In: Multimedia Systems, Volume 2, Number 6, (January 1995) pages 267-279.An Empirical Study of Delay Jitter Management Policies*Donald L. StoneKevin JeffayUniversity of North Carolina at Chapel HillDepartment of Computer ScienceChapel Hill, NC 27599-3175 USA{stone, jeffay}@cs.unc.eduJuly 1994Abstract: This paper presents an empirical study of several policies for managing the effectof delay jitter on the playout of audio and video in computer-based conferences. The problemaddressed is that of managing the fundamental tradeoff between display with low latency anddisplay with few gaps. We describe a particular policy called queue monitoring whichobserves delay jitter over time and dynamically adjusts display latency in order to supportlow-latency conferences with an acceptable gap rate. Queue monitoring is evaluated bycomparing it with two policies from the literature in a study based on measurements from acomputer-based conferencing system. Our results show that queue monitoring performs aswell or better than the other policies over the range of observed network loads. Moreimportantly, we show that queue monitoring performs better on those network loads forwhich the other policies exhibit poor performance.1.IntroductionThis work concerns network and operating system support for computer-based videoconferencing. Our goal is to support high-performance conferences using today�snetworks based on asynchronous communications (e.g., ethernet, token ring, FDDI, T3,etc.). In this environment, transmission times vary and hence audio and video data mayoccasionally arrive at their destination after the time at which they should have beendisplayed. When this occurs, a �gap� appears in the playout that can adversely affectusers� perception of the conference. The problem we consider here is that of amelioratingthe effect of variable network transmission delays in order to support good quality audioand video playout. In particular, we are interested in supporting small internetworksconsisting of several physical networks connected via bridges and routers (e.g., a buildingor campus-area network). Support for such networks will be necessary if, as we believe,conventional LANs continue to be widely used in the �last mile� to the desktop.For the audio and video hardware considered in our work, data units called frames areacquired from an audio or video source at a precise rate (e.g., one frame every 33 ms. for

* This work supported by the National Science Foundation (grant numbers CCR-9110938 and ICI-9015443),and by the IBM and Intel Corporations.

2video), and must be delivered to a conference participant�s display at the same preciserate. Prior to delivery, each frame must be digitized, compressed, transmitted over thenetwork, and decompressed as shown in Figure 1. Once decompressed, a frame isbuffered in a display queue until it can be displayed.

3end-to-end delay sufficient to cause a gap. Thus there is a fundamental tradeoff betweendisplay latency and gap frequency. A conferencing system must explicitly manage thistradeoff so as to provide good quality playout to the user.One approach to managing this tradeoff is to prevent delay jitter completely by using anetwork that provides transmission with constant delay. This is the approach used incomputer-based conferencing systems based on networks that provide isochronousservices (such as ATM). Another approach is to minimize delay jitter by reservingresources in the network so as to provide guaranteed bounds on delay and delay jitter.For example, Ferrari [1] presents a scheme in which clients requiring real-timecommunication services specify their traffic characteristics and performance requirements.In response, the system reserves sufficient resources at each node on the network (e.g.,processor capacity, buffer space) to guarantee the performance requirements of the client.Unfortunately, isochronous delivery and resource reservation are not available in thenetwork environments we wish to support. More importantly, even if the networksupported transmission with constant delay, jitter in the end-to-end delay can occur as aresult of variations in the time required to digitize, compress, and decompress frames, aswell as variations in the time required to communicate data between the audio/videosubsystem and the network transport system (all of which can be affected by operatingsystem scheduling decisions). For each of these reasons, we assume that delay jitter is afundamental phenomenon and therefore the tradeoff between display latency and gapfrequency must be explicitly managed in any conferencing system.In this paper, we evaluate three policies for managing the tradeoff between displaylatency and gap frequency. Two policies, the I-policy and the E-policy, are taken fromthe literature; the third, queue monitoring, is a new policy that we have developed. Theperformance of these policies is evaluated with an empirical study based on anexperimental computer-based video conferencing system (described in [3]). In the study,traces of the end-to-end delays experienced by frames are recorded during the execution ofthe conferencing system under a variety of (real) network loads. Each trace is used asinput to a simulator which determines the display latency and gap rate that would resultfrom applying each policy to a conference with the corresponding sequence of end-to-enddelays. The simulation results demonstrate that queue monitoring always performs atleast as well, and often performs better than either the I-policy or the E-policy over therange of observed network conditions.The following section discusses the basic principles of managing the tradeoff betweendisplay latency and gap frequency, and describes the I- and E-policies. The queuemonitoring policy is presented in Section 3. Section 4 discusses the metrics we proposefor evaluating delay jitter management policies and the problems inherent in formulatingsuch metrics. Section 5 describes the experiments and presents the results of the trace-driven simulations. We conclude in Section 6 with a summary of our findings.

