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In a mobile communication system network performance varies considerably when han-
dovers occur. This occurrence strongly impacts the design of the buffer compensation based
techniques usually used in the fixed communication environments for minimizing probability
of asynchronism between the different media composing a multimedia session. This paper
provides an analytical paradigm for dimensioning synchronization buffers at the interface
node between the wired and the wireless networks when network delay varies during a mul-
timedia session due to the user mobility. For this purpose, the factors related to terminal
mobility which have to be taken into account in the design of a synchronization mecha-
nism are briefly introduced and appropriate user-perceived Quality of Service parameters
referring to the synchronization of multimedia services are also introduced

I. Introduction

In the last few years, multimedia systems and mobile
communication systems have been leading factors in
the telecommunications market. Multimedia comput-
ing, communications and services in the wired net-
work sector have reached a certain degree of matu-
rity thanks to the considerable effort devoted to devel-
oping techniques ensuring an adequate user-Perceived
Quality of Service (P_QoS) [1, 2]. In particular, new
performance requirements specific to multimedia ser-
vices - i.e. the maintenance of both intramedia and
intermedia time relationships - have been defined and
taken into account. At the same time, mobile commu-
nication systems have spread in the field of telephone
and low-speed data transmission services for mobile
users [3].

The mobile communication market will certainly
develop in a more consistent manner if users can be
provided with services and performance levels com-
parable to those provided in a fixed communication
environment by the wired networks. For this reason,
considerable attention is being paid to wireless ATM
networks, whose final goal is the seamless wireless
extension of ATM to mobile devices [4, 5].

In a fixed communication environment where Qual-
ity of Service (QoS) can be controlled (as in the case
of networks based on ATM technology), users of mul-
timedia services are guaranteed that synchronization
requirements are met thanks to various control and
network resource management mechanisms inserted
in the networks. In a mobile communication envi-

ronment, on the other hand, the problem is under-
standing whether the same mechanisms can still be
used and what new parameters linked to user mobil-
ity need be taken into account. In fact, some of the
techniques currently used in wired networks may be
inefficient or impossible to implement in a mobile en-
vironment because of the routing changes occurring
in the wired network to guarantee connectivity to the
roaming users and unreliable and time-varying radio
transmission channel.

In this paper we deal with some aspects of the prob-
lem of synchronizing multimedia streams in a mo-
bile communication environment where wireless net-
works are interconnected by a wired broadband net-
work. First, the problem of synchronizing multime-
dia streams is outlined and some indications about the
impact of terminal mobility on the design of a mecha-
nism for intra/intermedia synchronization are pointed
out. In particular some of the main techniques cur-
rently used in wired networks are briefly reviewed in
order to discuss their capacity to operate in a mo-
bile communication environment and an architecture
for multimedia synchronization is presented. In or-
der to quantify the effectiveness of the synchroniza-
tion mechanisms we also introduce P_QoS parameters
which take into account the effect of user mobility in
the synchronization of multimedia streams. Next, we
propose a scheme for guaranteeing multimedia syn-
chronization requirements, based on the use of com-
pensation buffers (CBs) to equalize wired network
delay, placed at the interface between the wired and
wireless networks. Then, an analysis of the synchro-
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nization technique introduced is provided, by deriving
analytical relations that allow statistical characteriza-
tion of the delay jitter and skew not compensated for
by the mechanism and the loss probability due to han-
dover. Finally, some considerations are made about
how the synchronization mechanism parameters have
to be sized.

The paper is organized as follows. The next section
introduces the problem of multimedia synchronization
in a mobile environment. Section 3 describes the com-
munication system model taken as a reference in the
paper and introduces P_QoS parameters which take
into account the effect of user mobility in the synchro-
nization of multimedia streams. Section 4 gives some
guidelines for the definition of an architecture for a
synchronization system in a mixed wired/wireless net-
work environment. Section 5 focuses on the synchro-
nization of multimedia streams by using compensa-
tion buffers (CB) in the radio access interface, and
shows how CB sizing affects P_QoS parameters. Sec-
tion 6 gives some indications about how to apply the
proposed synchronization mechanism. Section 7 con-
tains final considerations on the topic dealt with in the

paper.

II. Problem definition

A characteristic of multimedia services is the synchro-
nization {1]. A multimedia stream is, in fact, char-
acterized by multiple monomedia streams related to
each other by means of time relationships which must
be preserved. Due to the various delays the mono-
media streams may undergo during transmission in
a communication network, appropriate mechanisms
must be introduced so as to meet both the require-
ments of each monomedia stream (intramedia syn-
chronization) and those related to how the monomedia
streams are integrated to form the multimedia stream
(intermedia synchronization) [6, 7]. These require-
ments, in a wired communication environment, are
basically linked to the end-to-end delay jitter of the
presentation units and their skew, that is, the differ-
ence between the instantaneous delays of presentation
units belonging to two different monomedia streams.
As measurements of human perception have shown
that monomedia streams may appear to be “’in synch”
if the delay jitter and skew are limited to appropri-
ate values [1], the P_QoS parameters are usually ex-
pressed as restrictions on the statistics of both the jitter
and the skew [7].

In literature several mechanisms dealing with the
problem of limiting delay jitter and/or skew in mul-
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timedia services on a wired network have been pre-
sented [6, 7, 8, 9, 10, 11, 12, 13, 14]). The majority
of these mechanisms can be classified into two cate-
gories: the first one comprises mechanisms based on
the use of buffers at the destination site or at the in-
termediate nodes, the second on modification of re-
trieval times at the source site. The application of
buffering techniques at the destination site requires
the bounds of the delay jitter introduced by the net-
work to be known a priori or estimated [15, 16, 13].
These techniques are extremely simple to implement
at the application level, and for this reason are widely
used in muitimedia services today [11]. They are also
applied in the case of fixed hosts connected to a wired
network by means of a wireless link [17]. Unfortu-
nately, the buffer needed to guarantee the synchro-
nization requirements may sometimes be so large that
it causes unacceptable delays. Moreover, when the
task of containing network delay within suitable limit
values is distributed over the whole network, buffering
has to be applied at the intermediate nodes and a great
end-to-end average delay may occur. The second cat-
egory of synchronization mechanisms can be imple-
mented in various ways according to how the retrieval
tirne modification is computed; some follow a deter-
ministic approach [18, 9], others a statistical approach
[7, 19]. In any case, the modification of retrieval times
permits a reshaping of the probability density func-
tion (pdf) of the delay jitter at the destination site, but
requires either a priori knowledge of the characteris-
tics of the whole multimedia stream, or a transmission
overhead due to the presence of feedback traffic.

