In: Proceedings of the International Workshop on Audio-Visual Services over Packet Networks,Aberdeen, Scotland, UK, September 1997, pages 201-206.A Two-Dimensional Audio Scaling Enhancement to an InternetVideoconferencing System*Peter NeeKevin JeffayMichele ClarkUniversity of North Carolina at Chapel HillDepartment of Computer ScienceChapel Hill, NC 27599-3175{nee,jeffay,clark}@cs.unc.eduGunner DanneelsIntel CorporationIntel Architecture LabsHillsboro, ORGunner_Danneels@ccm.jf.intel.comhttp://www.cs.unc.edu/Research/DirtABSTRACT: Without widely deployed mechanismsfor resource reservation, adaptive, best-effort tech-niques are the only methods of congestion controlavailable to interactive, real-time applications. Herewe discuss media scaling techniques for the audiocomponent of videoconferencing systems and describean experimental version of the ProShare system thatincorporates two of these techniques. We also reportthe results of experiments using these techniques toadapt to daytime Internet traffic conditions.1. INTRODUCTION This paper presents the results of experimentscomparing two schemes for best-effort, adaptive con-gestion control for videoconferencing. In particular,these two techniques used two different approaches tothe adaptation of the audio component of a videconfer-encing system. The first of these two schemes usedconventional bit-rate scaling to adapt the audiostream. The second scheme employed a two-dimen-sional scaling scheme to adjust the audio packet-rateas well as the audio bit-rate. Two-dimensional scalingschemes were proposed and shown to be effective incampus-size internetworks in [8, 9]. Further workincorporating a two-dimensional scaling scheme intoan experimental version of the Intel ProShare� video-conferencing system also showed some benefit usinga lower bit-rate codec over longer, Internet paths [7].The system described here focused specifically onaudio adaptation which was not part of this previousProShare implementation.It is well known that the quality of the audiostream of a videoconference is the single largest factorin user perception of overall conference quality. In-deed, if a videoconferencing system cannot deliver lowlatency, low loss audio over the current network con-ditions, communication with the system becomesimpossible. Our goals in applying two-dimensionalscaling to the audio component of our ProShare sys-tem were to demonstrate an adaptive scheme thatcould first, deliver higher quality audio in commonly

*Supported by grants from the Intel Corporation, the NationalScience Foundation (grants IRIS-9508514 & CCR-9510156), andthe Advanced Research Projects Agency (grant 96-06580).arising network conditions, and second, provide feasi-ble audio over a wider range of network conditions.Unfortunately, our experiments failed to show aclear advantage for the two-dimensional scheme ineither of these areas. However, this work is still ofinterest as it highlights the issues concerning two-dimensional scaling, and serves as a first step toward amore effective implementation of two-dimensionalscaling.The next section provides some background onmedia scaling in general and two-dimensional scalingin particular. Section 3 describes our incorporation ofaudio scaling schemes into the ProShare framework.Sections 4 and 5, respectively, describe our experi-mental method and the results of our experiments. Insection 6 we discuss the results, drawing conclusionsand identifying potential future improvements.2. BACKGROUND AND RELATED WORKDistributed, real-time multimedia applications such asvideoconferencing must provide a smooth, low lossflow of media units to a human participant in the faceof the latency, variation in latency (delay-jitter), andloss introduced by congestion in the network. Currentinternetworks are primarily composed of best-effortcomponents such as shared media LANs, wide-areatelecommunication links, and routers and switchesthat use only simple methods of packet scheduling(e.g. FIFO queueing and packet queue tail drop forbuffer shortages). Although most such networks pro-vide a sufficient quality of service when lightlyloaded, contention for resources leads to congestionwhich results in increased latency, increased delay-jitter, and greater packet loss for traffic through a con-strained element of the network. Thus, the success ofdistributed real-time multimedia applications hingeson a successful method of congestion control.One strategy for congestion control for real-timemultimedia traffic is resource reservation. Resourcereservation schemes allocate network resources to aspecific application or class of applications [2, 6, 10,11]. This approach can provide guaranteed quality ofservice to applications that make reservations, butonly if support for the reservation mechanism is

