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Abstract

Web servicesare an emerging software technology that
employXML, e.g., W3C’sSOAP[1], to shareandexchange
data. They are a building block of cooperative applica-
tions that communicateusinga network. They mayserve
aswrappers for legacydatasources,integratemultiple re-
motedatasources,filter informationby processingqueries
(functionshipping),etc.Webservicesarebasedonthecon-
ceptof “software and data as a service”. With thosethat
interact with an end user, a fast responsetime is the dif-
ferencebetweenthe following two scenarios:(1) users is-
suingrequests,retrieving their results,andvisiting theser-
vice repeatedly, and (2) users issuingrequests,waiting for
responseandwalkingawayprior to retrieving their results,
with a lower likelihood of issuingfuture requestsfor this
web service. One may employa middleware to enhance
performancebyminimizingtheimpactof transmissiontime.
Thisis accomplishedbycompressingmessages.Thispaper
identifiesfactors that this middleware mustconsiderin or-
derto reduceresponsetime. In particular, it mustensurethe
overheadof compression(increasedCPUtime)doesnotex-
ceedits savings(lower transmissiontime).

1 Introduction

XML is emergingasthestandardfor datainteroperabil-
ity amongweb servicesand cooperative applicationsthat
exchangeandsharedata. Typically, a computernetwork,
eitheraprivate(intranet)or asharedone(Internet),is acen-
tral componentwith differentcooperative applicationsre-
sidingon differentmachines.Theavailablenetwork band-
width of theseenvironmentsis limited andhasasignificant
impacton the responsetime of data-intensive applications
thatexchangea largevolumeof data.This is speciallytrue
for the Internet. As a comparison,a magneticdisk drive
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supportstransferratesrangingin tensof megabytespersec-
ond,e.g.,themulti-zoned180GigabyteSeagateBarracuda
disk drive (model ST1181677LWV) with an Ultra SCSI
160interfacesupportsa transferraterangingfrom 20 to 60
Megabytespersecond(MBps)dependingon theplacement
of data[8]. Thetransferrateof anarrayof diskdrives[3, 5]
mayexceedgigabytespersecond.On theotherhand,net-
work connectionsoffering 12.5 MBps (100 Megabitsper
second,Mbps) arecommonplaceat the time of this writ-
ing, with thenext generation(gigabitnetworks)supporting
hundredsof MBps being deployed. The Internetconnec-
tions typically rangefrom a few hundredKilobits (Kbps)
to several Mbps. More importantly, the latency involved
in network transferscanbe substantial.At best,the prop-
agationlatency betweeneastandwestcoastof the United
Statesis approximately60 milliseconds.Latenciesashigh
asonesecondareoftenobservedby theInternetusers.

The focus of this paper is on transmissionof XML
dataandthe role of compressionto enhanceperformance.
Two popularmetricsusedto quantify the performanceof
a computingenvironmentare: responsetime andthrough-
put. Throughputdenotesthe numberof simultaneousac-
tive transmissionssupportedby theenvironment.Response
time is the delayobserved from whena client issuesa re-
questfor anXML datasourceto thetime it receivesthelast
byte of the referenceddata. Obviously, the objective is to
maximizethroughputandminimizeresponsetime(lesswait
time). Unfortunately, a higherthroughputdoesnot meana
lower responsetime. For example,onemaycompressmes-
sagesin order to increasethe throughputof a sharednet-
work device (desirable). However, if this is a small mes-
sage,theCPUoverheadof compressinganddecompressing
messagesmayincreaseresponsetime(undesirable).

The focusof this paperis on responsetime of transmit-
ting XML formatteddataandtechniquesto enhanceit. One
approachis to minimizetheamountof transmitteddata.In
particular, XML formatteddataincludesrepeatedtagsand
labelsthat can be compactedusing loss-lesscompression
techniques,suchasZip or XMill [11]. In [2], weusedTPC-
H benchmarkto comparetheresponsetime andthroughput
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of aprivatenetwork with thesetwo alternativecompression
techniques.This studyfocusedon a configurationconsist-
ing of two PCsconnectedusinga private100Mbpsswitch
with no backgroundload. Its main objective wasto com-
pareabinaryencodingmechanismwith anXML-basedone
usingalternative compressiontechniques.It introducedan
analyticalmodel to computethe throughputof the system
with thesealternatives. It observed that while compres-
sion reducesmessagesizesignificantly, its CPU overhead
resultedin ahigherresponsetime for anunloadednetwork.

