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Abstract

which is the time skew between different medias in
an MT: the network delay jitter, media transmission rates, and the initialization phase difference, of
MASes. The network delay jitter is caused by nondeterministic cell transmission delays. If a large transmission delay jitter exists between different communication paths, then temporary loss of synchrony between continuous media objects may be observed.
Drifting rates of clocks in MASes can be compensated
for by periodic adjustment of their clocks to synchronize their media retrieving rates within an acceptable
range. For simplicity, we assume that the initialization phase difference is eliminated when the connections are established, and we concentrate on the other
two factors in this paper.
A high speed network is a vital element of a distributed multimedia information system [l, 2, 5, 61
for transporting large volumes of data between distant
sites. The Asynchronous Tkansfer Mode (ATM) which
operates on a high speed fiber optical transmission system is one of the most promising transport standards
to support multimedia applications [7]. An ATM
network operates in a packet switched, connectionoriented mode, in which each packet, called a cell, is 53
bytes long. A broadband ATM network can accommodate a wide range of multimedia information including
text, pictures and video/audio signals, etc., using a
single communication standard. In an ATM network,
two users communicate with each other through one or
more fixed routes called virtual channels ( V C ) to exchange information. A VC between two users needs
to be established first before actual information exchange can take place. If two VCs traverse the same
communication link, they will be statistically multiplexed to share the link bandwidth. Therefore, when
data streams from different media servers are transmitted in the same ATM network, the mutual interference between VCs need to be taken into account to
meet their communication requirements.
The ATM network is a lossy transmission system,
in which excess cells are discarded when the buffer of
an ATM switch is full. To meet the service requirements of users without causing network congestion, resource allocation and usage parameter control (UPC)
8, 9, 10, 11, 12, 131 are the two major mechanisms
or preventive congestion control. A resource allocation scheme [14, 15, 161 determines acceptance of new

This paper ezploits the impact of the
Asynchronous Dansfer Mode (ATM) transport standard on the mutual synchronization of multiple media
servers in a distributed multimedia system. O n the
basis of a bursty trafic model, we develop and analyze an effective media synchronization scheme. In our
scheme the media terminal (MT), which receives continuous streams of data from different media servers,
acts as the coordinator for mutual synchronization of
the media servers. The correlation between the time
skew of clocks in the media servers and the network
transmission behavior is analyzed, with the bursty traff i c of the A T M network taken into account. W e quantify the correlation between the resynchronization time
interval, the clock drift rate, the time skew of servers,
and the the network jitter. Our results suggest that an
allocation of A T M network resources t o virtual channels (VC , the transmission delay, cell loss probability
and sync ronization of clocks are equally important in
distributed multimedia systems.
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Introduction

Distributed multimedia systems represent one of
the most challenging applications to the computer and
communication industry. Geographically distributed
media grvers (MAS) with high storage capacities can
provide a user with different types of information on
one media terminal (MT), which can be a workstation
equipped with high-fidelity speakers or other display
devices. In a distributed multimedia system, several
MASes may provide an MT simultaneously with information in different media formats continuously (video,
audio) or sporadically (image, text). For different information sources with significant temporal correlations, it is important to keep them synchronized to
each other within a reasonable time bound. Otherwise, it may cause disturbing visual or sound effects to
the users. A common technique to solve this problem
is through mutual synchronization of the output rates
of MASes [l, 2, 31. For example, media synchronization requirements are formalized in [l]. An adaptive
feedback media synchronization scheme is proposed in
[4], in which the network is assumed to have bounded
delays, so that we can obtain the bounds on the time
skew of logical clocks.
Three factors contribute to media asynchrony,
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In order to establish a V C , a connection request is
made to the network based on the following parameters: 1) its peak cell generation rate A, 2) the average
duration of on-state (or burst length) Tb, 3) the burstiness, which is defined as the ratio between eak and
mean cell generation rate of the source [21[ and 4)
the maximum cell loss probability II, and maximum
cell transmission delay 8. Let X denote the average
cell generation rate- from a source, its burs_tiness can
be calculated as X/X, and it is clear that X/X = m,
T?
where T, is the average duration of the silence period
of the source. If the admission control scheme determines that the GOS requirements of both the new and
existing VCs and the inter-VC jitter requirement can
be satisfied, then the new connection will be granted.
Otherwise, the connection should be rejected. We assume that the traffic stream on an established V C conforms to its declared characteristics by a UPC mechanism in its MAS.
Mutual synchronization of media output rates of
the two MASes is critically dependent on the transmission quality of the ATM network. For simplicity,
our discussion focuses on the control of delay jitter between two VCs in this paper, and our results can be
generated for an arbitrary number of VCs. Here, we
use a model to estimate the transmission delay jitter
between the two MASes. Let D1 and D2 be cell transmission delays along the two VCs. D1 = 610 SI and
D2 = 6 2 0 S 2 , respectively, where 6 1 0 and 6 2 0 denote
the propagation delay on the two VCs, and S1 and S 2
denote the queuing delay along the two VCs. Let the
cell delay of VCj be denoted as f i ( t ) , and the average
cell delay of the VC be denoted as Ti. The delay jitter between cells from the two V-Cs can be de_noted by
a random variable Y = ( ( d l - SI)- (d2 - S2)1, and
the inter-VC delay jitter between the two VCs can be
expressed as