42.The Effect of Delay JitterIn order to sustain continuous playout without gaps, every frame must be played with afixed display latency that is greater than the worst-case end-to-end delay that will beencountered during a conference. It is not clear however that our primary goal should beplayout with no gaps. Display latency is only one important factor in determining theperceived quality of the playout [2]. It is likely that in many conferencing applications,as long as gaps occur infrequently, playout with low latency and some gaps will bepreferable to playout with high latency and no gaps. Therefore, if we always play frameswith a display latency greater than the worst-case delay and if the worst-case delay israrely observed in practice, then we will display most frames with latency higher thannecessary to support good quality playout.If we are willing to accept gaps in the playout, then we can choose to play frames with adisplay latency less than the worst-case end-to-end delay. However, we must nowaddress the issue of what should be done with a frame that arrives after the time at whichit should have been displayed. There are two choices: either the frame can be discardedor it can be displayed. These choices define two delay jitter management policies whichNaylor and Kleinrock call the I-Policy and the E-Policy [6]. Under the I-policy, framesare displayed with a single fixed display latency which is a parameter of the policy, andeach frame that arrives with an end-to-end delay greater than this latency is discarded.Under the E-policy, late frames are displayed at the next opportunity. This causes thedisplay of all frames after the late frame to be delayed and thus the E-policy has the effectof increasing the display latency of all subsequent frames.Figure 2 illustrates the behavior of the I- and E-policies in response to late frames. Figure2a shows the acquisition and display times for eight frames. Tick marks on the uppertimeline indicate acquisition times, the times at which new frames are acquired. Tickmarks on the lower timeline indicate display initiation times, the times at which the newframes are displayed. Each diagonal arrow represents the end-to-end delay of anindividual frame, extending from the time at which it was acquired to the time it is placedin the display queue. Throughout these examples, the acquisition time of a frame (i.e.,points a, b, c, etc.) is used to refer to individual frames.Figure 2b shows the effect of executing the I-Policy on the pattern of acquisition times,display initiation times, and end-to-end delays shown in Figure 2a. In this example, thedisplay latency parameter of the I-Policy is 2 frame times. (For simplicity in theexamples, time is represented as multiples of the time taken to acquire or display aframe). The top graph in Figure 2b shows the display queue length at each displayinitiation time. The bottom graph shows the display latency of the frame being displayedat each display initiation time. In addition, each latency bar is labeled with the acquisitiontime of the frame that is displayed at that display initiation time. In this example, framesb, d, and f arrive with end-to-end delays longer than two frame times and are discarded.Thus, use of the I-policy results in three gaps occurring in the playout at displayinitiation times 4,6, and 8.

5Acquisition Time

11098765432ahgfedcbDisplay Initiation Timea) Delay jitter.Display Queue Length0123

