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TraÆ Sensitive Ative Queue ManagementMark Claypool, Robert Kinki, and Abhishek Kumarflaypool,rekg�s.wpi.eduCS Dept., Worester Polytehni Institute100 Institute RoadWorester, MA 01609, USAAbstratInternet appliations have varied Quality of Servie(QoS) Requirements. Traditional appliations suhas FTP and email are throughput sensitive sinetheir quality is primarily a�eted by the through-put they reeive. There are delay sensitive appli-ations suh as streaming audio/video and IP tele-phony, whose quality is more a�eted by the delay.The urrent Internet however does not provide QoSsupport to the appliations and treats the pak-ets from all appliations as primarily throughputsensitive. Delay sensitive appliations an howeversari�e throughput for delay to obtain better qual-ity. We present a TraÆ Sensitive QoS ontroller(TSQ) whih an be used in onjuntion with manyexisting Ative Queue Management (AQM) teh-niques at the router. The appliations inform theTSQ enabled router about their delay sensitivityby embedding a delay hint in the paket header.The delay hint is a measure of an appliation'sdelay sensitivity. The TSQ router on reeivingpakets provides a lower queuing delay to paketsfrom delay sensitive appliations based on the de-lay hint. It also inreases the drop probability ofsuh appliations thus dereasing their throughputand preventing any unfair advantage over through-put sensitive appliations. We have also presentedthe quality metris of some typial Internet appli-ations in terms of delay and throughput. The ap-pliations are free to hoose their delay hints basedon the quality they reeive. We evaluated TSQ inonjuntion with the PI-ontroller AQM over theNetwork Simulator (NS-2). We have presented ourresults showing the improvement in QoS of appli-ations due to the presene of TSQ.

1 IntrodutionThe Internet today arries traÆ for appliationswith a wide range of delay and loss requirements.Traditional appliations suh as FTP and E-mailare primarily onerned with throughput, whileWeb traÆ is moderately sensitive to delay aswell as throughput. Emerging appliations suhas IP telephony, video onferening and networkedgames have di�erent requirements in terms ofthroughput and delay than these traditional ap-pliations. In partiular interative multimediaappliations, unlike traditional appliations, havemore stringent delay onstraints than loss on-straints. Moreover, with the use of repair teh-niques [BFPT99, PHH98, LC00℄ paket losses anbe partially or fully onealed, enabling multime-dia appliations to operate over a wide range oflosses, and leaving end-to-end delays as the majorimpediment to aeptable quality.Unfortunately, the urrent Internet does not sup-port per appliation QoS. Instead all appliationsare treated primarily as throughput sensitive andno attempt is made to provide a lower delay to ap-pliations that desire it. Every paket arriving ata router is enqueued at the tail, thus providing thesame average delay to all appliations. When thereis persistent ongestion, the router queue builds upand eventually pakets have to be dropped. A largequeue build-up auses high queuing delays for allappliations, regardless of their delay sensitivity.However, if the router is apable of providingQoS support, then it ould treat pakets fromdelay-sensitive appliations di�erently than thosefrom throughput-sensitive appliations. Sine thedelay-sensitive appliations are loss-tolerant, the1



router an try to provide them with a lower delayand approximately derease the throughput pro-vided to them. The loss of throughput may notderease the overall quality of the delay-sensitiveappliations very signi�antly, but the redution indelay an ause a signi�ant improvement in qual-ity. The throughput gained an be alloated tothe throughput-sensitive appliations, thus provid-ing them with higher quality.ABE [HKBT01℄ provides a queue managementmehanism for low delay traÆ. ABE allowsdelay-sensitive appliations to sari�e through-put for lower delays. ABE, however, rigidlylassi�es all appliations as either delay-sensitiveor throughput-sensitive. Thus appliations arenot able to hoose relative degrees of sensitivityto throughput and delay. Approahes suh asCBT [PJS99℄ and [NT02℄ provide lass-based ap-proah and with bitrate guarantees for di�erentlasses. However, these �xed and pre-determinedlasses are not suÆient to represent the varyingQoS requirements of appliations within one par-tiular lass. Similarly, DCBT with ChIPS [CC00℄,whih extends CBT by providing dynami thresh-olds and lower jitter for multimedia traÆ, still lim-its all multimedia traÆ to the same QoS.Di�Serv approahes, suh as Assured Forward-ing (AF) [HBWW99℄ and Expedited Forward(EF) [JNP99℄, try to give di�erentiated servie totraÆ aggregates. However the Di�Serv arhite-tures are very ompliated and require the pres-ene of traÆ monitors, markers, lassi�ers, traf-� shapers and droppers to enable the omponentsto work together. IntServ [SBC94℄ provides thebest possible per ow QoS guarantees. However,it requires omplex signaling and reservations viaRSVP by all routers along a onnetion on a per-ow basis, making salability diÆult for global de-ployment.We present a new QoS ontroller alled the Traf-� Sensitive QoS Controller (TSQ), that providesa ongested Internet router with per paket QoSsupport based on an appliation's delay sensitiv-ity. Unlike approahes that provide �xed lassesof servie, eah appliation sending traÆ into theTSQ router hooses a ustomized delay-throughputtrade-o� based on its own requirements. The ser-vie is still best-e�ort in that it requires no addi-