In this study, we extendour analysisto a morerealistic
setting: a collectionof nodesthat communicateusing the
TCP protocol [6] in an Internetsetting. Our objective is
to develop a methodologythat enablesa softwaremiddle-
wareto make intelligentdecisionswhentransmittingXML
formatteddata. This middlewareresidesbetweenapplica-
tions and the underlyingnetwork protocol. It gathersin-
formationabouttheunderlyingnetwork anddecideswhen
to compressmessages(usingeitherZip or XMill) with the
objective to minimize responsetime. Oneintelligentdeci-
sion is to determinewhethercompressinga messageprior
to its transmissionreducesresponsetime. Using TPC-H
benchmarkwith a realisticnetwork simulationmodel,we
show the following factorsimpact this decision: 1) com-
pressionfactor, 2) network losscharacteristics,3) roundtrip
time betweensourceanddestination.With TCP, for exam-
ple, if the original messagesize is smallerthan the maxi-
mumsegmentsize(MSS)of theTCPconnectionthencom-
pressiondoesnot reduceresponsetime. With larger mes-
sages,ahighercompressionfactorprovidesgreatersavings.
With higherbandwidthnetworks that incur neithera high
latency nor a high loss rate, the overheadof compression
might outweighits benefit. Thesequalitative andquanti-
tative observationsserve asthe foundationfor future stud-
ies that introduceheuristicsto improve theperformanceof
network-centric,data-intensive,cooperative computingen-
vironmentsthatemploy XML. Fromacommercialperspec-
tive, they might be realizedin a run-timelibrary for appli-
cationsdevelopedusingInternetdevelopmentframeworks
suchasMicrosoft’s .NET [13], IBM’ sWebSphere,etc.

Therestof this paperis organizedasfollows. Section2
providesanoverview of compressionschemesandtwo vari-
antsof the TCP protocol. In Section3, we reporton our
network simulationmodelandexperimentalplatform.Sec-
tion 4 reportson out obtainedresultsandkey observations.
We concludewith a summaryof learnedlessonsin Sec-
tion 5.

2 An Overview of Compression Techniques
and TCP

The responsetime of transmittingthe outputof a web
service(a query)consistsof thetime to compressthemes-
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Figure 1. Transmission time as a function of
messa ge size using a loss-less TCP connec-
tion,

�
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100 ms.

sageat the server, transmitit acrossthe network, andde-
compressit at a client node. With XML, we analyzetwo
compressionschemes:Zip/GZip library and XMill [11].
Both employ techniquesbasedon Lempel-Ziv [15]. The
key differencebetweenthe two is that XMill employs
the semanticinformation provided by XML tags to (a)
groupdataitemswith relatedmeaninginto containers,and
(b) compresseseachcontainerindependently[11]. This
column-wisecompressionis generallybetterthanrow-wise
compression[10] for largemessagesizes.

A server transmissionusingTCP comprisesof two dis-
tinct phases:(1) bandwidthdiscovery, and(2) steadystate.
The former occursat the inceptionof a connectionwhen
TCPdiscoverstherateat which it cantransferdatawithout
causingcongestion.WhenTCP receivesthe acknowledg-
mentfor eachsuccessfullytransmittedpacket, it increases
its window sizeby onepacket. Assumingthewindow size
is � andTCPreceives � acknowledgmentsin oneRound
Trip Time (RTT), this doublesthewindow sizeto ��
��
causingTCPto transmittwice asmuchdatabeforewaiting
for acknowledgments.During the steadystate,TCP trans-
fersdataat themaximumtransferrateit discoveredduring
phase1. Typically, the steadystateis achieved when the
window sizeis

� 
��	�
� where
�

is thebandwidthof the
TCPconnection.

To illustrate,assume:a) the server is trying to transmit
a messagewith size � , b) themaximumTCPsegmentsize
(packet size)is ����� . During thediscovery phase,after �
RTTs,TCPwouldhavetransferred����������� packets.By the
timeTCPreachesits steadystate,it wouldhavetransmitted�
�! ��#"%$&$')(�( �*� packets.If �,+.-/�0
 � 
1�	�
�324�5����� ,

2



thenthetimerequiredto transferthedatawouldbeapprox-
imately �	�
� 
7698/:<;>= �@?'�(�(BA �DC�E A ?  . During the
steadystate,the window sizeremainsfixed. Figure1, de-
picts the variationof time taken to transfera messageas-
sumingaloss-lessTCPconnection.Figure1 showsa3 sec-
ondtransmissiontimefor amessagethatis 2000packetsin
size.If themessagesizeis 4000packets,onewould expect
a six secondtransmissiontime. However, Figure1 showsa
five secondtransmissiontime. This is becausethewindow
sizehasincreased,reducingthedelaysencounteredby the
server’sTCPwaiting for acknowledgments.