All the above synchronization techniques were de-
vised to operate in a fixed communication environ-
ment. They; in fact, often assume the availability of:
1 — wired virtual connections whose statistical charac-
teristics are predictable in certain time intervals; from
the statistical point of view the wired network is of-
ten seen as a wide-sense stationary system; 2 — ade-
quate resources at the intermediate nodes and at the
source and destination sites, in terms of both buffers
and the computing power needed to implement con-
trol techniques with varying degrees of sophistication;
3 —reliable, high-quality transmission media, i.e. high
transmission capacity, low error rates and limited vari-
ations in the end-to-end latency time.

In a mobile communication environment, on the
other hand, the statistical characteristics of the con-
nections vary in time and disconnections may oc-
cur depending on both the type of user mobility and
how re-routing is performed in the event of handover
[20, 21, 22, 23]. Mobile users moreover, have at their
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disposal relatively unreliable, poor-quality wireless
transmission channel and limited hardware and soft-
ware resources due to the size of portable terminals
and the limited amount of power supplied by their bat-
teries. These are all elements that have to be taken into
account, as they have a great impact on the design of
multimedia synchronization techniques and can ren-
der the techniques and protocols used in a fixed en-
vironment inefficient or impossible to implement in
a mobile environment. For example, synchronization
mechanisms which involve an initial estimate of either
the delay bounds [13] or the resynchronization inter-
val in which reference times are updated [19], or those
requiring the transmission of feedback units to detect
any asynchronism and keep it within certain limits
[18], may fail if the channel characteristics undergo
sharp variations in a short time or if there is a dis-
connection. In a mobile environment the latency time
bounds cannot be predicted in the long term, because
channel characteristics vary whenever a handover oc-
curs.

Moreover, the handover phenomenon imposes cer-
tain constraints on synchronization mechanisms: the
increase in the wired network delay has to be limited,
in order to facilitate the retrieval of information al-
ready routed towards the old radio access port and to
reduce loss of information; the synchronization algo-
rithm has to be highly adaptive, to reach the steady
state in a very short time and to be unaffected by dis-
continuities introduced by the handover. At the same
time, the hardware and software resources needed by
the synchronization mechanisms and the exchange of
control information between a mobile terminal and a
radio access port have to be limited, in order to reduce
power consumption in the mobile terminal.

III. Reference scenario and quality
of service parameters

In this paper we take as our reference scenario a com-
munication system made up of a wired broadband net-
work interconnecting static hosts and a wireless ac-
cess network with mobile terminals (MTs). Some of
the static hosts (the Base Stations - BSs) act as a radio
access interface, thus allowing MTs located in a cell
to access the wired network. Cells may partially over-
lap, but we assume that even if an MT can exchange
control information with more than one BS, it only
exchanges user information with one BS at a time.

In this scenario the MT is the destination of a multi-
media stream. This stream is received through the BS
and it is the combination of two or more monomedia

streams, related to each other by logical, spatial and/or
temporal relationships which must be preserved dur-
ing the presentation of the multimedia stream. As it
is our intention to focus on use of buffers in the BS to
equalize wired network delay, we will only consider
a multimedia stream in which compound monomedia
streams are temporally synchronized. The sources of
monomedia streams can be located in a single static
host or distributed over the wired network: in any
case we assume that the streams are transported au-
tonomously through the wired network.

Each monomedia stream is seen as being made up
of an ordered sequence of Information Units (IUs)
[1, 24], the size of which affects the synchroniza-
tion granularity. Details concerning the architecture
or protocol stack used in wired and wireless networks
are not dealt with here, as they lie beyond the scope of
the paper.

The end-to-end delay between the sender and re-
ceiver of the monomedia streams is the summation of
several terms, such as the time needed at the source
site to collect and prepare IUs for transmission, the
network delay and the time needed at the destina-
tion site to process and prepare IUs for playback [10].
Here we will only consider network delay. However,
the same line of reasoning can be used to include the
other two kinds of delay in solving the synchroniza-
tion problem.

In the reference scenario outlined above the net-
work delay the n-th IU of the i-th media undergoes
when the MT is located in the radio-electric cover-
age area of the L-th BS, d¥(n), comprises the delay
between the source and the L-th BS, any delay in-
troduced in the BS, and the access and propagation
delays in the wireless channel. Obviously d¥(n) de-
pends on the mobility of the MT because the path
through the wired network changes as the user moves
towards a new BS. As d(n) is a random process, the
intramedia and intermedia time relationships between
IUs are not maintained at the destination site. Syn-
chronization mechanisms therefore have to limit vari-
ations in the network delay, that is, they have to equal-
ize df (n).

As far as intramedia synchronization is concerned,
obviously, the i-th media can be said to be perfectly
synchronized if d¥(n) is constant for any n. In or-
der to quantify the effect of synchronization mecha-
nisms on network delay equalization, let us define the
residual jitter, ¥ (n), of the n-th TU of the i-th media
which is transmitted to the MT through the L-th BS as
the difference between the actual delivery time at the
MT and the ideal delivery time by which the intrame-
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dia time relationship should be recovered. As far as
intermedia synchronization is concerned, the time re-
lationships between 1Us belonging to different media
are altered on account of the different starting times
for the sources and the different delays the IUs un-
dergo. Bearing in mind, however, that the starting
times can be controlled when the connection is set up,
we will henceforward assume, without loss of gen-
erality, that they are the same for all the monomedia
streams. So, the displacement in time of correspond-
ing [Us of different media is only due to different net-
work delays. Therefore, by considering the above def-
inition of residual jitter we define the residual skew,
sﬁ,i(n), between the n-th IUs of the media "k” and
”i” recetved by the MT through the L-th BS as the
displacement in time of the corresponding [Us after
the application of intramedia synchronization mecha-
nisms.