connection requests according to their declared traffic characteristics, GOS requirements, and the current
network workload. A UPC unit enforces the traffic
stream of an information source to conform to its declared characteristics at the edge of the network.
In this paper, we study the impact of the ATM
network behavior on mutual synchronization of media
servers. We first develop a model to determine the
network delay jitter between multiple VCs from different MASes t o an MT. We then develop a clock synchronization scheme to control the clock skew between
two MASes, with the bursty traffic behavior of the
ATM network taken into account. The distributions
of the media synchronization anomalies are quantified
through analytical models and simulations.
We organize the rest of this paper as follows. We
analyze in Section 2 the characteristics of ATM networks which are critically related to the mutual synchronization of multiple MASes. The clock synchronization algorithm and its analysis are discussed in
section 3, and analytical and simulation results are
given in section 4. Section 5 concludes this paper.

2

Transmission
Characteristics
ATM Networks

of

In our system model, an MT can retrieve continuous media information from any of the MASes. The
retrieving rate of the continuous media information
from an MAS can be adjusted arbitrarily, based on
the request sent by the user at an MT, e.g., fast forward/backward, slow play, freeze, etc. Since the media streams can be edited together to form new, mixed
media information, e.g., the video editing capability,
the temporal relations between the media information
from different MASes can be critical.
In an ATM switch, cells are scheduled by the statistical multiplexing technique. ATM switches are
assumed to have an output-buffered, non-blocking
switching fabrics architecture, and a buffer is associated with each output port. The buffer space at an
output port is globally shared by all the VCs that traverse the output port, and newly arrived cells are discarded when the buffer is full. To avoid accumulation
of bursty traffic in the switch, a non-work-conserving,
flow regulation mechanism such as the virtual clock
[17] or the peak rate enforcement scheme [18, 191, is
assumed to be used for scheduling of cells at each output port. Cells belonging t o the same V C are transmitted based on the first come first serve scheduling
scheme.
To model the bursty traffic behavior in an ATM
network, the cell stream generated from each MAS
is assumed to follow the two-state Modulated Markovian Process (MMP) with states of “on busy ” and
“off (idle)” [9, 201. The sojourn times o i botl! “on”
and “off’ states follow exponential distributions, and
the interarrival time of cells in each burst is governed
by an exponential distribution. In this way, the multiplexed traffic streams from different sources form a
multi-state MMP process, in which each state denotes
a unique number of sources that are simultaneously
active (transmitting cells).

+
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where 3
1 and s 2 are mean values of SI and S 2 , respectively. The density function of the inter-VC jitter
can be expressed as

fJl,(d= Jl = l ( d i - S i ) - ( d a - z , ) I

f

~
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i
(d2)ddlddz.