Network transfertimeof amessagedependsnotonly on
factorslike transmissiondelayandpropagationdelay, but
alsoon the interactionof TCP with loss. Multiple losses
typically throw TCP into long timeouts,significantly in-
creasingtransmissiontime.

Thereareseveralvariantsof TCPdeployedin theInter-
net today. Most of the widely deployedTCP implementa-
tionsarebasedonTCPReno[6]. ThisTCPvariantincludes
fast recovery and fast re-transmit,which improve perfor-
mancesignificantly over vanilla TCP. With fast recovery,
whenapacketis lostandthesenderreceivesthreeduplicate
acknowledgmentsfor thepreviouspacket,thesenderimme-
diately re-transmitsthe lost packet andcuts its congestion
window to half. With fast recovery, subsequentacknowl-
edgments(beyondthe threeduplicates)inflate the conges-
tion window temporarily. Thesemechanismsdramatically
speedup TCP recovery for a singlelost packet. However,
whenmultiple lossesoccurin a window (e.g.,lossbursts),
TCPtimesout. After wakingup from atimeout,TCPdrops
its congestionwindow to oneand re-entersthe slow start
phase.

TCPtimeoutvaluesdependontheRTT of theconnection
and its variance. Timeout is typically a small multiple of
the currentRTT. Thereare two exceptions: (a) when the
varianceis high, in which caseit can dominatethe RTT
calculation,and(b) whenthe samepacket is lost multiple
times,which doublesthe previous timeoutvalue. Thus,a
timeout almostalways incurs a high performancepenalty
for TCP.

A recentTCP variant,TCP SACK (TCP with selective
re-transmission)attemptsto addressthe above limitation.
TCPSACK acknowledgespacketsselectively, andthusal-
lowsthesenderto re-transmitmultiple lostpacketsin asin-
gle window. With TCP SACK, endpointsnegotiateaddi-
tional parametersat the beginning of the connection.The
useof TCPSACK is not widespreadasyet,but is expected
to quickly increaseas more TCP stacksbecomeSACK-
capable.

Another factor contributing to the network’s transmis-
siontime (particularlyfor small transfers)is theTCPslow
start mechanism. At the beginning of every connection,
TCP attemptsto quickly discover the availablebandwidth

in thepathby doublingits window duringeveryRTT. Thus,
a smallmessageconsistingof a few packetsmaystill take
several RTTs to be transmittedeven thoughplenty of net-
work bandwidthis available.

In sum,the following network factorscontribute to the
responsetimeof deliveringa queryoutput:

F outputdatasetsize

F network bandwidth

F connectionRTT andRTT variance

F network losscharacteristics(rate,burstiness)

F the employed TCP implementation (Reno versus
SACK)

3 Experimental Platform

Weanalyzetheimpactof network parametersusingthe1
gigabyteTPC-Hbenchmark[14], adecisionsupportbench-
mark with documentedqueriesanddatasets. TPC-H in-
cludesbothretrieval andrefreshqueries.Therefreshcom-
mandsgeneratelarge requestsand small responses.The
retrieval queriesoffer a mix of commandsthatgenerateei-
ther (a) large requestsand small responses,and (b) large
requestsand large responses.This motivatedus to focus
on retrieval queriesandignorerefreshqueriesfrom further
consideration.We reporton 21 out of 22 queriesbecause
wecouldnot implementquery15 in a timely manner. With
thereportedresponsetimes,wefocusonly oncompression,
decompression,andtransmissiontimes. We eliminatethe
queryexecutiontimeall together.