A multimedia stream appears to be “’in synch” even
if the residual jitter and skew are not identically null,
but are limited to appropriate values [1]. At the same
time, their effect on synchronization quality depends
on the kinds of monomedia streams which make up
the multimedia stream. Bearing in mind that synchro-
nization mechanisms based on compensation buffers
act by introducing an additional delay on the 1Us,
such as to equalize their end-to-end delay, and there-
fore that there has to be a monomedia stream which
can be used as a time reference to syncronize the var-
ious monomedia streams, we assume that monome-
dia streams are classified as master and slave streams
[8, 25].

From the multimedia synchronization point of
view, in wired networks the P_QoS the multimedia
system has to provide the user with can be defined
in terms of the probability that the residual jitter suf-
fered by the master stream and the residual skew suf-
fered by each slave stream with respect to the master
stream lie beyond a certain range of admissible values
[7]. This is also valid in the case of communications
in a mobile and wireless environment within a single
cell, as the end-to-end delay an IU undergoes during
a connection can be assumed as a wide-sense station-
ary process during the time interval the MT resides
in the same cell. On the other hand, statistic bounds
on residual jitter and skew are not sufficient to specify
P_QoS, as they do not take into account any effect of
user mobility. Let us note, in fact, that when an MT
passes from one cell to another, and thus a handover
takes place, two phenomena may occur:

e a sharp variation in the statistical properties of
the end-to-end network delay;
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e a loss of the IUs that were only routed towards
the BS to which the MT is no longer connected.

The first phenomenon causes a time displacement in
the IU delivery times at the MT even if no IUs are
lost in the BS. In fact, if the MT passes from the L-
th cell to the M-th cell, the time displacement in IU
delivery times, va s the difference between the
end-to-end delay of the first IU received by the MT
through the M-th BS and that of the last TU received
by the MT through the L-th BS. If DZM s greater
than a certain threshold value, a pause must be intro-
duced in the playback of the IUs; if, on the other hand,
it is less than another certain threshold value, an IU
must be skipped in the playback. Let us note that if
DZM b D,ICV[ L the above phenomenon also affects
the intermedia synchronization, as a skew occurs be-
tween media "¢ and “k”. The user therefore has to
specify the P_QoS by requiring statistical bounds on
the value assumed by DzM ¥ and DZM L D,Q/I L for
any 'i’ and k', every time a handover occurs.

The second phenomenon related to user mobility,
i.e. the loss of IUs when a handover occurs, depends
on how the handover is managed. In any case the def-
inition of the P_QoS has to include a bound on the [U
loss probability due to handover or on the number of

IUs lost every time an MT moves towards a new BS.

On the basis of the above considerations the P_QoS
in a mobile communication environment can therefore
be specified as:

p{j,[,'wste,.(n) ¢ [J—minmastem J’mammaster]
< Emaster | for the master

L .
p{sslave,master (n) ¢ [S—mznslave,mastera S—mawslave,master]
< Esiave,master } for the slaves

within a cell, and

M, L .
p{Dmaster ¢ [D—mlnmaster, D-mawmaster] < nmaster}
for the master

p{D;‘;{afe ¢ [D-minslaveyD—mazslave] < nslave}

for the slaves

p{nmaster > Nmaster} < Cmaster}
for the master

p{nslave > Nslave} < Cslave}
for the slaves

for each handover between cells, where

o the symbol p{.} is used to indicate probability

o J_minggster and J maz,aster are the mini-
mum and maximum admissible residual jitter
that the master stream can undergo;
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; IS J .
° S-mznslave,master and Sjnazslave,mastw are
the minimum and maximum admissible residual
skew;

® D mingmgster and D _maZmqsier are the min-
imum and maximum admissible values of the
time displacement in IU delivery times for the
master stream when a MT passes from one cell
to another;

o D _minggeye and D_max.,. are the minimum
and maximum admissible values of the time dis-
placement in IU delivery times for the slave
stream when a MT passes from one cell to an-
other;

® Tynaster and 7. are the number of master
and slave stream IUs lost when a handover takes
place;

® Emasters Eslave,master> Tmasters Tslaves Smaster
and (51q0e are the maximum admissible values

for the relevant probabilities.

Therefore, the P_QoS parameter, that is, the set of val-
ues which specifies the P_QoS requested by the user,
is the set of the above bounds, which depends on the
characteristics of the multimedia stream [1]. There-
fore, to guarantee P_QoS parameters the synchroniza-
tion mechanisms have to reshape the probability den-
sity function of the network delay so as to satisfy re-
lations (1)—(6).

The above relations constitute a subset of the QoS
parameters that specify a multimedia service in a
wired/wireless communication environments. In fact,
according to ITU-T Rec. E.800 the QoS ™is the col-
lective effect of service performances which determine
the degree of satisfaction of a user of the service”
{29]. QoS has therefore to take into account avail-
able throughput, end-to-end delay, jitter delay and er-
ror rate in wired and wireless channel, multicasting
and broadcasting capabilities, loss profile, probabil-
ity of seamless communication, etc.. In the contest of
this paper we only consider the QoS parameters which
have been included in relations (1)—(6), as we intend
to focus on the degradation of multimedia synchro-
nization due to delay variation in the wired section of
the network: an analysis of how QoS has to be spec-
ified for multimedia and mobile services, and how
the QoS is translated into application requirements, is
controlled and managed, is an open issue and is out
the scope of the paper.

IV. Architecture of a synchroniza-
tion system for a wireless net-
work

In a mixed wired/wireless network, synchronization
mechanisms have to be designed in such a way as to
minimize the impact of mobile users on the wired net-
work; by so doing, in fact, multimedia applications
destined to static hosts can use the mechanisms ori-
ented to the wired network without being affected by
synchronization mechanisms for MTs. A fundamen-
tal role in solving the problem of synchronization is
therefore played by the interface node between the
wired and wireless network, i.e. the BS. The location
of synchronization mechanisms on the BS, in fact, al-
lows the system designer to make the application on
the wired network unaware of problems deriving from
the wireless network and user mobility by confining
them to the interface with the wireless network [26].