1098765432Display Initiation TimeQueueLengthDisplay Queue Length0123

1098765432Display Initiation TimeQueueLengthDisplay Latency0123

1098765432Display Initiation TimeTime(in frames)ahgecgfedcb

1098765432Display Initiation TimeDisplay Latency0123

Time(in frames)ab) I-policy.c) E-policy.Figure 2: Behavior of I-policy and E-policy.Figure 2c shows the effect of executing the E-policy. As with the I-policy, the late arrivalof frame b causes a gap at display initiation time 4. However, after frame b arrives, it isplaced in the display queue and eventually played at display initiation time 5 with alatency of 3 frame times. This delay results in each frame after b also being played with adisplay latency of 3 frame times. Because 3 frame times is longer than the end-to-enddelay experienced by any frame after b, there are no gaps after display initiation time 4.The example shown in Figure 2 illustrates an advantage of the E-policy. The E-policystarts playing frames with the lowest possible initial display latency and then adjustsdisplay latency upward in response to delay jitter. The overall effect of the E-policy isto find a display latency which is sufficient to play frames without gaps by dynamicallyadjusting the latency to be higher than any end-to-end delay yet observed.Figure 3 illustrates a situation in which the I-policy performs better than the E-policy. Inthis example, all frames except frames c and d arrive with an end-to-end delay of less thana frame time and experience negligible delay jitter. Frames c and d arrive late because ofsome temporary increase in network activity. Each policy results in gaps at displayinitiation times 4 and 5, however, the I-policy with a display latency of one frame time

6Acquisition Time

11098765432ahgfedcbDisplay Initiation Time ia) Delay jitter.Display Queue Length0123

1098765432Display Initiation TimeQueueLengthDisplay Queue Length0123

1098765432Display Initiation TimeQueueLengthDisplay Latency0123

1098765432Display Initiation TimeTime(in frames)gfedcabgfedc

1098765432Display Initiation TimeDisplay Latency0123

Time(in frames)abb) I-policy.c) E-policy.Figure 3: Behavior of the I-policy and E-policy after a �burst.�plays the frames after the gap with low latency while the E-policy plays the frames afterthe gap with high latency. Under the E-policy, a single �burst� of activity on the networkthat causes a few frames to arrive late results in a permanent increase in display latency.In each policy, we are choosing a display latency at which to play frames, eitherexplicitly in the case of the I-policy, or implicitly in the case of the E-policy. A goodchoice for display latency will depend on many factors. First, the acceptable rate of gapsand the acceptable display latency may vary depending on the application (e.g., speechand music may have different gap and latency requirements) and the current requirementsof the user (e.g., a surgeon viewing an operation will have different requirements thanparticipants in a televised lecture). Second, the display latency required to maintain anacceptable gap-rate will depend on the expected level of delay jitter, which will vary as aresult of congestion both at participants� machines and on the network. The dynamicnature of these factors motivates the design of a delay jitter management policy whichdynamically chooses an appropriate display latency so as to adapt to new requirementsand conditions.

73.Queue MonitoringThe problem of choosing a display latency has been extensively studied in the context ofpacket audio systems (systems for the transmission of audio streams across packet-switched networks). In many applications, audio is modeled as a sequence of�talkspurts� (some period of time in which audio data must be acquired, transmitted, andplayed) separated by �silent periods� (some period of time in which there is nosignificant audio activity, so audio need not be acquired or played). Naylor and Kleinrockproposed that a display latency be chosen at the beginning of each talkspurt by observingthe transmission delays of the last m audio fragments, discarding the k largest delays, andchoosing the greatest remaining delay. For their particular model of audio quality, theystated a rule of thumb for choosing m and k (m > 40 and k = .07*m) which usuallyresulted in good quality audio. More recent work on practical solutions for the Internet(as exemplified by Nevot [7]), has also used a scheme by which a display latency ischosen at the beginning of each talkspurt on the basis of observed delay jitter.More generally, consider an oracle that has perfect knowledge of the end-to-end delays offuture frames and hence can choose the best display latency at which to play each frame.Such an oracle can adjust display latency in response to changes in delay jitter (perhapsdue to changes in network congestion) in order to achieve the best possible balancebetween display latency and gaps. Display latency can be adjusted upward by artificiallyintroducing a gap (i.e., delaying the playout of the next frame) and can be adjusteddownward by discarding frames.If we assume that the delay jitter in the near future can be predicted by observing thedelay jitter in the recent past, we can construct delay jitter management policies that areapproximations to the oracle. (This is analogous to the working set concept of pagereplacement in virtual memory management.) The Naylor and Kleinrock policy forchoosing a display latency is one example of such a policy. This policy, however, isdifficult to implement as measuring end-to-end delays at runtime requires synchronizedclocks.Instead of measuring end-to-end delays, we can directly measure the impact of delay jitterat a receiver by observing the length of the display queue over time. Once every frametime, a frame is removed from the display queue to be played. For example, for videoframes displayed at 30 frames per second, a frame is removed every 33 ms. Since framesare also acquired and transmitted once per frame time, on average one frame will arriveand be placed in the display queue and one frame will be removed from the display queueduring each frame time. If end-to-end delays are constant, the queue length measured ateach display initiation time should be constant (as it was between display initiation times7 and 10 in the example shown in Figure 3c). If end-to-end delay increases sufficiently, itmay happen that no frame arrives during the playout of a frame. In that case, the lengthof the display queue will decrease by 1 frame (e.g., display initiation time 6 in Figure 2c).If end-to-end delays decrease sufficiently, more than one frame may arrive during theplayout of a frame, and the length of the display queue will increase (e.g., displayinitiation time 6 in Figure 3c).

