorfrom com-
petingtraffic, halvingthe congestiorwindow in responseo
a single corruptedpaclet seemsunnecessarilysevere. At
the sametime, maintaininga persistenhigh sendingratein
the presencef a high paclet corruptionrateis alsoclearly
unacceptablegachcorruptedpaclket could representvasted
bandwidthon the pathto the point of corruption. If mecha-
nismsfor corruptionnotificationaredeveloped,a necessary
next stepwill beto determinethe appropriateresponseof
theendnodedto this corruption.Mechanismdor protection
againstmisbehaing routersor receversarelikely to be an-
otherprerequisitdfor the further developmentof corruption
notification.

3 Changesin the Network

TCP’s congestiorcontrolbehavior is affectedby changesn
the network aswell asby changedo the TCP implementa-
tionsatthe endhosts.In this sectionwe discusshe impact
of ECN on TCP congestiorcontrol. Becausé€ECN depends
on the deploymentof Active QueueManagementye first
considertheimpactof Active QueueManagemenby itself
on TCP congestiorcontrolbehavior.

Theschedulingnechanismasedn theroutersalsohave
a significantimpacton TCP’s congestiorcontroldynamics.
In this paperwe limit our attentionto the ervironmentof
FIFO schedulingypical of the currentinternet.

3.1 Active QueueManagement

It haslong beenknown that Drop-Tail queuemanagement
canresultin pathologicalpaclket droppingpatternsparticu-
larly in simplesimulationscenariosvith long-livedconnec-
tions, one-way traffic, andfixed paclet sizes[11]. A more
relevantissuefor actualtraffic is thatin environmentswith
small-scalestatisticalmultiplexing, Drop-Tail queueman-
agementanresultin global synchronizatioramongmulti-
ple TCP connectionswith underutilizationof the congested
link resultingfrom severalconnection$alvingtheirconges-
tion window at the sametime [18]. Thereis a tradeof be-

tweenhigh throughputandlow delaywith ary queueman-

agementwhetherit is Active QueueManagemensuchas

RED (RandomEarly Detection)or simple queuemanage-
mentsuchasDrop-Tail. However, asexperimentalstudies
have confirmedwith higherlevelsof statisticaimultiplexing

andtheheterogeneitpf sessiorstarttimes,round-triptimes,

transfersizes andpacletsizestypical of thecurrentinternet,
Drop-Tail queuemanagemerit quite capableof delivering

highlink utilization andlow overallrespons¢imes[9].

The main motivation for Active QueueManagements
to controltheaveragequeueinglelaywhile atthesametime
allowing transienfluctuationsn thequeuesize[12]. For en-
vironmentswherelow perpaclet delayandhigh aggrejate
throughputare both importantperformancemetrics, active
queuemanagementanallow a queueto be tunedfor low
averageperpaclet delaywhile reducingthe penaltyin lost
throughputthat might be necessarywith Drop-Tail queue
managementvith the sameaveragequeueingdelay How-
ever, for ervironmentswhere the sameworst-case bound
on queueingdelayis desiredthe lower averagequeuesize
maintainedby Active QueueManagementancomeat the
costof a higherpacletdroprate.

In ervironmentswith highly bursty paclet arrivals (as
would be encouragedy a scenariovith ACK compression
and ACK losseson the return path), Drop-Tail gqueueman-
agementanresultin anunnecessarillargenumbernf paclet
drops,ascomparedo Active QueueManagementparticu-
larly with similar averagequeueingdelays. Assumingfull
link utilization, a higher paclet drop rate have two conse-
quenceswastedbandwidthto the point of loss,anda higher
variancen transfertimesfor theindividual flows.

Unnecessarpaclketlossegesultin wastedbandwidthto
the point of lossonly with multiple congestedinks, where
othertraffic couldhave mademoreeffective useof the avail-
able bandwidthupstreanof the point of congestion.Paths
with multiple congestedinks mightseemunlikely, giventhe
lackof congestiomeportedwithin mary backbonaetworks.
However, evenwith uncongestetbackbonenetworks,a path
with a congestedink to the home,a congestedink at an
Internetexchangepoint, and a congestedransoceanidink
would still becharacterizethy multiple congestedinks.

Thesecondpossibleconsequencef unnecessargaclet
lossesvenwith full link utilization canbea highervariance
in transfertimes. For example,smallflows with an‘unnec-
essary’pacletdrop of thelastpacletin a transferwill have
alongwait for aretransmitimeout,while otheractive flows
might have their total transfertime shortenedy onepaclet
transmissiortime.

