Experimental Evaluation of Two-Dimensional Media Scaling Techniques for Internet VideoconferencingbyPeter A. NeeA thesis submitted to the faculty of the University of North Carolina at Chapel Hill in partial fulfillment of therequirements for the degree of Master of Science in the Department of Computer Science.Chapel Hill1997Approved by______________________________Advisor: Professor Kevin Jeffay_____________________________Reader: Professor Bert Dempsey______________________________Reader: Professor F. Donelson Smith ii� 1997Peter A. NeeALL RIGHTS RESERVED iiiABSTRACTPeter A. NeeExperimental Evaluation of Two-Dimensional Media Scaling Techniques for Internet Videoconferencing(Under the direction of Kevin Jeffay)Internet Videoconferencing is a desirable application, but difficult to support as it requires performanceguarantees. However, the Internet is made up of best-effort networks and will be for some time to come. Best-effort networks are unable to protect distributed, multimedia applications such as videoconferencing from theeffects of congestion. End-to-end adaptive scaling methods allow such applications to operate in the absence ofnetwork service guarantees. This thesis extends previous work on two-dimensional media scaling, a method thatadapts the bit-rate and packet-rate of media streams. We apply two-dimensional scaling to a commercial codecarchitecture and evaluate the performance in experiments with live Internet traffic. These experiments show somebenefits to incorporating two-dimensional scaling in an Internet videoconferencing application, and indicatedirections for further work on two-dimensional adaptive methods.

ivCONTENTSPageLIST OF TABLES�viLIST OF FIGURES�.�viiChapterI. The Videoconferencing Problem............................................................................................1A. Introduction.................................................................................................................1B. Background..................................................................................................................1II. Solutions for the Videoconferencing Problem..........................................................................5A. Resource Reservation.....................................................................................................5B. Forward Error Correction................................................................................................7C. Adaptive Media Scaling Methods.....................................................................................81. Media Scaling Techniques for Adaptive Methods.............................................................82. Two-Dimensional Scaling Framework.........................................................................103. Feasible points of an operating point set.......................................................................174. Heuristics for Adaptation...........................................................................................20III. Internet Experiments with a ProShare� Implementation of Media Scaling................................25A. General remarks on the experiments................................................................................251. Implementation of the ProShare Experimental system.....................................................252. ProShare Reflectors..................................................................................................27B. Experiment Set One (Head to Head Comparisons of One-and Two-Dimensional Scaling).........281. Methodology..........................................................................................................282. Results of experiment set one.....................................................................................31C. Experiment Set Two....................................................................................................341. Methodology..........................................................................................................342. Results of Experiment Set Two..................................................................................34D. Experiment Set Three..................................................................................................541. Methodology..........................................................................................................542. Results of Experiment Set Three.................................................................................57IV. Conclusions..................................................................................................................64A. Summary...................................................................................................................64B. Issues for further research...............................................................................................64 vV. References......................................................................................................................66 vi LIST OF TABLESTable 1 Audio Compression Algorithms.............................................................................................9Table 2 Summary of recent success finite state machine states and transitions...........................................23Table 3 Feasibility results for experiment set one................................................................................34Table 4 Simulation Values for Audio Operating Points........................................................................57 viiLIST OF FIGURESFigure 1 Operating points of an audio codec capable of pure bit-rate scaling only (kbps · packets/secs)........13Figure 2 Video codec capable of pure bit-rate scaling only (kbps · packets/sec)........................................13Figure 3 Audio codec capable of pure packet-rate scaling only (kbps · packets/sec)..................................14Figure 4 Operating points of a video codec with dependent bit-rate and packet-rate scaling (kbps·packets/sec)15Figure 5 Operating points of an audio codec with dependent bit-rate and packet-rate scaling (kbps·packets/sec)16Figure 6 Operating points of a codec with two-dimensional video (squares) and audio (circles)(kbps·packets/sec).................................................................................................................17Figure 7 Operating points eliminated by perceptual constraints shown in gray shaded over.........................18Figure 8 Operating points eliminated by physical constraints of network and perceptual constraints..............19Figure 9 Operating points eliminated by capacity constraints, physical constraints, and perceptual constraints19Figure 10 Operating points eliminated by access constraints, capacity constraints, physical constraints, andperceptual constraints.............................................................................................................20Figure 11 Configuration for experiment set one...................................................................................28Figure 12 Operating points for one-dimensional system, experiments sets one and two..............................31Figure 13 Two-dimensional operating point set for experiment sets one and two.......................................32Figure 14 Sample experimental results for a conference from experiment set one........................................33Figure 15 Configuration for Experiment Sets Two and Three................................................................34Figure 16 UVa/Duke/UNC: 10:-12:00 Audio Latency difference (ms)......................................................36Figure 17 UVa/Duke/UNC: 12:-14:00 Audio Latency Difference (ms).....................................................36Figure 18 UVa/Duke/UNC: 14-16:00 Audio Latency Difference (ms)......................................................37Figure 19 UVa/Duke/UNC: 16-18:00 Audio Latency Difference (ms)......................................................37Figure 20 UVa/Duke/UNC: 10-12:00 2D Audio Loss Percentage (%).....................................................38Figure 21 UVa/Duke/UNC: 10-12:00 1D Audio Loss Percentage (%).....................................................38Figure 22 UVa/Duke/UNC: 12-14:00 2D Audio Loss Percentage (%).....................................................39Figure 23 UVa/Duke/UNC: 12-14:00 1D Audio Loss Percentage (%).....................................................39Figure 24 UVa/Duke/UNC: 14-16:00 2D Audio Loss Percentage (%).....................................................40Figure 25 UVa/Duke/UNC: 14-16:00 1D Audio Loss Percentage (%).....................................................40 viiiFigure 26 UVa/Duke/UNC: 16-18:00 2D Audio Loss Percentage (%).....................................................41Figure 27 UVa/Duke/UNC: 16-18:00 1D Audio Loss Percentage (%).....................................................41Figure 28 UVa/Duke/UNC: 10-12:00 Video Throughput Difference (fps).................................................42Figure 29 UVa/Duke/UNC: 12-14:00 Video Throughput Difference (fps).................................................42Figure 30 UVa/Duke/UNC: 14-16:00 Video Throughput Difference (fps).................................................43Figure 31 UVa/Duke/UNC: 16-18:00 Video Throughput Difference (fps).................................................43Figure 32 UVa/UNC: 14:00-16:00 Audio Latency Difference (ms)..........................................................44Figure 33 UVa/UNC: 12-14:00 Audio Latency Difference (ms)..............................................................44Figure 34 UVa/UNC: 14-16:00 Audio Latency Difference (ms)..............................................................45Figure 35 UVa/UNC: 16-18:00 Audio Latency Difference (ms)..............................................................45Figure 36 UVa/UNC: 10-12:00 2D Audio Loss Percentage (%).............................................................46Figure 37 UVa/UNC: 10-12:00 1D Audio Loss Percentage (%).............................................................46Figure 38 UVa/UNC: 12-14:00 2D Audio Loss Percentage (%).............................................................47Figure 39 UVa/UNC: 12-14:00 1D Audio Loss Percentage (%).............................................................47Figure 40 UVa/UNC: 14-16:00 2D Audio Loss Percentage (%).............................................................48Figure 41 UVa/UNC: 14-16:00 1D Audio Loss Percentage (%).............................................................48Figure 42 UVa/UNC: 16-18:00 2D Audio Loss Percentage (%).............................................................49Figure 43 UVa/UNC: 16-18:00 1D Audio Loss Percentage (%).............................................................49Figure 44 UVa/UNC: 10-12:00 Video Throughput Difference (fps).........................................................50Figure 45 UVa/UNC: 12-14:00 Video Throughput Difference (fps).........................................................50Figure 46 UVa/UNC: 14-16:00 Video Throughput Difference (fps).........................................................51Figure 47 UVa/UNC: 16-18:00 Video Throughput Difference (fps).........................................................51Figure 48 UW/UNC: Audio Latency Difference (ms)............................................................................52Figure 49 UW/UNC: Video Throughput Difference (fps).......................................................................52Figure 50 UW/UNC: 2D Audio Loss Percentage (%)...........................................................................53Figure 51 UW/UNC: 1D Audio Loss Percentage (%)...........................................................................53Figure 52 Experiment Set Three Operating Point Set...........................................................................56 ixFigure 53 UVa/Duke/UNC: Audio Bit-rate Difference (kbps).................................................................59Figure 54 UW/UNC: Audio bit-rate difference (kbps)...........................................................................59Figure 55 UVa/Duke/UNC: Video Frame Rate Difference (fps)...............................................................60Figure 56 UW/UNC: Video Frame Rate Difference (fps).......................................................................60Figure 57 UVa/Duke/UNC: Two-Dimensional Scheme Packet Loss Percentage (%)..................................61Figure 58 UVa/Duke/UNC: One-Dimensional Scheme Packet Loss Percentage (%)...................................61Figure 59 UW/UNC: Two-Dimensional Scheme Packet Loss Percentage (%)...........................................62Figure 60 UW/UNC One-Dimensional Scheme Packet Loss Percentage (%).............................................62Figure 61 UVa/Duke/UNC: Latency Difference (ms).............................................................................63Figure 62 UW/UNC Latency difference (ms).......................................................................................63

I. The Videoconferencing ProblemA. IntroductionThis thesis concerns the design, implementation, and evaluation of an experimental system for Internetvideoconferencing using personal computers (PCs). These systems were constructed by incorporating mediascaling techniques, including two-dimensional scaling [19], into ProShare�, a commercially available LANvideoconferencing system. Two-dimensional scaling is of interest because it is a novel technique that appliesindependent scaling to the bit-rate and packet-rate of the audio and video streams transmitted by the system. Theexperimental system was used to compare the performance of two-dimensional schemes with simpler, morecommonly employed one-dimensional schemes. The experiments were conducted by running videoconferencesover lengthy Internet paths with live traffic. The experiments demonstrated a reasonable rate of success inmaintaining videoconferences with adaptive techniques during daytime Internet traffic conditions. They alsoshow some advantages for two-dimensional scaling, with the nature and degree of those advantages related to theflexibility of the underlying media coder/decoders (codecs) and the scale of the network path.In this chapter, we describe the challenges presented by Internet videoconferencing. In chapter II, wediscuss methods for meeting these challenges, including two-dimensional scaling. In chapter III, we describe ourexperimental system and present the results of the experiments. Chapter IV provides a summary and discussionof the results, including areas for further work.B. BackgroundVideoconferencing is a distributed, interactive, real-time multimedia application. The Internet is a large,complex, best-effort, packet-switched environment. We begin by exploring the difficulties this type of networkpresents to this type of application. First, we define the terms used in this characterization of the problem.Multimedia Application: A multimedia application presents audio and/or video information directly to ahuman being. These types of media require sustained periods of continuous data delivery, often with significantcapacity requirements. Limitations of the underlying system (e.g., transmission losses or CPU saturation) canintroduce discontinuities in the delivery of data called gaps. The limits of human perception and the humanability to interpolate across gaps relieves the requirement for absolute perfection in playout. However, humansare still fairly demanding consumers of multimedia data, particularly audio. The sensitivity to audio stems fromthe importance of audio as the primary communication channel and from the comparatively greater impact ofloss on audio quality. Video gaps are amenable to filling with a previous frame, which causes �freezes� indisplay, while audio gaps introduce less tolerable static or �pops�. Precise tolerances vary depending on thespecifics of a given multimedia stream. For example, Ferrari [8] found up to two gaps of 6 ms units of audio in