8Over time, the length of the display queue will vary depending on the range of end-to-enddelays encountered by frames. If we assume the level of delay jitter in the near future willbe the same as the level in the recent past, then while end-to-end delays may vary, theywill not vary outside the range that we have observed recently. This implies that thelength of the display queue will remain at least as long as the minimum length that hasbeen observed in the recent past. Furthermore, as long as the display queue contains atleast one frame at each display initiation time, there will be no gaps in the playout. Thus,if the minimum display queue length observed recently was at least two frames, we candiscard a frame to reduce display latency without causing a gap.A policy for decreasing display latency based on observing queue lengths has been usedto govern the behavior of the audio display queue in the Pandora system [5]. Wheneverframes are added to the display queue (called the clawback buffer), the length of the queueis checked against a target value. In the Pandora system, the target is 2 frames (whichcorresponds to 4 ms. of audio data). If the length of the display queue is greater than thistarget for a sufficiently long interval (8 seconds in the Pandora system), incoming audioframes are discarded. Because this has the effect of shortening the display queue, audiodata that arrives after this time will be played with a lower display latency.We propose a display queue management policy called queue monitoring that is avariation of the policy used in Pandora. For each possible display queue length we definea threshold value. The threshold value for queue length n specifies a duration (measuredin frame times) after which, if the display queue has continuously contained more than nframes, we will conclude that display latency can be reduced without increasing thefrequency of gaps. Since we expect that large variations in end-to-end delay will occurinfrequently, and small variations will occur much more frequently, threshold values forlong queue lengths specify short durations while those for short queue lengths specifylong durations. This policy has the effect of reducing display latency quickly after longdelays due to large bursts of network traffic, but approaching minimal latency slowly.To implement queue monitoring, we associate an array of counters and threshold valueswith the display queue. Each time we wish to display a new frame, we first perform a�thresholding operation.� If the display queue has length m, then counters 2 through m —1 are incremented and all other counters are reset. If any counter exceeds its associatedthreshold value, all the counters are reset and the oldest frame is discarded from thedisplay queue. The oldest remaining frame is then displayed.An important principle in this implementation is that the thresholding operation willnever discard frames unless the display queue contains more than two frames. The lastframe in the display queue should never be discarded because there must be a frameavailable for display after the thresholding operation completes. Similarly, if the second-to-last frame in the display queue were discarded, then even minimal delay jitter couldpotentially cause a gap. For example, this can occur in a situation where a frame arrivesimmediately before the thresholding operation and results in a display queue with length2. If one of those frames is discarded and the other is displayed, then the queue would beempty. Then, if the next frame has a slightly larger end-to-end delay, it may not arrive in