tional poliing mehanisms, harging mehanismsor usage ontrol. With TSQ, appliations markeah paket with a delay hint indiating the relativeimportane of delay versus throughput. The TSQrouter will, on reeipt of eah paket, examine itsdelay hint and alulate an appropriate queue po-sition where the paket is to be inserted. A paketfrom an appliation whih has a low value of de-lay hint will be allowed to \ut-in-line" towards thefront of the queue, while a paket from an applia-tion with a high value of delay hint will be insertedtowards the end of the queue. To prevent delay-sensitive appliations from gaining an unfair ad-vantage over the throughput-sensitive appliations,TSQ proportionately inreases the drop probabil-ity of the pakets inserted into the queue. Themore a paket attempts to ut-in-line, the morethe paket's drop probability is inreased. Thus,throughput-sensitive appliations mark their pak-ets with high values of delay hints, and hene theyare not ut-in-line and do they have their dropprobability inreased, thus providing them withgood quality. TSQ requires no per-ow state infor-mation, no traÆ monitoring, and no edge poliingor marking.TSQ an be used in onjuntion with mostAQMs that provide an aggregate drop proba-bility, for example RED [FJ93℄, Blue [FKSS01℄,PI [HMTG01℄, and SFC [GH03℄. We have eval-uated the performane of TSQ when used in on-juntion with the PI-ontroller (Proportional In-tegral ontroller) AQM [HMTG01℄ with varyingmixes of delay-sensitive and throughput-sensitiveows. In order to quantify an appliation's QoS,we propose a QoS metri based on the minimumof an appliation's delay quality and throughputquality. Based on reommended appliation per-formane requirements, we provide quality metrisfor Internet appliations that over a range of QoSand throughput sensitivities: interative audio, in-terative video and �le transfer. Using TSQ, appli-ations an use the knowledge of their QoS require-ments to dynamially hoose their delay hints so asto maximize their Quality of Servie. Evaluationresults suggest that TSQ with PI provides betterquality for all appliations than does PI by itself.The remainder of the paper is organized as fol-lows: Setion 2 presents quality metris we have2



devised for fundamental Internet appliations; Se-tion 3 disusses the TSQ mehanism; Setion 4 de-sribes experiments and analysis of TSQ; and Se-tions 5 and 6 summarizes our work and disuss thepossible future work.2 Appliation Quality MetrisIn this setion hapter we develop quality metrisfor three network appliations: interative audio(Setion 2.1), suh as used in IP telephony, intera-tive video (Setion 2.2), suh as used in a video on-ferene and �le transfer appliations (Setion 2.3)suh as used in peer-to-peer �le systems or FTP.The quality metris an be used to quantify ap-pliation performane, allowing us to evaluate theimpat of TSQ on QoS. In addition, the qualitymetris ould be used by end-host appliations toadjust the delay hint it provides to a TSQ enablednetwork in order to improve overall performane.Based on information from previous work[Gan02, IKK93, DCJ93, Zeb93℄, we have de-vised quality funtions for these three applia-tions in terms of their network delay and the net-work throughput alled the delay quality (Qd) andthroughput quality (Qt), respetively. We de�ne theoverall quality of the appliation as the minimumof the two quality metris:Q(d; T ) = min(Qd(d); Qt(T )) (1)The value of Q(d; T ) lies between 0 and 1, wherea quality of 1 represents the maximum quality thatthe appliation an reeive, and a quality of 0 rep-resents performane that is of no use to the appli-ation at all.2.1 Audio Conferene QualityIn this setion we disuss the quality funtions thatwe have derived for audio onferene appliations.The quality funtions are of two types, the delayquality funtion and the throughput quality fun-tion. We have graphed the quality funtions forthe appliation versus one-way delay and through-put respetively.

2.1.1 E�et of Delay on Audio ConfereneQualityAudio onferene appliations are relatively sensi-tive to inreased delays but less sensitive to reduedthroughput. [Gan02℄ suggests that audio onfer-ene quality in terms of delay is essentially dividedinto 3 parts. A one-way delay of 150 ms or lessmeans exellent quality, a one-way delay of 150-400 ms means good quality, and a one-way delayin exess of 400 ms is poor quality. Also, [IKK93℄has observed the variation of audio quality with de-lay in terms of Mean Opinion Sores (MOS sores).Figure 1 from [IKK93℄ shows the variation of MOSsores for free onversation with round-trip delay.