2widely deployed and network resources can be allo-cated along the entire path from sender to receiver.Another strategy for congestion control is adaptivemedia scaling. This approach adjusts the attributes ofthe transmitted media streams to the current networkconditions [1, 3, 4, 6, 8], for example, reducing thevideo frame rate in response to packet loss. This ap-proach is well-suited to networks containing best-effort components, as well as the presumably moreaffordable best-effort service classes of most proposedresource reservation schemes. In addition, media suchas audio and video are inherently scaleable and thusable to convey usable information over a wide rangeof quality/resource consumption tradeoffs. It is there-fore useful to study adaptive media scaling techniquesto optimize them for efficient use in best-effort in-ternetworks.The motivation for two-dimensional scalingschemes incorporating both bit-rate and packet-rateadaptations, is a classification of the resource con-straints the underlie network congestion into one oftwo types. Some resources are consumed by thetransmission of bits through the network. These in-clude link bandwidth and packet movement time inrouter memory. If a network path is unable to sustainthe current bit-rate of the aggregate traffic, queuesbegin to grow and congestion arises. We classify anetwork path congested for this reason as capacityconstrained. In contrast, some network resources areconsumed by packet transmission, regardless of packetsize (and thus regardless of bit-rate). These includemedia access time for shared media LANs such as ashared Ethernet segment, and packet processing over-head at router CPUs. If a network is unable to sustainthe current packet-rate of the aggregate traffic, queuesagain grow and the symptoms of congestion appear.We classify a network congested for this reason asaccess constrained. Note that an access constraint canpossibly be relieved by simply repackaging the traffic,without a reduction of bit-rate, so that the same datais sent in fewer packets. Such a repackaging may in-troduce additional latency, but if the repackaging re-lieves congestion, total end-to-end latency may in factbe reduced.We characterize the media streams produced by avideoconferencing system as operating points in a bit-rate · packet-rate plane. Each point in this plane rep-resents the raw bit-rate of the system as well as theway the media units are partitioned into networkpackets. An adaptation is a move from one operatingpoint to another. We can classify an adaptationscheme as one-dimensional or two-dimensional by theoperating point set it uses.One-dimensional schemes use operating pointsthat are roughly collinear in the bit-rate · packet-rateplane. This include schemes with points on a verticalline (e.g., audio bit-rate scaling that maintains a con-stant packet-rate), a horizontal line (e.g., an audioaggregation scheme that does not change the samplerate, but rather the number of samples per packet), ora diagonal line that reduces both bit-rate and packet-rate in a roughly proportional fashion (e.g., temporalvideo scaling, which reduces the video frame-rate andthereby both video bit-rate and video packet-rate).One-dimensional schemes can use a very simple probeand retreat algorithm to move through the operatingpoint set in response to feedback.Two-dimensional schemes make use of points thatcover an area of the bit-rate · packet-rate plane, notjust a line. This allows greater flexibility in adaptingthe packet-rate to access constraints and the bit-rate tocapacity constraints. For example, a one-dimensionalscheme that uses temporal video scaling to adapt to acapacity constraint will reduce video packet-rate aswell, whereas a two-dimensional scheme might onlyreduce the bits per frame and maintain a higher frame-rate and bit-rate. In addition, a scheme that uses bit-rate scaling only will be unable to adapt to an accessconstraint. A two-dimensional scheme could reducepacket-rate to meet this constraint without affectingbit-rate.With the additional adaptation options available toa two-dimensional scheme comes additional complex-ity in finding the best operating point. Both accessand capacity constraints result in the same end-to-endsymptoms of congestion: increased latency, delay-jitter, and/or packet loss. The optimal adaptationchoice cannot be empirically determined at each step.However, a relatively simple heuristic approach(described in ⁄3.3) has been used successfully [7-9].3. SYSTEM DESCRIPTIONThe system built for these experiments was based ontwo components. The ProShare videoconferencingsystem provided a video codec, call setup, and UDPbased transport. A commercially available sound cardcapturing PCM audio was used to simulate an audiocodec supporting audio scaling.3.1 Video ComponentOur experimental system was based on ProShare 1.8.This version of ProShare implements roughly con-stant bit-rate, point-to-point videoconferences. Beforethe start of a conference, the user may choose fromone low bit-rate operating point suitable for ISDN orLAN operation, or one of two higher bit-rate operat-ing points suitable only for LAN operation.Our experimental system uses an internal interfaceto the video codec to allow on-the-fly adjustments tothe bit-rate and frame-rate of the video. In the workpresented here, video bit-rate and frame-rate were ad-justed proportionally, so as to always generate framesof about 2,100 bytes. This allowed the implementa-tion of a simple one-dimensional scaling scheme for