For our simulationexperimentswe usedns[7], which is
a discreteevent simulatorthat providesseveral TCP vari-
ants. Two typesof environmentsfor network simulations
wereused.Their maindifferencelies in thetopologyused,
which in turn impactsthe way lossesoccur. The loss is
uniform in the first environment,whereasthe background
traffic determinesthe lossesin the second.The two envi-
ronmentsareshown in Figure2.
Environment 1: Uniform Loss

This simpleexperimentalenvironmentoffersa high de-
greeof control,enablingus to manipulateeachsystempa-
rameterindividually to study its impact. The experiment
is asfollows: two nodesarecreated,oneis a TCP source
andtheotheris a TCPdestination.We vary the link delay,
lossandbandwidthandmeasuretransfertime for different
messagesizes,asfollows:

(a) pick valuesfor delay, bandwidthandlossfor thelink

(b) decidewhich TCPvariantto use(Renoor SACK)
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(c) compute the time required to transfer messages
of various sizes, representinguncompressed,Zip-
compressedand XMill-compressedmessages. We
start the timer whenthe first SYN packet is sentand
stopthe timer whenthe last packet is acknowledged.
Thedifferencebetweenthesetwo is thenetwork trans-
missiontime.

Environment 2: Loss Based on Background Load
The previous experimentforms a goodbaselineto ob-

serve responsetime as a function of link delay, loss and
bandwidth.However, it is not realisticbecausemostInter-
net loss is causedby congestion.More specifically, Envi-
ronment1 fails to capture:

(a) Lossattributedto bursts:Whena drop-tailqueue(the
most commonlyusedtype of queue)overflows at a
router, all future arriving packets are discarded. If
thesepacketshappento belongto thesameflow (e.g.,
if they belongto thepacket train formingasinglewin-
dow), thenaburstof packetswill bediscarded.In con-
trast,uniform lossspreadslossesmoreevenly.

(b) Variabledelay: ascongestionbuilds up, thequeuesat
theroutersfill up increasingthedelaybetweenthetwo
endpoints.

(c) Variablebandwidth:theactualbandwidthcapturedby
a TCP flow is inverselyproportionalto its RTT. With
the Internet, a TCP flow competeswith other TCP
flows which mayhave drasticallydifferentRTTs, and
in turn,modulatethebandwidthavailablefor a partic-
ularflow.

(d) Heterogeneousflows: TCPlong flows facilitatetrans-
missionof mostof the Internetdata. Most traffic are
Webflows which behave moreaggressively thanlong
TCP flows, impactingnetwork characteristicssignifi-
cantly.

Environment 2 capturesthe above characteristics,see
Figure2. It employs the familiar dumbbelltopologywith
approximately100TCPflows to generatea heterogeneous
mix of backgroundtraffic. The traffic mix includesboth
web and FTP flows, with a wide rangeof RTTs. To se-
lect RTTs, we analyzedthe distancebetweeneachnodein
a large map of the Internet(56000nodes)[9] to createa
probabilitydensityfunction(PDF).Thelink delaysfor each
backgroundflow, wasthenselectedfrom this PDF.

Eachexperimentwascarriedoutsimilar to Environment
1, describedabove. The simulationparametersand their
samplevaluesareshown in table1 The major differences
are(a)nolossratewasspecified,and(b) thesimulationwas
allowed to ”warm up” (i.e., backgroundload to stabilize)
beforemeasuringthereportedtransfertimes.

Parameter value

Numberof nodesin sourcepool 100
Numberof nodesin destinationpool 100
Delayof bottlenecklink 1 ms
Bandwidthof bottlenecklink 10Mbps
Bandwidthof links connectingnodes
in sourcepool to node1 100KBps
Bandwidthof links connectingnodes
in destinationpool to node2 100KBps
PathMTU for all links 1000bytes
Delaybetweennode2 anda destinationnodeG 1 ms

Table 1. Parameter s of Envir onment 2.

We vary the bandwidth,roundtrip time andthe sizeof
thefile to determinetheir impacton thetime to transferthe
file. In all ourexperimentswegeneratethebackgroundtraf-
fic basedonthenswebtraffic model,whichsimulatesusers
browsing the Internet. A pagecomprisesseveral objects.
Clicking on eachobject leadsto a file transferwhosesize
is drawn from a heavy tail distribution (Pareto). The time
interval betweeninitiating the transfer(clicking objects)is
exponentiallydistributed. The time interval betweenthe
userchangingoverto anotherpageis alsoexponentiallydis-
tributed. Henceflows aregeneratedrandomlyfrom nodes
in thesourcepool to nodeson thedestinationpool.