2600 ms period tolerable for speech communication. Jeffay et al. [16] found four gaps out of 1,000 of 33 msaudio frames was noticeably annoying for CD quality music.Real-Time: A real-time application requires certain processes to execute on a schedule consistent with anexternal time source or sources. In real-time multimedia these time-source are devices used for audio or videorecording and playout. For example, a PC sound card must receive a buffer of audio samples before its currentbuffer is consumed, or a gap in the sound will result. Because multimedia devices typically produce and consumemedia data at predictable rates, they are, effectively, external time sources which must be serviced on apredictable, regular schedule. Multimedia applications fall in the domain of �soft� real-time, in that absolutesuccess in every time interval is not required (as it might be in a critical systems-control application such as anairplane fly-by-wire system). However, a very high fraction of success is required to satisfy human perceptualconstraints.Interactive: An interactive application provides some response to user actions. In order to be trulyinteractive, this response must occur within a short period after the user action. In videoconferencing, theinteraction is actually provided by the other conference participant(s). However, the videoconferencingapplication must ensure timely delivery to and from participants to allow for successful human interaction. Thetime delay between an event in the input to a media stream (e.g., participant speech) and the display of thatevent (e.g., speech is played to a remote participant). High latency leads to uncertainty as to who is speaking,which can result in overlapping, unintelligible speech. For example, Wolf [22] found that people havenoticeable difficulty conversing if the one-way delay in speech between them reaches 330 ms, and that 880 mslatency made useful conferencing impossible.Videoconferencing is a challenging problem because it combines the difficulties of other types ofapplications in a way that reduces the solutions available. For example, a video on demand server applicationcan use several seconds or more of buffering on the client to alleviate jitter. Such buffering introduces too muchlatency to be suitable for an interactive application.Distributed: A distributed application relies on data transmission over a network to coordinate and controlthe efforts of multiple processes on multiple computers. In the case of videoconferencing, multimedia data istransmitted from one participant�s computer to another�s. The quality of service (QoS) challenges presented bytransmission over a network depends on the services provided by the network. For example, while some latencyis inevitable due to transmission time, a network may provide guarantees about latency, e.g. that 99.5% of allpackets will be transferred from participant A to participant B in 50 ms or less.Transmission of data through a packet switched network impacts a stream of data in three ways. Thesignificance of these impacts, and the method for alleviating them varies with the type of application, theamount of traffic in the network, and the support, if any, for QoS in the network. First, data transmissionintroduces latency. The physics of transmission over a distance, as well as the inherent processing cost ofrouting each packet through the network always introduce some latency. Second, each packet may experience aslightly different transmission time, due to queuing delays at intermediate nodes. Thus, the arrival of packets at

3the destination will not be perfectly isochronous (i.e., the time intervals between packet arrivals will not be ofequal length, but will vary significantly). Finally, since no transmission media is perfect, some packets may bedamaged in transit, and must be discarded. On modern equipment, this is an infrequent occurrence. For example,and error rate of one error per gigabit is typical for transmission on a single network link.These effects cannot be avoided, however, they are usually of minimal concern in a lightly loadednetwork. (One exception is the latency introduced by great distances. For example, bouncing a signal off ageosynchronous satellite introduces at least 240 ms of latency because the satellite is 22,500 miles away). Incontrast, congestion in the network can greatly exacerbate these effects. This is because congestion leads toqueueing delays and loss because of finite queue sizes. The effects of congestion may reach the point where stepsmust be taken by the application, the network, or both to satisfy the application�s QoS goals.The components of a network (transmission links, routers, etc.) are shared resources. Each packet sentthrough the network consumes some of these resources. If enough packets are introduced into the network, someof these resources are totally consumed and the network component becomes a bottleneck, or point ofcongestion. A network component can deal with congestion in two ways. First, a router or switch can queuepackets, holding them in its memory until the required network resource (e.g. router processing cycles oroutgoing link bandwidth) is available. This queuing affects a stream of related packets in two ways. First, itincreases overall latency. Time spent in the queue is an unrecoverable addition to transmission time. Second,queuing increases the irregularity of transmission time. This variation in the latency is referred to as delay-jitter.For example, consider packet i of a stream arriving at a router R. In typical fashion, R uses a single FIFO queuefor the packets from all streams that pass through it. When i arrives, there are 10 packets already in the queue,each requiring 1 ms of transmission time. Packet i will be delayed by an additional 10 ms. Later, packet i+1 ofthe same stream may arrive at R, when the R�s queue has only three such packets. Packet i+1 will only bedelayed by 3 ms at R. All other delays being equal, this will result in a difference in end-to-end delay betweenthe two packets of 7 ms. Finally, a network component may discard packets because it is out of buffer space, toreduce queue length, or to indicate congestion to sources of traffic that receive end-to-end feedback on loss [10].Best-effort networks are those networks that provide no guarantees about quality of service. Suchnetworks have the advantage that the components do not need to keep state on the individual streams of traffic.Further, they can exploit the probable distribution of packet arrivals to multiplex many streams across sharedresources, and achieve higher utilization.Best-effort networks have several potential drawbacks.No guarantee of QoS: Applications such as videoconferencing can be rendered unusable if theperformance provided by the network becomes insufficient. In a true best-effort network no guarantee about QoScan be made a priori. In fact, an ongoing successful videoconference can be rendered unusable at any moment byan increase in traffic demands in a best-effort network.No protection from congestion collapse: Congestion collapse occurs when a network is heavily utilized,but little or no useful throughput is achieved. In other words, packets are introduced into the network that

4needlessly consume resources because they will be discarded before they reach their destination or when theyarrive at their destination. Collapse occurs because the offered packet load may not be reduced even whencongestion is forcing network elements to discard packets. Experience has shown that certain applicationbehaviors can contribute to congestion collapse.The first of these behaviors is excessive retransmission. An application that recovers from packet loss byretransmission of lost packets must not be too aggressive in its retransmission policy. For example, mistakinga delayed packet for a lost packet, an overly aggressive retransmission policy can introduce multiple copies ofthe same packet into the network concurrently. Multiple copies needlessly consume network resources, and oncea successful transmission is made, the other copies that arrive at the destination are discarded.A second behavior that contributes to congestion collapse is the successful transmission of packets thatare unusable due to timing constraints or the loss of related packets. For example, if a packet is fragmented (thatis a large packet from a large MTU network is divided into smaller packets for transmission on a small MTUnetwork), and not all the fragments arrive at the destination, those fragments that do arrive will be discarded.The last of the behaviors leading to congestion collapse is the transmission of packets that make onlypartial progress through the network. For example, an application that transmits at a constant rate withoutmonitoring for packet loss or other signs of congestion may introduce a large number of packets that havealmost no chance of reaching their destination. In fact, such an application introduces these packets at preciselythe time the network is congested and can least afford to expend resources on packets that will most likely bediscarded.A best-effort network is dependent upon the proper behavior of applications to avoid congestion collapse.Well designed applications will use some form of end-to-end feedback to implement congestion control. Forexample, they might attempt to reduce the offered load in response to signs of congestion such as packet loss orincreased latency.Unfairness: Because no state is kept on the identity of packet streams, a best-effort network cannotprovide balanced shares of resources among streams. A distressing aspect of this potential unfairness is thatapplications that do not respond to congestion indications can steal resources from applications that do. Forexample, consider an application C, that responds to congestion, and an application U, that does not. Further,these two applications are transmitting packets through a router R. Suppose R is constrained, so that it can onlyforward thirty packets per second. U and C are each attempting to transmit twenty packets per second. R thenmust discard packets five packets from each stream. C detects this packet loss and reduces its packet-rate to tenpackets per second, while U continues to transmit at twenty packets per second. The traffic through R has nowbeen reduced to a sustainable thirty packets per second, but U�s failure to respond to congestion has beenrewarded with twice the bandwidth through R that well-behaved application C is given. This unintentionaldiscouragement of congestion control by a best-effort network, is in fact, a point of vulnerability recognized inthe Internet itself [11].

II. Solutions for the Videoconferencing ProblemThe drawbacks of best-effort networks have been recognized for some time, as have the difficulties theypresent to distributed multimedia applications. This has led to three approaches to deal with some or all of theseproblems. First, resource reservation schemes have been proposed to allow the network to give QoS guarantees,or an explicit indication that the application�s requirements cannot be met (i.e., network �admission control�).Second, forward error correction can be used to recover from packet loss in multimedia streams. Third, adaptivemethods can adjust the multimedia streams to provide congestion control and to operate at a sustainable level sothat network effects such as loss or latency are minimized. We will consider each of these approaches in turn.A. Resource ReservationProposed resource reservation schemes include the Tenet protocol suite [9], ST-II [21], and RSVP [23].Reservation schemes such as these allow an application to earmark resources such as buffer memory or linkbandwidth along a network path. They also allow an application to obtain special treatment such as schedulingpriority for its packets. A reservation made by an application is best viewed as a contract between theapplication and the network. The application agrees to conform its traffic to certain characteristics, such as amaximum bit-rate, and the network agrees to meet desired quality of service goals, such as a statistical bound onpacket delay and/or loss. The ability of the network to meet the quality of service goals is dependent on theavailability of resources. For example, if the application�s packets must pass through a link that is alreadyreserved to capacity by other applications, the quality of service cannot be met and the reservation is refused. Inthis case, the application may be able to negotiate a lower quality of service, or attempt a best-efforttransmission.Quality of service bounds may be deterministic, statistical or fractional. The general form of adeterministic bound is vb£. The quantity v, a performance measure such as letency of packets lost isguaranteed to always be less than or equal to the bound b, a threshhold of acceptable performance. In general,this is unnecessarily rigorous for multimedia applications. Statistical bounds are of the form Pr()vbB£‡, thatis v is bounded by b with at least probability B. This is a �softer� bound suitable for distributed multimedia, butthe test for success or failure in meeting the bound lacks sufficient rigor. For example, a lengthy transmissionmay have a brief period of very high loss which is �averaged out� by the low loss of the rest of thetransmission. While meeting a statistical bound, such a period of loss would render the quality of serviceunacceptable to a human user. Fractional bounds have the advantage of being both more practical and easier toverify than a statistical bound. For example, a bound of CvbBBAA(),()£‡£ states that the count ofinstances over an any interval of A packets where v is bounded by b is at least B, some fraction of A.. With a

6suitable choice of A, a fractional bound can be obtained from a statistical bound. Having noted the superiority offractional bounds for practical purposes, we will use the statistical form in the following examples [8].One type of bound an application may request is a bound on latency, in a form such asPr()DDZimaxmin£‡, where Diis the delay for frame i, Dmaxis the bound on delay (e.g., 250 ms) and Zminis the minimum success probability (e.g., 0.98). Additional types of bounds include a throughput bound of theform Pr()QQiminmin‡‡z which guarantees a minimum throughput, and a packet loss bound of the formPr(_)successfuldeliveryWmin‡ which guarantees a minimum success rate for packet transmission. If oneformulates jitterJi for packet i as a difference of delayDi from an ideal end-to-end delayDT , (i.e.,

JDDiiT=-) then a jitter bound can be defined as Pr()JJUimaxmin£‡. Once the end-to-end quality ofservice bounds have been provided, it is necessary to determine the bounds required of each intermediatecomponent in the path, and ensure that every component in the path can meet the requirements. For example,the sum of delays imposed by each intermediate hop cannot exceed Dmax. This type of verification can beperformed as part of call setup (Call setup is the initial negotiation between the network and the endpoint thatwishes to reserve resources on a path or paths to another endpoint or group of endpoints. Endpoints can besenders, receivers, or both, although the type of end point responsible for making the reservations through callset up varies among different reservation schemes and applications. Typical implementations require only oneround trip to perform call setup, but with significant processing overhead at each intermediate node).An application that reserves resources typically agrees to conform its packet stream to a suitable trafficmodel. For example, in the (,)sr model, a stream must conform to a maximum burst size s and a long termbounding rate of r, i.e., at time u, its output traffic is less than sr+u [5]. Such a traffic model can beenforced at the source with a �leaky bucket� bit-rate controller. If the source violates the traffic model, this canbe detected in the network, and if resources are constrained the quality of service of the offending stream may bereduced (e.g., packets may be discarded.)Although resource reservation schemes can provide admission control and guaranteed quality of servicethat hold appeal for users accustomed to the reliability of the telephone network, they have some limitationsthat have prevented their widespread deployment. First, there are migration concerns. All the components alongthe path of a reserved stream must be able to understand and implement the reservation in order to guarantee itssuccess. If this is not the case, the quality of service guarantee can be undone by a component that does notprovide special processing to a reserved stream (e.g., it may not schedule the reserved stream�s packets withhigher priority than best-effort traffic, and leaving them vulnerable to lengthy delay). Another limitation is thatreservations are inherently stateful, and outages in the physical components a stream traverses can cause a routechange to components that did not participate in the call set up. RSVP uses a soft state approach, where thereservation is periodically renewed (and all reservations time out), to deal with this problem. However, thestatefulness of reservations is still somewhat expensive. Another limitation is the over-reservation of resources