Figure 1: Mean Opinion Sores versus Round-TripDelayBased on this previous work, we have produedthe graph in Figure 2 depiting the delay quality ofan audio onferene appliation. The best qualitypossible is 1 (equivalent to a MOS of 5) when thereis a zero delay. The audio appliation has an exel-lent quality if the one way delay is within 150 ms.As delay inreases, the initial derease in qualityis not signi�ant, and a delay of 150 ms providesthe appliation with a quality of 0.98. However,as the delay inreases above 150 ms, the drop inquality beomes signi�ant, with a delay of 300 msreduing quality to 0.7 (equivalent to a MOS soreof 3.5) and to 0.5 (equivalent to a MOS sore of3) when delay is 400 ms. As the delay inreaseshigher than 400 ms, we propose that the degrada-tion is about twie the degradation in quality from3



150 to 400 ms delay. Thus, from the graph we ansee the three broad setions of quality desribedin [Gan02℄ and also get quantitative values of thequality for intermediate one-way delays. The set ofequations governing the delay quality of an audioonferene appliation are as follows:Qd(d) = �0:00133 � d+ 1 d � 150Qd(d) = �0:00192 � d+ 1:268 150 � d � 400Qd(d) = �0:004 � d+ 2:1 400 � d � 525Qd(d) = 0 525 � d
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quality suggested in Setion 2.1.1 also apply to de-lay quality of a video onferene.2.2.2 E�et of Throughput on Video Con-ferene Quality
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Qt(T ) = 0:0001367 � T + 0:795 768 � T � 1500Qt(T ) = 0:0001953 � T + 0:75 512 � T � 768Qt(T ) = 0:0003906 � T + 0:65 384 � T � 512Qt(T ) = 0:0008928 � T + 0:46 160 � T � 384Qt(T ) = 0:00375 � T T � 1602.3 File Transfer QualityIn this setion we disuss the quality metris weused to measure the quality of �le transfer applia-tions. File transfer appliations, unlike the audioonferene and video onferene appliations, arenot delay sensitive (relative to router queuing de-lays). Instead, the quality of these appliations isalmost entirely dependent on their throughput.2.3.1 E�et of Delay on File Transfer Qual-ityA �le transfer appliation's quality will degradeonly if the delay inreases on the order of tens ofseonds, whih is well beyond the sope of routerqueuing delays. Sine, in our experiments, the de-lay is generally on order of few 100 ms, we ignorethe e�et of delay on FTP quality beyond 1000 ms.The delay quality of a �le transfer appliation is asfollows: Qd(d) = 1 d � 10002.3.2 E�et of Throughput on File TransferQualityThe quality of a �le transfer appliation dependsalmost entirely on the throughput that it an getfrom the network. In our quality metris, the qual-ity requirements of a �le transfer is dependent uponthe size of the �le that it is transferring. A small�le will require a lower throughput to attain goodquality as ompared to a very large �le. We pro-pose that a �le transfer appliation has maximumquality if it an �nish transferring a �le in 1 seond.Thus for 10 Mb �le, a quality of 1 is attained from athroughput of 10 Mbps. If the throughput obtainedis greater, the quality does not improve, while aderease in quality is diretly proportional to a de-rease in throughput. Similarly for a smaller �le of10 Kb, the required throughput for best quality is5
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In Setion 3.1, we desribed how appliationsnotify the TSQ router about their delay sensitiv-ity by using a delay hint. In Setion 3.2, we de-sribe the \ut-in-line" mehanism whih is usedto provide delay sensitive appliations with lowerqueuing delays. Setion 3.3 disusses the adjust-ment in drop probability that is made for the delay-sensitive ows so that they do not get unfair advan-tage over throughput-sensitive ows. Setion 3.4onludes with a diagram and algorithm detailingTSQ.3.1 Delay HintsAppliations wanting to use the bene�ts of TSQneed to provide the router with a measure of theirsensitivity to delay. This is done by providing a de-lay hint (d) in the header of eah IP paket, where alow delay hint means that the appliation requiresa low network delay for good quality and a high de-lay hint means that the appliation is throughput-sensitive and does not require a low delay for goodquality. Appliations suh as interative multime-dia and network games will typially provide lowdelay hints. On the other hand, appliations suhas �le transfer will typially provide the highestdelay hints.Based on the disussion in [SZ99℄ there are 4to 17 bits available in the IP header that an beused to arry hint information. In our urrent im-plementation of TSQ, the range of delay hints isfrom 1 to 16 requiring 4 bits in the paket header.Thus, an appliation whih hooses the minimumdelay hint of 1 will be extremely delay-sensitive, inontrast to an appliation whih an tolerate somedelay and hene will have the maximum delay hintof 16. If the number of bits used for the delay hintsis inreased, the appliations will have more levelsof delay-sensitivity to hoose from, hene more a-urately representing their QoS requirements, butat the ost of inreased overhead in eah paketheader. Similarly if the number of bits used to rep-resent delay hints is redued, the appliations willhave a smaller range of delay-sensitivity to hoosefrom, but less overhead per paket. The optimalnumber of bits for delay hints is left as future work.6