To capturethe heterogeneityin delaybetweennodesin
the Internetwe adoptedthe following technique. We ob-
tained router level topology mapscontainingabout5600
router level nodes from the Mercator Internet mapping
project (http://www.isi.edu/scan/mercator/mercator.html).
The router level topology is representedas an undirected
graph,wherenodesrepresentroutersin theInternetandthe
links arebidirectional.Let thegraphHJIJ-LK�MON#2 , where K
is a setof nodesand N is a setof edges.From this topol-
ogy we generateda modelfor nodedistancein theform of
a probabilitydensityfunction(PDF)in thefollowing man-
ner. First, we performeda breathfirst searchat every nodePBQ K anddeterminedtheshortestdistancein hopsfor ev-
ery pair of nodes( P � ,P � ), P � M P � Q K . Let thetotal number
of nodepairsbe R andlet thenumberof nodepairswith �
hopsbetweenthembe S � . We obtainthe probability den-
sity function(PDF) TU-/�V2�IXWZY[ . Figure3 showsthePDFob-
tainedafteranalyzingthetopologyin thismanner. To create
oursimulationtopologies,eachtimewe adda new flow we
draw a samplefrom thePDFto determinethedistancebe-
tweenthenew sourceanddestination.Theprocedureis as
follows:

Let, �)\^]`_ be the setof all nodesin the sourcepool and
�ba�\dc the setof all nodesin the destinationpool. Let e&fhg i
representthenumberof hopsbetweennodesj and k . The
delay l0-<jmMOkn2 betweennodesj and k aresetas o4e�-pj�MqkV2 ,
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Figure 2. The bottlenec k topology used for
Envir onment 2, the ns sim ulations.

whereo is a fixeddelayperhop.

1. for eachpair +srt� , rm�)u , rt� Q �b\^]v_ and rm� Q �)a�\dc .
2. draw e�-prt��Mqrm�h2 randomlyusingthedensityfunctionin

Figure3.

3. draw e�-prt�hMw�>2 , a uniformly distributedrandomnatural
numberfrom �hMwxZxwx%M`e�-prt�hMOrm�h2��y� .

4. set e�-L�VMqrm��2UIzem-<rt�hMOrm�h2{�|em-<rt�hMZ�D2 .
5. calculate l}-prt�hMw�>2 and l0-/�nMqrm��2 as o�e�-prt�hMw�>2 ando4e�-L�VMqrm��2 respectively. We usedo!I 20 ms.

Theparametersvariedin Environment2 arethefollow-
ing:

1. Thebandwidthbetweennode ~ to node1.

2. Roundtrip time( �D�^�q� ) betweenthesource(node~ ) and
destination(node o ) node.Sincethedelaysof thebot-
tlenecklink andthedelaybetweennode2 andnode o
arealreadyfixedto 1 ms,theonly variableis thedelayl0-L~�Mw�>2 . W chosel}-L~�MZ�D2�I ]Oc�c� �|� ms.

3. Thesizeof datato betransfered,� . This is determined
usingTPC-Hqueries.

In ourexperimentsweexplored9 bandwidth-delaycom-
binations. We used the values (100Kbps, 1Mbps and
10Mbps)for bandwidthand(1000ms,200msand20ms)for
theroundtrip time. For eachof the9 combinationswe ran
simulationsfor messagesizes � basedon thoseshown in
Table2. Thesemessagesizescorrespondto theamountof
dataproducedby eachTPC-Hquery.

0 5 10 15 20
0
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0.2

0.25
Fraction of node pairs

Distance in hops

Figure 3. Example pdf of hop distance be-
tween any two nodes in the Internet

4 Performance Results

By manipulatingparametersof Environments1 and2,
we were able to analyzeresponsetime as a function of
differentsystemparameters.The obtainedresultsshowed
threekey observations. In the following, we describeeach
andpresentselective experimentalresultsthatdemonstrate
eachobservation.
Observation 1: In order to decidebetweenan uncom-
pressedtransmissionand a compressedtransmissionof a
message,onemustconsiderthe overheadof compression
anddecompression(CPU time) andthe network transmis-
siontimesavingsofferedby thereducedmessagesize(after
compressingthemessage).If theoverheadis lessthansav-
ings, seeTable2, thencompressionshouldbe employed.
Table2 shows the messagesizewith no compression,Zip
andXMill compressiontechniques.Thefirst columnis the
TPC-Hqueryid. Therowsaresortedin ascendingorderof
uncompressedmessagesize. With Zip andXMill, Table2
shows thecompressionanddecompressiontimes.Theper-
centageimprovementcolumncomparesthe responsetime
of Environment1 with and without a compressiontech-
nique,termedRT and �3�%�{� ? W , respectively. Thepercent-
ageimprovementis computedasfollows:

"%$���"%$��4�/���"%$ �4�/��� . The
network configurationis TCP-Sackwith the following pa-
rametervalues:100Kbpsbandwidth,zerolossrate,anda
1 millisecondlatency.
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Zip Compression XMill Compression
Query MSG MSG Comp Decamp % Improv- Msg Comp Decomp % Improv-
ID size(S) size(S) Time Time ement size(S) Time Time ement

17 779 330 0.82 0.98 -18.36 407 1.56 1.56 -28.09
14 780 331 0.98 1.42 -23.05 407 1.56 1.56 -28.09
19 782 333 1.56 0.98 -24.09 415 1.56 1.56 -28.09
6 785 336 1.30 1.04 -22.66 415 1.56 1.42 -27.16
8 1,007 359 1.20 0.87 -20.56 443 1.56 1.56 -28.09
12 1,118 385 1.56 0.98 791.92 459 1.56 1.56 744.94
4 1,700 459 1.56 1.56 744.95 514 1.56 1.42 755.87
5 1,810 486 1.04 1.12 825.40 543 1.56 1.20 773.25
7 2,040 474 1.20 0.87 833.47 539 1.56 1.56 774.94
22 2,364 513 1.20 0.92 1619.20 577 3.13 0.87 1350.84
1 3,053 684 6.25 1.04 1037.87 738 17.19 1.56 550.47
18 4,802 783 1.56 1.56 2902.25 843 1.56 1.56 2902.25
13 8,260 861 1.56 1.12 6024.41 810 3.13 1.42 5113.04
20 33,811 5,115 3.13 1.56 683.61 4,593 10.94 1.56 665.95
9 49,405 4,298 4.69 1.56 1,056.21 3,532 12.50 1.56 1,367.57
21 86,505 5,304 6.25 3.13 1,528.34 4,127 18.75 1.56 1,845.74
11 246,958 21,398 21.88 4.69 1,044.63 16,096 42.19 3.13 1,370.46
2 341,462 48,058 35.94 7.81 600.25 37,656 57.81 6.25 798.40
3 3,489,037 242,348 270.31 37.50 1,318.23 198,249 509.38 23.44 1,603.41
16 5,983,442 302,593 445.31 46.88 1,840.53 225,648 912.50 32.81 2,424.64
10 25,565,892 4,119,445 2532.81 615.63 514.76 3,205,939 4220.31 410.94 301.81

Table 2. Response time impr ovement using compression techniques; compression and decompres-
sion times are in milliseconds using a 2 GHz processor . Network band width = 100 Kbps, latenc y = 1
ms, loss rate = 0.
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Zip Compression XMill Compression
Query MSG MSG Comp Decamp % Improv- Msg Comp Decomp % Improv-
ID size(S) size(S) Time Time ement size(S) Time Time ement

17 779 330 3.88 0.43 -68.304276 407 7.55 2.28 -83.09383
14 780 331 3.88 0.43 -68.304276 407 7.55 2.27 -83.07952
19 782 333 3.88 0.44 -68.35443 415 7.55 2.28 -83.09383
6 785 336 3.89 0.43 -68.35443 415 7.56 2.27 -83.09383
8 1,007 359 3.93 0.48 -68.798744 443 7.70 2.34 -83.388695
12 1,118 385 3.97 0.50 -22.720253 459 7.79 2.38 -58.915367
4 1,700 459 4.14 0.55 -25.26159 514 8.13 2.51 -60.443043
5 1,810 486 4.06 0.54 -24.242426 543 8.15 2.53 -60.567825
7 2,040 474 4.09 0.59 -25.14971 539 8.30 2.63 -61.330242
22 2,364 513 4.17 0.61 -11.50443 577 8.59 2.72 -54.921112
1 3,053 684 4.39 0.67 -15.01416 738 9.07 2.94 -57.17345
18 4,802 783 4.71 0.85 19.047617 843 10.09 3.36 -41.747578
13 8,260 861 5.29 1.12 42.687275 810 12.11 4.28 -34.747147
20 3,3811 5,115 12.70 3.80 25.490206 4,593 35.25 12.06 -43.171726
9 49,405 4,298 15.66 4.28 55.494133 3,532 52.37 16.47 -41.436745
21 86,505 5,304 22.49 7.24 91.06636 4,127 69.56 28.67 -30.989456
11 246,958 21,398 66.02 19.70 87.52321 16,096 178.63 77.93 -26.427736
2 341,462 48,058 113.02 35.53 44.37809 37,656 254.53 100.34 -28.69418
3 3,489,037 242,348 885.53 270.67 106.39019 198,249 2371.41 995.85 -20.793142
16 5,983,442 302,593 1428.23 432.98 127.30181 225,648 4258.62 1793.28 -23.166965
10 25,565,892 4,119,445 8985.40 2774.65 35.827183 3,205,939 19235.02 7267.31 -29.631702