7in the components along the path. To provide for the guaranteed service level, the call set up must be somewhatpessimistic. This can lead to low utilization if streams do not send the level of traffic they have reservedresources for. A sufficient level of best-effort traffic can ameliorate this problem, by making effective use ofavailable over-reserved resources. So, most reservation schemes include a best-effort service class, and it isanticipated that any corresponding pricing policies will make best-effort traffic economical. Finally, reservationschemes fail to take advantage of the inherent flexibility of multimedia schemes, which can be scaled to fit awide variety of network conditions.B. Forward Error CorrectionForward error correction deals only with the issue of loss. In audio streams, in particular, loss is verynoticeable. It results in gaps in the audio playout that range from annoying pops at a low level of loss tounintelligibility at higher levels. Further, the stringent latency requirements of interactive audio applications donot allow selective retransmission based on timeouts for detecting packet loss. Forward error correction is a wayto provide redundancy in a media stream in exchange for a slight increase in latency and a slightly higherbandwidth requirement.One form of forward error correction relies on two levels of encoding of the media stream. A high qualityencoding is used for most of the playout. A low quality, lower bandwidth encoding is used to provideredundancy. Both encodings are transmitted, and successful transmission of the high quality encoding results inhigh quality playout. Loss of the high quality encoding results in a gap that can be filled by playout of the lowquality encoding. The temporary reduction in quality for the short interval required by a single packet loss istypically unnoticeable, in stark contrast to the noticeable effect of a gap.Clearly the two encodings for the same interval cannot be shipped in the same packet, because loss ofthat packet would lose both encodings. Packet loss is often bursty (i.e. if a packet is lost, there is an increasedprobability that the subsequent packet will be lost). The spacing between packets in an audio stream istypically sufficient to avoid loss of both encodings if they reside in neighboring packets. If the loss ratebecomes high enough, however, this is insufficient and it becomes desirable to separate the two encodings by aswide a transmission interval as possible. There is a tradeoff here with playout latency. Playout of a givensample must not occur until both encodings have had time to arrive. The longer the second encoding is held atthe source after the transmission of the first encoding, the more latency is introduced for the every played sample(not just the samples where the second encoding is used). This increase in latency limits the interval between thetransmission of the two encodings. It is also the reason for the increased latency that is always a result of usingforward error correction. (It is worth noting that this latency also helps to ameliorate the effects of delay-jitter onthe first encoding. For this reason, the high quality encoding should be sent first, giving the better encodingmore time to arrive in time for playout).However, the tradeoffs in forward error correction can be worthwhile. It has been used with some successin the Reliable Audio Tool [12] for wide area networks. While useful for some types of applications, forward

8error correction addresses only one aspect of the problem, intermittent loss, and does not address the effects ofsustained congestion in the network.C. Adaptive Media Scaling MethodsDespite the drawbacks of best-effort networks, they have been extremely successful and are pervasive.The vast majority of LANs, and virtually all components of the Internet are best-effort in nature. Because of thislarge investment, best-effort networks will be important for some time. Further, the high utilization possible inbest-effort networks means they continue attract a great deal of new investment as well. In addition, mostproposals for networks with quality of service guarantees include a best-effort service class. Reasonableassumptions imply that it will be economically advantageous to use this best-effort service class wheneverpossible.Adaptive methods deal with the congestion that can arise on best-effort networks by making end-to-endmeasurements of network conditions, and using media scaling, adjustments to attributes of media streams, toadapt the application�s use of the network to the measured network conditions [1, 4, 6, 13]. The followingsections discuss the types of media scaling available, the effect of media scaling on the transmitted mediastream, and how adaptive schemes (including two-dimensional scaling) control and make use of media scaling.1. Media Scaling Techniques for Adaptive MethodsA number of choices are available for adaptive scaling of a video stream.Temporal Scaling reduces the frame rate of the video. This increases the interval between frames, andthus increases the difference between consecutive frames. At low frame rates (e.g. five frames a second) thisresults in a video playout that appears �jerky.� Spatial Scaling reduces the number of pixels in the video image,this reduces the size of the displayed image. Frequency Scaling alters the method of compression to produce alower fidelity image. This results in a coarse image that looks �blocky.� Amplitude scaling reduces the colordepth of each pixel in the image. This results in less realistic color in the image. Color space scaling reduces thenumber of colors available for displaying the video image. Again, a less realistic image is the result.A codec may be capable of one or more of these forms of scaling. In determining the suitability of acodec for adaptive videoconferencing, it is necessary to understand how the available scaling methods affect thestream of data transmitted on the network. In particular, what effect does each scaling method have on thepacket-rate and bit-rate of the conference. In the case of bit-rate, this is straightforward; all of the above methodsadapt the bit-rate of the video stream. The effect on the packet-rate differs depending on the encoding scheme andthe network MTU.First, consider temporal video scaling. For a video encoding scheme that does not use interframedifferencing, each frame not sent corresponds to one or more packets not sent, so the scaling of the frame ratecorresponds to a scaling of the packet-rate. In fact, if each frame always results in the same number of packets,there is a linear relationship between the packet-rate and the frame rate. For an interframe encoding scheme, thereis an addedcomplication. As the interval between frames increases, the amount of data required to encode

9differences between frames can also increase. This effect can be significant enough to prevent a linearrelationship between frame-rate and bit-rate.For the other scaling methods, where the video frame rate is fixed, the effect on packet-rate depends onthe relationship between video frame size and network MTU. If the network MTU is large enough to contain anentire frame of video at the highest bit-rate, these scaling techniques will not affect the frame rate. If, however,each video frame spans multiple network packets, reducing the size of a video frame may also reduce the packet-rate.Most standard audio encodings were designed for fixed rate dedicated channels as in circuit switched phonenetworks. Thus, individually, they are not well-suited to bit-rate scaling. However, a selection of encodings maycover a wide range of possible bit-rates, see Table 1, taken from [14]. With light-weight implementations, it ispossible to switch between encodings on the fly and provide a number of possible quality/bit-rate tradeoffs. Thisresults in an effective mechanism for audio bit-rate scaling.Even with a very simple codec, it may be possible to do some bit-rate scaling by dynamic adjustment ofparameters like number of channels (e.g., stereo or mono), sample rate (e.g., 22 kHz, 16 kHz, 8 kHz, or 5 kHz),or sample size(e.g. 8 bit or 16 bit samples).Unlike video, where the natural media unit is quite large, audio is a stream of small (e.g. 8 bits) discretesamples. These samples are aggregated into buffers for compression and or transmission. Buffering amortizes thecost of processing and transmitting over a sequence of several samples. However, at the source system, the firstsamples placed in the buffer must wait for the time it takes to fill the buffer before data can be transmitted.Similarly, when audio playout is done, the last samples in the buffer must wait for the time it takes to emptythe buffer before playout. In general, the buffer size is chosen to reflect a good tradeoff of processing overheadand the latency induced by buffering. For videoconferencing, where latency is an especially severe constraint,Table 1 Audio Compression AlgorithmsRate(bps)Procedure2,400Highly compressed LPC3,600Compressed LPC4,800LPC, 10 coefficients13,000GSM16,0002 kHz ADPCM24,000ADPCM, 3 bits per sample32,000ADPCM, 4 bits per sample64,000PCM

10this buffer size is typically smaller than a network MTU. Thus, if there is sufficient space in a network packet,two, three or more audio buffers may be aggregated together. This packaging can be done in the network layer,without impact to the audio codec configuration. This allows dynamic management of a trade-off betweenpacket-rate and latency.Let us consider an example with a system that generates sixty 400-byte audio buffers a second and has anetwork MTU of 1,500 bytes. In order to reduce the packet-rate to thirty frames per second, we can aggregatetwo audio buffers in each packet. Just as with the collection of multiple samples into buffers, this increases theinherent latency of each sample. Thus, instead of an inherent latency of 16.67 ms for one buffer per packet, withtwo buffers per packet there is an inherent latency of 33.33 ms. Similarly, aggregating three buffers per packetreduces the packet-rate to 20 packets per second and increases the inherent latency to 50 ms. Further aggregationis not possible because total packet size would exceed the MTU size.2. Two-Dimensional Scaling FrameworkWe now discuss the motivation for two-dimensional scaling methods, which adapt both bit-rate andpacket-rate to network conditions. We also introduce a method of presenting a codec�s capabilities that isconcisely presents the relationship between codec operations and the data stream transmitted on the network.If a path in an internetwork is congested, this is because the amount of some resource is less than thedemand for that resource. For example, if 11 megabits of traffic arrive in a second, all bound for the sameoutgoing ten-megabit link, at least one megabit of this traffic must be delayed or discarded.The fundamental observation underlying the two-dimensional approach to media scaling is that the causesof congestion fall into two different classes, and that each class is remedied in a different way [19]. Briefly, theseclasses are those causes of congestion which are sensitive to bit-rate in any form (capacity constraints) and thosewhich can be alleviated through a reduction in packet-rate, even if the bit-rate is unchanged (access constraints).Each time congestion arises on an internetwork path, the primary (or �bottleneck�) constraint can be identified asone of these two types. If the constraint type can be identified the correct remedy (bit-rate scaling for capacityconstraints, packet-rate scaling for access constraints) can be applied.Unfortunately, the symptoms of congestion are the same regardless of cause. A router or switch queuesor discards packets that require the constrained resource, resulting in increased latency, delay-jitter, or packet lossfor streams passing through that element of the network. However, heuristics based on the history of theconnection can effectively identify the appropriate type of adaptation within a time-scale of seconds. This hasbeen shown to be an effective time-scale for campus-sized internetworks [20]. One of the goals of theexperiments documented here is to assess the effectiveness of this time-scale of adaptation for larger, morecomplex paths.First, let us examine the types of congestion and their most common causes in more detail. Then, wewill examine the appropriate remedies for each. Finally, we will examine the two-dimensional adaptationscheme developed in previous work, and the operation of the heuristic for that system of adaptation.

11A capacity constraint is a restriction on the number of bits that can be sent through a networkcomponent. All communication media (e.g. Ethernet, FDDI) have physical limitations on the number of bitsthat can be transmitted in a unit of time. If demand to use a link exceeds the physical limits of its bandwidth forany length of time, packets that are directed to it must be delayed or discarded.This is the model of congestion that is most often assumed by practitioners of best-effort adaptation.Methods that rely on one-dimensional scaling are concerned with bandwidth as the only constraint, and bit-ratecontrol as the only relief.There is another way a capacity constraint can arise in a router or switch, even if the amount of traffic oneach outgoing link does not exceed link bandwidth. Routing often requires memory-to-memory transfers (e.g.from shared buffer pool for arriving packets to dedicated buffer pool for an outgoing link). If the router issaturated with a balanced, heavy load, this memory-to-memory transfer time within the router itself can exceedthe memory bandwidth of the router. The likelihood of this type of constraint is dependent on the balancebetween the router memory memory bandwidth and total link bandwidth. If, due to cost, a router is designed andconfigured to meet only a fraction of the potential peak load, this type of capacity constraint may arise.Since capacity constraints are sensitive to bit-rate, only a reduction in bit-rate will alleviate them. Asnoted above, the form of this bit-rate adaptation depends on the media type (e.g., audio or video), applicationrequirements, and codec capabilities.The second type of constraint, an access constraint, is a restriction on the number of packets that can besent through a network component. For shared media communication links such as a shared Ethernet segment ora token ring, an access constraint can arise if several sources are attempting to send a large number of packets atthe same time. This contention for access to the media and the time required to resolve contention may restrictthe flow of traffic even if the total number of bits does not exceed the bandwidth limitation of the link.For example, Ethernet devices that experience a �collision� (two or more simultaneous attempts totransmit) while transmitting will wait a random interval before sending again. Repeated collisions cause anexponential increasing wait interval. This �exponential backoff� does a good job of keeping utilization high, butincreases the delay in acquiring access to the A reduction in the packet-rate reduces the number of opportunitiesfor collision, and thus reduces the potential total wait time before packets can be sent. In a token ring, whereownership of the token, not collision avoidance is the allocation mechanism, the same principle still applies.Sending fewer packets requires fewer waits for the token before sending and thus less total wait time.Access constraints can also arise in routers or switches, even in the absence of capacity constraints onlink or memory bandwidth. If a heavy traffic load is balanced across all links, and is composed of relativelysmall packets, the amount of packet processing may exceed the capabilities of the router CPU. Again, this is aquestion of the engineered capabilities of the router balanced against the peak load of the traffic it processes.However, since packet payloads can be as small as one byte, the number of bits per packet and amount of packetprocessing overhead per payload bit can become quite large in the worst case. Adaptations that reduce the packet