3the video component of the conferences run for theseexperiments.3.2 Audio ComponentProShare�s built in audio operates at a fixed rate often 200 byte frames per second. Since our goal was tocompare two different systems for adapting audio, weinstead used a separate sound card to generate a simu-lation of a very flexible audio codec. The goal was notto generate playable audio (in fact, the audio generatedthis way was unplayable), but rather to simulate therelevant characteristics of an abstract codec with thedesired attributes.Although our abstract audio codec is capable ofoperating at a variety of bit-rate and buffer size com-binations, in a practical system the bit-rate variabilitymight best be implemented by switching betweenvarious compression schemes. For our purposes, itwas sufficient to model a PCM system with a selec-tion of sampling frequencies. However, even this ap-proach had two problems that lead to the further useof simulation in our experimental system.First, even operating in full duplex mode, oursound card was incapable ofsupporting different sample fre-quencies for input and output.Although the two systems coor-dinated their operating pointselection, the sound card couldnot support the transitional pe-riods that arose during eachchange in sampling frequency.In essence, this meant that oursystem generated audio data thatcould not be successfully playedout on our hardware. It was thislimitation that lead us to simu-late an ideal codec that generatedthe desired network traffic,without trying to produce play-able audio. Although playable audio is a useful checkon the successful operation of an experimental sys-tem, experience has shown us that measurements ofthe transmission quality of the audio stream are suffi-cient to judge the feasibility of the stream, and thussuitable to judge the success of properly simulatedadaptations.The second limitation was that changing the sam-pling frequency required closing and re-opening thecard. This caused enough of a fluctuation in card out-put that it was decided to operate the card at one fixedsample frequency. To simulate operation at highersample frequencies, two notions of buffer size wereintroduced. The record buffer size was varied to simu-late variation in sample frequency. For example, at5.5 kHz sample frequency filling 256 byte buffersgenerates interrupts at the same rate as 22 kHz samplefrequency filling 1024 byte buffers. To complete thesimulation of a 22 kHz, 1024 byte buffer operatingpoint, it is still necessary to actually transmit 1024bytes. Therefore, we introduce the concept of a trans-mit buffer size, distinct from the record buffer sizeused to obtain interrupts from the sound card at thecorrect rate. Table 1 summarizes the record buffersizes and transmit buffer sizes used to simulate thecomplete set of operating points for our abstract audiocodec. The card operates at a constant sample rate of5.5 kHz.The simulated operating points are plotted in thebit-rate · packet-rate plane in Figure 1. Note that theyform a rectangular grid with some additional points atthe upper right.All of these audio operating points are available tothe two-dimensional adaptive scheme, which seeks toadjust both the packet-rate and the bit-rate of the out-going audio stream.The one-dimensional scheme uses only a subset ofthe available audio operating points, because it seeksonly to adjust the bit-rate of the outgoing audiostream. Thus, any of the three columns of the audiooperating point grid would be a suitable subset for theTable 1: Audio simulation parameters.Simulated Sam-ple Rate (kHz)Record BufferSize (bytes)Transmit BufferSize (bytes)22256102416.525676816.5384115211256512113847681151210248.252563848.253845368.255127685.52562565.53843845.5512512

05 01 0 01 5 02 0 02 5 0051 01 52 02 53 0Packet Rate (packets/s)Bit Rate(kbps)

5 kHz

8 kHz

11kHz

16kHz

22 kHz

VideoFigure 1: Experimental system operating points.