Table 3. Response time impr ovement using compression techniques; compression and decompres-
sion times are in milliseconds using a 450 MHz processor . Network band width = 10 Mbps, latenc y =
1 ms, loss rate = 0.
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Table 2 shows a negative responsetime improvement
with both Zip and XMill when the uncompressedmes-
sagesize is less than 1 kilobyte, i.e., less than or equal
to 1007. Compressionprovides no benefitbecause,dur-
ing thediscoveryphase,TCPdecidedawindow sizeof one
packet whosemaximumsize of 1024 bytes. This means
that messagessmaller than 1024 bytesare transmittedas
one packet and requireapproximatelythe sametransmis-
sion time. Oncethe uncompressedmessagesizeexceed1
packetsize,compressionstartsto improveresponsetimeby
reducingthenumberof transmittedpackets.Notethatcom-
pressiontime is typically greaterthandecompressiontime
with both Zip andXMill. Moreover, both of thesevalues
dependon thecharacteristicsof theinputdata.

In Table2, thepercentageimprovementin responsetime
is not necessarilya function of messagesize, e.g., query
13 produceslessdatathanquery10 andobservesa higher
percentageof improvement. Instead,it is a function of
compressionfactor, the time attributedto compressingand
decompressinga message,andthe network characteristics
(bandwidth,lossrate,latency). A highercompressionfac-
tor increasessavings in network transmissiontime. In our
example,thecompressionfactorwith query13 is tenwhile
that of query10 is five. As we increasethe bandwidthof
theunderlyingnetwork to 1 Mbpsand100Mbps,theover-
headof compressionbecomessignificant.With a 10 Mbps
network connection,the highestpercentageimprovement
observed is with Zip with query16 (548%improvement).
Moreover, with XMill compression,query1 observesthe
highestnegative percentageimprovementin responsetime
(-71%) becauseits relatively high compressionoverhead
dominatesresponsetime. With a 100Mbpsnetwork band-
width, thepercentageimprovementobservedis negativefor
all queries.

We also analyzedsystemresponsetime with different
processorspeeds(2 GHz,1 GHz,and450MHz). A slower
processorspeed(say450MHz) increasesthe compression
anddecompressiontimes. If the network providesa poor
performance(e.g., low bandwidth,high lossrate,high la-
tency, or a combinationof these)thencompressioncontin-
uesto improveresponsetime significantly(similar to those
shown in Table2). With ahighbandwidthnetwork connec-
tion thatprovidesa zerolossrateand1 mslatency (a local
areanetwork), thebenefitsof compressiondiminishes,see
Table3. For example,with a 450MHz processorconfigu-
ration (for both the server andclient), XMill compression
provide no responsetime benefits. The overheadof com-
pressionalsoreducesthepercentageimprovementsoffered
by Zip.

Observation 2: Compressionimprovesresponsetime by
a wider margin with highernetwork lossrates,andhigher
network latenciesbecauseit minimizestheimpactof these
factorsby transmittingfewernetwork packets.Onceagain,

