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Abstract the perspective of end users. First, the original tempo-
ral relationships, including both the temporal ordering
Due to the lack of QoS support, ensuring an acceptable among the MDUs in a media stream and the relative tem-
application level QoS for the real-time delivery of multi- poral positioning among the streams (e.qg., lip-sync), need
object multimedia presentations on the current Internet is to be faithfuly restored at the destination. This is re-
very challenging. Currently, the only feasible solution is ferred to assynchronization contrain the context of mul-
to artificially “equalize” the variable network delays. In  timedia communication. Second, the latency, a.k.a. the
this paper, we first investigate the application-level abje end-to-end delay, should be kept low enough to en-
tive performance measures which reflect the user-perceivedsure acceptable user interactivity. This requires apjpropr
quality, and then propose an adaptive delay and synchro- ate delay control Unfortunately, on a packet-switching
nization control scheme making use of those metrics innetwork like the Internet, neither control can be eas-
real-time. The proposed scheme adopts a distributed timingily achieved.
model and can be configured with two inter-stream synchro-  considerable efforts have been made in different lay-
nization options based upon the application’s own charac- (s to fulfill the QoS requirements of the networked RM-
teristics. We take a wireline video conferencing applicati - \jas. Generally, there are two fundamental approaches: (1)
consisting of one audio stream and one video stream as ang control the transmission performance (both the delay and
example. We detail the operation of the proposed schemgpe delay variation) in the network level by means of the
and investigate the resultant perfprm_ance. The s_imulgtion service guarantees, and (2) to equalize end-to-end delays
results show that small synchronization phase distortions iy the application level by artificially introducing an addi
low MDU loss percentages and low average end-to-end de-tiona) buffering delay and extending the playout deadline.
lays could be achieved simultaneously. We further discuss a\onetheless, recent attempts to implement network QoS
more challenging issue raised by mobile wireless applica- yithin Internet2 have proven the insurmountable diffast

tions. A preliminery solution is proposed. of employing QoS models that offer hard QoS guarantees
on the current network infrastructure [1]. This leaves dela
1. Introduction equalization as the only feasible solution for current net-

worked multimedia systems to maintain the synchroniza-

The advances in communications and media cod-!0nN.

ing technologies have led to the emergence of networked Equalizing the end-to-end delay for networked RMMAS
Real-time Multi-object Multimedia Applications (RM-  results in a conflict between the synchronization require-
MAs). People can now hold live video conferences consist- ments and the delay preference. On the one hand, a larger
ing of both audio and video across the network by using equalization delay is favored to ensure more in-time MDU
tools such as MS Netmeeting. However, end users still of- arrivals. For example, a typical on-line streaming applica
ten suffer from poor quality due to the unpredictable chan- tion today has a 2-3 second buffering period. On the other
nel behaviour of packet-switching networks. Different hand, excessive end-to-end delay inevitably impairs the in
from networked data applications, RMMAs usually gen- teractivity. A 2-3 second latency is not acceptable for end
erate continous periodic traffic—multiple objects are users demanding “real-time” experience. Thus, a solution
periodcially produced at the source, fragmented into me-that is adaptive, i.e., capable of striking a balance adap-
dia data units (MDUs), packetized and transported in tively between the delay and the synchronization require-
succession to the destination in real-time. This featute na ments, is desirable. The solution should be able to reduce
urally raises two application level QoS requirements from the end-to-end delay as much as possible while maintain-