Fig. 1 shows a possible solution as to which syn-
chronization mechanisms can be inserted, and where,
in the communication reference scenario. In this
figure the delay control mechanisms are located in
four different places: the source site, the intermedi-
ate nodes, the BS and the MT. At the source site, for
example in the case of multimedia retrieval services, it
is possible to locate a mechanism which acts on the IU
retrieval times according to the feedback information
it has received from either the destination site if this is
an static host [7, 18, 9], or the BS if the destination site
is an MT. At the intermediate nodes of the wired net-
work we can locate mechanisms which have the task
of imposing maximum and minimum delay values in
each node involved in the connection [15, 11]. In or-
der to achieve the required independence between the
wired and wireless parts of the network, the mech-
anism located in the BS “faces” the wired network
in order to equalize the delay suffered by IUs on the
wired network, for example by means of a compensa-
tion buffer (CB) [27], and, at the same time, to provide
the feedback information needed by the mechanism
located at the source site, if necessary; on the other
hand, the mechanism in the BS “faces” the wireless
network in order to compensate for its delay jitter, by
acting, for example, on the access technique of the
wireless channel [28]. Finally, a proper mechanism
should be located in the MT which compensates for
the jitter by using CBs, and detects and notifies the
BS of asynchronism in the multimedia stream.

To reach the overall synchronization target, some or
all of the mechanisms mentioned above can be used,
according to the kind of service (for example, retrieval
or real-time service), link (wired or wireless) and, if
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Figure 1: Possible locations and functions of multimedia synchronization mechanisms.

the user is a mobile one, its mobility. For exam-
ple, prediction-based mechanisms or synchronization
mechanisms based on CBs located at the destination
site can be activated if a multimedia stream is sent to
users connected to the wired network or to fixed users
using a wireless link, according to the statistical char-
acteristics of the wired network delay or the P_QoS
parameters [7]; on the contrary, only sychronization
mechanisms which are not affected by user mobility
can be activated when the multimedia stream is sent
to an MT. However, bearing in mind that a synchro-
nization mechanism always has to be provided at the
boundary between the wired and wireless networks,
the use of a CB in the BS seems to be the most ef-
fective synchronization mechanism and, at the same
time, the easiest to implement. For this reason in the
next section we will investigate intra/intermedia syn-
chronization achieved by means of a CB in the BS,
and will show how the synchronization mechanism
parameters (i.e. the buffer size and the delay to be in-
troduced on the first IU inserted into the buffer) affect
the P_QoS requirements expressed by relations (1)-
(6). As we intend to focus on the CB in the BS, we
will assume that this is the only synchronization re-
covery mechanism in the network.

V. Analysis of a synchronization
technique based on compensation
buffers in the Base Station

In order to explain the symbols used in the rest of
the section, let us consider the segment of the refer-
ence communication system from the i-th monomedia
source to the MT when this is within the generic L-th
cell, as shown in Fig. 2, based on the reference sce-
nario described in Section IIL
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Figure 2: Segment of the reference communication
system from the i-th monomedia source to the MT

Let us indicate:

e tF(n) as the time instants at which the n-th IU
from the i-th media is sent by the source to the
MT, currently placed in the cell of the L-th BS;

e dF(n) as the delay in transmission of the n-th IU
from the i-th source to the L-th BS;

e z7(n) as the time instants at which the n-th IU is

received at the CB in the L-th BS;

e wl(n) as the waiting time of the n-th IU in the

CB in the L-th BS;

e 0F(n) as the delay of the n-th IU due to the wire-
less network, from the output of the CB to the
input of the MT;

e r¥(n) as the time instants at which the n-th IU
is delivered to the MT to be processed and dis-
played to the user.
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Let us note that the superscript ”’L” in the above terms
has been used to indicate that the MT is in the L-
th cell, whereas the index “’n” refers to the sequence
number of the IUs received at the MT through the L-th
cell; so the index n = 1 indicates the first IU received
at the L-th BS.

In a multimedia scenario, IUs obviously have to be
time-stamped. Without loss of generality, we assume
that the time stamp is the time instant at which the TU
is transmitted by the source, measured according to
the clock reference at the source site. If the n-th IU
comprises several ATM cells, the time-stamp can be
inserted in the payload of the first of these cells, so all
the ATM cells which make up the n-th U undergo the
same delay wr(n) in the CB.

Computation of the waiting time in the CB

In order to compensate for the delay jitter in the wired
network, we have to distinguish between two cases:
a globally synchronized clock and a locally synchro-
nized clock. If the clock is globally synchronized, i.e.
if the absolute time is the same for both the source
and the BS, by means of the time stamps in the IUs it
is possible for the BS to calculate the delay each IU
has undergone in the wired network as the difference
between the time instant at which the IU is received by
the BS at the CB input and the time stamp contained in
the IU. If, on the other hand, the clock is locally syn-
chronized [16][13], i.e. the clock ticks at the source
site and at the BS have the same advancement, it is
not possible for the BS to measure the delay of each
IU. However, from the difference between the time
stamps of two. consecutive IUs it is possible for the
BS to measure the IU interarrival time at the source
site and the difference between the network delay of
two IUs. Then, by taking the first IU received as a ref-
erence, the BS can calculate the wired network delay
variation at the reception of the n-th IU with respect
to the actual delay of the first IU received, according
the following relation:

df(n) — dF(1) = af(n) — zf (1) — (tF(n) — tF(1)) ()

Here we will assume the most general case, i.e. the

clock is only locally synchronized. Extension to the
case of a globally synchronized clock is straightfor-
ward.

By considering the definition of residual jitter given
in Section III and relation (7), it can be derived that the
residual jitter perceived at the MT is given by j;"(n) =
dE(n) +wh (n) + 85 (n) — d(1) — wh(1) - 64(1),
where we assume that the ideal delivery times by
which the intramedia time relationships are recovered
are t(n) + dF(1) + wF(1) + dF(1), as intramedia
synchronization is maintained if all the IUs undergo

the same end-to-end delay of the first IU.
As in this paper we are focusing our attention on

CB sizing with the aim of equalizing the wired net-
work delay, and considering that in many wireless sys-
tems contention on access to the wireless medium is
during the call set-up phase only, we will hencefor-
ward assume that delay variation on the wireless chan-
nel is negligible when an MT remains in the same cell.
The residual jitter is therefore given by:

it () = df () + wi(n) — df () —wi (1) (8

In order to calculate the waiting time of an IU in the
CB, we have to decide a strategy for the scheduling
of IUs in the CB. A possible strategy is to consider
the CB as a shift register which is scheduled in such a
way as to minimize the absolute residual jitter value of
each IU of each media, once the delay introduced for
the first [U, w} (1), has been fixed and considering,
obviously, only the wired network delay suffered by
each IU. In this case the waiting time of each IU in
the CB is given by the relation:

(0
if  dl(n) > wk() +dE(1)

wf (1) +dP (1) - df (n)
if 0<wl(1)+dF(1) —df(n) <AF

AL
if df(n) <wkF(1)+dE(1) — AF

)
where AF is the size of the CB for the i-th media
in the L-th BS, expressed as the maximum delay it
can introduce in an IU. Fig. 3 shows a pseudo-code
which implements the algorithm to calculate the value
of wF (n) for each IU received at the CB input.

