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Media synchronization is widely regarded as a fundamental problem in the
field of multimedia. While much work has been conducted in this area, and
many different solutions have been proposed, no method for obtaining a
repeatable, objective measure of synchronization performance exists. Thus,
there has been no means for determining the effectiveness of potential media
synchronization solutions. In this paper we present an experimental
methodology for quantitatively measuring the performance of different media
synchronization schemes. We describe a complete (hardware and software)
test environment for measuring audio/video synchronization quality of
various media players, and we also present empirical performance
measurements of an example media player. The results show that external
observation is necessary for accurate assessments of synchronization
performance. This test and evaluation methodology is applicable to other
media delivery systems and can serve as the first step in isolating and
quantifying the effects of individual components of a media delivery system.

1 Introduction
Multimedia refers to the use of one or more types of media data — data designed
to be consumed by humans, such as text, graphics, audio, and video. These data
typically possess timeliness requirements with respect to their presentation. For
example, digital audio samples may be required to be displayed at a uniform rate of
48KHz. The media synchronization problem is to assure the correct temporal
alignment of such time-critical activities relative to a physical clock.

Although there is a relatively large body of research describing various
solutions to the synchronization problem, no metrics have been defined to measure
the performance and efficacy of this work. Effectiveness assessments have been
largely subjective in nature, thus making comparisons between different approaches
quite difficult. To determine the degree to which media synchronization is
achieved, a means for obtaining a repeatable, objective measure of (externally
visible) system performance must exist. We present such a scheme below.
1.1 Background
To help characterize the media synchronization problem we present the following
terminology. A media element is a single unit of a multimedia data type, such as a
video frame, or audio sample. A media stream (or stream) is a series of media
elements. Common examples of streams include video clips and audio sound bites.
A time-ordered collection of media streams is termed a media sequence (or
sequence). A good example of a sequence is a music album, i.e. a set of audio
streams (songs). Given these definitions we decompose the media synchronization
problem space into three classes: event-based, stream-based, and element-based.

Event-based synchronization refers to synchronization activities performed in
response to external events such as user input, whereas stream-based and element-



based synchronization refer to activities which attempt to control the timely
interactions between related media data. The units of synchronization for stream-
based and element-based synchronization are media streams and media elements
respectively. The interactions between synchronization units may be within the
same sequence (intra-sequence), across different sequences (inter-sequence), within
the same stream (intra-stream), or across different streams (inter-stream).

Several methods have been proposed to address all or part of the media
synchronization problem. One common approach for dealing with the case of inter-
stream element-based synchronization (e.g., managing lip sync in movie clips) is to
interleave the associated media streams. However, this scheme suffers from a
number of different shortcomings — including the coupling of failure modes
resulting from packet loss during transmission, and the inability to prioritize the
data streams or handle them in a manner appropriate to their data type ([7], [8],
[10]). An approach which attempts to address all types of element-based
synchronization is to assign each media element a timestamp that represents the
time at which it must be displayed ([1], [4]). While this scheme has the benefit of
simplicity, it does not take into account the variations between the different
physical clocks involved in actual systems (i.e. system, frame buffer, and audio
codec clocks). Some approaches designed to provide general support for media
synchronization in distributed settings are based on the use of synchronized system
clocks ([5], [14]), while others employ centralized synchronization servers ([13],
[15]). Work has also been done in other areas, such as operating systems ([3], [11],
[12]) and network protocols ([6], [9], [18]), to provide support for media
synchronization. These approaches have vastly different properties and address
different aspects of the problem. Without a means for quantitatively measuring
their performance, it is difficult to accurately and objectively determine what
impact these schemes have on the achieved quality of media synchronization.
1.2 System Overview
This paper presents a methodology for quantitatively measuring the performance of
media delivery systems. Below, we present an overview of a complete framework
for measuring synchronization quality. In Section 2 we outline our experimental
methodology, and Section 3 describes the implementation of our framework.
Section 4 presents some experimental results, and we conclude in Section 5.

A generalized media delivery system is capable of capturing, manipulating, and
presenting synchronized media data. Evaluating the performance of such a system
requires a repeatable procedure for presenting the system with a stimulus and
quantitatively measuring its output relative to an ideal response. To meet this goal
we have developed a complete synchronization test environment as depicted in
Figure 1. The environment is comprised of three components: the media delivery
system being tested, a stimulus production system, and a measurement system. The
components execute on separate machines in order to avoid interference effects.