It is evident that fj,, ( j ) is dependent on traffic characteristics, and we are particularly interested in the case
when the ATM network is loaded with bursty traffic.
Without loss of generality, we omit the subscript of
Si and di in our subsequent discussion. We note that
a precise model on f s ( d ) is prohibitively complicated,
and thus an approximation model needs to be used
for its analysis. To avoid the prohibitively high complexity of an exact model of a bursty ATM network,
we have proposed an approximation model called the
cyclic loss model for characterization of a bursty network [22]. In this model, the cell transmission process
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in a burst period is approximated by a tluid flow with
rate A. The bandwidth and buffer assigned to the V C
are denoted as p and q, respectively. The source of
the V C is assumed t o have a peak rate A, an average
on-duration Tb and an average off-duration T,. When
X 5 p , no cell will be lost. However, when A > p , cells
accumulate in the buffer of the VC at rate A - p in
on-period. The accumulated cells, if any, will be discharged during the off-period at the discharge rate p .
Therefore, arrivals/departures of bursts can be viewed
as a recurrent process, in which the arriving or departing time of each burst can be viewed as a renewal point
[22], as shown in Figure 1 (a).
Let B and S denote durations of the on- and offperiod of a bursty source, respectively, and their density functions are denoted as f ~ ( b ) and fs(s). A cycle
starts at the beginning of an on-period at time instant
t , , and it ends at time instant t , , which is the end of
the off-period. At tb ( t , < t b < t , ) , the on-period ends
and the off-period begins. Since both t , and t , are recurrent points, the states of the VC at t , and t, are
statistically identical. In [22], we solved the R ( p ,q ) ,
cell loss probability, and D ( p ,q ) , delay bound, by deriving the distributions of the queue lengths at t , , tb
and t,. We get the delay bound for given bandwidth
p and buffer size q at an output port of a switch [22]
as D ( p , q ) = q / p , and the cell loss probability [16] as

I
I

I

Figure 1: Different growth and shrinkage conditions
of the output queue for a VC [22]
cobhum-
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where a = m
iP = & I
and 7 =
We also get the density function of buffer occupancy
at the beginning of a cycle as f ~ ( z )= r(b(z)
Pe-(a-P)t).. The results mentioned above need to be
used to derive fs(d).
To derive the delay jitter, we need to derive the
probability of the cell delay S exceeding a given time
bound d , Ps(S > d). Since the average service time of
each cell is therefore, Ps(S > d) is also equal to the
probability of the number of buffered cells N greater
than pd, or Ps S > d ) = PN(N > pd). Therefore, we
will derive Ps( > d) by solving the average time period Td in which the number of buffered cells is greater
than pd.
Referring to Figure 2 , where X denotes the number
of buffered cells at the beginning of a new burst period,
and q , q 2 p d ) , denotes the buffer space assigned to
the V . The number of buffered cells can become
greater than pd for both X > pd or X 5 pd, as shown
in Figure 2 (a) and (b , respectively. If X 2 pd, then
based on the common y adopted assumption that the
service rate ( p ) of the V C is smaller than the peak
arrival rate (A) of cells [23], every cell arrived in the
on-period will have a delay time of greater than d ,
implying that Td = Tb. For the case of X < pd, the
cell delay begins to exceed d after a time interval of
and we have

+

Figure 2: Analysis on the transmission delay distribution (a) X > pd and (b) X 5 pd
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By combining the expressions of Td for conditions X 2
X < pd, we get

B
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Cells arrived during Td will experience a delay time
which is greater than d . However, some of the cells
arrived during Td may be lost. Therefore, we need to
exclude those lost cells in derivation of the proportion

rm
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of cells whose delay exceeds d . The cell loss period To
in a cycle can be directly derived from (3) by letting
p d = q1 as

I
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(4)

After we get Td and To, the probability of the cell
delay exceeding d , Ps(S > d ) , can be expressed as