3.2 Cut-in-LineTypially routers use a FIFO queue to hold pak-ets. Sine all pakets are enqueued at the end ofthe queue, all pakets and therefore all appliationsreeive the same queuing delay. The queuing de-lay obtained by eah paket depends upon the ur-rent queue length (q) and the outgoing link apa-ity. TSQ provides delay-sensitive pakets with alower queuing delay by \utting" pakets in lineaording to their delay hints. A paket from a de-lay sensitive appliation with a low delay hint willgenerally be queued towards the front of the queueleading to a lower queuing delay for that paket.A paket from a throughput-sensitive appliationhaving a high delay hint will generally be enqueuedtowards the end of the queue. However queue in-sertion based solely on delay-hints may ause star-vation of pakets with high delay hints. For ex-ample, a paket with a high delay-hint at the endof the queue an be starved in the fae of a largenumber of low delay-hint pakets utting in line at(or above) the link apaity in front of this paket.To avoid this, we introdue an aging mehanism toprevent starvation.Th TSQ ut-in-line mehanism is implementedby using a weighted insertion into the queue. Atthe arrival time (ta) of a paket, we alulate thequeuing delay that the paket would experiene ifit was inserted at the end of the queue; we allthis queuing delay the drain time (td) of the queue.TSQ alulates the paket weight (w) aording toits delay hint and time of arrival at the queue.w = d� td2n + ta (2)where n is the number of bits used to represent thedelay hint (4 in our urrent implementation). Thepakets in the queue are inserted in order sortedby their weights, with the lower weight paketsinserted towards the front of the queue and thehigher weight pakets inserted towards the end ofthe queue. The new position of the paket in thequeue is referred to as q0. Thus, a high delay-hintwill ause a paket to have a higher weight andhene a higher value of q0, while a delay hint of1 will ause a paket to have a q0 = q. Newlyarriving pakets will have their weights slightly in-reased due to the e�et of the time of arrival on

their weight, thus preventing starvation of olderpakets.This ut-in-line requires a weighted insertionthat an be implemented using a probabilisti datastruture suh as skip lists [Pug90℄, giving omplex-ity O(log(q)), where q is the number of pakets inthe queue.3.3 Drop ProbabilityDuring ongestion, many AQM tehniques produea drop probability (p)) whih is applied to paketsarriving at the router. All arriving pakets are sub-jet to the same drop probability, with pakets thatare randomly dropped not being inserted in thequeue. However, in the ase of the TSQ, a uniformdrop probability for all pakets will potentially re-sult in a higher throughput for the delay-sensitiveappliations, sine TSQ is providing a lower de-lay to its pakets. Hene, TSQ inreases the dropprobability for pakets with delay hints lower thanthe maximum (2n, or 16 in our implementation).The inrease in drop probability is related to theredution in queuing delay that the paket wouldotherwise experiene if it were inserted in the queuein the position alulated by the ut-in-line meha-nism. Thus, for a paket from a throughput sensi-tive appliation whih would otherwise be insertedat the end of the queue, the drop probability fromthe AQM tehnique is not inreased, hene the ap-pliation bene�ts from any throughput advantageprovided by the underlying AQM.To determine the appropriate drop probabilityof pakets that have ut-in-line, TSQ starts withthe steady state throughput T of a TCP owin whih throughput is inversely proportional tothe queuing delay and the square root of the lossrate [PFTK98℄: T = Kr �pp (3)where r is the round-trip time, p is the loss rate andK is a onstant for all ows based on the networkonditions. The round trip delay r is the sum ofthe queuing delay and the round-trip propagationdelay. Sine some pakets an have a dereasedqueuing delay by utting in line, we ompensateby inreasing the drop probability for those pak-ets. Let the new queuing delay after TSQ be q0,7