Computation of the residual jitter and skew pdf’s
As the P_QoS requirements in relations (1)—(2) are
specified in terms of cumulative probability functions
of the residual jitter and skew perceived at the MT, and
the residual skew is, in turn, a function of the resid-
ual jitter, it is necessary to calculate its pdf. From
relations (8) and (9), by indicating as z(n) the wired
network delay measured at the CB with respect to the
first IU, that is, z*(n) = dF(n) — d*(1), we obtain:

( E(n) — ()
if  zF(n) > wk(1)

ity =1{ 0
‘ if wi(1) - AF <zf(n) <wf(1)
2F(n) —wk(1) + AF
if  2F(n) <wk(1)—AF

\

(10)
If we assume that the wired network delay is a ran-
dom process consisting of a sequence of indepen-
dent, identically distributed random variables and that
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wait for 1U;(n)

t;n, = actual time

read time stamp t¥(n)
if n=1

set tigear (1) = tout(1)
else

if £ > tz‘deal(n)
else

endif
endif

set output time # g, (1) =t + wF(1)

compute #igeqr(n) = tigear(n — 1) + tiL(n) - tiL(n —1)
output of IU immediately

set IU output time t,y¢ (1) = min [tigea(n), tin + AL]

Figure 3: Pseudo-code of the synchronization algorithm in the compensation buffer. ¢;geqi(n) is the IU output
time at which intramedia time relationships should be recovered.

the delay suffered by one monomedia stream is sta-
tistically independent of that of another monomedia
stream, the pdf’s of the residual jitter and skew, p,. (£)

and p 1 (&) respectively, are:
sk,z

[ Par (wf (1) +¢) *Pdf("wiL(l) -&)

if £€>0

wf (1)

. (=£) - d
p;r(€) = S wf‘(l{—Af‘ ip(6) *pyp (=0)

if £€=0

par (wf (1) + €~ Af)

L spe (AF —wF(1) - &) if €<0
D

P (6) = pjp (€ —df +df) »pje(~E+di —df) (12)
where "’ indicates convolution.

For the sake of illustration Figs. 4 show some nu-
merical examples of pdf’s of p. (£) and psﬁi(g ), and
the complementary cumulative probability functions
by means of which P_QoS requirements are specified.
By observing relations (11) and (12) and the figures,
the effect of the CB, applied to both the master and
slave streams, is evident. Moreover, by comparing
Figs. 4e) and 4f), it can be noted that by choosing an
appropriate value for the delay introduced on the first
IU, w} (1), the average value of the skew perceived at
the MT can be reduced to zero.

By using the above IU scheduling algorithm, the
range of delay values which are compensated for by
the CB as a whole is an interval that depends on
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both wk(1) and AL. So, for the whole wired net-
work delay to be compensated for, we must have
AF > 2. (maz[dF] — min[d}]. As far as the residual
skew is concerned, let us note that, as it is not possi-
ble to estimate the delay for the first IUs, even though
the residual jitter can be eliminated, the residual skew
cannot, as it is not possible to estimate dF (1) —dZ (1).

Computation of the pdf of the time displacement
Once the pdfs of the residual jitter and skew are cal-
culated, we calculate the pdf of DzM L' the time dis-
placement in the IU delivery time when an MT passes
from one cell to another. Let us assume that no IUs
are lost when an MT moves from the L-th BS to the
M-th BS, and let us consider two subsequent IUs: the
first (which, from the point of view of the L-th BS, is
the n-th IU), being delivered to the MT through the
old BS and the second (which, from the point of view
of the M-th BS, is the first received IU), through the
new BS. According to the definition given in Section
3 and relation (8) we have:

DIt = M (1) +wl (1) +67(1) -

3t ()~ df () —wi (1) = 87 (n) (13)
If we again assume all the delays to be random pro-
cesses consisting of a sequence of independent, iden-

tically distributed random variables and the delay in
the wired and wireless networks to be independent of

each other, the pdf of DZM oL is:
pprr(§) = Pap(€r) * Pap (&) *pjr(=&1) *
Par (—&1) * psr (—&1) (14)
where &1 = & — wM (1) +wF(1).
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Figure 4: An example of jitter and skew pdf’s at the output of BS - (a) p;z (&) when no CB mechanism is applied

— (b) p;z (§) when Af =10 and wf (1) = 0.5- A} ~ (c) p;z(£) when AF =20 and wf(1) =5 -(d) Pt (6)

i

when no CB mechanism is applied - (¢) p,z (£) when AF = 10 and wF(1) = 0.5 - AF - (D) Psr (§) when

AF =20 and wl (1) = 5 — (g) complementary cumulative probability function of absolute value of the jitter —
(h) complementary cumulative probability function of absolute value of the skew. — Network parameters: diL (n)
and df (n) uniform in the range [140, 260] and [120, 240]. '

For the sake of illustration Fig. 5 shows an example
of DlM L pdf. By comparing the curves it can be noted
that the CB reduces the variance of DzM L but, at the
same time, makes a shift in its average value. More-
over, the absolute value of this average value can be
reduced by choosing suitable values for the delays in-
troduced on the first IU of each media.

Computation of the number of IUs lost

Finally, let us calculate the number of IUs lost when
a handover occurs. Obviously, it depends on how the
handover is managed. Here we will refer to two pos-
sible scenarios:

1. hard handover. The handover is instantaneous,
and there is no recovery of the IUs in the CB of
the old BS or those already routed towards the
old BS;

2. soft handover with double 1U routing. The han-
dover takes place in a finite time, indicated as %,
during which the IUs are routed from the source
to both the old BS and the new one. During the
handover there is no updating of the state be-
tween the CBs of the two BSs. The cells have

a partially overlapping radio cover and the MT
may receive duplicated IUs, which will require
appropriate management.