The stimulus production system must generate a controlled stimulus and present
it as input to the system under test. This stimulus must be a well-defined media
sequence that requires synchronization, and it must be produced in a reliable,
accurate, and repeatable manner. In practice, a media delivery system typically
receives its input either from a storage system (as in a movie player) or from a live
analog source (as in a teleconferencing application). To simulate typical use, the
stimulus production system must be able to generate a sequence for both situations.



Figure 1.  Schematic view of a synchronization test environment.
A stored sequence can be generated once and recorded in a file (in a format

suitable for input by the system under test). All timing information of the media
elements within the sequence can then be recovered by simply examining the
properties of the stored data. If, however, live data are to be used, it is necessary to
produce the sequence using a test sequence generator — a specialized media
delivery system. The test generator must be able to display the defined sequence in
a repeatable fashion and with a small error bound. In addition, the accuracy of the
generated sequence must exceed the acquisition and synchronization accuracy of
the system under test. Although the sequence generated by this method may be
highly accurate, it is still not perfect. So, the output from the test generator is not
only sent to the media capture device(s) of the system under test, but it is also sent
to the measurement system (described below), which then characterizes the actual
sequence timing for later comparison with the output from the system being tested.

Once the sequence is input to the test system, it may be stored, manipulated,
transmitted across a network, etc. When the system is ready to display the
sequence, it will analyze the synchronization requirements, attempt to temporally
align the media elements to their ideal presentation times, and then finally display
them. The system under test might also record information regarding its activity
and pass it to the measurement system (described below). This information can
then be correlated with the measured output of the system to establish causal
relationships between externally- and internally-observed system behavior.

The measurement system contains three components: a measuring device, a data
processor, and a display subsystem. The measuring device is responsible for
collecting the output of both the test generator and the system under test. It then
analyzes these data, looking for particular media events. A media event corresponds
to the display of one or more semantically meaningful media elements, e.g. an
audible click, a certain type of video frame, etc. For each media event that it
receives, the measuring device generates an event record (or record). Records
consist of a timestamp and an identifying tag. All generated records are output to
the data processor, which is responsible for analyzing the data from the measuring
device and compiling statistics on the timing of events. These statistics are then
passed to the display subsystem, which presents graphical and tabular summaries of
media synchronization quality for the system being tested. The measurement
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system provides an indication of the end-to-end synchronization performance of the
system under test, and it can be used to isolate and quantify the effects of
individual system components on that performance.
2 Experimental Methodology
Since displaying synchronized audio and video is such a common activity in
practice, we have chosen to measure element-based intra-stream audio, intra-stream
video, and inter-stream audio/video synchronization as the initial test cases. We use
a timestamp-based audio/video test generator and a timestamp-based movie player
as two sample media delivery systems. However, since we make no a priori
assumption on the manner in which the problem is attacked, any system capable of
displaying audio and video can be measured. We will conduct experiments with
other media delivery systems in the future, and we also plan to measure other forms
of synchronization performance. This section presents the design issues of the input
sequence as well as the types of synchronization measurements that can be made.
2.1 Designing a Media Sequence for Controlled Input
To provide reliable measurements, the media sequence which is used as a
controlled input must be well-defined so that all timing information is known a
priori. Thus, given that the ideal display time of each media event is known, and
since the actual display time is measurable, it is possible to detect any deviations.
The sequence must also be defined in such a manner that the measurement system
can reliably quantify these timing differences. For example, typical quartz
oscillators have a frequency offset from ideal which is on the order of 100 parts per
million (ppm). Without some method of compensation, this error accumulates over
time and will result in media elements being displayed increasingly farther from
their ideal presentation times. This effect is usually termed drift. Since this type of
error becomes noticeable (to a human) only very slowly, the test sequence must be
sufficiently long-running to allow the potential error to accumulate to an
appreciable level. Also, the event inter-arrival times must be varied in order to
avoid resonance effects with any other clocks in the system. For instance, if the
scheduler executes every 10ms, a media delivery system displaying a stream with a
period of 30ms between element presentation times may appear to have better (or
worse) performance than the same system displaying a stream with a 33ms period.