12processing overhead per bit by sending fewer, larger packets can thus ameliorate the constraint on router CPUcapacity.Obviously, any adaptation that reduces packet-rate, regardless of its effect on bit-rate, will relieve anaccess constraint. Some adaptive methods, such as temporal video scaling, reduce both packet-rate and bit-rate asa matter of course. Some of the effectiveness of such methods may stem from their ability to relieve accessconstraints as well as capacity constraints. However, the inability to adapt to these constraints independently isstill a limitation of such methods.To further understand this point, we examine and classify the sets of options made available by variousadaptive schemes. In general, an adaptation scheme implements its adaptations by supplying a set of parametersettings to the codec. We refer to each set of valid combinations of parameter settings as an operating point. Toexamine the effects of a given operating point on the network, it is sufficient to reduce the properties of theoperating point to two effects: its expected bit-rate and its expected packet-rate. To evaluate the properties of anadaptive scheme, it is useful to plot each of its operating points in the bit-rate · packet-rate plane. This providesa convenient visual representation of the properties of an adaptive scheme and the operation of an adaptivealgorithm using the operating points of that scheme.The first type of adaptive scheme provides for bit-rate scaling only. The packet-rate is the same for alloperating points. For example, an audio system that provided three levels of fidelity (the last three rows of Table1) and that transmits all accumulated samples every 20 ms is shown Figure 1. A similar hypothetical videosystem is that uses spatial scaling and transmits 30 frames per second is shown inFigure 2. As we can see, the operating points for such a system form a vertical line in the bit-rate ·packet-rate plane, so one-dimensional is an appropriate term for such an operating point set.A second type of adaptive scheme makes use of packet-rate scaling only. Such a system relies onaggregation of media units. Video frames are typically too large relative to network MTU to allow aggregationof multiple frames in one packet. So, it is difficult to conceive of a noncontrived example of a video system thatuses this approach. Instead, we will examine an audio system that uses aggregation of audio samples for a singlelevel of fidelity to provide packet-rate scaling. This is shown in Figure 3. Again, the operating points fall in asingle line in the bit-rate · packet-rate plane. Again, the term one-dimensional is applicable.

1301020304050607001020304050607080901003 bit ADPCM4 bit ADPCM8 bit PCMFigure 1 Operating points of an audio codec capable of pure bit-rate scaling only (kbps · packets/secs)05010015020025030035001020304050607080901001400 bytes per frame1200 bytes per frame1000 bytes per frame900 bytes per frameFigure 2 Video codec capable of pure bit-rate scaling only (kbps · packets/sec)

141030507090110130150051015202530Figure 3 Audio codec capable of pure packet-rate scaling only (kbps · packets/sec)However, there is an important contrast between the horizontal scheme of Figure 3, and the verticalschemes of Figure 1 and Figure 2. A horizontal scheme can scale packet-rate and thus adapt to accessconstraints, but cannot scale bit-rate to adapt to capacity constraints. A vertical scheme can scale bit-rate andthus adapt to capacity constraints, but cannot scale packet-rate to adapt to access constraints. Thus, bothhorizontal and vertical schemes are limited in the constraints they can adapt to, but their limitations arecomplimentary.The final type of one-dimensional scaling is one that varies both bit-rate and packet-rate, but notindependently. This is shown for a video system using temporal video scaling in Figure 4, and for an audiosystem in Figure 5. The audio system scales fidelity by increasing or decreasing the sample rate. It uses aconstant packet size so that the higher sample rate operating points also benefit from lower latency (at a highersample rate a given size packet is filled more quickly). This means that the higher sample rate operating pointsalso generate packets at a higher rate. The operating points in both these examples still fall in a line in the bit-rate · packet-rate plane, so the term one-dimensional is also appropriate here. However, since the line hasnonzero, finite slope, adaptation can alleviate either type of constraint. If the current bottleneck is a capacityconstraint, moving toward the origin will reduce the bit-rate until the constraint is relieved. In exactly the sameway, if the current bottleneck is an access constraint, moving toward the origin can reduce the packet-rateenough to relieve that constraint. The important point is that relief of a constraint requires reduction of bothpacket-rate (increasing latency) and bit-rate (reducing fidelity). This type of one dimensional adaptive scheme is

15thus forced to accept the worst of both worlds. If, for example, the network can sustain a packet-rate of 20packets per second and a bit-rate of 240 kbps, but the only 20 packet per second operating has a bit-rate of only120 kbps, the bit-rate has been reduced to a level far below that sustainable in the network, and fidelity isunnecessarily lowered.

050100150200250300350051015202530Figure 4 Operating points of a video codec with dependent bit-rate and packet-rate scaling (kbps·packets/sec)

1605010015020025030005101520253035Figure 5 Operating points of an audio codec with dependent bit-rate and packet-rate scaling (kbps·packets/sec)We have seen that the restriction of operating points to a one-dimensional scheme limits the ability ofthe scheme to adapt to the entire range of network conditions that may arise. A combination of adaptations canbe used to implement a two-dimensional operating point set. The operating points in such an adaptive schemedo not fall in a line in the bit-rate · packet-rate plane, but rather cover an area of the plane. This allows variouscombinations of bit-rate and packet-rate, independently selected, to meet the access and capacity constraints ofcurrent network conditions. The adaptations used to implement such an operating point set should have alinearly independent effect on bit-rate and packet-rate, that is, they must form a set of basis vectors for the bit-rate · packet-rate plane.As an example, we will use a two-dimensional based on the system used in the original work on two-dimensional scaling [19]. For video, the adaptations are temporal video scaling, which affects both packet-rateand bit-rate, and bit-rate scaling only. For this codec, these choices result in a set of three diagonal lines thatcover a large area of the bit-rate · packet-rate plane, although they do converge at the origin. For audio, an audiostream with a choice between 120 kbp mono and 240 kbp stereo was used. Aggregation of audio sample bufferswas used to provide pure packet-rate scaling with no effect on bit-rate (Figure 6).These two operating point sets demonstrate the forms typical of two-dimensional operating point sets. A�cone� shape which radiates out from the origin, is typical of an operating point set where neither basis vector isa pure adaptation of packet-rate. This means that even though the operating point set is two-dimensional, there

17is still a limitation in the independence of bit-rate and packet-rate. This is typical of video codecs, where thelarge size of the media unit (the video frame) relative to the network MTU limits aggregation or makes itimpossible. The other typical form an operating point set takes is a grid of points, as in the audio operatingpoints shown here. This reflects the independence of the bit-rate and packet-rate adaptation made possible by theuse of pure bit-rate and packet-rate adjustments. The small size of an audio sample relative to typical networkMTUs makes these pure adjustments possible, so this form is typical of two-dimensional audio operating pointsets.

02004006008001000120014001600180020000102030405060Figure 6 Operating points of a codec with two-dimensional video (squares) and audio (circles)(kbps·packets/sec)3. Feasible points of an operating point setAs noted above, network conditions may not support some operating points. Other may be undesirablebecause of human perceptual constraints. Following Talley [19], we eliminate operating points that areunsustainable or unsuitable to obtain a set of feasible points, or network box. These feasible points are the onlychoices for successful operation in the current network environment.The first unsuitable points we eliminate those points that should be excluded because the quality is toolow for useful conferencing or the latency is too great for useful conferencing (Figure 7). We can also excludethose points that the codec is physically capable of generating, but which are unsustainable by the network

18(Figure 8). In this case some of the high frame rate, high quality video is excluded because that is too high a bit-rate for a slow link (1.544 Mbits/sec) connecting this system to the network. These points are excluded byfixed limitations of the application and system configuration and should always be excluded from considerationby the adaptation algorithm.Now we consider points that are excluded from consideration by network conditions. In a network withcongestion, the right and upper boundaries of the network box are determined by the amount and type of resourceconstraints causing the congestion. The bottleneck capacity constraint limits the number of bits that can besent. This eliminates the uppermost points of the operating point set (Figure 9). The bottleneck accessconstraint likewise limits the number of packets that can be sent. This eliminates the rightmost points of theoperating point set (Figure 10). As the constraints in a given network change over time, the size and shape ofthe network box also changes, so dynamic control is needed to make the best use of the network.

02004006008001000120014001600180020000102030405060Figure 7 Operating points eliminated by perceptual constraints shown in gray shaded over

02004006008001000120014001600180020000102030405060Figure 8 Operating points eliminated by physical constraints of network and perceptual constraints

02004006008001000120014001600180020000102030405060Figure 9 Operating points eliminated by capacity constraints, physical constraints, and perceptual constraints

02004006008001000120014001600180020000102030405060Figure 10 Operating points eliminated by access constraints, capacity constraints, physical constraints, andperceptual constraints4. Heuristics for AdaptationFor a given an operating point set, an adaptation algorithm must select the operating point that is bestsuited to the current network conditions. This can be viewed as a twofold optimization.First, the algorithm must keep operations within the network box. If the current network conditionscontract the network box so that it no longer includes the current operating point, the appropriate adaptation oradaptations must be applied to move to an operating point within the new network box.Second, the algorithm should find the best quality operating point in the current network box. In generalpoints to the upper right of the network box (i.e. points with the maximum feasible bit-rate and packet-rate) arethe best quality operating points because they have the highest fidelity and lowest latency. If a bottleneckconstraint is relieved, the network box expands, and the adaptation algorithm should apply the appropriateadaptation to take advantage of the higher quality of the newly feasible operating points.An end-to-end adaptation algorithm relies on feedback from the receiver to provide indications ofcongestion. Such indications may include trends in latency, trends in delay-jitter, latency or delay-jitter relativeto a threshold, or packet loss relative to a threshold. From such indications the source can classify the networkas being congested or uncongested. This classification represents the application�s best determination of thenetwork conditions, and not necessarily the actual state of the network. Since the actual state of the network is

21both distributed and rapidly changing, a more accurate assessment is impractical. Experience with various formsof congestion control, most notably TCP [15], has shown that end-to-end detection of congestion can be usedfor successful adaptation to network conditions.The other important aspect of an end-to-end adaptation algorithm is the type of adaptations that thealgorithm can apply. These adaptation types correspond to the two objectives listed above. A retreat adaptationreduces the bit-rate, packet-rate, or both. It is used in the presence of congestion to move from the currentoperating point to an operating point closer to (and hopefully in) the network box. A probe adaptation increasesthe bit-rate, packet-rate or both. It is used in the absence of congestion to move closer to the best qualitysustainable operating point (upper right corner of the network box).Beyond the classification of congested or not congested, it may be possible for detailed feedback toprovide some indication of the degree of congestion and for the adaptive algorithm to interpolate to a feasiblepoint (e.g., a minor adjustment for a small number of packets lost, and a major retreat for a large number ofpackets lost). The appropriateness of this approach depends on the quality and detail of the feedback and on theoperating point set. For example, an operating point set with only five or six operating points is unlikely tobenefit greatly from this level of sophistication.For a one-dimensional operating point set, a congestion control algorithm is straightforward. Feedbackfrom the receiver indicates the presence or absence of congestion. Since the operating points lie in a straightline, there is only one direction to retreat, and one direction to probe. Although the question of degree is stillopen, this is a question best considered with the specifics of the operating point set in mind.In the two-dimensional case, the congestion control algorithm has, by definition, more than a singleavailable option at any given time. For example, if retreating, a two-dimensional video system may reduce bit-rate only, through a change in compression parameters, or it may reduce both bit-rate and packet-rate throughtemporal video scaling (i.e., frame rate reduction). In general, multiple options can exist for either a retreat or fora probe. It is necessary, therefore, for the congestion control mechanism to deal with the following concerns: (a)what action is required by current network conditions, and (b) what adaptation provides the best way ofperforming this action. Each of these seemingly simple steps merits further consideration.One approach to determining the required action, proposed by Talley, is the use of the recent history ofsuccessful adaptations to classify the current network conditions as either access constrained or capacityconstrained. If congestion was most recently relieved by a packet-rate reduction, the network is classified asaccess constrained. Otherwise, congestion was last relieved by a bit-rate reduction, and the network is classifiedas capacity constrainedAs noted above, the type of constraint at the current bottleneck cannot be determined from receiverfeedback because the symptoms are identical. Both constraints cause increased packet delay, increased delay-jitter,and/or packet loss. Thus, this classification of network conditions cannot be based on a real time measurementof the network.