ing both types of synchronization. The temporal inconsistency in presenting the periodi-
Previous work on adaptive delay and synchronization cally generated MDUs is defined agnchronization phase
control mainly focus on single-object networked multime- distortion (SPD) between the MDUs that are played back.
dia applications [2]-[5]. Most approaches rely on a glob- For RMMAs, the SPD can be evaluated jointly by the Root
ally synchronized clock. With reference to the clock, some Mean Square Error (RMSE) of the inter-sample time of the
schemes record historical information and determine theMDUs in one stream (intra-stream) and the RMSE of the
amount of delay statistically [3][4], others adopt a deter- playout time of the closest corresponding data units among
ministic strategy using run-time information (e.g. buffer streams (inter-stream). We denote the time when the MDU
fill indication in [5]). There have only been a few attempts n of streami is generated and played outijyfn) andt;,(n)
aimed at multi-object applications; each proposes an ad-respectively, then the intra-stream SPD of stréamsim-
hoc solution for a specific application scenario. For in- ply given by
stance, a scheme assuming specific service for the master
object from the underlying network is proposed for wire- J
less PCS systems in [6]. In [7] and [8], an algorithm facili- Ti=

tating the occurrence of synchronization events is designe whereN; denotes the total number of MDUSs played out in

for an AV teleconferencing system. To this date, it still re- g0y Similarly, we can define the inter-stream SPD be-
mains unclear how to apply the synchronization constraints tween two streamsand;j by

especially the inter-stream synchronization constraiiots
an adaptive delay control scheme to achieve better perfor- $ N
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mance for RMMAs. m,zzl[(t“"”*tp("jv)*(‘sv(m)*‘g(”))] @
In this paper, we extend our previous work in [9] and pro- .

pose a generic delay and synchronization control schemevhere the streamis the reference stream and the MDU
for networked RMMAs. The essense of this scheme is thatOf Streamyj corresponds to the MDh of streami.
it is receiver-based and application-level QoS orientése T e are also interested in thess ratio because it im-
proposed scheme 1) employs distributed clocks by using gplicitly |nd|cates_ the resultant pre_sentatlon qualityr ﬁv
virtual timing mechanism, 2) monitors the synchronization Stance, a certain amount of audio MDU losses which ex-
errors in real-time and 3) piece-wisely adjusts the equa|_ceeds a threshold \{alue may suggest mtole.rable qua_lllty for
ization delay to compensate for the delay jitters. We take th€ human perception system. The loss ratio of stré&n
a wireline video conferencing application consisting ogon  9iven by .
audio and one video as an example and investigate the per- l:% (3)

formance based on the quality measurement features. A realyhere M; denotes the total number of MDUs generated in
conference session is emulated and the network trace colstreami. Note that in Equation (3), the MDUs skipped by
lected during the session is used in our study. Through sim-the adaptive control are also considered as lost ones. An-

ulations, we show that small phase distortions, low MDU other importan[ quantity is the a\/era@ency_the end-
loss percentages and low average end-to-end delays can bg-end delay. It is given by

achieved simultaneously using the proposed scheme. We
further reveal a more challenging issue based on the traces 5 [(7heem)tm, s ()]
recorded on a real WLAN. A solution is then proposed for di=2= ~; (4)
mobile RMMASs running on WLAN.

The rest of this paper is structured as follows. We discuss
the performance metrics for an adaptive delay and control

. . . X ) stream; respectively. Note that we do not include the en-
scheme in the next section. Section Il details the design of P resp y

) oding, packetization and decoding delays as they usually
the prpp(_)sed _scheme and S(_actlon IV prc_esents th(_a case Studr%ﬁake up a constant component of the end-to-end delay.
of a wireline video conferencing application. We discuss th

challenging issue raised by the mobile RMMASs running on
WLAN in Section V, and then summarize and conclude the
paper in Section VI.
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wherer;,.,(n) andr;, ;(n) denote the network delay and

the buffering delay experienced by MDkl played out in

3. Control Scheme
3.1. TimingModd

2. Application-Level QoS Metrics Timing is by all means critical for a synchronization con-
trol scheme which targets preserving the temporal property
Since our proposed scheme is application-level QoS ori- of a multimedia presentation. The common approach is to
ented, we need to define the performance measures whiclsynchronize both ends (the source and the destination) to
can objectively reflect the “application quality”. one reference clock. By doing so, network delays can be



measured accurately. Most proposed schemes assume th#te virtual timing model, we have

such a synchronized clock is available. However, in reality
it is not always feasible to tightly synchronize the clocks