the new drop probability be p0, and the round-trippropagation delay be l. The throughput obtainedby the ow will now be T 0:T 0 = K(l + q0)�pp0 (4)We want to prevent the new throughput T 0 frombeing greater than the throughput obtained with-out TSQ, (T 0 � T ). Hene, we alulate the newdrop probability p0 as:p0 = (l + q)2 � p(l + q0)2 (5)The value of p0 depends on the new queue po-sition value q0 and the queue position q if TSQwere not present (in other words, the instanta-neous queue length when the paket arrived). p0also depends on the one way propagation delay lof the network. Sine it is diÆult for the routerto determine the one way propagation delay of ev-ery ow, we keep the value of l as a onstant, butis typially between 40-100 ms for many Internetlinks [CPS02℄. Setting l to lower values in thisrange will result in a more aggressive inrease indrop probability, while setting l to higher values inthis range will result in less aggressive inrease indrop probability. For our experiments, we �xed theone way propagation delay onstant for the routerat 40 ms.13.4 SummaryFigure 6 summarizes the TSQ algorithm.4 ExperimentsThis hapter desribes experiments to evaluatethe TraÆ Sensitive Quality of Servie Mehanism(TSQ) over an existing Ative Queue Management(AQM) tehnique, the PI-ontroller [HMTG01℄.The PI-ontroller attempts to provide a steadyqueuing delay by keeping the queue size stablearound a target queue length, adjusting the dropprobability in response to the rate of inoming1Note that this value is �xed for the TSQ router for allexperiments although the experiments will be simulated onnetworks with di�erent propagation delays.

/* onstants:C - apaity of the linkl - network latenyn - number of bits used for delay hints//* variables:q - urrent length of queueq' - position to inserted paketw - paket weightd - delay hinttd - drain timeta - paket arrival timep - AQM drop probabilityp' - drop probability after TSQ/on reeiving paket pkt:// Calulate its drain timetd = q/C// Calulate paket weightw = (d � td)/2n + ta// Determine new position of paket in thequeueq' = weightedInsert(w,pkt)// Calulate new drop probabilityp' = (l+q)2�p(l+q0)2// Generate random number between 0 and 1r = uniform[0,1℄if (r � p') thendrop(pkt)elseinsertPaket(q', pkt)Figure 6: TSQ Algorithmpakets. Like many AQMs, PI provides an expliitdrop probability required for TSQ.We onduted a variety of experiments to testthe e�et of TSQ on the quality of audio onfer-ene, interative video and �le transfer ows, om-paring performane with PI and TSQ to perfor-8



mane with only PI. We also measured the varia-tion in queuing delay and throughput for the au-dio and video ows to illustrate the basi e�etsof TSQ. Finally, we ran experiments to measurethe e�et of unresponsive ows when using TSQin order to verify that non-responsive ows do notbene�t from TSQ.4.1 Experiment Setup
Figure 7: Network TopologyAll implementation and experiments were donein the Network Simulator (NS-2).2 Figure 7 showsthe generi network topology for all the exper-iments in the simulation. There are N souresS1..SN and N destinations D1..DN. These N owsare onneted to a single ommon link giving rise toa bottlenek at router R1. Eah of the onnetionsbetween the soures and the bottlenek node have alink apaity of 50 Mbps and propagation delay of50 ms. Similar onnetions exist between the egressrouter (R2) and the destinations. The bottleneklink apaity is B Mbps. The one way propaga-tion delay of the network is D ms. This bottlenekrouter runs PI [HMTG01℄ plus our implementationof the TSQ algorithm in Figure 6. PI is on�g-ured with the values reommended in [HMTG01℄:� = 0:00001822, � = 0:00001816, ! = 170, qref =200 pakets and qmax = 800 pakets. The averagepaket size is 1000 bytes.4.2 Audio Quality EvaluationIn this experiment we evaluate the performane ofa single interative audio ow sharing the networkwith other TCP based bulk �le transfer ows.2http://www.isi.edu/nsnam/ns/

4.2.1 SetupThe network topology is as desribed in Setion 4.1with the bottlenek link apaity B=15 Mbps andthe one-way propagation delay D=50 ms providingone-way propagation delays between eah of thesoures and their respetive destinations at 150 ms.The number of ows N=100, with 99 TCP basedFTP bulk transfer ows that are not delay sensitiveand so provide the maximum delay hint of 16, and 1audio onferene ow simulated as a TCP-friendlysoure sending data at a rate of 128 Kbps. Werun the experiment for 100 seonds of simulationtime, whereupon we e hange the delay hint of theaudio ow for the next run in order to evaluate theperformane of the audio ow over a range of delayhints.4.2.2 AnalysisWe analyze the e�et of di�erent delay hints on thequeuing delay and throughput of the audio ow.
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Figure 8: CDF of Queuing Delay for Audio Con-ferene Flow with Delay Hints of 1, 6 and 16.Figure 8 depits a CDF of the queuing delay ex-periened by the audio ow for 3 di�erent delayhints. The CDF is plotted for a delay hint 1, whihgives the minimum delay, a delay hint 6, whihgave the audio ow its optimal quality, and a de-lay hint 16, whih gives the maximum delay. Themedian queuing delay is lower for the lower delayhints, and the CDF urves for hints 1 and 6 aresteeper than for hint 16, whih implies that thereis less variation in the per-paket queuing delay9