Let us refer to the scheme of the communication
system shown in Fig. 2). As the aim of this sec-
tion is to highlight the IU loss due to the CB-based
synchronization mechanism, we consider as lost only
IUs emitted by the source and not yet delivered to the
mechanism providing access to the wireless channel
when an MT passes into a new cell. We will therefore
not calculate the loss of IUs queued for access to the
wireless channel.

It is clear that TU loss is related to the time at which
the handover occurs. To evaluate the phenomenon in
the worst case, we will assume that the handover takes
place at a time just after the instant at which an IU
is emitted by the source. This assumption is a pes-
simistic one for the IU loss probability, as at least one
IU is between the source and the BS when a handover
occurs, and therefore at least one IU is lost in the case

of a hard handover.
Let us assume that the MT is in the L-th cell
and calculate the probability, P”(n,a,t), that the
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Figure 5: pdf of D,M L when: (a) no CB mechanism
is applied — (b) CB mechanism is applied and residual
jitter is null. — Network parameters: d¥(n) and dM (n)
uniform in the range [1400, 2600] and [500, 1300] re-
spectively; AF = 1200; AR = 800; wl (1) = 600;
wf(1) = 400

1

IU;(n — a), with a € [0,n — 1], is not delivered to the
access mechanism of the wireless channel at a time ¢,
after the time instant at which the n-th IU is emitted
by the source, tF(n). This is the probability that the
time instant at which the IU;(n — a) is placed at the
output of the CB is greater than or equal to t*(n) + 5,
that is:

probldf (1) + wf (1) +j*(n —a) +
tf‘(n —a)> t{‘(n) + 4] (15)

PiL(n, a,tp) =

If both the source interarrival times and jitter are inde-
pendent, identically distributed random variables, the
above relation can be rewritten as:

PE(a,t) = probld! (1) + wh(1) + jE(n) 2 tE(e) + ta]
(16)
As PL(a,t3,) is also the probability that the number
of IUs emitted by the i-th source and not delivered
to the access mechanism of the wireless channel after
a time tp, is equal to or greater than ”(a + 1), the
probability prob{n; > N;} that the number of IUs of
the i-th media lost is greater than N; when a handover
occurs just after the source emission time of an IU and
its duration is iy, is:

prob{n; > N;} = PF(Ni,ts)
= probldf (1) +wf (1) +j{ (n)
> tE(N;) + th] (17)

The above relation is valid for both hard and soft han-

dover. The first case, in fact, corresponds to 5 = 0.
By assuming that the wired network delay and

source interarrival times pdf’s are known, the prob-
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abilities in relation (17) can be derived once the com-
pensation buffer size and waiting delay of the first [U
have been fixed. For the sake of illustration Fig. 6
shows an example of prob{n; > N;} by varying the
value of ¢,

1

Figure 6: An example of prob{n; > N;}. — Network
parameters: d¥(n) uniform in the range [1400, 2600];
AF = 1200; wk (1) = 600;

In the case of soft handover, to avoid IU loss, the L-
th cell has to be visited at least up to the time instant
at which the n-th IU is placed at the output of the CB.

9

For this to hold for every “n” the minimum value of
the handover duration is:

th zeroloss = maz[d{“(l) + sz(l) +]zL (n)] (18)
By considering relation (10) we have:
th,zeroloss =2 mam[dzL (n)] - mln[dzL(n)] (19)

If tp, < th zeroloss U loss may occur.

VI. Application of the synchroniza-
tion technique

As shown in Section III, and, in particular in relations
(1)—(6), the P_QoS can be specified in terms of a set
of statistical bounds on probability functions. If a CB
buffer is used to equalize network delay and the syn-
chronization algorithm in Fig. 3 is used, these proba-
bility functions, given by relations (11), (12), (14) and
(17), depend on the wired and wireless network de-
lays, the residual jitter and the emission process of the
monomedia source. From the CB point of view, they
depend on the size of the CB and the delay introduced
in the first IU, which determine the pdf of the residual
jitter. Sizing the parameters of the synchronization
technique therefore means determining, for each cell
visited by the MT:
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o which monomedia stream is to take on the role
of the master stream,;

o the size of the CB, AF, assigned to each mono-
media stream;

s the delay, w/ (1), introduced on the first IU ad-
dressed to the BS.

As far as the first point is concerned, the media to be
chosen as the master stream, in the scenario assumed
here, depend on the network delay the various media
are affected by. If, in fact, it is considered that the
main principle of the CB is to introduce a variable
delay on the information streams in order to equal-
ize the wired network delay, and that this delay may
undergo sharp variations when the MT makes a han-
dover, to make the synchronization mechanism effi-
cient the master has to be the media that on average
undergoes the least delay. The media taking on the
role of master may therefore change from one cell to
another.

At this point sizing the synchronization mechanism
means determining, in each cell visited by the MT, for
the master and each slave, the CB size and the delay
affecting the first IU addressed to the BS in such a
way as to satisfy relations (1)—(6) for the set of P_QoS
parameters specified by the user. The BS obviously
needs to know the statistical properties of the delay
on both the wired and wireless network and those of
the residual jitter in the MT’s original cell. To achieve
this we can envisage the presence of mobile agents
throughout the wired and wireless network, whose
task is to perform statistical measurements and send
reports to the various BSs whenever a handover to-
wards a new BS takes place.

The basic problem is that relations (1)—~(6) are not
direct functions of A and w} (1), but of the pdf of
the residual jitter, which can only be determined once
AF and w} (1) have been set. It is therefore no simple
task to size the CB on the basis of all the possible val-
ues which allow the P_QoS parameters to be met, as
it requires considerable calculation power. Fig. 7 is a
pseudocode algorithm for a complete search for all the
possible buffer sizes and first IU delays that meet the
P_QoS parameters, with reference to hard handover
(it can easily be extended to cover soft handover). It
is a complete algorithm in the sense that, with the ex-
ception of the step in which all the buffer sizes and
initial delays in the various cycles are scanned, all the
possible CB size configurations and first IU delays are
evaluated.