Ti (n)=ti (n). (6)

of a local and a remote system across a network. Our pro- On the virtual time axis, we extend the schedule dead-
posed scheme instead makes use of a distributed virtual timdine by a discard boundary for MDUs in the streami. If
ing model which does not require the cooperation from the T;(n) < T}(n) + é;, the MDUn falls into the “playout” re-
source end. gion and can be renderedTif (n) > T (n) + é;, the MDU
The virtual timing model introduces a virtual clock in ad- n falls into the “discard” region and is skipped to avoid er-
dition to the actual time. The virtual clock can be simplyini  ror. Note, that to simplify the implementation, the followi
tialized to be the value of the time stamp carried by the first condition must hold
received MDU of a stream. Then, upon the arrival of each
successfully received MDU, two values are available: the
generation time, which is sampled at the source and carriedThe actual playout time of the MDW is determined as fol-
in the time stamp, and the arrival time sampled according tolows. If n arrives early, then it is played out at its scheduled
the virtual clock. The destination can thus treat the genera time. Otherwise, it depends on hgw— 1) was played out.
tion time as the scheduled playout time of the MDU, com- If the MDU (n — 1) was rendered on time, then MDWJis
pare the two time values and modify the playout time of the played back immediately at the time it arrives(if—1) was
MDUSs to achieve an adaptive playout timeline. For exam- rendered later than its scheduled time, thepa smooth-
ple, to increase the end-to-end equalization delay, thekclo ing parameter, is applied to ensure that- 1) is rendered
can be slowed down virtually by increasing the scheduled with enough time to minimize the SPD caused by this late-
playout time value. By doing the reverse, the delay can beness, i.e.7i(n) = max[Ti(n — 1) + Ti(n) — Ti(n — 1) —
decreased. An obvious benefit of using this model is that the, Ti(n), Tg(n)].
adaptive control can be safely performed by only referenc-
ing local timing information (at the destination end).
Another benefit is that the virtual timing values can be
used directly to calculate the resultant SPD. If we denote
the delay jitter between the MDU» — 1) and the MDU
n in the stream; as &, and denote the clock adjustment
(if happened between the two arrivals) As we can get ng(n) o+ T]f(m) o doce
t;(n) - t;(n —1) =Ty(n 7.1) +A+E-THn—-1) =
T,(n) — T,(n — 1), whereT}(n) denotes the playout time
of the MDU n with reference to the virtual clock. That is,
we can obtairr; as follows:

Ti(n—1)<TE(n—1)+8;<T}(n). )

l i)

playout . discard

Figure 1. Temporal partition of MDU arrival on
virtual time axis

(5) Since the playout time determination process could po-
tentailly introduce large SPD, we need to excert tight intra
stream synchronization control for each stream. Meanwhile
the resultant MDU losses (including those skipped) also
need to be controlled. We hence monitor both the SPD and
the MDU loss ratio in real-time using a sliding window for
each stream. Based on the monitoring results, the equaliza-

an arrived yet deadline-missed MDU, the solution would be tion delay_ls regulated piecewisely by adjusting the virtua
clock. If either one has exceeded the threshold value, we

just skipping it, but this could result in excessive skifgsn slow down the clock to increase the buffering time. If none

Considering the fact that the human perception system can
. LT . of the errors occur, we speed up the clock to balance the la-
tolerate a certain amount of rendering jitter (phase distor

tion) of multimedia objects, we can allow those MDUs not tency requirement. For streaiithe measured SPD s given

missing the schedule by too much to be rendered with care-
ful control. We propose to partition the arrival time of the
MDUs in a stream into two regions—"playout” and “dis-
card”, as illustrated in Figure 1. We dendfé(n) as the ar-  whereW; is the current window size and’; is the maxi-
rival time of the MDUn by referencing the virtual clock, mum window sizeWW; ranges from 2 td¥;, and it is incre-
andTgi(n) as the scheduled playout time. Note that using mented by 1 upon the playout of each MDU. The measured