22However, one of the underlying assumptions in an adaptive approach is that network conditions are tosome extent, auto-correlated. That is, current conditions are, with high probability, similar to previousconditions. This is the underpinning of adaptive approaches which use the current operating point as a start, andapply adjustments to it. Of course, this property is not perfect; sudden changes in network conditions can occur,such as a router failure which causes packets to follow a new, more congested route. However, as long as theadaptive algorithm responds to network conditions quickly enough, the current operating point is a usefulstarting point.The same assumption can be extended to the type of constraint affecting the current network path. Thetype of constraint affecting the network path is most probably the same type experienced in the recent past. Thisleads to the following two design principles. First, if the network appears congested, the current constraint ismost likely the same as the constraint causing the last period of congestion. Thus, if the network was lastclassified as access constrained, and congestion appears again, a reduction in packet-rate is a good first choice foradaptation. Second, if the network does not appear congested, and we wish to probe for a better operating point,the best choice is not to probe in a direction that would violate the previous constraint. For example, if the lastconstraint was an access constraint, a probe that raises the bit-rate without increasing the packet-rate would bebest.The recent success heuristic proposed by Talley uses the recent history of the conference to classify thecurrent network conditions. It can be implemented by a simple finite state machine. The state machine issummarized in Table 2.

23 The first part of the state name refers to the type of constraint that will be assumed if congestion isdetected. The second part of the name refers to the last action taken. Retreat and wait states are used to assess thesuccess of the last retreat action. Probe states are used to assess the success of the last probe operation.We now examine these states in detail:In the Access Probe state, the last action was a probe to raise the packet-rate. If this introduced nocongestion, then the packet-rate is increased again. A counter can be used to require several feedback messagesindicating no congestion between each increase in packet-rate. If an indication of congestion is received, it isassumed that the last increase in packet-rate exceeded the current access constraint, and the packet-rate is reduced.In the Access Wait state, the last action was a successful retreat to lower the bit-rate. Since this indicatesthat the network was last capacity constrained, this state serves as a waiting period before beginning to probe fora higher packet-rate. A counter can be used to require several feedback messages indicating no congestion beforebeginning packet-rate probes. If congestion arises during this interval, it is assumed that the previous bit-ratereduction was not, after all, successful, and a packet-rate reduction is attempted.In the Access Retreat state, the last action was a retreat to lower the bit-rate. The congestion indicationwhile in this state is an assessment of the success of the lower bit-rate. If congestion was relieved, it is assumedthe network was capacity constrained, and the next round of probes will increase the packet-rate. If congestionTable 2 Summary of recent success finite state machine states and transitionsStateCongestion Detected No Congestion DetectedProbableConstraintTypePreviousActionAdaptationNew stateAdaptationNew StateAccessProbeReducePacket-rateWaitCapacityIncreasePacket-rateProbeAccessAccessWaitReduce Packet-rateRetreatAccessIncreasePacket-rateProbeAccessAccessRetreatReducePacket-rateRetreatCapacityNoneWaitAccessCapacityProbeReduceBit-rateWaitAccessIncreaseBit-rateProbeCapacityCapacityWaitReduceBit-rateRetreatCapacityIncreaseBit-rateProbeCapacityCapacityRetreatReduceBit-rateRetreatAccessNoneWaitCapacity

24indications persist, the bit-rate reduction is viewed as unsuccessful. The network is now assumed to be capacityconstrained, and a reduction in packet-rate is attempted.In the Capacity Probe state, the last action was a probe to raise the bit-rate. If this introduced nocongestion, the bit-rate is increased again. A counter can be used to require several samples of no congestionbetween each increase in bit-rate. If an indication of congestion is received, it is assumed that the last increase inbit-rate exceeded the current capacity constraint, and the bit-rate is reduced.In the Capacity Wait state, the last action was an apparently successful retreat that lowered the packet-rate. This state serves as a waiting period before beginning to probe for a higher bit-rate. A counter can be usedto require several feedback messages indicating no congestion before beginning bit-rate probes. If congestion isdetected during this interval, it is assumed that the previous packet-rate reduction was not, after all, successful,and a packet-rate reduction is attempted.In the Capacity Retreat state, the last action was a retreat to lower the packet-rate. The congestionindication while in this state is an assessment of the success of the lower packet-rate. If congestion was relieved,it is assumed the network was access constrained, and the next round of probes will increase the bit-rate. Ifcongestion is detected during this interval, it is assumed that the previous bit-rate reduction was not, after all,successful, and a packet-rate reduction is attempted.Although this heuristic is slightly more complex than the control algorithm for a one-dimensionalscheme, it enables the effective use of a wider variety of operating points than the one-dimensional scheme.Thus, the greater flexibility of a two-dimensional scheme might enable the two dimensional scheme to sustainfeasible conferences under conditions where a one-dimensional scheme cannot, or, even under conditions whereboth schemes are feasible, enable the two-dimensional scheme to deliver better quality streams than a one-dimensional scheme. If such potential advantages can be demonstrated in practice, the additional complexity ofthe two-dimensional scheme is clearly worthwhile. Talley was able to show such benefits in campus-sizeinternetworks [20]. In the next section, we examine empirical studies extending the approach to lengthy Internetpaths.

III. Internet Experiments with a ProShare� Implementation of Media ScalingA. General remarks on the experimentsThe experiments documented here are three different types of experiments to compare the effectiveness ofone-dimensional and two-dimensional media scaling in response to Internet traffic conditions. In this section, weconsider the components used in all experiments. Then each of the three experiments is considered in turn.1. Implementation of the ProShare Experimental system ProShare version 1.8 was the base for the videoconferencing system used in these experiments. It wasmodified to provide a wider range of operating points, to incorporate several adaptive algorithms, and toimplement continuous monitoring and tracing of videoconferencing data rates and conference quality measures.The base version of ProShare provides three operating points. The �regular quality� operating point,which is suitable for both LAN and ISDN operation, supplies 84 kilobit per second, ten frame per second video.Two �high quality� video operating points each generate 200 kilobits per second video. One of these is the sevenframe per second �sharper� option (about 28.5 per frame), the other is the fifteen frame per second �smoother�option (about 13.3 kb per frame). These options are set in advance and cannot be changed while the conference isin progress. A conflict in the video options between two systems conferencing over a LAN is resolved at callinitiation (before any remote video is shown on either side) and is resolved by two rules. First, if the regularquality option is selected on one system, and the high quality option is selected on the other, both systems usethe regular quality video for this conference. Second, if the high quality option is selected on both systems, butone system has the smoother option selected and the other has the sharper option selected, both systems use thesmoother option for this conference.All three options have the same audio operating point. ProShare audio operates at a fixed sixteen kilobitper second rate. This audio is divided into ten 200 byte �audio frames.� No silence detection is done, so the audiobit-rate and frame rate is constant in both directions of the conference.These three video options represent good tradeoffs of resource requirements and conference quality, and,indeed, were chosen as �sweet spots� where the ProShare video codec made especially effective use of the targetvideo bit-rate. However, in a congested best-effort environment, such fixed operating points may contribute tocongestion collapse by continuing to offer packets to a network which is already saturated and discardingpackets, and can suffer from excessive packet loss that could seriously impact conference quality, even to thepoint of infeasibility.Despite its orientation toward fixed point operation, ProShare video has an internal interface that allowson-the-fly changes to video bit-rate and frame rate while a conference was in progress. In fact, the video codecproved quite robust, and exploitation of this interface in our modified version made it possible to build an

26adaptive videoconferencing system from ProShare. Frame rates from one frame per second to thirty frames persecond could be supported. However, the number of bits per frame could be adjusted only in a narrow range. Ingeneral, the video bit-rate controller was able to scale video bit-rate and frame-rate in a very nearly linear fashion.(In fact, variation in motion seemed to affect the bit-rate/frame-rate relationship much more than any nonlinearcomponent of the scaling). ProShare video uses interframe encoding. Each video frame encodes changes from key data transmitted inprevious frames. Thus, the video encoding was motion sensitive. In the absence of changes in the image, thevideo bit-rate drops to near zero. In the experiments, the human operator provided motion consistent withconversational behavior, and sufficient to keep the video bit-rate near the target rate of operation. Each framecontains some key data so that, unlike MPEG, there are no frames without reference data that can bepreferentially discarded. An occasional frame can be lost without noticeable reduction in the quality of the videoplayout. However, if too many consecutive frames are lost the video must be stopped and restarted. This processresults in a very noticeable �freeze� in the video. These freezes could be observed in congested conditions duringmany of our experiments. A high fraction of video frame loss prevents the video playout from ever successfullyrestarting, resulting in a complete lack of video. This level of video loss was observed only in artificiallaboratory conditions with extremely high levels of congestion.For experiments requiring two-dimensional video scaling, three levels of video compression wereimplemented. These were a �large� encoding of 2,800 bytes per frame, a �medium� encoding of 2,100 bytes perframe, and a �small� encoding with 1,200 bytes per frame. Because of the need to increase the amount of keydata in each frame as the frame rate was reduced, the small frame size could not be maintained below ten framesper second. Similarly, since less key data was sent with each frame as the frame rate was increased, the codec didnot consistently produce large size frames at frame rates above nineteen frames per second. The levels ofcompression did not correspond to discernible qualitative differences in the video image quality, but it isreasonable to assume that adjustments could be made to the codec to make more effective use of the larger sizeencodings and deliver such a qualitative difference.For experiments systems that required one-dimensional video scaling, the medium size frames were used.When initiating a conference on a LAN, the initiating ProShare system requests permission from apermission server. This permission server is configured to restrict the use of LAN bandwidth forvideoconferencing to a level that will not excessively impact the other users of the LAN. Note that the purposeof this permission server is not to reserve bandwidth for videoconferencing. On the contrary, it exists toguarantee that a significant portion of LAN bandwidth is reserved for any use except ProShare conferencing. TheLAN may still become congested, but it will not become congested solely due to ProShare traffic. Thispermission request feature was unsuitable for our experimental version of ProShare, and was disabled through aninternal interface.The base version of ProShare used a conservative MTU size of 576 bytes. This size was chosen tominimize MTU compatibility concerns, since Internet RFC 1122 [2] requires all hosts to accept (and reassemble

27if fragmented) IP packets of up to this size. However, for our purposes, this was too conservative. Such a smallMTU meant that a video frame could require as many as five packets. The experimental system implemented theuse of the full Ethernet payload size of 1,500 bytes. This was deemed an acceptable design choice because somany Internet traffic sources or destinations are on the Ethernet. Indeed, no fragmentation of Ethernet MTU sizepackets was observed in the experiments.Even the use of the full Ethernet MTU was quite a reduction from the token ring MTU used in Talley�ssystem. In fact, while in Talley�s system, video frames of all three levels of quality fit into one packet, in theProShare system only the small frame size fit into one packet.2. ProShare ReflectorsTo allow transmission over lengthy Internet paths while observing the two ProShare endpoints locally,it was necessary to make use of machines at remote sites as reflectors, that is, machines running backgroundprocesses that forward certain types of packets between two other systems. A simple reflector application thatlistened on the ProShare UDP port was written for this purpose. It took two system names as parameters andforwarded all ProShare packets from one system to the other system and vice versa. In addition, it detected theformat of an initial conference set up and modified it to identify itself as the call originator. Thus, a ProSharecall was made from a UNC system to a remote reflector, the remote reflector then returned the modified call setup to a second UNC system that was the actual call recipient. In this way, the two ProShare systemscommunicated with each other through a remote site. Since every packet in either direction traversed the samepath to and from the reflector, the full path for every packet was the same, even if the forward and reverse legs ofthe path were different.In addition, multiple reflector(s) could be chained together so that all the conference packets went througheach reflector machine, allowing almost arbitrary path length. Note that with multiple reflectors, the conferencepackets flow through the reflectors in opposite order. For example end system A�s packets flow to reflector Rthen to reflector R2 then to end system B, while B�s packets flow through R2 to R1 to A. The system nameparameters for R1 identify A and R2, those for R2 identify R1 and B. Because of the difference in order, therecould be routing differences for the paths taken by packets moving in each direction. Some experiments werecarried out with two reflectors, but all others used one. However, in the two reflector experiments, severalchecks of the routes used (by traceroute) showed no difference in the routes taken in each direction.The machines were identical Intel Pentium� 120 MHz processors using identical network adapters,software, and videoconferencing hardware. The use of remote reflectors allowed the two ProShare machines to bein close physical proximity. In particular, they shared the same video input, were operated by the sameexperimenter and resided on the same Ethernet subnet. Because the machines were on a private, unloaded subnet,they communicated directly for clock skew measurements. Clock skew was measured to enable measurement ofend-to-end latency of individual media units. These measurements were used for experimental evaluation of theconferences, not in the actual adaptation algorithms. The skew measurements were made in each direction bycomparing several individual timestamps transmitted from one system to arrival timestamps on the other