For our initial experiments with simple audio/video synchronization, we defined
the following sequence to satisfy the above requirements. To simplify matters,
monaural audio is used, and the video is comprised of only two different frames: a
solid black frame, and a black frame with a white square in the center. Two types
of media events are recognized by the measuring device: video events, and audio
events. A video event occurs whenever the type of video frame being displayed is
changed, and an audio event occurs when a click sound is played. The sequence is
defined so that audio and video events should occur simultaneously. This limits the
granularity of synchronization to a video frame time. Clearly, this is the smallest
meaningful unit for intra-stream video and inter-stream audio/video
synchronization, but intra-stream audio synchronization could be measured at a
finer granularity. While this is possible, it adds unneeded complexity since
measuring the rate at which audio samples are output from the system can be much
more easily achieved by monitoring the output voltage levels of the audio codec (a
technique supported by the system we have implemented).



The test sequence runs for at least two hours — a sufficient length to allow drift
to accumulate to a noticeable level. The sequence displays video at rates of 30Hz,
29.97Hz, 29Hz, and then cycles down to 1Hz with a step size of 1Hz. For each rate,
the ratio of the duty cycles of white-square frames to black frames is varied as
follows: 1:1 (one white-square frame, then one black frame), 1:2, 1:3, 1:5, 1:7. A
pseudo-random sequence of frame types is also displayed for each rate. The
sequence is defined in this way to avoid any possible resonance effects with clocks
in the system. This pattern is repeated until the time limit for the test is reached.
2.2 Performance Measurements
The above measurement environment is defined in such a way that for each media
event , the following values are available: the generation time , the ideal
display time , and the actual display time . Based on these values, we
define six quantitative performance measurements. The end-to-end latency of a
media event is defined as . Absolute asynchrony represents the
deviation of a particular media event from its ideal display time and is given by

. Relative asynchrony is given by , where
 and  denote events from streams  and  respectively. It corresponds to the

relative display time of nominally simultaneous events from different streams.
With these measures we can derive additional quantities for skew, drift, and

jitter. Intuitively, given two sets of values over time (e.g. actual and ideal
presentation times of media elements from a given stream), skew refers to a
constant offset between pairs of values, drift denotes the amount by which the
difference between value pairs changes over time, and jitter is characterized by the
instantaneous variations in these values when skew and drift effects have been
removed. These quantities can be computed for both absolute and relative
asynchrony through simple statistical analysis techniques. For example, given a
series of media events  and the corresponding series of absolute
asynchronies , for each event  we can plot absolute asynchrony
( ) vs. ideal display time ( ) on a graph and use a curve interpolation
technique (e.g. linear least squares) to fit a straight line through these points. Then,
the skew is given by the intercept of this line on the absolute asynchrony axis, the
drift corresponds to the slope, and the dispersion about the line gives an indication
of the amount of jitter. We can also plot a series of relative asynchrony values
( ) against a series of actual display time values ( ) and perform a similar
analysis to yield skew, drift and jitter figures for stream  relative to stream .

For our audio/video experiment, analyzing the statistical distributions of the
absolute asynchronies for either type of stream provides an indication of intra-
stream synchronization quality, while the distribution of relative asynchronies
describes the effectiveness of inter-stream synchronization. The relative importance
of each of the above measures is application- and media-dependent. For example,
low latency is extremely important for interactive applications, and drift is only a
concern for long-running sequences. Also, the level at which jitter becomes
noticeable depends on the media type (e.g., tolerable video jitter is large compared
to tolerable audio jitter). Further, the extent to which asynchronies can be tolerated
by a viewer is dependent upon human perceptual limits as well as personal taste.
Steinmetz and Engler conducted user studies in [17], and they report several figures
of merit for quantifying tolerable asynchrony limits. This type of information must
be taken into account when judging the merits of any media delivery system.
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3 System Design
Utilizing the above experimental methodology, we implemented a complete test
environment for measuring the synchronization performance of arbitrary media
delivery systems. As an initial exercise of the capabilities of this system, our test
generator and a locally developed media player were used as test cases for
measurement. In this section we describe the implementations of our example
media player, test sequence generator, and measurement system.
3.1 Media Player Implementation
The chosen test case media player was developed at Sun Microsystems
Laboratories. It is a timestamp-based system capable of playing synchronized
audio, video, and text streams. Media data are displayed at a single site, but may
originate from arbitrary sources, including network connections and local capture
devices. Each media stream flows under the direction of an independent thread of
control. At the receiver, these threads communicate through a shared memory
region, and use time stamps to synchronize the display of their media elements.