with lower hints. Hene, for delay sensitive ap-pliations an AQM with TSQ an provide a loweraverage queuing delay with less variation than anan AQM alone.
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Figure 9: CDF of Throughput for Audio Confer-ene Flow with Delay Hints of 1, 6 and 16.Figure 9 shows a CDF plot for the throughputobtained by the audio ow for the delay hints of1, 6 and 16. The throughput is alulated ev-ery round-trip time (300 ms in these experiments).The throughput distributions of the �le transferows are similar to the distributions obtained withdelay hints of 16. If TSQ were not used, then thethroughput distribution would be similar to thatof a ow with delay hint 16. As is evident fromthe �gure, the median throughput dereases as thedelay hint dereases.
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Using the quality model desribed in Setion 2and the throughput and total delay (queuing delayplus propagation delay), we ompute the qualityof the audio ow for di�erent delay hints. Fig-ure 10 shows the variation of the delay quality andthroughput quality of the audio ow with di�erentdelay hints. The delay quality of the audio applia-tion improves with a derease in delay hint, whileits throughput quality dereases. In other words,as the appliation indiates its preferene for lowerdelay, it is \utting" in line more, hene gettinga lower average queuing delay whih improves itsdelay quality. However, orrespondingly the audioow gets dropped with a higher probability, heneahieving a lower throughput and ausing a dropin the throughput quality. The overall quality ofan appliation is the minimum of the delay qualityand the throughput quality. Thus the appliationgets its best overall quality at a delay hint of 6.When TSQ is not used, the delay obtained by allappliations is similar to that obtained by an ap-pliation with delay hint 16.4.3 Video Quality EvaluationThe experiments onduted in the previous setionindiate TSQ an be used to improve the qualityof appliations that are primarily delay sensitive.We next present experiments evaluating TSQ forinterative video appliations that are sensitive toboth delay and throughput.4.3.1 SetupThe network topology is as desribed in Setion 4.1with the bottlenek link apaity B=4 Mbps andthe one-way propagation delay D=50 ms provid-ing one-way propagation delays between eah ofthe soures and their respetive destinations at 150ms. The number of ows N=20, of whih 19 arebulk �le transfers and 1 is a TCP-friendly CBRsoure sending data at a rate of 500 Kbps, typialof a H.323 video-onferene [Cor00℄. We run eahexperiment for 100 seonds, and then hange thedelay hint for the video ow for the next run.10
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Figure 11: CDF of Queuing Delay of Video Con-ferene Flow for Delay Hints of 1, 6 and 164.3.2 AnalysisFigure 11 shows the CDF of the queuing delay forthe video ow for delay hints of 1, 6 and 16. Asseen in Setion 4.2.2 for the audio onferene, themedian queuing delay for the video onferene islower for the lower delay hints. Also, the CDFurves for delay hints of 1 and 6 are muh steeperthan for delay hints of 16, whih implies low vari-ane in the queuing delay. Thus, similar to for theaudio onferene, TSQ an provide a lower queu-ing delay with less variation to video onfereneappliations.
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Figure 12: CDF of Throughput of Video Confer-ene Flow for Delay Hints of 1, 6 and 16.Figure 12 shows the CDF of the throughput ob-tained by the video onferene ows for the same 3delay hints. The throughputs are alulated over 1

round-trip time(300 ms in our experiments). Thethree CDF urves are more nearly the same for thevideo onferene as ompared to the CDF urvesfor the audio onferene (Figure 12), indiatingthat the derease in throughput is not signi�antwhen the delay hint is redued.
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Figure 13: Throughput and Delay Quality forVideo Conferene Flow versus Delay HintThe graph in Figure 13 shows how the quality ofthe video ow is a�eted by di�erent delay hints.For lower delay hints, the average queuing delayand hene the average delay for the video ow de-reases, resulting in a signi�ant gain in delay qual-ity, while the drop in throughput quality is less sig-ni�ant. The overall quality of the video onferenefor di�erent delay hints is the minimum of the twourves, and is maximize when the delay hint is 6.4.4 Mixed TraÆ EvaluationThe experiments onduted so far had one singledelay sensitive ow (an audio onferene in the �rstset of experiments and a video onferene in theseond set of experiments). We now evaluate theperformane of TSQ when there is a varying mixof delay sensitive and throughput sensitive ows.4.5 SetupThe experimental setup for this experiment is sim-ilar to the �rst set of experiments (B=15, D=50,N=100). Within the 100 ows, we hanged the rel-ative number of delay sensitive (audio) ows withrespet to the number of throughput sensitive (�le11