28system. The difference with the minimum absolute value was taken as a measure of clock skew. Although thismethod worked well in general, discrepancies were often noted and some runs had measured media unit latenciesthat were all offset by tens of milliseconds. Several attempts were made to resolve this problem, and thetechnique of measuring clock skew before starting ProShare seemed to minimize the discrepancy. However,because these skew calculation problems affected many of the earlier runs, the corresponding latencymeasurements for these runs must be viewed with some skepticism. This will be noted in the resultsdescriptions of the appropriate experiments.B. Experiment Set One (Head to Head Comparisons of One-and Two-Dimensional Scaling)1. MethodologyOur initial experiments [17] attempted to make use of the bi-directional conferencing capabilities ofProShare. With bi-directional confenencing, two alternative adaptive algorithms could be run simultaneously(one on each system in the conference), thus exposing each adaptive method to identical network conditions. Itwas hoped that the two schemes could run simultaneously with little or no effect on each other. However, therewere sufficient indications that this was not the case to reduce confidence in the validity of this approach and itsresults. Experiment set two, described in Section C, was motivated by the desire to confirm the results of thisset of experiments.The first set of experiments was conducted using a reflector at a single remote site. The remote site wasthe University of Virginia, which at that time passed through twelve hops (twelve machines that processed thepacket in the IP layer, including the routers on the path, and the destination). This gave a round trip length oftwenty-four hops. Experiments consisted of ten minute conferences scattered across five two hour time slots.The time slots were 10-12:00, 12-14:00, 14-16:00, and 16-18:00.

ReflectorAdaptationScheme 2

InternetAdaptationScheme 1Figure 11 Configuration for experiment set oneOur one-dimensional system was based on temporal scaling using only the medium level ofcompression. The frame rate was adjusted over a range from six frames per second to thirty frames per second.Because a medium video frame exceeds the size of an Ethernet MTU, each additional video frame requires twonetwork packets. To minimize latency, no aggregation is performed. The fixed rate audio requires an additional

29ten packets and 16,000 bits per second. Audio aggregation was deemed undesirable because at ten audio framesper second, audio already had an inherent latency of 100 ms, and the additional 100 ms induced by aggregatingtwo audio frames together would have been too great. Since audio operates at a fixed point, we use the sum ofthe video operating point and the fixed audio overhead as the operating points of this system. A plot of thesecombined operating points is provided in Figure 12. Note that while the operating points are plotted in the bit-rate · packet-rate plane, they all lie in a straight line in the plane. This system is consistent with the thinkingbehind one-dimensional scaling schemes. Packet-rate is viewed as a secondary concern. The operating point setis geared toward scaling in the bit-rate dimension via frame rate adjustment, with the packet-rate at a fixedproportion to the bit-rate. No aggregation is attempted, because that would reduce the packet-rate only, andincrease latency. In a system that views bit-rate as the dominant constraint, there is no incentive to makereductions in the packet-rate at the cost of latency.Our one-dimensional system adapted by adjusting the video frame rate. To make the frame rateadjustments proportional to the current level of operation, the number of frames to increment or decrement by isone in the range of one to nine fps, two in the range of ten to nineteen fps, three in the range of twenty totwenty-nine, and a decrement of four at thirty fps. In addition, frame rates below six fps are not used due toexcessive video latency.Feedback was given by the receiver at one second intervals. This feedback included measurements ofnetwork packet loss and estimated average round trip latency. A loss of more than two packets, or a latencyincrease of fifty percent over a moving average of the previous five measurements was taken to indicatecongestion. In this case, the video frame rate was reduced. If feedback indicated no sign of congestion for fourseconds, the frame rate was increased.A two-dimensional scaling system values both packet-rate and bit-rate adjustments. For this type ofsystem, an operating point set that covers a large area in the bit-rate/packet-rate plane is desirable. However,with the video frame size as large or larger than the network MTU, and with no possibility of audio adaptation,covering a sufficient area of the bit-rate · packet-rate plane is difficult.Our two-dimensional system used two strategies to increase coverage of the bit-rate · packet-rate plane.First, all three levels of video compression are used. Second, we use aggregation of audio frames with mediumsize video frames to increase the area of the bit-rate · packet-rate plane covered by the combined output of theaudio and video streams. To see how, it is useful to view each medium size frame as a one packet �body� and ahalf packet tail (e.g., a medium frame of 2,060 bytes could be packaged as a 1,400 byte body in one packet and a660 byte tail in the next packet). At frame rates of ten or below, each tail can be aggregated with an audio frame.Thus, each additional medium size video frame in this range raises the overall packet-rate by one, instead of bytwo as would be required without aggregation with one audio frame. In the range of eleven to twenty frames persecond, there are too many video tails to aggregate with the audio frames, so each additional frame requires twoadditional packets. Above twenty frames per second, the video frames are frequent enough together that we can

30aggregate the tail of each additional frame with the currently unaggregated tail of an adjacent frame withoutintroducing excessive latency (at twenty frames per second or above, the latency introduced by this type ofaggregation is bounded by 50 ms). Thus, in this range, each additional video frame requires only one additionalpacket.The resulting operating points are plotted in the bit-rate · packet-rate plane in Figure 13. The slopechanges in upper line (the medium frame rate) are the result of the changing number of packets per additionalframe as we move from ten and below (one additional packet per additional frame) to the ten to twenty range(two additional packets per additional frame) to the above twenty range (one additional packet per additionalframe).Both aggregation of audio with video tails , and video tails with video tails introduce additional latency,but this rather complex arrangement ensures that the additional latency never exceeds 50 ms. In fact, thearrangement is implemented with a 50 ms timer for holding small packets that are candidates for aggregation.Note that the range of bit-rates available varies at each packet-rate. The bit-rate ranges are the largest inthe twenty to forty packet range. This is the range in which this particular system is the most two-dimensional.(i.e., provides the covers the largest area of the of the bit-rate · packet-rate plane). As we shall see, this is therange of operation where two-dimensional scaling is the most beneficial for this system.Our two dimensional system adapted with two types of adjustments. It performed pure bit-rate scaling bymoving between small, medium and large operating points of the same packet-rate. It performed an adjustmentin both packet-rate and bit-rate (but primarily packet-rate) by temporal video scaling (i.e., scaling the videoframe rate). To make the frame rate adjustments proportional to the current level of operation, the number offrames to increment or decrement by is one in the range of one to nine fps, two in the range of ten to nineteenfps, three in the range of twenty to twenty-nine, and a decrement of four at thirty fps. In addition, frame ratesbelow six medium frames per second and three large frames per second are not used due to excessive videolatency.

312. Results of experiment set oneThis set of experiments had three objectives. The first was to determine how often adaptation wasnecessary at all. The second was to compare the difference in feasibility between the two adaptation schemes thatis, could one scheme maintain a usable conference under network conditions where the other could not. The thirdwas to compare conference quality for those cases where both schemes could maintain a feasible conference.

0100200300400500600010203040506070packets per secondkbits per second

Medium sizeFigure 12 Operating points for one-dimensional system, experiments sets one and two

010020030040050060005101520253035404550

2100 Bpf

2800 Bpf

1200 BpfFigure 13 Two-dimensional operating point set for experiment sets one and twoThe first of these goals addressed the issue of whether any adaptation was necessary at all. We judgedadaptation unnecessary if the adaptation schemes rose to the highest quality operating points and stayed there formore than half the conference. Conditions this favorable were never seen in this round of experiments, soadaptation was always necessary.The second goal, comparison of feasibility between the two schemes, failed to showed any difference atall. This was a major factor in our belief that the interaction between the adaptations of two different schemesmade the head-to-head comparison technique problematic. In other words, it appeared that the aggregate operationof the two schemes was either feasible or infeasible. The two schemes succeeded or failed based on the ability ofthe network to sustain their combined output. Only conditions severe enough not to support the lowestoperating points of both schemes simultaneously would make either scheme fail and, in that case, conditionswere so constrained that both schemes failed to deliver a usable conference.Nevertheless, since the lowest operating points of the two schemes were quite similar, the frequency withwhich both schemes were infeasible is of some interest as a measure of how often any adaptation scheme wouldfail to deliver a feasible conference. These results conformed to naive expectations. These results are summarizedin Table 3. During the peak period of the day, conferencing over this path was almost impossible, while early orlate in the day, it was feasible more than half the time. Since the endpoints and reflector for these experiments

33were academic LANs, the high success rate at 12:00 is consistent with �early in the day� utilization of thenetwork.Finally, we wished to compare the quality of the videoconference for the two adaptation algorithms.Although it was felt that the methodology was too limited to draw definite conclusions, there was someindication that the two-dimensional scheme delivered higher video throughput. Time (in s) Time (in s) Time (in s) Time (in s) Time (in s) Time (in s)Figure 14 Sample experimental results for a conference from experiment set one

34Table 3 Feasibility results for experiment set oneTime SlotSustainableNot Sustainable% Sustainable10:00-12:006367%12:00-14:004450%14:00-16:001118%16:00-18:003925%18:00-20:004544%Overall Percentage36%64%C. Experiment Set Two1. MethodologyIn this set of experiments, the same adaptation was used on both systems. The adaptations werecoordinated through a master/slave arrangement, with the slave mimicing the adaptations selected by themaseter�s adaptation algorirthm. For comparison purposes, one five minute run of each scheme was run, inclose succession, for each time slot. The order of the two schemes was randomized by a coin toss. Becausenetwork conditions can differ dramatically between the two corresponding runs, it is necessary to examine a largenumber of runs to draw meaningful conclusions.2. Results of Experiment Set TwoThe results of experiment set two bore out the observations from experiment set one. For thisimplementation, the two-dimensional scheme consistently delivered higher video throughput. This is shown bythe video difference figures, where a positive number shows the two-dimensional scheme delivered more framesfor the corresponding minute. Conversely, a negative number shows the one-dimensional scheme delivered moreframes. Two other measures are presented in the following figures. Audio frame loss rates are presentedseparately, to provide both comparison between the schemes and an absolute measure of feasibility. As the

ReflectorAdaptationSlave

InternetAdaptationMasterFigure 15 Configuration for Experiment Sets Two and Three

35figures show, there is no significant difference between the schemes for this measure. The final measure is theaudio latency difference. Here, a positive number represents that the two-dimensional scheme had higher latency.Indeed, the two-dimensional scheme does have a consistently higher latency than the one-dimensional scheme.However, the difference is relatively minor, and most of it can be accounted for by the audio aggregationperformed for the small and medium frame sizes, so is an expected trade off.The results are presented for three reflector configurations. Results for a single reflector at UVa (total of16 hops) and two reflectors, one at UVa and one at Duke (total of 28 hops), are broken down by time slot.Results for a single reflector at UW (total of 28 hops) are presented all together, because the number of runs wasmuch smaller for this configuration.