4one-dimensional scheme. We chose the far right col-umn, which has the lowest latency (highest packet-rate) of the three columns, because choosing tominimize latency is a reasonable design choice.3.3 One-Dimensional Adaptation AlgorithmOnce per second, feedback from the receiver is used toclassify the network as either congested or uncon-gested. The network is classified as congested if morethan two packets are lost, or if network latency hasincreased fifty percent over a moving average of theprevious five uncongested latency measurements.If the network is classified as congested, the algo-rithm retreats for both video and audio streams. Forvideo at 12 or 14 frames per second a retreat is a re-duction of two frames per second. For video between7 and 10 frames per second, a retreat is a reduction ofone frame per second. Six is the lowest frame-ratepermitted. For audio, a retreat is a reduction to nextlower simulated sampling rate.If the network has been classified as uncongestedfor four consecutive feedback messages, the algorithmwill probe to see if a better quality operating pointcan be maintained. A probe entails increasing both thecurrent video frame rate (by one or two frames persecond in the inverse of the retreat adaptations) and thecurrent audio sampling rate to the next higher level.3.4 Two-Dimensional Adaptation AlgorithmThe algorithm used for our two-dimensional schemeis based on the one-dimensional scheme describedabove. In particular, the feedback messages, classifica-tion of the network, decision to retreat or probe, andthe video adaptation are handled the same way. Thetwo-dimensional scheme described here differs only inthe way audio adaptation is done.To control audio adaptation, a �recent success� his-tory mechanism is used. For example, if the last in-stance of congestion was relieved by a reduction inbit-rate, it is assumed that the current bottleneck is acapacity constraint. A bit-rate reduction is attemptedfirst if congestion appears again, and if a probe isnecessary, an increase in packet-rate, rather than anincrease in bit-rate will be attempted. Similarly, reliefof congestion by a packet-rate reduction leads to ini-tial retreats in the packet-rate dimension and initialprobes in the bit-rate dimension. If a retreat fails torelieve congestion, an adaptation in the other dimen-sion is attempted. Thus, repeated indications of con-gestion lead to a �stairstep� retreat to the origin. If aprobe encounters congestion, it is undone, and after afour second interval of no congestion, a probe in theother dimension is attempted. This allows the algo-rithm to work its way up and to the right to find thebest quality bit-rate and packet-rate combination sus-tainable in the current network conditions.4. EXPERIMENTAL METHODTo compare our two adaptive schemes we performed afive minute run of each scheme one after the other.For each pair of runs a coin toss was used to ran-domly order the two schemes. These runs were per-formed during the busiest part of the day, 10:00 am to4:00 pm EDT, and repeated over many days.To route the traffic over lengthy Internet paths, re-flectors were set up at remote sites. Conference pack-ets traveled from the sender to the reflector(s) and thenback to the receiver. Up to four runs were performed aday, with a space of at least an hour and a half be-tween each run. Two reflector configurations wereused, each giving a total path length of roughlytwenty-eight hops. The first configuration used a sin-gle reflector at the University of Washington. Thesecond configuration used two reflectors one at theUniversity of Virginia, the other at Duke University.These two reflectors were chained together so that allconference packets went through both reflectors.For each reflector configuration, up to four runswere performed in a day. At least an hour and a halfinterval was required between runs using the samereflector configuration.Because ProShare is a bi-directional conferencingsystem, the adaptations of the two systems were coor-dinated with a master/slave arrangement. Both sys-tems monitored the quality of the conference data fromthe other system and reported feedback as describedabove. The master system ran the adaptive heuristicbased on the slave system�s feedback and adjusted thecurrent operating point as described above. The mastersystem then reported its current operating point to theslave system and the slave system changed its currentoperating point to match.5. EXPERIMENTAL RESULTSWe compared one minute averages of correspondingconference minutes for each of four criteria. Thesecomparisons are in Figure 2 with the results for theDuke/UVa/UNC configuration on the left, and theresults for the UW/UNC configuration on the right.The bars in each chart are ordered chronologically.Each group of five bars are minutes of the same run.Some correlation between minutes of the same runcan be seen.The first chart in each column shows the absolutedifference in audio bit-rate throughput. A positivenumber is a higher bit-rate delivered by the two-dimensional system, a negative is a higher bit-ratedelivered by the one-dimensional system. For bothconfigurations, there is not a dramatic difference, al-though the one-dimensional system delivered a higherbit-rate slightly more often.The second comparison is of video throughput, asmeasured in delivered video frame rate. Again, theabsolute difference between the two-dimensional and