9time to be displayed. Therefore, in the following discussion, thresholds will only bedefined for queue lengths greater than two.4.Evaluating Delay Jitter Management PoliciesThe remainder of the paper is a study comparing the effectiveness of the queuemonitoring policy to that of the I- and the E-policy. We are hampered in this task by thelack of metrics for comparing the performance of delay jitter management policies.Clearly, if policy A results in lower display latency and less gaps than policy B, it isperforming better. However, if policy A results in a lower display latency and a highergap rate as compared with policy B, which has performed better? The answer willdepend on a number of factors including the display latency, the gap rate, the resolutionof the display, and the user�s particular audio and video requirements. It may alsodepend on the distribution of gaps throughout the measurement interval, the number ofdisplay latency changes, and the distribution of periods of high and low display latencythroughout the interval. A proper standard for comparing policies would take each ofthese factors into account in making a judgment.Unfortunately, we are not aware of such a standard. Therefore we have adopted a simpleand arbitrary comparison rule for the analysis in this paper. The performance of a policyis evaluated along two dimensions: average display latency and average gap rate. Weassume that only differences in display latency of more than 15 ms. and differences in gaprate of more than 1 gap per minute are significant. Under these rules policy A is declaredto have done better than policy B if it is better in one dimension and the same or better inthe other dimension. Two policies are declared to have done equally well if they are thesame in both dimensions and are declared to be incomparable if each has done better inone dimension.Given this comparison rule, we can evaluate and compare the effectiveness of policies fora particular execution of the system. However, it is still difficult to compare results ofmultiple executions. One fundamental difficulty arises because the video hardware thatacquires frames at the sender is not synchronized with the display at the receiver. Toillustrate the effect this has on display latency, assume there is no end-to-end delay (i.e.,acquisition and arrival of frames are simultaneous). Despite this fact, we must wait untilthe next display initiation time to display each new frame. Depending on thesynchronization difference between the video hardware acquiring the frames and thedisplay, each frame may have to wait up to one frame time before being displayed. Thissynchronization time is a random variable and varies between executions. Therefore,when comparing results of multiple executions, differences in latency of as much as oneframe time are not significant.The second difficulty in comparing multiple executions arises from our working definitionof the I-policy. Ideally, the I-policy should enforce a particular display latency.However, this would require that the clocks at the acquisition and display workstationsbe synchronized. In our work we only assume synchronized clocks for measurement

10purposes (i.e., we do not use synchronized clocks to guide the execution of the system),so we cannot completely implement such a policy. Instead, we use a variant of the I-policy which buffers the first frame for a fixed number of frame times before displaying itand then displays all subsequent frames with the same display latency. The effect of thisdefinition is to make the display latency enforced by a particular I-policy in an execution,a function of the end-to-end delay of the first frame that is received (i.e., a randomvariable).The goal of the study presented in this paper is to determine which of several policiesresults in the best quality playout. Because of the difficulties involved in comparing theresults of multiple executions, and because our comparison rule determines relative, ratherthan absolute performance, we restrict direct comparisons to determining the relativeperformance of two policies on single conference executions. This allows us to concludeonly that one policy outperforms another on a particular execution. To show that onepolicy outperforms another in general, we must show that it performs better on someexecutions and as well or better on all executions. This method of pairwise comparison isthe basis of the performance evaluations presented in the next section.5.The StudyIn this section, we present the results of a study that we have performed to gauge theeffectiveness of the queue monitoring policy in a building-sized internetwork. In thisstudy, we compared the performance of the queue monitoring policy with theperformance of the I- and E-policies on video conferences transmitted over the mainnetwork supporting our department. The experiments presented were performed usingthe audio portion of an experimental video conferencing system that we have developed.In each experiment, we have recorded a trace of the end-to-end delay experienced by eachframe. These traces are then used as input to a simulator which determines the averagedisplay latency and average gap rate that would result from applying each policy to aconference with the corresponding sequence of end-to-end delays. The results arecompared using the comparison rule defined in Section 4.The video conferencing system used for the experiments runs on IBM PS/2 workstations.These workstations run a real-time operating system and network transport softwarespecially tailored for real-time communications. Network packets use the UDP/IPformat. Acquisition and display of audio and video data is performed using IBM-IntelActionMedia 750 hardware at a rate of 30 video frames per second (256x240 resolutionand 8-bit color pixels; each compressed video frame occupies around 6000-8000 bytes)and 60 audio frames per second (a 2-channel audio stream generated at a bit rate of 128Kb per second and packaged into 16.5 ms �frames�). The full system has beenextensively described elsewhere [3,4].The building network consists of several 10 Mb Ethernets and 16 Mb token ringsinterconnect by bridges and routers. It supports approximately 400 UNIX workstationsand Macintosh personal computers. The workstations share a common filesystem usinga mix of NFS and AFS. The application mix running on these workstations should be