Since humans are more sensitive to intra-stream audio asynchronies (i.e. audio
delays and drop-outs) than to asynchronies involving the video or text, the clock
from the audio codec is used as a master reference to which all threads attempt to
synchronize the display of their media elements. The thread controlling the audio
stream free-runs, and the other “slave” threads use the information it posts into the
shared memory region to determine when to display their elements. If a slave
thread is ready to display its element early, then it delays until the appropriate time;
but if it is late (>20ms behind audio), it discards its current element on the
assumption that continued processing will cause further delays later in the stream.

The player uses the following data format. Video frames are captured at
320x240 pixel resolution and stored using JPEG compression. The audio data are
standard 8-bit �-law monaural samples. The average decompression and display
time for the black and white-square frames was measured to be about 33.5ms, and
the maximum data rate required (at 30Hz display) is 60.35KB/s for video and
7.8KB/s for audio. Given these values, the media player should be able to sustain
the necessary display rates without encountering frequent overload conditions.

In addition, the environment we used to conduct our experiments provides a
lightweight event tracing facility. Applications can make calls to tracing routines in
order to log the time (relative to the system clock) that some internal event
occurred. These tracing routines are very low-cost (a few microseconds). Thus,
when used judiciously, they do not significantly perturb an application’s normal
behavior. By inserting tracepoints into the system under test, it is possible to
correlate tracing information to the measured output data so that causal
relationships between system activity and noted asynchronies can be determined.
3.2 Test Generator Implementation
We implemented a test generator capable of producing the audio/video sequence
defined in Section 2.1. The test generator is an application which executes in the
real-time scheduling class at the highest priority on a dedicated machine. It utilizes
a simple peripheral I/O device to generate an NTSC composite video signal. This
device can store two video frames and allows the user to select which frame is
displayed. We use this feature to avoid moving data through the system so that the
generator is not limited by any bandwidth constraints. When started, the test



generator downloads the pixels for the black and white-square frames into these
buffers, and then enters a control loop, waiting for the presentation times of the
media events. It displays video events by sending a command to the video encoder
telling it which frame to display, and it displays audio events by sending two digital
audio samples to the machine’s standard audio output device. These samples have
the maximum allowable difference in amplitude and thus create an audible click.

This produces highly accurate results since the high priority level of the process
and lack of other system activity ensure that deadlines can be met. Also, since each
set of media events requires only three bytes of data to be moved, there are
sufficient resources to ensure no overload exists. Further, we avoid any issues that
normally arise when multiple clock domains are involved, i.e. the system, audio
codec, and NTSC encoder clocks. This is because the audio/video data/commands
are delivered to their respective devices under the control of the system clock and
asynchronously with respect the audio codec and NTSC encoder clocks. While
many implementations of test generators are possible, this choice represents a
balanced trade-off between flexibility and performance.
3.3 Measurement System Implementation
The measurement system must be capable of measuring the media output from both
the test generator and the system under test, and it must tag and timestamp any
events that it detects and then pass them on for processing and display. To
accomplish these goals we built a general-purpose, timestamp-generating I/O
device called CHAOS (Chronological Hardware Activity Observation System).
CHAOS consists of a set of input ports and a counter driven by the system clock.
When a signal is detected on a port, a tag identifying the port is generated and
attached to the current value of the counter. This timestamp record is then made
available for processing. Since this device merely responds to signals at input ports,
it is completely generic in its ability to log the times of external events. Thus, the
actual display time of any type of media event can be accurately detected and used
to measure synchronization quality for any of the classes mentioned in Section 1.1.
In particular, we use the event records generated by CHAOS to compute the
synchronization quality metrics presented above in order to obtain an accurate,
quantitative measure of how well a given media delivery system performs.