transfer) ows. The traÆ mixes we ran inlude: 1audio ow, 99 �le transfer ows; 25 audio, 75 �letransfer; 50 audio, 50 �le transfer; and 75 audio, 25�le transfer.3 The audio ows were a TCP-friendlyCBR soures sending data at a rate of 128 Kbpsand using a delay hint of 6 (the optimum delayhint from Setion 4.2), while the �le transfer owsused the maximum delay hint of 16.4.6 Analysis
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Figure 14: Normalized Quality of Audio Flows andFile Transfer Flows for Varying TraÆ MixesWe alulated the average quality obtained bythe �le transfer ows and the audio ows for thevarious traÆ on�gurations. This quality wasthen normalized against the quality that the ap-pliation obtained when TSQ was not enabled (thebottlenek router only ran PI). In other words, thenormalized quality of an appliation when TSQ isswithed o� is 1. If an appliation reeives bet-ter QoS when TSQ is enabled, then its normalizedquality is greater than 1. Conversely, if the qual-ity of the appliation is worse when TSQ is notenabled, then normalized quality is less than 1.Figure 14 shows that as the perentage of audioows in the network inreases, the average gain inquality of the audio appliation dereases. Thisis beause as the number of delay sensitive owsinreases in the network, the delay sensitive ows3The extreme ase of 99 audio ows and 1 �le trans-fer ow was not evaluated, as this on�guration did notause suÆient ongestion for any queuing delay build-upand hene was not useful for omparative evaluation.

will ut in line less than they would when there aremore throughput sensitive ows, reduing the qual-ity gains. However, notie at all times the normal-ized quality is greater than 1, hene, the quality ofservie obtained using TSQ is always higher thanthat obtained without TSQ even with inreasingnumbers of audio ows.For the �le transfer ows, the normalized qual-ity inreases initially with an inrease in numberof ows. However, as the number of audio owsinreases beyond 25 perent, the normalized �letransfer quality starts dereasing. Again, for alltraÆ mixes, the normalized �le transfer qualityis greater or equal to 1. Thus, TSQ provides bet-ter or equal quality for both audio onferene and�le transfer appliations than does the underlyingAQM (PI in our experiments) without TSQ.4.7 Unresponsive FlowsIn the previous experiments we have made all inter-ative audio and video ows TCP friendly, while inpratie there may be interative audio and videoows that are unresponsive to network ongestion.In this setion we evaluate the behavior of unre-sponsive ows when TSQ is used. During onges-tion, an unresponsive appliation will not redueits data rate in response to paket loss. Hene, weinvestigate whether unresponsive UDP ows angain an unfair advantage by taking advantage ofTSQ. In the �rst set of experiments, we introdueda single unresponsive UDP ow in a network withonly �le transfer TCP ows. We observed the ef-fet of the UDP ow on the average throughput ofthe TCP ows. We repeat the experiment with dif-ferent values for the delay hints for the UDP ow.In the seond set of UDP experiments we evalu-ate the e�et on quality of UDP and TCP applia-tions with varying mixes of UDP and TCP ows.The quality of these appliations were normalizedagainst the quality ahieved under similar networkonditions if TSQ was not used.4.7.1 Set 1In this set of experiments, the network topologyis similar to those in previous experiments (B=15,D=50, N=100), with 99 bulk �le transfers usingTCP, and 1 audio ow over UDP. The audio ow12



is unresponsive CBR sending data at a rate of 600Kbps, whih is more than the ow's fair share ofbandwidth of 150 Kbps. The �le transfer use themaximum delay hint of 16 while the unresponsiveUDP ow uses a di�erent delay hint in eah 100seond run.
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Figure 15: Normalized File Transfer Quality ver-sus Delay Hint in the Presene of a High-Bitrate,Unresponsive FlowWe measured the average throughput for the 99�le transfer ows in eah run. Figure 15 shows theaverage �le transfer throughput when running withUDP ows with di�erent delay hints. The through-put is normalized against the average �le transferthroughput when the same experiment is run onPI without TSQ enabled. As we an see from thegraph, the average �le transfer throughput remainsalmost onstant in eah of the runs, with the �letransfer throughput being a little higher when theUDP ow tries to \heat" by using a lower delayhint. This makes AQM routers that use TSQ nomore vulnerable to unresponsive ows than if theydid not use TSQ.4.7.2 Set 2In this set of experiments, the network topologyis similar to those in previous experiments (B=15,D=50, N=100), where the 100 ows are a mix ofunresponsive audio ows running over UDP and�le transfers running over TCP. The audio owssend at an unyielding rate of 128 Kbps and use adelay hint of 6, while the TCP ows are elasti anduse a delay hint of 16. We vary the mix of UDP