To prevent the calculation from becoming pro-
hibitive in terms of the amount of time required, the

step in which the “for” cycles are evaluated obvicusly
has to be sufficiently large. When it is not possible to
find a solution in the algorithm in Fig. 7, the P_QoS
parameters are re-negotiated. If, on the other hand,
various solutions are ultimately possible, the configu-
ration chosen is the one which costs less (e.g. the one
requiring the smallest buffer size in bytes, thus also
taking the size of the IUs into account). If the range
of wired network delays for the master and slaves is
notable different, the complete search may be so com-
plex as to make the proposed mechanism practically
inapplicable. It will therefore be necessary to intro-
duce a number of simplifications that will reduce the
calculation complexity of the search for the buffer size
and delay value that will meet the P_QoS parameters.
One solution is to set the first IU delay before calcu-
lating the residual jitter. This can be done by reducing
to a minimum the absolute value of the average time
displacement following a handover, as determined in
the previous section. Another solution is to choose a
single buffer size value for the master, so as to limit
the search to all the possible slave configurations.

VII. Conclusions

In the past few years the problem of multimedia
stream synchronization has been widely studied with
reference to wired networks, but only recently has
the problem been dealt with in the mobile wireless
communication environment. In this paper we have
conducted an initial study of the impact of terminal
mobility on some of the synchronization mechanisms
used in wired networks. On the basis of this study
we have provided some guidelines for the implemen-
tation of an architecture for multimedia synchroniza-
tion in a mobile wireless environment, and we have
extended the definition of user-perceived Quality of
Service so as to take into account the degradation in
intra/intermedia synchronization due to terminal mo-
bility. We have then focused on the use of com-
pensation buffers at the interface nodes between the
wired and wireless access networks, to recover the
intra/intermedia time relationships. Finally, we have
derived analytical relations which make it possible to
relate the synchronization mechanism parameters to
the P_QoS requirements. To perform this analysis
we hypothesised a mechanism to schedule the IUs in
the compensation buffer and two possible handover
mechanisms. Obviously the choices made are not the
only ones possible, but the line of reasoning followed
in the report can also be applied to other cases as long
as it is possible to calculate the pdf of the residual jit-
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verify if relations (1), (3) and (5) are satisfied
endfor
endfor

if VmasteT - {0}
renegotiate P_QoS parameters on master stream

endif
for Aslave =0:2- (max[d.f[ave] m"’n[dslave]
for wslave(l) =0: Aslave

for all pairs in Vi, o s5ter

endfor

endfor
endfor
let V the set of elements [AL . wk . (1),AL
ifV = {0}

renegotiate P_QoS parameters on slave stream
endif
if size(V) > 4

select the minimum cost solution
endif

master]

compute pdfs from relations (11) and (14) and loss probability from relation (17)

let Vinaster be the set of pair [AL . wk . (1)] which satisfies P.QoS parameters on master stream

compute pdfs from relations (11), (12) and (14) and loss probability from relation (17)
verify if relations (2), (4) and (6) are satisfied

slave? slave

1

(1)] which satisfies P_QoS parameters

Figure 7: Algorithm, in pseudo-code, to search for all the CB size and first IU delay values that will meet the

P_QoS parameters expressed in relations (1)-(6)

ter.

The work reported on is only an initial approach to
the problem of synchronization by means of compen-
sation buffers. Moreover our study is based on a ref-
erence communication scenario where all the mono-
media streams are transmitted to the MT through the
same BS. The paper therefore does not take into ac-
count the possibility of macro-diversity where differ-
ent monomedia components of a multimedia service
can be transmitted from different BS each supporting
different cell-sizes and different delays in the wire-
less channel. In any case, the use of compensation
buffers in each BS helps to solve the synchronization
problem, as it reduce the end-to-end delay variation
suffered by each monomedia stream. In this case the
part of the proposed synchronization algorithm which
refers to the master stream can be applied to each
monomedia stream to guarantee intramedia synchro-
nization on each stream. The authors are currently in-
vestigating various CB scheduling algorithms, how to
schedule CB when macro-diversity is taken in account
and how to define P_QoS parameters which will take
into account the effect on user-perceived quality and
at the same time allow for fast, simple calculation.

References

[1] R. Steinmetz and K. Nahrstedt. Multimedia - Com-
puting, Communications and Applications. Prentice
Hall International, New York, 1995.

2] C. Aurrecoechea, A.T. Campbell, and L. Hauw. A
survey of QoS architectures. ACM/Springer Ver-
lag Multimedia Systems Journal, 6(3):138-151, May
1998.

{3] T.F. La Porta, K.K. Sabnani, and R.D. Gitlin. Chal-
lenges for nomadic computing: Mobility manage-
ment and wireless communications. Mobile Net-
works and Applications, 1(1):3-16, August 1996.

[4] Special Issue on Wireless ATM. Mobile Networks
and Applications, 1(3), December 1996.

{51 Special Issue on Wireless ATM. IEEE Journal on
Selected Areas in Communications, 15(1), January
1997.

{6} K. Ravindram and V. Bansal. Delay compensa-
tion protocols for synchronization of multimedia data
streams. IEEE Transactions on Knowledge and Data
Engineering, 5(4):574-589, August 1993.

[7]1 A. La Corte, A. Lombardo, S. Palazzo, and
G. Schembra:. Control of Perceived Quality of Ser-

Mobile Computing and Communications Review, Volume 4, Number 1 45



(8]

(9]

(10]

(11]

[12]

(13]

(14]

[15]

(16]

(17]

(18]

(191

46

vice in Multimedia Retrieval Services: Prediction-
based Mechanism vs. Compensation Buffers. Mul-
timedia Systems - ACM/Springer Verlag, 6(2):102~
112, March 1998.

P. Venkat Rangan, Vin H.M., and S. Ramanathan.
Designing an on-demand multimedia service. [EEE
Communications Magazine, 3(7):56—64, july 1992.

T.D.C. Little and A. Ghafoor. Interval-based con-
ceptual models for time-dependent multimedia data.
IEEE Transactions on Knowledge and Data Engi-
neering, 5(4):551-563, August 1993.