For our initial experiments we utilized three inputs. The first comes from a
microphone which acts as a transducer to gather audio data. When an audible click
registers, a pulse is generated on an input port, causing CHAOS to create an audio
event record. We use a photo-diode-based transducer to detect the white-square
video frame and then send a pulse to a second input port. CHAOS generates a video
event record for each frame time that the white square is displayed. The final input
comes from a Global Positioning System (GPS) receiver and generates time
correction event records, which are used to improve timestamp accuracy.

One of the most important aspects of the measuring device is the accuracy and
precision of its clock, which must surpass that of the clocks used by the system
under test. A precision time reference such as an atomic clock would provide an
excellent timer for the device, but this is generally not practical due to the high cost
and special handling requirements associated with such a device. Furthermore, the
exceedingly high resolution of an atomic clock is unnecessary for measuring media
synchronization, where the smallest meaningful units tend to be in the microsecond
range (e.g. for stereo audio synchronization [17]). A much better approach is to use



the standard quartz oscillator found in modern computers as the time base, but also
have CHAOS tag and timestamp the input from a highly reliable chronometer.

An inexpensive GPS receiver can provide a precise 1Hz signal with short term
error on the order of 10 parts per billion (ppb) and long term error on the order of
1 part per trillion (ppt) [2]. Given the nominal frequency of the system clock, the
correct number of ticks between time correction events is known (e.g. for a 25MHz
oscillator, the difference between consecutive time correction event records should
be 25 million ticks). The measured value represents the true oscillator frequency
and can be used to convert timestamps to real time. This frequency changes so
slowly that it is sufficient to measure it once at the beginning of an experiment, and
a mean computed over 60 seconds is adequate for obtaining a figure that accurately
represents the true value [19]. For example, using an atomic-clock-based frequency
counter, we measured the actual frequency of a 25MHz oscillator to be
25,001,109Hz. Using the GPS receiver we calibrated the same clock over a one
minute interval and arrived at a frequency of 25,001,117Hz. This indicates that the
clock is fast by a perceived amount of around 44�s/s.
4 Experimental Results
Using the test sequence, test generator, media player and measurement system
described above, we conducted six experiments to obtain an initial assessment of
the quantitative effects of some of the causes of asynchrony in modern systems. In
the first five experiments we measured the test sequence generator under various
conditions. Initially, the generator was run as a process in the real-time scheduling
class on a stand-alone Sun SparcStation 20. No peripheral devices (except for the
local disk) were attached, and no other processes (except standard system
processes) were running. The output was generated using the standard speaker
device and the NTSC video encoder. In the second experiment we attached the
machine to the local network and repeated the test. In the next experiment we
moved the test generator process into the time-sharing scheduling class, and in the
fourth experiment we introduced additional load/processes by performing the test
with the window system running. In the fifth experiment we rendered the video
directly to the frame buffer. For each of these tests the sequence was played out of
non-paged memory so that no disk effects are observed. In the final experiment we
measured the performance of the media player. We used the same machine and
executed the player in the time-sharing class. The same sequence was used, but the
player read the data from a local disk in the format described in Section 3.1. For
each experiment the system under test maintained internal state regarding the times
at which it considered media elements to have been displayed (or discarded due to
missed deadlines), and external measurements were made with the CHAOS device.
4.1 Internal Measurements
During each experiment the system under test gathered internal statistics by
querying the system clock after the display of each media event and recording those
timestamps. This is done for several reasons. First, such measures were the only
indication of synchronization performance in the past, and are thus useful for
comparison. Next, it provides an indication of how well the test system believes it
is performing, and finally, it helps to isolate causes of poor synchronization. In the
future we plan to utilize the tracing facility described in Section 3.1 to acquire more
detailed information. The results of our experiments are summarized in Table 1.



It can be seen from this table that in general the players performed very well.
Measured skew is insignificant in the first four experiments, and drift is negligible
in the first five. Except for the media player, jitter values are within reason, and in
all cases few elements were discarded since sufficient resources were available.
There are, however, some interesting observations that can be made.

First, note that the media player reports that it displayed the audio data with
perfect synchrony. This is because it uses the audio codec clock as a master
reference and assumes that the display of audio events cannot deviate from it, i.e. it
does not generate timestamps corresponding to when the audio clicks are actually
played. This also helps explain the reason for the non-negligible drift values it
reports for the intra-stream video and inter-stream audio/video synchronization.
Since the internal time stamps for the video events are generated by querying the
system clock when the audio codec clock reports that display is complete, this drift
reflects the fact that the system clock is about 51�s/s slow relative to the audio
clock. This drift is an artifact of the way in which internal timestamps were
generated, and hence the media player itself perceives no such drift.