Figure 3: Interactions between nodes during synchronization
The master-slave model is adopted for synchronization of the (local) clocks of MAS1 and M A & . The
logical clock of MAS2 is defined as the master clock,
and the logical clock of MAS1 is adjusted periodically
such that the time skew between their clock values
can be controlled within a required bound. Let the
drift rate of the slave clock with respect to the master
clock be denoted as p. The slave clock is faster the
master clock when p > 0, otherwise the it is slower
than the master clock. The clock of MT need not be
synchronized with the clock of neither MASes.
The clock synchronization algorithm works as follows. The MT broadcasts a synchronization message
to the two MASes after a fixed (logical) time interval,
called the synchronization interval. Immediately after receiving the synchronization message, each MAS
sends a time-stamped message to the MT containing its current local time at which the MAS receives
the synchronization message. Once the MT receives
the time-stamped message from both MASes, it calculates the difference of the two logical clock values
and predicts the clock adjustment value AT for the
two MASes. Then the MT immediately sends a clockadjustment message to both MASes. The master MAS
only remembers the starting time of the next synchronization cycle without changing its clock value, but the
slave MAS immediately adjusts its clock value based
on the clock-adjustment message.
The key design parameters which need to be determined for our synchronization algorithm include l )
maximum (clock) synchronization interval, 2) the allocated network resources for inter-VC jitter control,
and 3) the clock adjustment value AT for the slave
MAS. These parameters are related to the network delay, the permissible clock skew for the two MASes, and
the clock drift rate. To derive these parameters, we
shall first characterize the correlation between adjustments of the slave clock values and the synchronization
interval TI. Then, for a given permissible time skew
of the two clocks, we shall derive the relation between
the synchronization interval and the clock drift rate,
with the network delay taken into account. Finally, we
shall derive the probability distribution of clock skew
after each adjustment.
The interaction between nodes for inter-MAS synchronization is plotted in Figure 3. Although the communication patterns plotted in Figure 3 show that the
transmission time from MAS2 to MT is longer than

We can thus obtain the density function f $ ( d ) as
f i ( d ) = -Pi(S > d )

+

ype-Qq((l + $)ePq - $ ) 6 ( d - q / p )
+ $)ePq - $)) ,(6)

(A - y(A - p ) e - Q q ( ( I

where P i ( S > d ) denotes the differentiation of Ps(S >
d ) , and 6 ( t ) and U ( t ) are the impulse and step functions, respectively. The probability distribution on the
end-to-end delay can thus be obtained as
k
L

fs(4 = k d )* f 3 d )* -fi(dj,

(7)

where k is the number of switches that the VC passes.
We can thus calculate the inter-VC jitter by plugging
Equation 7 into Equation 1.

3

Media Synchronization

The synchrony of information flows from MASes
is affected by the network delay jitter, and the clock
drifting rates of the MASes. We assume that the logical clock in an MAS is linearly scaled to determine
the media output rate. Thus the media synchronization problem can be directly modeled as a clock synchronization problem. In reality adjustment to logical
clock rates can be done through pausing and skipping
of media objects. That is, if the logical clock of an
MAS becomes too fast, then transmission of the media objects will be paused. If the clock of an MAS is
too slow, then the media output rate of the MAS will
be increased by skipping some pieces of the objects [3].
We assume that both clock-synchronization cells and
data cells from an MAS is sent to the MT through the
same VC, implying that the delay distribution of synchronization and data messages are identical. On the
other hand, since only a few cells need to be sent from
the M T to its MASes, we assume that the variance
of transmission delays from the MT to its MASes are
negligible. The transmission delay from the MT to its
MASes is assumed to be attained when their VCs are
established.
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the transmission time from MAS1 to MT, our subsequent discussion does not make any assumptions on
the difference between the transmission times of the
VCs. The network delays for transmission of the synchronization message from MT to the two MASes are
denoted as A1 and A z , respectively, and they are measured in terms of the master clock. Let Z (i = l, 2)
denote time interval from the time instant that MAS1
set its local clock value in the previous cycle to the
time instant that the time-stamped message of MASi
is generated. Z is measured in terms of the local clock
of MA&. TI and Tz are send back to the MT in the
time-stamped messages.
Let the transmission delays of the time-stamped
messages from the two MASes to the MT be respectively denoted by D1 and Dz, both of which are measured in terms of the master clock. D1 (Dz) consists
of the link propagation delay and the queuing delay in
network switches. Assuming that the link propagation
delay is invariant with time, only the switch queuing
delay would affect the maximum adjustment interval
and the maximum value of the clock skews. After
the MT receives the time-stamped messages from both
MASes, it calculates their difference as A = TI - T z .
Now we derive the relation among T I ,TZand p. Referring to Figure 3, since A1 is measured in terms of
master clock and the relative progression rate between
clocks of MAS1 and MAS2 is 1 p, the time interval between the time when MAS1 set its clock in the
previous cycle and the time when a synchronization
message is sent in the current cycle can be expressed
by TI - (1 p)Al in terms of the clock rate of MA&.
Since the same time interval can also be expressed by
Tz - A2 in terms of the clock of MA&, the following
relation holds:

during transmission of the time-stamped messages is
p(max{D1+ A I ,DZ A z } - A I ) ,where max{D1+
A I ,D2 A z } represents the time interval from the
instant that MT sends out the synchronization messages, to the instant that MT receives both timestamped messages, and the last term A1 reflects the
fact that that the time skew between the two clocks
during transmission of the synchronization message to
MAS1 has been counted in Ts . Therefore, the amount
of clock skew at the instant that MAS1 receives the
clock-adjustment message (synchronization-point) can
be expressed as

+

= (Tz - & ) ( I

+ p).

+

+

+

+

+

(11)

where A = TI -Tz can be calculated by the MT. Let
Z = max{ D1+ A I ,Dz + A z } . Since it is impossible to
get the current value of cell delays, we use the mean
instead of 2, for derivation
value of 2, denoted as
of clock adjustment AT. That is, the clock adjustment
at the synchronization-point is calculated as

z,

AT = A - (al- A ~+)pZ.

+

We now calculate 8. Since Di = si uio 2 = 1 2)
where uio is the propagation delay from L A S i ' t o
the MT and Ai = uoi from our assumption, we can
rewrite Z as Z = max S1 6 1 0 uo1, Sz u20 uoz}.
Since the probability istribution functions of S1 and
SZ can be obtained from Equation 7 as Ps,(S1 < d l )
and Ps (Sz < &), respectively, the probability distribution ?unction of Z can be expressed as Pz(Z < t ) =
PS,(Sl < t - (U10 U01))PS2(S2~
< t - U20 602 )
Since Si is bounded by q i / p i (I = 1 , & , Z is
bounded by B ( Z ) = max{ql/pi U I O- u01,q z / m
620 - 602). Thus, we have

d

+

+ p)&

+

AT = TS pA1 p(max(A2 DI,
A2 0 2 ) - A i )
= A - (AI - A,) pmax(D1 Ai, D2 A2},

+

Tl - ( 1

+

+

+ +

+ +

+

(8)

+

+

Hence, p can be calculated from Equation 8 as

a +L

(9)

After a synchronization activity completes, the
clock skew between MAS1 and MAS2 may not be zero
because of the non-deterministic cell transmission delay in the network. Let S, denote the remaining clock
skew after the current adjustment, which can be calculated as the difference between t h e e a l clock skew
AT and our clock adjustment value AT. That is,

Assuming that the MT sends out the two synchre
nization messages simultaneously. Then, the difference in the clock values of MAS1 and MA&, when
MAS1 receives the synchronization message, is

Ts = Ti - Tz - (A1 - Az).

(10)

Hence, MAS1 would be perfectly synchronized if we
could subtract Ts from TI at the time instant when
MT sends the synchronization messages. However, to
calculate the clock adjustment value at the time instant that the clock-adjustment message is received
by MA&, the MT needs to take into account T s ,
transmission delays of both the time-stamped messages from MASes and the clock-adjustment message
to MASes, and clock skews associated to both transmission delays. The time skew of the two clocks
during transmission of the clock-adjustment message
is simply pAl. The time skew of these two clocks

s, = AT - ZT = pp- 8).

(12)

Let S, denote the clock skew at the time instant immediately before the synchronization point. In the
steady state, we have S, = S,
AT.
We now calculate the maximum synchronization
such
interval for a given permissible clock skew
that IS,,,[ < <. From Equations 8 and 10, we have
A = pT2 +cl +p)(A1 - Az). Replacing A in Equation
11, we get

+

<

AT
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= pTz
= PTZ

+ (1 + p)(Ai - Az) - (Ai - Az) + p z
+ p(A1- A,) + PZ
(13)

Since we know
I S w I = ISr

+ AT( L IB(Sr)l+ IB(AT)I

+ pz(

5 Ip(B(Z) - z)l+JpTz+ p(A1 - A,)
< I P I ( ~ B ( Z-) + Tz + J A i- Azl),

z

(14)