LAF. Akyildiz and W. Yen. Multimedia group syn-
chronization protocols for integrated services net-
works. [EEE Journal on Selected Areas in Commu-
nications, 14(1), January 1996.

S. Kadur, E Golshani, and B. Millard. Delay-jitter
control in multimedia applications. Multimedia Sys-
tems, 4(1):30-39, 1996.

C.S. Li and Y. Ofek. Distributed source-destination
synchronization using inband clock distribution.
IEEE Journal on Selected Areas in Communications,
14(1), January 1996.

Y. Ishibashi and S. Tasaka. A synchronization mech-
anism for continuous media in multimedia commu-
nications. In Proceedings of IEEE INFOCOM’95,
Boston (USA), April 1995.

K. Rothermel and T. Helbig. An adaptive protocol for
synchronizing media streams. ACM/Springer Verlag
Multimedia Systems, 5(-):324-336, 1997

D. Ferrari. Delay jitter control scheme for packet-
switching internetworks. Computer Communica-
tions, 15(6), July/August 1992.

H. Santoso, L. Dairaine, S. Fdida, and E. Horlait.
Preserving temporal signature: a way to convey time
constrained flows. In Proceedings of IEEE GLOBE-
COM’93, Houston (USA), November 1993.

Y. Ishibashi, S. Tasaka, and H. Imura. Stored me-
dia synchronization in wireless LAN. In Proceedings
of IEEE GLOBECOM’96, London (UK), November
1996.

S. Ramanathan and P. Venkat Rangan. Adaptive
feedback techniques for synchronized multimedia re-
trieval over integrated networks. IEEE Transactions
on Knowledge and Data Engineering, 5(2), April
1993.

PN. Zarros, M.J. Lee, and T.N. Saadawi. A syn-
chronization algorithm for distributed multimedia en-
vironments. ACM/Springer Verlag Multimedia Sys-
tems, 4(1), 1996.

[21]

[22]

[23]

(24]

(25]

[26]

[27]

(28]

[29]

B.A. Akyol and D.C. Cox. Rerouting for handoff in
a wireless ATM network. [EEE Personal Communi-
cations, 3(5):26-33, October 1996.

G.P. Pollini. Trends in handover design. {EEE Com-
munication Magazine, 34(3):82-90, March 1996.

S. Ramanathan and M. Steenstrup. A survey of rout-
ing techniques for mobile communications networks.
Mobile Networks and Applications, 1(2):89-104, Oc-
tober 1996.

M.A. Marsan, C.F. Chiasserini, R. Lo Cigno, and
M. Munafo’. Local and global handovers for mobility
management in wireless ATM networks. [EEE Per-
sonal Communications, 4(5):16-24, October 1997.

L. Li, A. Karmouch, and N.D. Georganas. Multime-
dia segment delivery scheme and its performance for

real-time synchronization control. In Proceedings of
IEEE 1CC’94, New Orleans (USA), May 1994.

A. La Corte, A. Lombardo, and G. Schembra.
An Analytical Paradigm to Calculate Multiplexer
Performance in an ATM Multimedia Environment.
Computer Networks and ISDN Systems - Elsevier,
29(16):1881-1900, 15 December 1997.

A. Acharya and B.R. Badrinath. A framework for de-
livering multicast messages in networks with mobile
hosts. Mobile Networks and Applications, 1(2):199—
219, October 1996.

M. Woo, N. Prabhu, and A. Ghafoor. Dynamic
resource allocation for multimedia services in mo-
bile communication environments. /EEE Journal on
Selected Areas in Communications, 13(5):913-922,
June 1995.

A. lera, S. Marano, and A. Molinaro. Transport and
control issues in multimedia wireless networks. Wire-
less Networks, 2(3):249-247, August 1996.

J. Jung. Quality of service in telecommunications
part I: proposition of a QoS framework and its appli-
cation to B-ISDN. IEEE Communication Magazine,
34(8):108-111, August 1996.

Mobile Computing and Communications Review, Volume 4, Number 1



List of acronysms

BS Base Station

CB Compensation Buffer

1y Information Unit

MT Mobile Terminal

pdf probability density function
QoS, PQoS  Quality of Service,

user-Perceived Quality of Service

List of symbols

dF(n) the network delay the n-th IU of the i-th media
undergoes, from the source to the MT through
the L-th BS

dE the mean value of d¥(n)

D1M L the time displacement in the IU delivery times
at the MT when it hands over from the L-th cell
to the M-th cell. It is the difference between the
end-to-end delay of the first IU received by the
MT through the M-th BS and that of the last IU
received by the MT through the L-th BS

6E(n) the delay the n-th IU of the i-th media under-
goes in the wireless network, from the output of
the CB placed in the L-th BS to the MT

jE(n) the residual jitter of the n-th TU of the i-th
media which is transmitted to the MT through the
L~th BS. It is the difference between the actual
delivery time at the MT and the ideal delivery
time by which the intramedia time relationship is
recovered.

Jmaster,min s Jmaster,max, Emasters Sslaue,minv
Sslave,max’ Eslaves Dmaster,min, Dmaster,mam’
Emaster,D>» Dslave,min’ Dslave,maz’ Eslave,D>
Nmasten Nslave, Emaster,h and Eslave,h AC the
P_QoS parameters, that is, the set of values
which specify the perceived quality of service

requested by the user by means of relations

(1)~(6)
ppm.L(§) the pdf of DzM’L
p;1(€) the pdf of 5 (n)
Py (€) the pdf of sE(n)

rF(n) the time instants at which the IUs from the i-th
media are delivered to the MT
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sy ;(n) the residual skew between the n-th IUs of the
media "k” and "'i” received by the MT through
the L-th BS. It is the displacement in time of
corresponding IUs after the application of in-
tramedia synchronization mechanisms, that is,
sii(n) = jg (n) = 3 (n) + df ~ df

tp, the soft handover duration

tF(n) the time instants at which the IUs from the i-th
media are sent by the source to the MT through
the L-th BS.

zX(n) the time instants at which the IUs from the i-th
media are received at the input of the CB in the

L-th BS

w¥(n) the waiting time of the n-th IU of the i-th me-
dia in the CB placed in the L-th BS

zF(n) the wired network delay of the n-th IU of the i-
th media which is measured by the BS when the
clock is locally synchronized, that is, z*(n) =
df(n) — df (1)
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