36-60-40-20020406080Figure 16 UVa/Duke/UNC: 10:-12:00 Audio Latency difference (ms)

-60-40-20020406080Figure 17 UVa/Duke/UNC: 12:-14:00 Audio Latency Difference (ms)

37-100-50050100150200250300350Figure 18 UVa/Duke/UNC: 14-16:00 Audio Latency Difference (ms)

-60-40-20020406080Figure 19 UVa/Duke/UNC: 16-18:00 Audio Latency Difference (ms)

38012345678Figure 20 UVa/Duke/UNC: 10-12:00 2D Audio Loss Percentage (%)012345678Figure 21 UVa/Duke/UNC: 10-12:00 1D Audio Loss Percentage (%)

390246810121416Figure 22 UVa/Duke/UNC: 12-14:00 2D Audio Loss Percentage (%)024681012Figure 23 UVa/Duke/UNC: 12-14:00 1D Audio Loss Percentage (%)

4002468101214161820Figure 24 UVa/Duke/UNC: 14-16:00 2D Audio Loss Percentage (%)0123456789Figure 25 UVa/Duke/UNC: 14-16:00 1D Audio Loss Percentage (%)

410123456789Figure 26 UVa/Duke/UNC: 16-18:00 2D Audio Loss Percentage (%)051015202530Figure 27 UVa/Duke/UNC: 16-18:00 1D Audio Loss Percentage (%)

42-15-10-5051015Figure 28 UVa/Duke/UNC: 10-12:00 Video Throughput Difference (fps)

-10-505101520Figure 29 UVa/Duke/UNC: 12-14:00 Video Throughput Difference (fps)

43-15-10-505101520Figure 30 UVa/Duke/UNC: 14-16:00 Video Throughput Difference (fps)

-15-10-50510152025Figure 31 UVa/Duke/UNC: 16-18:00 Video Throughput Difference (fps)

440510152025303540Figure 32 UVa/UNC: 14:00-16:00 Audio Latency Difference (ms)

-20020406080100Figure 33 UVa/UNC: 12-14:00 Audio Latency Difference (ms)

45-100-80-60-40-20020406080Figure 34 UVa/UNC: 14-16:00 Audio Latency Difference (ms)

-30-20-10010203040506070Figure 35 UVa/UNC: 16-18:00 Audio Latency Difference (ms)

460123456Figure 36 UVa/UNC: 10-12:00 2D Audio Loss Percentage (%)

012345678Figure 37 UVa/UNC: 10-12:00 1D Audio Loss Percentage (%)

470123456789Figure 38 UVa/UNC: 12-14:00 2D Audio Loss Percentage (%)01234567Figure 39 UVa/UNC: 12-14:00 1D Audio Loss Percentage (%)

480123456789Figure 40 UVa/UNC: 14-16:00 2D Audio Loss Percentage (%)0510152025Figure 41 UVa/UNC: 14-16:00 1D Audio Loss Percentage (%)

4901234567Figure 42 UVa/UNC: 16-18:00 2D Audio Loss Percentage (%)01234567Figure 43 UVa/UNC: 16-18:00 1D Audio Loss Percentage (%)

50-10-505101520Figure 44 UVa/UNC: 10-12:00 Video Throughput Difference (fps)

-25-20-15-10-505101520Figure 45 UVa/UNC: 12-14:00 Video Throughput Difference (fps)

51-15-10-505101520Figure 46 UVa/UNC: 14-16:00 Video Throughput Difference (fps)

-10-505101520Figure 47 UVa/UNC: 16-18:00 Video Throughput Difference (fps)

52-80-60-40-20020406080100120Figure 48 UW/UNC: Audio Latency Difference (ms)

-15-10-505101520Figure 49 UW/UNC: Video Throughput Difference (fps)

5305101520253035Figure 50 UW/UNC: 2D Audio Loss Percentage (%)

05101520253035Figure 51 UW/UNC: 1D Audio Loss Percentage (%)

54D. Experiment Set Three1. MethodologyBecause experiment set one had failed to show a feasibility advantage for the two-dimensional ProSharesystem, we decided to build a system specifically designed to maximize feasibility vs. a comparable one-dimensional system. Since the quality of the audio stream is the primary determinant of conference feasibility,and since the previous system had only a single audio operating point, incorporation of a richer audiocomponent was a natural next step. Unfortunately, the results, presented in the next section, did not live up toexpectations [18]. However, as an illustration of an experimental two-dimensional audio scaling system, and asa possible first step toward a more successful implementation, this system is worthy of some discussion.The modified form of ProShare discussed above was the framework for this implementation as well,providing a video component, call set up, and UDP based transport. However, the previous two-dimensionalvideo operating points relied on aggregation with audio to achieve much of its coverage of the bit-rate · packet-rate plane. Since most of the new audio �frames� were too large for aggregation, the coverage provided by videoalone was greatly reduced. Also, the audio component was the focus of this implementation so it was decided touse only a simple one-dimensional video component for both the one- and two-dimensional schemes. The framesize was kept at the �medium� setting of 2,100 bytes per frame. The minimum frame rate was kept at six framesper second, but the highest frame rate permitted was fourteen frames per second. This restriction was necessarybecause the demands on the system (e.g. over twenty additional interrupts per second) of the audio card at itshighest quality operating points interfered with the operation of video at more that fourteen frames per second.To implement a two dimensional audio system, we planned to vary two attributes of the audio streamproduced by a simple PCM audio codec. First the bit-rate would be varied by changing the sample rate of thecard. Although use of a combination of compression schemes as described in Table 1 would deliver better humanperceived quality at the lower bit-rates, the sample rate approach was sufficient for our purposes. The audiopacket-rate was varied by changing the buffer size given to the card. For example, giving the card 256 bytebuffers to fill with samples and sending each buffer in its own packet, results in a packet-rate twice that ofgiving the card 512 byte buffers. The audio sample buffer size is limited by network MTU size, since there is nopoint in buffering more samples than can be shipped in on network packet, but this is important only for highersample rate. For example, 22,000 one byte samples cannot be squeezed into less than fifteen Ethernet packets,while 11,000 one byte samples fit comfortably in eight Ethernet packets. For low sample rates, the primarylimit on buffer size is the latency introduced by buffers. For example, aggregating 1,500 one byte samples froma card sampling at 5,500 samples per second, while possible on an Ethernet, is undesirable because the latencyof 273 ms introduced is too high for conferencing applications.The two-dimensional operating point set developed after these considerations were taken into account isshown in Figure 52. As is typical, the one-dimensional operating point set was a subset of the two-dimensional

55set. The one-dimensional scheme we wished to compare to was bit-rate scaling, so any of the three columns ofaudio operating points would have been a suitable choice. We chose to use the rightmost column for tworeasons: it had the most points in a single column, and it introduced the lowest packaging latency of the threecolumns.The original ProShare audio component was still part of the implementation, but its effect on the bit-rateand packet-rate of this implementation was reduced to a trivial level. First, the ProShare audio mute functionwas used to eliminate the flow of audio data. Unfortunately, the audio component continued to transmit tenempty audio �frames� a second. Lacking total access to ProShare internals, I could not find a satisfactory way toturn off this flow of packets. Initial experiments with this implementation continued to transmit these emptyframes each in their own packet. About half way through, a packaging enhancement was addedto at leastpackage these empty frames with other data. The enhancement was designed to favor packaging with video, butthis was not strictly managed. Thus, the last effect of the existing ProShare audio component was all buteliminated. However, there is no significant change in the results corresponding to the deployment of thepackaging enhancement, so we can conclude that the fixed ten packet per second flow of empty ProShare audiopackets did not favor one adaptation scheme over the other, and consider the results before and after theenhancement as a whole. Two hardware issues prevented a straightforward implementation of the desiredoperating point set. Instead a simulation was done. This simulation still used the sound card, and still producedthe bit-rate packet-rate combinations shown in Figure 52. The first problem with the implementation of avariable sample rate was that the available sound card could not run at different sample rates for input andoutput. This meant that even if the adaptations of the two systems participating in the conference werecoordinated, there would still be transitional periods where the audio from the remote system could not be playedbecause the sample rate did not match the rate in use on the local system. Thus, the decision was made to notplay the audio at the receiver. The audio was still transmitted, which was sufficient for the research goals of thissystem. Although playable audio is a useful check on the quality of transmission, actually judging thefeasibility can be done with empirical quality measures of audio loss and latency, so actual playout of thetransmitted audio was not essential. Once playable audio was no longer a goal, further simulation to circumventa second problem seemed entirely appropriate.

56The second problem was that changing the sampling rate required closing and reopening the card.Although for previous work with the sound card on other projects this was a minor concern, when incorporatedinto the ProShare framework the close and reopen process introduced a noticeable drop in bit-rate and packet-rate.Because each adaptation implied a potential close and reopening of the card, this was a serious concern.Therefore, it was decided to simulate changing sample rates, but operate the card at a single rate, thus avoidingthe close and reopen overhead.To simulate the operating points in Figure 52, two notions of buffer size were introduced. First, a recordbuffer size was used to generate the sound card interrupt rate (and thus the proper packet-rate). Since the cardoperated at 5,500 samples per second, to simulate a rate of 22,000 samples per second and 1,024 byte buffers,the record buffer size was 256 (i.e.,

220010245500256215,/,,. samplessecond samples/interruptsamples/secondsamples/interruptinterrupts/second=»). Of course, to simulate the bit-rate of the 22 kHz, 1,024 byte buffer operating point, it is necessary totransmit 1,024 bytes per interrupt, not just the 256 bytes filled by the sound card. So, each simulated operatingpoint also had a defined transmit buffer size, the number of bytes that would have been both filled by the soundcard and transmitted on the network for the simulated operating point.

050100150200250051015202530Packet RateBit Rate (kbps)

5 kHz

8 kHz

11kHz

16kHz

22 kHz

VideoFigure 52 Experiment Set Three Operating Point Set

57The record buffer sizes and transmit buffer sizes used to simulate all the operating points are listed inTable 4.2. Results of Experiment Set ThreeThe experiments were conducted using two reflector configurations, the UVa/Duke/UNC configuration(28 hops), and the UW/UNC configuration (28 hops). As before, five minute runs were done during the 10:00-18:00 time period, with at least a ninety minute gap between runs for the same configuration. The runs wereconducted in late June and early July of 1997.As noted above, the results do not show a significant advantage for either scheme, using eitherconfiguration. First, we will compare the performance of the schemes by four criteria. Then we will concludethis section with a discussion of the results and possible future work based on the two-dimensional audioimplementation.The first point of comparison is audio throughput, measured by the difference in delivered audio bit-rate.It was expected that the two-dimensional scheme would deliver a higher bit-rate, because under an accessconstraint, the two-dimensional scheme could reduce audio packet-rate without reducing audio bit-rate, while theone-dimensional scheme would vainly reduce audio bit-rate in response to the symptoms of congestion.However, the one-dimensional scheme delivered a higher bit-rate in 60 out of 110 minutes of videoconferencingin the UVa/Duke/UNC configuration (Figure 53) and 54 out of 100 minutes of videoconferencing in theUW/UNC configuration (Figure 54). So, the one-dimensional scheme appeared to do slightly better by thismeasure.Table 4 Simulation Values for Audio Operating PointsSimulated Sample Rate (kHz)Record Buffer Size (bytes)Transmit Buffer Size (bytes)22256102416.525676816.5384115211256512113847681151210248.252563848.253845368.255127685.52562565.53843845.5512512

58The second point of comparison is video throughput, measured by the difference in delivered video framerate. In this case, the two-dimensional scheme delivers more video in 62 out 110 minutes for theUVa/Duke/UNC configuration (Figure 55) and 49 out of 100 minutes for the UW/UNC configuration (Figure56).The third point of is the ability to deliver feasible conferences. We make this comparison by defining andabsolute measure of feasibility, and measuring how many minutes of conferencing each scheme succeeds orfails. Our measure of feasibility is chosen as a 3% loss rate for all transmitted packets. For the UVa/Duke/UNCconfiguration, the two-dimensional scheme (Figure 57) had only 10 infeasible minutes, and the one-dimensionalscheme (Figure 58) had 11. For the UW/UNC configuration, the two-dimensional scheme (Figure 59) had 28infeasible minutes and the one-dimensional scheme had 27. Twenty-one of these occurrences of infeasibilitywere mutual, in that both schemes were infeasible in their respective minutes of conferencing. Indeed, heavyclustering of high loss rates in both figures indicates a few days of heavy congestion were responsible for mostof the infeasible minutes for both schemes in this configuration. (In contrast, there were no instances in theUVa/Duke/UNC configuration where both schemes were infeasible for the same corresponding minutes.) Weconclude that neither scheme had a significant advantage by this criterion.The final point of comparison is latency, measured here by video latency. Again, there was no significantdifference here. The two-dimensional had higher latency in 62 of the 110 minutes in the UVa/Duke/UNCconfiguration (Figure 61), but all of the latency differences were below the 71 ms interframe gap of even the 14frame per second operating point. The one-dimensional scheme did have 6 latencies worse by more than 71 ms.The two-dimensional scheme had a higher latency in the UW/UNC configuration 62 out of 100 minutes, with10 minutes above the 71 second level. However, 5 of these were during mutually infeasible minutes, whennetwork conditions were extremely bad. We conclude that there is perhaps a slight advantage to the one-dimensional scheme for the latency measure.These results were disappointing, because the areas this implementation was intended to improve, audioquality and conference feasibility, were the same or slightly worse than the one-dimensional system, while videothroughput like the previous implementations, was the clear advantage for the two-dimensional scheme. It ispossible, however, to identify two areas for improvement in this implementation that might yield morefavorable results.First, the video component of both systems was identical. If a video component that was two-dimensional (on its own) could be combined with the two-dimensional audio component, this might providemore differentiation in adaptation that between the two schemes in this implementation. Second, it is possiblethat refinements of the adaptation control algorithm could improve the performance of the two-dimensionalscheme. One possibility would be changes to the timing values, which were unchanged from the previousimplementations. Another possibility would be to perform separate the network classification and qualitymeasurement for the audio and video streams, allowing different adaptations (and perhaps even different controlalgorithms) for each stream.