Next, note that even in the best case, intra-stream audio jitter is high relative to
the needs of stereo synchronization ([17]). This suggests that separate control of
related audio streams is not feasible with this type of approach. In addition, all

Internal Measurements of Synchronization Performance
Type SUT Dest Sched

Class
Net Win Skew

(�secs)
Drift

(unit time/
unit time)

Jitter (�secs) Losses
(%)Min Max Std Dev.

A TG TV RT -61 -20 610 17 0.003
A TG TV RT ✔ -63 -25 670 28 0.007
A TG TV TS ✔ -46 -54 61245 536 0.6
A TG TV TS ✔ ✔ -37 -33 67266 471 0.8
A TG FB TS ✔ ✔ -16 -49 64920 706 0.9
A MP FB TS ✔ ✔ 0 0 0 0 0 0
V TG TV RT 13 -13 597 22 0.002
V TG TV RT ✔ 14 -19 754 37 0.003
V TG TV TS ✔ 27 -57 61252 536 0.6
V TG TV TS ✔ ✔ 35 -36 67273 471 0.8
V TG FB TS ✔ ✔ 3342 -586 250136 1583 0.9
V MP FB TS ✔ ✔ -109329 0.000051 -360736 464338 136877 0.9

AV TG TV RT 62 -5 11 2 0.004
AV TG TV RT ✔ 63 -5 274 3 0.007
AV TG TV TS ✔ 74 -15 496 10 0.6
AV TG TV TS ✔ ✔ 72 -14 293 4 0.8
AV TG FB TS ✔ ✔ 3674 -180 249852 1689 0.9
AV MP FB TS ✔ ✔ -106879 0.000051 -361860 341950 137159 0.9

Table 1.  Synchronization performance as reported by the application displaying the test
media sequence. Skew, drift, and jitter are the quantities described in Section
2.2, and losses refers to the percentage of media elements which were not
displayed due to missed deadlines.
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intra-stream measurements show dramatic increases in the amount of observed
jitter when the system under test is placed in the time-sharing class, indicating that
lack of appropriate scheduling support can adversely affect synchronization quality.

Finally, there is a dramatic drop in intra-stream video and inter-stream audio/
video synchronization quality in experiment five, in which the test generator
displayed video on the frame buffer. This is because the test generator was
originally designed to use only the NTSC encoder to produce video, and so the
expected time to display a video frame is hard-coded into the application. Thus,
when a display path of differing length is encountered, it cannot adjust
appropriately. This emphasizes the need for adaptive display algorithms which
scale automatically to account for varying display lengths.
4.2 External Measurements
In addition, to the internal measures reported above, we used the CHAOS device to
gather performance information for each experiment. These data represent what is
actually observed by viewers. The results are summarized in Table 2, from which
several interesting observations can be made.

First, note that no intra-stream skew numbers are reported. This is due to the
fact that the actual starting time of the experiment cannot be determined with
certainty, i.e. externally, we can only determine when the first event is displayed,
not when the system under test began to display it. Inter-stream skew, on the other
hand, is internally measured as being relatively small (except for the media player)
but is observed as being substantially larger. In fact, the value for the experiment in
which the test generator displayed video on the frame buffer falls within a range
that would be easily noticed by a human observer ([17]). These differences between
internal and external measures can be attributed to the fact that the system under
test has no means for determining how long it takes for a media element to appear

External Measurements of Synchronization Performance
Type SUT Dest Sched

Class
Net Win Skew

(�secs)
Drift

(unit time/
unit time)

Jitter (�secs) Losses
(%)Min Max Std Dev.