5one-dimensional rates are presented. Again, there is nodramatic difference, although the two-dimensionalscheme delivered more video frames slightly moreoften.The third comparison is a feasibility test, the per-centage of packets lost in the network. These are pre-sented separately for the two schemes in the third andfourth charts in each column. Taking an average per-centage loss of three percent as an indication of in-feasibility, there are no dramatic differences in feasi-bility between the two schemes, although the twoconfigurations do differ. The Duke/UVa/UNC con-figuration was almost always able to deliver a feasibleconference, the UW/UNC configuration had roughlytwenty-five out a hundred infeasible minutes for bothschemes.The final comparison is a difference plot for videolatency. Neither scheme demonstrates a significantadvantage here.Because we compared conference quality measure-ments gathered a few minutes apart, no conclusionscan be drawn from individual comparisons. Shifts innetwork conditions dominate many individual meas-urements. Instead, we must examine the trends over alarge number of runs to identify differences that stemfrom the capabilities of the two schemes. Examina-tion of our results shows only a slight, but consistentvideo throughput advantage for the two-dimensionalscheme, and a slight, but consistent audio throughputadvantage for the one-dimensional scheme.6. SUMMARY AND CONCLUSIONSIn this paper, we presented an explanation of two-dimensional scaling techniques and applied them tothe audio component of an experimental videoconfer-encing system. We presented the results of experi-ments comparing the two-dimensional scheme to amore conventional media scaling scheme over lengthyInternet paths. Past experiments with higher bit-ratevideoconferencing systems and shorter Internet pathshave shown a clear advantage for two-dimensionaltechniques. We therefore conclude that scaling thosebenefits to the extreme environments reflected in thiswork remains a challenge.It is quite possible that enhancements to the sys-tem described here could address this scalability issue.For example, adding a two-dimensional video compo-nent, or fine tuning the heuristic for congestion detec-tion and adaptation control may extend the benefits oftwo-dimensional scaling to this larger scale. In anycase, since the two-dimensional scaling was not dis-advantaged at this scale, a system that uses two-dimensional scaling will have a net advantage in con-ference quality over a variety of internetwork pathlengths and conditions.7. ACKNOWLEDGEMENTSWe are indebted to Jorg Liebherr at the University ofVirginia, Jeff Chase at Duke University, and BrianBershad at the University of Washington for use offacilities to perform the experiments reported herein.8. REFERENCES[1]Bolot, J., Turletti, T., A Rate Control Mecha-nism for Packet Video in the Internet, Proc.IEEE INFOCOMM �94, Toronto, Canada, June1994, pp. 1216-1223.[2]Braden, R., D. Clark, and S. Shenker,�Integrated Services in the Internet Architecture:an Overview,� IETF RFC-1633, July 1994.[3]Chakrabarti, S., Wang, R., Adaptive Control forPacket Video, Proc. IEEE International Confer-ence on Multimedia Computing and Systems1994, Boston, MA, May 1994, pp. 56-62.[4]Delgrossi, L., et al., Media Scaling for Audio-visual Communication with the HeidelbergTransport System, Proc. ACM Multimedia �93,Anaheim, CA, Aug 1993, pp. 99-104.[5]Ferrari, D., Banjea, A., and Zhang, H., NetworkSupport for Multimedia: A Discussion of theTenet Approach, Computer Networks and ISDNSystems, Vol. 26, No. 10 (July 1994), pp.1267-1280.[6]Hoffman, Don, Spear, M., Fernando, Gerard,Network Support for Dynamically Scaled Mul-timedia Streams, Network and Operating SystemSupport for Digital Audio and Video, Proc., D.Shepard, et al (Ed.), Lecture Notes in ComputerScience, Vol. 846, Springer-Verlag, Lancaster,UK, November 1993, pp. 240-251.[7]Nee, P., Jeffay, K., Danneels, G., The Perform-ance of Two-Dimensional Medua Scaling for In-ternet Videoconferencing, Proc. 7th Intl. Work-shop on Network and Operating System Supportfor Digital Audio and Video, St. Louis, MO,May 1997, pp. 237-248.[8]Talley, T.M., Jeffay, K., Two-DimensionalScaling Techniques For Adaptive, Rate-BasedTransmission Control of Live Audio and VideoStreams, Proc. Second ACM Intl. Conferenceon Multimedia, San Francisco, CA, October1994, pp. 247-254.[9]Talley, T.M., Jeffay, K., A General Frameworkfor Continuous Media Transmission Control,Proc. 21st IEEE Local Computer Networks Con-ference, Minneapolis, MN, October 1996, pp.374-383.[10]Topolcic, C. (Ed.), Experimental InternetStream Protocol, Version 2 (ST-II), RFC 1190,IEN-119, CIP Working Group, October 1990.[11]Zhang, L., et al., RSVP: A New Resource ReS-erVation Protocol, IEEE Network, Vol. 5, No.5 (September 1993), pp. 8-18.

6Audio Bit Rate Difference (kbps)-100-80-60-40-20020406080100

Audio Bit Rate Difference (kbps)-100-80-60-40-20020406080100

Video Frame Rate Difference (fps)-8-6-4-202468

2D Packet Loss Percentage (%)0246810121416

1D Packet Loss Pe

rcentage (%)0246810121416

1D Packet Loss Percentage (%)0246810121416

Latency Difference (ms)-100-80-60-40-20020406080100a) Duke/UVa/UNC experiments.

Latency Difference (ms)-100-75-50-250255075100b) UW/UNC experiments.Figure 2: Comparison of one- and two-dimensional media scaling results for two Internet paths.