59-100-80-60-40-20020406080100Figure 54 UW/UNC: Audio bit-rate difference (kbps)

-100-80-60-40-20020406080100Figure 53 UVa/Duke/UNC: Audio Bit-rate Difference (kbps)

60-8-6-4-202468 Figure 55 UVa/Duke/UNC: Video Frame Rate Difference (fps)

-8-6-4-202468Figure 56 UW/UNC: Video Frame Rate Difference (fps)

610246810121416Figure 57 UVa/Duke/UNC: Two-Dimensional Scheme Packet Loss Percentage (%)0246810121416Figure 58 UVa/Duke/UNC: One-Dimensional Scheme Packet Loss Percentage (%)

620246810121416Figure 59 UW/UNC: Two-Dimensional Scheme Packet Loss Percentage (%)0246810121416Figure 60 UW/UNC One-Dimensional Scheme Packet Loss Percentage (%)

63-100-80-60-40-20020406080100Figure 61 UVa/Duke/UNC: Latency Difference (ms)

-100-75-50-250255075100Figure 62 UW/UNC Latency difference (ms)

IV. ConclusionsA. SummaryTaken as a whole, our experiments are a positive outcome in favor of two-dimensional scaling. First, itwas possible to implement a two-dimensional scaling system for ProShare, which was not in fact designed withmedia scaling in mind at all. Second, although the ProShare implementation did not provide as wide a coverageof the bit-rate · packet-rate plane as the earlier experimental system, it delivered a consistent, measurable benefitin the form of a higher video frame rate. Detailed examination of the experimental data indicates that this benefitis most noticeable when the system is operating in the twenty to forty packet per second range, where theoperating point set provides the widest coverage of the bit-rate · packet-rate plane. This supports the conclusionthat it is the availability of these additional adaptations that makes this benefit possible. Finally, it is worthnoting that even over paths of nearly twice the length of typical Internet paths, the system enjoyed a reasonablerate of success in delivering feasible videoconferences.Although the results of experiment set three which implemented the two-dimensional audio component,were more disappointing, there are some additional factors worth further consideration. First, since this systemwas tested on lengthy paths, it is possible that it reached a scale where the effectiveness of two-dimensionaladaptation is too limited to be noticeable. Since two-dimensional adaptation is effective at smaller scales, andsince the two-dimensional scheme in experiment set three did not perform significantly worse than the one-dimensional scheme, the two-dimensional method is still valuable for general purpose use. Second, it is quitepossible that a refinement of this system could yield a more positive result. Two possible enhancements are finetuning the parameters of the recent success implementation, and adding a two-dimensional video component.B. Issues for further researchThere are additional issues raised by this work that are potential topics of further research. First, in theissue of codec design, there are the challenges of designing a codec that provides a rich, robust set of operatingpoints. Since many codecs are not even capable of one-dimensional scaling, improved flexibility would appearto be a worthwhile goal. A second issue is introduced by an informal observation made while conducting theexperiments. Occasionally, the frame rate observed by the experimenter appeared to be less than the monitoringtool was measuring as delivered. This means that frames were making it through the network, but were notdisplayed by the video manager. We can assume that they arrived too late to be played out successfully, andtherefore fall into the category of data that is transmitted but not used, one of the contributors to congestioncollapse. Of course, the key data in such frames may still have been of some use. Nevertheless, we conclude thatit would be useful for a codec to communicate to the adaptation control mechanism that although a frame arrivedsuccessfully, it was unplayable. Such an event could serve as an indication of congestion that would contribute

65to the accuracy of congestion detection based on packet statistics alone. In these two areas, and perhaps others,codec design could be directed toward the goal of control by an adaptive algorithm.Another issue raised in conjunction with this work is the reaction to a recent proposal for router basedenforcement of conformance to TCP congestion control [11]. This proposal was motivated by the growingnumber of multimedia applications that indulge in behavior such as sending at a constant bit-rate that can have anegative impact on other users of the network, in particular TCP. The effect on TCP applications is ofparticular interest because TCP is widely used and has been shown to be very effective in preventing congestioncollapse. However, enforcing strict conformance to TCP congestion control may be unnecessarily restrictive.For example, two-dimensional scaling as implemented here operates at a different time scale from TCP, andwould probably not be conformant to TCP congestion control. However, it does adapt in response to symptomsof congestion, and does so in ways that are appropriate to the videoconferencing domain. In fact, by making useof more detailed feedback than TCP, which depends on packet loss, it may detect and adapt to congestion morequickly in some cases. However, it is a meaningful requirement that adaptive schemes be effective in preventingcongestion collapse. This remains to be demonstrated for two-dimensional scaling and other proposed adaptivemethods, so obtaining measurements relevant to this question is, therefore, an interesting area of future research.A second justification for the proposal to enforce TCP conformance is the question of fairness to TCP.This is, however, much less compelling. It is impossible for an end-to-end adaptation scheme to measure itseffect on other applications and avoid impacting them in a negative way, (e.g., avoid stealing bandwidth). Infact, TCP applications can be, and are, unfair to each other to a certain extent. Thus, issues of fairness should bedealt with in more flexible ways, such as providing a service classes with scheduling policies such as weightedfair queueing to prevent different adaptive algorithms from negatively impacting each other. However, since itwill be some time before service classes could be available, the question of whether a typical two-dimensionalscaling scheme such as the one discussed is in fact, consistently unfair to TCP is of some interest. To summarize, this work has reaffirmed the utility of two-dimensional media scaling as an approach tovideoconferencing on best-effort networks in general and the Internet in particular. Further exploration of thisapproach, including an examination of its interaction with other Internet applications is a promising area forfurther research.

V. References[1]Bolot, J., Turletti, T., A Rate Control Mechanism for Packet Video in the Internet, Proc. IEEEINFOCOMM �94, Toronto, Canada, June 1994, pp. 1216-1223.[2]Braden, R. (Ed.), Requirements for Internet Hosts — Communication Layers. Network Working Group,RFC 1122, October 1989.[3]Braden, R., D. Clark, and S. Shenker, Integrated Services in the Internet Architecture: an Overview,IETF RFC-1633, July 1994.[4]Chakrabarti, S., Wang, R., Adaptive Control for Packet Video, Proc. IEEE International Conference onMultimedia Computing and Systems 1994, Boston, MA, May 1994, pp. 56-62.[5]Cruz, R., A calculus for network delay, part I: Network elements in isolation, IEEE Transaction onInformation Theory, 37(1):114-121, 1991.[6]Delgrossi, L., Halstrick, C., Hehmann, D., Herrtwich, R., Krone, O., Sandvoss, J., Vogt, C., MediaScaling for Audiovisual Communication with the Heidelberg Transport System, Proc. ACMMultimedia �93, Anaheim, CA, Aug 1993, pp. 99-104.[7]Dempsey, B., and Zhang, Y., Destination Buffering for Low-Bandwidth Audio Transmissions UsingRedundancy-Based Error Control, 21st IEEE Local Computer Networks Conference, Minneapolis, MN,October 1996, pp. 345 — 355.[8]Ferrari, D. Client Requirements for Real-Time Communication Services, IEEE CommunicationsMagazine, pp. 65-72, November, 1990.[9]Ferrari, D., Banjea, A., and Zhang, H., Network Support for Multimedia: A Discussion of the TenetApproach, Computer Networks and ISDN Systems, Vol. 26, No. 10 (July 1994), pp. 1267-1280.[10]Floyd, S., Jacobson, V., Random Early Detection Gateways for Congestion Avoidance, IEEE/ACMTransactions on Networking, 1(4):397-413, Aug. 1993.[11]Floyd, S., Fall, K., Router Mechanisms to support End-to-End Congestion Control, Technical Report,1997. URL ftp://ftp.ee.lbl.gov/papers/collapse.ps[12]Hardman, V., Sasse, M., Handley, M., and Watson, A. Reliable Audio for Use over the Internet, Proc.of INET ’95, pp. 27-30, Honolulu, Hawaii, USA, June 1995.[13]Hoffman, Don, Spear, M., Fernando, Gerard, Network Support for Dynamically Scaled MultimediaStreams, Network and Operating System Support for Digital Audio and Video, Proceedings, D.Shepard, et al (Ed.), Lecture Notes in Computer Science, Vol. 846, Springer-Verlag, Lancaster, UK,November 1993, pp. 240-251.

67[14]Huitema, C., Routing in the Internet, Prentice Hall PTR, Englewood Cliffs, NJ, 1995.[15]Jacobson, V., Congestion Avoidance and Control, Proc. ACM SIGCOMM �88 Conf., ACM, pp.314-329, August, 1988.[16]Jeffay, K., Stone, D.L., Smith, F.D., Kernel Support for Live Digital Audio and Video, Proc, 2nd Intl.Workshop on Network and Operating System Support for Digital Audio and Video, Heidelberg,Germany, Lecture Notes in Computer Science, Springer-Verlag, Vol. 614, pp. 10-21, Springer Verlag,Heidelberg, 1992. [17]Nee, P., Jeffay, K., Danneels, G., The Performance of Two-Dimensional Media Scaling for InternetVideoconferencing, Proc. 7th Intl. Workshop on Network and Operating System Support for DigitalAudio and Video, St. Louis, MO, May 1997.[18]Nee, P., Jeffay, K., Clark, M., Danneels, G., A Two-Dimensional Audio Scaling Enhancement to anInternet Videoconferencing System, Proc. Intl. Workshop on Audio-Visual Services over PacketNetworks, to appear.[19]Talley, T.M., Jeffay, K., Two-Dimensional Scaling Techniques for Adaptive, Rate Based TransmissionControl of Live Audio and Video Streams, Proc. Second ACM Intl. Conference on Multimedia, SanFrancisco, CA, October 1994, pp. 247-254.[20]Talley, T.M., Jeffay, K., A General Framework for Continuous Media Transmission Control,Proceedings of the 21st IEEE Conference on Local Computer Networks, Minneapolis, MN, October1996, pages 374-383.[21]Topolcic, C. (Ed.), Experimental Internet Stream Protocol, Version 2 (ST-II). Network WorkingGroup, RFC 1190, IEN-119, CIP Working Group, October 1990. [22]Wolf, C., Video Conferencing: Delay and Transmission Considerations, in Teleconferencing andElectronic Communications: Applications, Technologies, and Human Factors, L. Parker and C. Olgren(Eds.), 1982.[23]Zhang, L., Deering, S., Estrin, D., Shenker, S., Zappala, D., RSVP: A New Resource ReSerVationProtocol, IEEE Network, Vol. 5, No. 5 (September 1993), pp. 8-18.