A TG TV RT — 0.000101 -70 587 30 0.004
A TG TV RT ✔ — 0.000101 -139 730 51 0.007
A TG TV TS ✔ — 0.000102 -61 867 35 0.6
A TG TV TS ✔ ✔ — 0.000101 -106 728 53 0.8
A TG FB TS ✔ ✔ — 0.000101 -50 723 22 0.9
A MP FB TS ✔ ✔ — 0.00015 -348425 231271 125036 0
V TG TV RT — 0.000100 -17645 17749 9586 0.002
V TG TV RT ✔ — 0.000101 -17423 16771 9624 0.003
V TG TV TS ✔ — 0.000101 -17153 62690 9690 0.6
V TG TV TS ✔ ✔ — 0.000101 -17348 66388 9610 0.8
V TG FB TS ✔ ✔ — 0.00019 -247842 426948 0.9
V MP FB TS ✔ ✔ — 0.00015 -364994 337882 136359 0.9

AV TG TV RT 26095 -17584 17812 9587 0.004
AV TG TV RT ✔ 25114 -17309 16667 9620 0.007
AV TG TV TS ✔ 25616 -17127 62552 9689 0.6
AV TG TV TS ✔ ✔ 24411 -17117 66326 9606 0.8
AV TG FB TS ✔ ✔ -138529 0.000092 -247917 4302378 0.9
AV MP FB TS ✔ ✔ -28377 -0.0000020 -55798 278188 26680 0.9

Table 2.  Synchronization performance as measured with the CHAOS device.
See Table 1 for a description of the symbols used in this chart.
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as output. Instead, it only knows when the element was last under its control, and
there can clearly be a substantial time difference between those two events.

Next, since the tested systems control the display time of media elements using
a single time base (either the system clock or the audio clock) and since no external
reference is utilized, the internally measured values for drift were negligible
(except as noted above). However, most of the external measurements exhibit a
significant amount of drift. For example, in the first four experiments the test
generator references only the system clock to produce its output. Hence, the
measured intra-stream drift values in these cases indicate that the system clock is
about 100�s/s slow relative to real-time. Additional measurements of the system
clock accuracy confirmed that this was indeed the case. Similarly, the other
observed drift values indicate differences between other pairs of clocks (e.g. audio
clock vs. real-time, frame buffer clock vs. real-time). In addition, the intra-stream
video and inter-stream audio/video drift values reported internally by the media
player in the last experiment do not correspond to the externally measured values.
This is because the internally reported drift is due to differences between the audio
and system clocks, whereas the external drift is due to differences between the
audio clock and real-time. Drift can result whenever multiple time references are
used, and these observations make it clear that without an external reference, a
media delivery system has no means to characterize it and will operate under the
false notion that it is correctly displaying media elements.

Other interesting features can be observed by comparing the internal and
external values for jitter. Most significantly, it is clear from the tables that
externally observed jitter is substantially worse than jitter reported by the systems
under test. In addition, when the test system is moved into the time-sharing class in
the third experiment, the external measurements do not reflect the drop in jitter
quality that was reported internally. This can most easily be understood by
examining intra-stream video synchronization for the first four experiments, which
display video using the NTSC encoder. In these cases the dispersion of the jitter is
around 9.6ms about the mean. The NTSC encoder outputs video frames with a
period of about 16.7ms. When a toggle command arrives at the encoder, it will be
deferred until the next period. This suggests that the output should on average be
delayed about 8.35ms, which corresponds well to the observed jitter. Since the
period is so large relative to the internally observed jitter values, it will effectively
mask the large drop in jitter quality when the time-sharing class is utilized. The
lack of discontinuities in the other experimental data can be attributed to similar
effects. This is significant since it suggests that accounting for the clock rates of the
output devices is more important over a long interval than scheduling decisions.
5 Conclusions
This work provides a means of determining the actual effectiveness of arbitrary
media synchronization schemes. First, several forms of media synchronization were
defined, and then a methodology was presented for measuring the degree of
synchronization which is achieved both within and among streams of media
elements. The defined approach was validated by implementing a complete test
environment for measuring the audio/video synchronization performance of media
delivery systems. The measurements match the expected performance of the tested
systems extremely well, and thus give us confidence in our experimental design. In



addition, the results clearly indicate that internal assessments of synchronization
performance are insufficient. Accurate appraisals of the quality of media
synchronization cannot be achieved without an external reference.

In the future we will use this methodology and test environment to evaluate
different mechanisms for media synchronization, as well as the effects that changes
in the system have on the provided synchronization quality. Furthermore, this tool
forms the foundation for an effort to identify and quantify the various components
of media players that are the major contributors of display time variation.
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