ows from 1 to 75 (1, 25, 50 and 75).
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Figure 16: Normalized Quality versus TraÆ Mixwith Unresponsive Audio Conferene FlowsFigure 16 plots the average audio and �le trans-fer quality normalized against the average qualityobtained without TSQ. As the number of UDP au-dio ows in the network inreases, the normalizedquality dereases for both the UDP and �le transferappliations. However, at all times the normalizedquality is above 1 for both the UDP audio andTCP �le transfers. Hene, there is an improve-ment in the average quality of both the UDP audioand TCP �le transfer appliations due to the TSQfor a varying mixes of ows, suggesting TSQ willnot more negatively impat network performanein the presene of unresponsive ows.5 ConlusionsThe urrent Internet supports appliations withprimary Quality of Servie (QoS) requirements ofdelay and throughput. Unfortunately, the urrentInternet however does not di�erentiate between ap-pliation QoS requirements and instead providesuniform servie to all appliations. We assert thatthe Internet an instead provide QoS mehanismswhile remaining best e�ort, raising the overall QoSfor most appliations, while preserving the robust-ness and salability of the network, all without re-quiring ompliated poliing, priing or per-owaounting mehanisms.In this paper, we have presented a TraÆ Sensi-tive QoS ontroller (TSQ). TSQ is sensitive to the13



varying QoS requirements of diverse Internet traf-�, and thus provides di�erent delay and through-put treatments to pakets from di�erent types ofappliations. TSQ an be used in onjuntion withmany urrent AQM tehniques allowing the fullperformane bene�ts to quality that the underly-ing AQM has to o�er. Appliations inform TSQabout their delay sensitivity by embedding withineah paket a delay hint, an indiator of an appli-ation's delay sensitivity. Based on the delay hintof eah paket, TSQ makes a deision as to wherethe paket must be inserted in the queue (thuspotentially dereasing its queuing delay) and howmuh the drop probability of the paket must beinreased (thus potentially dereasing its through-put). This mehanism helps delay-sensitive appli-ations attain better QoS, while at the same timeavoids hurting, and sometimes helps, the QoS ofthroughput sensitive appliations.In order to quantify an appliation's QoS, wepropose a QoS metri based on the minimum of anappliation's delay quality and throughput qual-ity. Based on earlier work in pereived quality, wehave ontributed quality metris for some typialInternet appliations: interative audio, interativevideo and �le transfer. Quality funtion suh asthese, along with a TSQ-enabled Internet, an dy-namially hoose their delay hints so as to maxi-mize their Quality of Servie.Our evaluation of TSQ with varying traÆ mixesshows TSQ an inrease the average quality of allappliations (8% to 18% for delay sensitive appli-ations and up to 4% for throughput sensitive ap-pliations) over the quality obtained by using theAQM without TSQ, all while not allow unrespon-sive traÆ to gain further advantage over respon-sive traÆ than does the underlying AQM.6 Future WorkOur urrent implementation of TSQ uses 4 bits inthe IP header to embed the delay hint, allowingappliations to hoose from 16 levels of delay sen-sitivity. A larger range of delay hints will be avail-able if more bits are used to embed the delay hint,but at the ost of more bits of overhead. Hene,further researh is required to determine the ap-propriate number of bits needed to support a range

of delay sensitivities without induing unneessaryoverhead.Another area of potential future researh is indeveloping quality metris. We have devised qual-ity metris representative of three appliations (in-terative audio, interative video and �le transfer),however, other appliations may have di�erent QoSrequirements. In addition, there may be other waysto quantify QoS, suh as taking the average (or thesum) of the throughput and delay qualities, sug-gesting further investigation into the quality met-ris and requirements of other appliations on theInternet is appropriate.Another possible extension would be to buildappliations that an take advantage of TSQ bydynamially hanging their delay hints. Theseappliations ould then evaluate the quality thatthey obtained by using their urrent delay hintand adapt their delay hint if they are not satis�edwith the QoS reeived. How rapidly an appliationwould adapt to hanging network QoS would needto be explored.Referenes[BFPT99℄ J-C. Bolot, S. Fosse-Parisis, andD. Towsley. Adaptive FEC-Based Er-ror Control for Internet Telephony.In Proeedings of IEEE INFOCOM,Marh 1999.[CC00℄ Jae Chung and Mark Claypool.Dynami-CBT and ChIPS - RouterSupport for Improved MultimediaPerformane on the Internet. In Pro-eedings of the ACM Multimedia Con-ferene, November 2000.[Cor98℄ Real Networks Corporation. Real Net-works Guide for Audio Prodution,1998.[Cor00℄ RadVision Corporation. MultipointConferening Spei�ations, 2000.[CPS02℄ Andrew Corlett, D. I. Pullin, andStephen Sargood. Statistis of One-Way Internet Paket Delays. In Pro-eedings of 53rd Internet EngineeringTask Fore, Marh 2002.14
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