We would alsonotethat the bursty paclet loss patterns
typical of Drop-Tail queuemanagementanhave anunfor-
tunateinteractionwith Reno TCR, which hasperformance
problemswith multiple pacletsdroppedfrom a singlewin-
dow of data. This negative consequencef multiple paclet
losseshecomedessrelevantasRenoTCP implementations
arereplacedvith NewRenoandSACK implementationsyhich



do not have the sameperformanceproblemswith multiple
lossedrom awindow of data.

3.2 Explicit CongestionNotification

ECN is specifiedin RFC 2481, andis currently an Exper
imental addition to the IP architecture[16]. ECN allows
routersto setthe CongestionExperienced CE) bit in the
IP paclet headeras an indication of congestiornto the end
nodesasanalternatve to droppingthe paclet. ECN-capable
TCPconnectiongdertisetheir capabilityfor ECNin thelP
headerand,in termsof congestiorcontrol, respondto the
settingof the CE bit asthey would to a paclet loss. One
of the key advantagesof ECN will not be for TCP traffic,
but insteadfor traffic suchasreal-timeor interactve traf-
fic, wherethe addedend-to-enddelay of retransmittinga
droppedpacletis undesirable.

To first order TCP congestioncontrol dynamicswith
ECN are similar to thosewithout ECN, with the exception
thatthe TCP sendemdoesnot have to retransmithe marked
paclet (asit would if the packet had beendropped). For
example, ECN would meanshortertransfertimes for the
small numberof shortflows that might otherwisehave the
final pacletof atransferdropped.Experimentastudieshave
shawvn the performanceadvantagesof ECN for TCP short
transferd1].

ECN andthe Limited Transmitoptionfor TCP caneach
reduceunnecessarRetransmitTimeoutsin TCR. As dis-
cussedn Section2.1, in the absenceof Limited Transmit,
a paclet droppedfrom a TCP flow with a smallcongestion
window canresultin a RetransmitfTimeout. Similarly, one
of advantage®f ECN with currentTCP implementationss
that, by replacinga paclet drop by a paclet mark, it can
avoid a retransmittimeoutfor a flow with a small conges-
tion window. We notethat, becausé.imited Transmitcould
sometimesvoid a RetransmifTimeoutin this caseevenin
the absenceof ECN, the deploymentof Limited Transmit
could diminish somavhatthe performancebenefitsof ECN
for smallflows (by improving TCP performancevenin the
absencef ECN, not by worseningTCP performancewith
ECN). Thus,someof the performanceadvantageseported
for ECN for TCPshorttransferavould diminishwith thein-
troductionof Limited Transmit.

Experimentaktudieshave alsoshovn thatECN hasper
formanceadwantagedor long TCP transferg1]. Oneper
formanceadwantageis that ECN eliminatesthe delaysof
the FastRetransmitand RetransmifTimeoutproceduresal-
lowing the TCP senderto immediatelybegin transmitting
at the reducedrate. ECN gives an explicit notification of
congestiorthatis robustin the presencef reorderecbr de-
layed paclets,anddoesnot rely on the uncertainduplicate
acknavledgementhresholdor retransmitimeoutintervals
usedby TCPto detectiost paclets.

As notedearlier ECN cannot be relied uponto com-
pletely eliminatepaclet lossesasindicationsof congestion,
and thereforewould not allow the end nodesto interpret

pacletlossesasindicationsof corruptioninsteadof conges-
tion. Similarly, ECN doesnot eliminatethe needfor Fast
Retransmitand RetransmitTimeout mechanismgo detect
droppedpaclets,andthereforedoesnot eliminatethe need
for theLimited Transmitproceduraliscusseth Section2.1,

or the D-SACK proceduresliscussedn Section2.2 for un-

doingunnecessargongestiorcontrolresponseto reordered
or delayedpaclets.

4 Conclusions

In summarychangeso TCParein progresghatwould con-
tinue to bring TCP’s congestioncontrol behaior closerto
thegoalof AIMD for largercongestiorwindows, andexpo-
nentialbacloff of theretransmitimer for regimesof higher
congestion. Thesechangesnclude the Limited Transmit
mechanisnto avoid unnecessarRetransmiflimeouts,and
D-SACK-basedmechanismso identify andreverseunnec-
essarycongestiorcontrolresponseto reorderecdr delayed
paclets. More speculatie possibilitiesinclude corruption
notification message$or the link level to inform transport
end-nodesboutpacletslost to corruptionratherthancon-
gestion.

At the sametime, changesn the network areeitherpro-
poseddrin progresso reduceunnecessarpaclketlossesand
to replacesomecongestion-relateldssedy packet marking
instead. Like the possiblechangedo TCR thesechanges
would bring TCP’s congestiorcontrolbehaior closerto its
desireddealbehaior.
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