11typical of most academic computer science departments. We are linked to the Internetthrough the campus internetwork which also includes a number of other departmentalnetworks (generally smaller than the one just described) connected via a central broadbandnetwork. In all, this environment should be typical of those generally found in the �lastmile� to the desktop.In each experiment, we acquired, transmitted, and displayed audio and video for a seriesof 10 minute intervals. Audio frames were transmitted in individual packets and videoframes were broken into 1350 byte fragments. Each packet was routed across a lightlyloaded private token ring to a gateway, through a segment of the departmental ethernet toa bridge, through a second segment of the departmental ethernet to another gateway, andback across the private token ring to the display machine.Twenty-four runs of the system were performed over the course of a typical day(between 6 am and 5 pm) covering lightly and heavily loaded periods. Four additionalruns were performed between midnight and 1 am. For each run, we recorded a trace of theacquisition time and the arrival time of each audio frame. In addition, we recorded eachdisplay initiation time (i.e., the times at which new frames were displayed). Before eachrun, we ran a protocol to measure the difference in clock times between the acquisitionand display machines. After each run, the recorded times were adjusted to account for thedifference in clock times and to account for clock drift (measured in a separateexperiment). Finally, the traces were used as input for a trace-driven simulation of thedisplay-side of a conference. For the given sequence of arrivals and display initiationtimes, the simulator determined the time at which each frame would be displayed undereach of the three policies. The output of the simulator was the average display latencyand average gap rate that would result from using each policy on the run.Figure 4 gives some basic data on the 28 runs. �Time of Day� is the time the run wasinitiated. Average and maximum delays are calculated from the end-to-end delaysexperienced by audio frames. Lost and duplicate frames are counts of lost and duplicatedpackets which contained an audio frame. No out of order packets were observed.Figure 5 provides a more detailed look at two runs, one with low delay jitter and one withhigh delay jitter. These figures are histograms of the end-to-end delays experienced byaudio frames in runs 2 and 24. The y-axis shows a count of the number of frames withend-to-end delays within each 5 ms. interval (e.g., a count of frames with an end-to-enddelay of 30-35 ms.). Note that the y-axis is plotted on a log scale.Figure 6 shows the simulation results for each of the 28 runs. For each, we simulated thequeue monitoring policy with a threshold of 120 frame times at all queue lengths. Theeffect of these threshold settings is to reduce display latency by one audio frame time(i.e., 16.5 ms.) whenever the display queue contains more than 2 audio frames for 120continuous frame times (i.e., 2 seconds). We also simulated the E-policy and the (variant)I-policy with 2 and 3 frame times of display latency. In the table, these policies arelabeled QM-120, E, I-2, and I-3 respectively. For each policy, the table shows theresulting average display latency (in ms.) and the average gap rate (in gaps per minute).

12RunTime ofDayAvg. Delayms.Max. Delayms.LostFramesDuplicateFrames

106:03387610

206:25388830

306:363717150

406:473710510

508:033811510

608:14377320

708:253818470

808:363915710

910:0241186230

1010:164012440

1110:314121370

1210:494014060

1311:573911050

1412:084113850

1512:194113330

1612:3440187110

1714:0241189110

1814:134214130

1914:423910740

2014:5440131120

2116:013917190

2216:213912820

2316:33398621

2416:5542242141

2500:05388040

2600:163812800

2700:273813480

2800:38388320

Figure 4: All runs, basic data.For each run, the rightmost columns show the comparison between the queue monitoringpolicy and the other policies (using the comparison rule defined in Section 0). A �+�indicates that queue monitoring did better, a �0� means the two were equivalent, a �-�means that queue monitoring did worse, and a blank space means the two policies wereincomparable.Figure 6 shows that the QM-120 policy performed as well or better than the I-2 policyfor every run except run 11. For that run, QM-120 is incomparable with I-2 because ithas a somewhat lower latency and a much higher gap rate. In particular, the gap rateproduced by the I-2 policy is extremely high (approximately 1 gap every 2 seconds,compared with about 1 gap every 12 seconds for the QM-120 policy). From theseresults, we can conclude that in general, the QM-120 policy is more effective than the I-2policy.The QM-120 policy also performed as well or better than the I-3 policy for every runexcept run 15. On that run, QM-120 policy is judged to perform worse than I-3 because

13

End-T o-End Delays (ms.)

Number of Frames

0

1

10

100

1000

10000

100000

0 50 100 150 200 250

End-T o-End Delays (ms.)

Number of Frames

0

1

10

100

1000

10000

100000

0 50 100 150 200 250