Table 1: The traffic characteristics and GOS requirements of the sources

the maximum clock skew before the synchronization
oint can thus be expressed as I p ( ( 2 B ( Z )- 8 Tz
L 1 - A2l) , which must be smaller than or equal to
the permissible skew [. Hence we have

+ +

T2

E - ( 2 B ( Z ) - Z) - IA1 - A21 = T;.
5(PI

the analytical and simulation results are quite consistent with each other for different amount of resource
allocated to MASl. It is also shown in Figure 4 that
the inter-VC jitter decreases with the amount of bandwidth assigned to the VCs. It should be noted that the
abrupt jumps at some points of the curves are caused
by the discontinuity of the probability distribution in
cell transmission delay because of finite buffer sizes,
as dictated in Equation 5

(15)

From Figure 3 , we know the relation between the synchronization interval TI and T2 as TI = TZ (A1 A,) A1 2. Moreover, since TI 5 Tz 1A1- A21
B ( Z ) A1 5
- (B(Z)
AI, we get the maximum synchronization interval as

+ +
+

6

+

-z)+

+

+

E - ( B ( Z )- Z ) + A i .
TI'=< IPI

After we derive the maximum synchronization interval, we next calculate the probability distribution
of clock skew S, immediately before the synchronization point. Since S, = Sr AT, and we have Sr and
A T from equations 12 and 13, respectively, we get

+

+

= pT;+ p(A1 - A2) p ( 2 Z - Z)
= 2pZ p(Tl (A1 - A,) - Z).( 1 6 )

S,

+

+

Figure 4: Comparison between analytical and simulated results for MASl, where q1 = locells

Therefore,
Prob(S,

4

< t ) = P r o b ( Z < P(T,' + (A1 - A,) - 7 )).

Now, we show in Figure 5 the clock skew at the time
instant immediately before synchronization-point , at
which the largest clock skew would be observed. We
plot in the figures the probability that the clock skew is
greater than a given value in the X-axis. The four different diagrams reflect the clock skew behavior when
exactly one of the allocated resources to the two VCs
varies. We can see that resource allocations can have

2

Discussions

In this section, we use an example to illustrate the
behavior of the media synchronization algorithm. The
traffic characteristics and the GOS requirements of
the two VCs to transmit the media information are
listed in Table 1. Our example only considers one intermediate ATM switch, but the results can be easily generalized t o multiple switches. The propagation delays from MAS1 and MAS2 to the MT are
assumed to be 610 = 2 ms and 1 ms, respectively.
8i and R ( p i , q i ) < $i for
By solving D p i , q , )
i = 1 , 2 we ca culate the minimum resources (bandwidth and buffer space) allocated to VC1 and VC2 as
p1 = 44399bps and q1 = locells, and p2 = 376199bps
and qz = 26cells, respectively. The transmission delays from the MT to the two MASes are assumed to
be A1 = 2 m s and A2 = 1 ms,respectively.
We first show in Figure 4 the accuracy of our model
by comparing the inter-VC jitter obtained from our
model and simulation. In this case, we fix the amount
of resources allocated to MAS2 but vary the amount
of resources allocated to MA&. It can be seen that

r
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quite significant impact on the clock skew distribution.
We can also see from the figures that the amount of
resources allocated to VC1 has a dominating effect
on the distribution of clock skew, because VC1 has
a much higher delay jitter which consequently contributes more to the accuracy of synchronization algorithm.

5

Conclusion

In this paper we develop a practical clock synchronization scheme which only requires a minimal number of communication messages. In our scheme the
MT need not be synchronized with the MASes, and it
needs only simple computation to determine the time
skew of the MASes. We show that the maximum time
interval between mutual synchronization of clocks is
mainly determined by the clock drift rate and the permissible time skew. We further show that time skew
of the clocks of the media servers is significantly affected by the jitter of network delay. Our results show
that the queuing delay of ATM switches can have a
significant impact on the time skew of the clocks of
the MASes. Therefore, the transmission delay, cell
loss probability and the synchronization of clocks are
equally important factors that should be considered in
the allocation of network resources to virtual channels.
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