bothEnvironment1 and2 weresupportiveof this observa-
tion. ThissectiondrawsuponEnvironment2 to substantiate
this observation. It is importantto note that the quantita-
tive resultscanbe presentedin a qualitative manner. This
is becauseeven thougha compressiontechniquemay re-
ducemessagesizesignificantly, the simulatedbackground
loadmay increasetransmissiontime significantly(ascom-
paredto an uncompressedtransmissionthat encountersa
light backgroundload). With a givenprocessorspeed(say
450MHz) andan ideal network characteristic(high band-
width, e.g.,100Mbps, low lossrateandlatency), bothZip
andXMill compressiontechniquedegraderesponsetime.
Compressionstartsto improve performancefor datainten-
sivequerieswhenoneincreaseseitherthelossrate,latency,
or both.For thosequerieswhoseproduceddatais lessthan
onenetwork packet (1024bytes),compressionprovidesno
benefit,seethediscussionsin Observation1. Thefactorof
improvementfor a querydependson the compressionfac-
tor, encounteredbackgroundload,andcharacteristicsof the
link between�b\ and �ba . With higherprocessorspeeds(1
and2 GHz), thepercentageimprovementin responsetime
observedwith compressiontechniquesincreases.
Observation 3: When comparedwith TCP-Reno,TCP-
SACK improvesperformanceby approximately10%when
eitherthe lossrateis high, the network latency is high, or
both. With a high network latency, TCP SACK employs
large windows, not available in Reno,to prevent many of
the time outs. With a high network lossrate,TCP SACK
minimizesmany of the timeoutsthat would have occurred
with Reno. With selective acknowledgments,TCP SACK
canpreciselyconvey informationaboutmultiple lost pack-
etsto thesender, which in turn allows thesenderto quickly
sendretransmissionsto fill holes(if any). With TCPReno,
the sendermust receive at least threeduplicateacknowl-
edgmentsbeforeinitiating a retransmission.It hasbeenob-
servedthatTCP-Renowill go into timeoutwhenevertwo or
morepacketsarelost within a window [6].

5 Conclusion and Future Research Direc-
tions

A computernetwork is acentralcomponentof many co-
operative, data intensive applications. Binary and XML
aretwo popularencodingmechanismsfor formattingdata
transmittedbetweentheseapplications.XML hasemerged
asapopularencodingmechanismfor thoseapplicationsthat
strive to inter-operatewith eitherthe existing or future ap-
plications.

We envision a middlewarethat servesasan intermedi-
ary betweenthe underlyingnetwork protocol, e.g., TCP,
andthe cooperative applicationsthat generatesdata. This
middlewareanalyzesthe characteristicsof the underlying
network and the transmitteddata in order to enhancere-
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sponsetime by compressingdata. Our experimentalre-
sultsdemonstratethat a right decisionimprovestransmis-
sion time significantly (several ordersof magnitude). At
the sametime, we observe that compressingdatadoesnot
improve responsetime at all times. Thereis a tradeoff be-
tween(a)compressionoverheadin theform of CPUtimeto
compressanduncompressa message,and(b) savingswith
a reducednumberof network packets. If thenetwork con-
nectionbetweentwo componentsis lessthanoptimal,e.g.,
low bandwidth,high latency, high loss rate, etc., and the
amountof transmitteddatais significant(morethan1 TCP
packet) thencompressionenhancesperformance.The ex-
act amountof improvementis a function of compression
factor, network characteristics,andtheprocessorspeeds.If
the server andclient processorsarenot fastthencompres-
sionanddecompressiontimesdominatetransmissiontimes.
Theseobservationsarein accordwith thosein [11].

In orderfor a ”middleware” to make the right decision,
it mustestimate:1) the amountof datato be transmitted,
2) compressiontime at a server (overhead),3) decompres-
siontime at a targetclient (overhead),4) availablenetwork
bandwidth,5) network loss rate, and 6) network latency.
Items4 to 6 enablethe middleware to estimatethe bene-
fits of compression.If thebenefitsoutweighoverheadsthen
themiddlewaremayutilize eitherZip or XMill. Item 1 can
beestimatedby building a profile of submittedqueriesand
their producedresultsets.Items2 is trivial while item 3 is
addressedby thetargetclientdisclosingits processorspeed
whenestablishinga connection.Items4 to 6 arechalleng-
ing. In particular, thereareno reliablemethodsto estimate
bandwidth[12]. Therearecases,however, whentheavail-
ablebandwidthis known. Oneexampleis anenvironment
with restrictedaccessbandwidth,such as modems(tele-
phone,DSL or cable).Network latency andlosscharacter-
isticsarealsodifficult to estimate.Numerousstudieshave
beencarriedout,however, thenetworking communitydoes
notyethaveagoodmodelto estimatetheseparameters[4].
Heuristicsto estimatetheseparametersshapeour immedi-
ate researchdirections. Theseheuristicswill almostcer-
tainly improve theaveragetransmissiontime over a period
of time (and not the transmissiontime of every request).
This is becausethey must detectand adaptto the chang-
ing characteristicsof the network. We intendto explore a
preliminarydesign,implementation,andevaluationof our
middlewarewith Environments1 and2.
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