N

= i i i (n)—tl (n— 2
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3.2. Intra-Stream Synchronization Control
In order to reduce the intra-stream SPD caused by vari-

able delays, two possible scenarios, namely “in-time ar-
rival” and “late arrival”, need to be handled carefully. For

ﬁ_\j :;::iz[(Tl";(n)le";(nfl;)/f (Té'(n)fT;(na))]z

(8)
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loss ratio is defined as Another option is to allow each stream to maintain its
own virtual clock, and the inter-stream synchronizatiom-co
l}:’é;g ; 9 straints are only applied when clock adjustment is needed.
To be specific, after each clock adjustment, the offset be-

where); is the loss count within the current monitoring tween the virtual clocks of the master and the slave stream
window. Our scheme controls the virtual clock at the desina- myst always satisfy

tion end based on a real-time calculation of the synchreniza
tion errors as defined by Equations (8) and (9). abs(0™ —0%) <Tpn, s —maz(8m,ds), (10)

whereo™ ando® denote the offset between the source clock
3.3. Inter-Stream Synchronization Control and the virtual clock of the master and the slave respec-
tively. The inter-stream synchronization is maintained in

The existence of inter-stream synchronization con- the sense that the clock offset between the master and the
straints among the media streams in a RMMA makes theslave does not exceed the threshold value. Since this strat-
whole control scheme more complicated. Two issues needegy maintains the inter-stream synchronizationin a more re
to be addressed: how to apply the inter-stream synchro-laxed form, we define it asoft enforcemenCompared with
nization constraints, and how to integrate two types of syn- the hard enforcement strategy described above, less com-
chronization control into one scheme. As the inter-stream parison operations are invovled when using soft enforce-
synchronization concerns mutual temporal relationship, ment approaches. The only checkpoints are the time in-
we must identify which stream (object) plays the ma- stants when clock adjustment is needed, and this results in
jor role. In accordance with this principle, we classify the less operational overhead when implemented in a real sys-
streams that need to be inter-synchronized as eithesis tem. Again, we take a RMMA consisting of one master and
ter or a slave considering their capability of tolerating one slave as the example, and show this approach in Fig-
delay jitters. For example, in an AV presentation, the au- ure 3. Note that using either option, the clock adjustment
dio which is more sensitive to the delay variations, is the is driven by the measured intra-stream synchronization er-
master. A master dominates the inter-stream synchroniza+ors.
tion control, and vetos the request of clock speed-up from
the slaves.

There are two options to choose from on how to apply
the inter-stream synchronization constraints. The firg on s
is rather straightforward—applying the inter-stream syn-
chronization control to MDUs of a slave. Only one virtual
clock is maintained for a group of streams that need to be
inter-synchronized, and the playout time of slave MDUs are
checked in an MDU-by-MDU fashion to satisfy the inter-
stream synchronization requirement. We define this strat-
egy ashard enforcementrigure 2 illustrates this approach
using a RMMA consisting of one master and one slave. De-  Eigyre 3. An example synchronization control
tails regarding playout time adjustment of slave MDUs can  gcheme using soft enforcement
be found in our previous work [9].

o Adjust the Virtual Clock
te
If Necessary

Adjust the Virtual Clock ‘
f Necessa

3.4. Clock Adjustment

Master

In the proposed scheme, adjusting the virtual clock is
equivalent to adjusting the buffering delay to compensate
| for the delay jitters. It appears in the form of expand-

ing/shortening the playout duration of one MDU, or proac-

tively skipping received MDUs. When the measured syn-
Figure 2. An example synchronization control chronization errors (SPD and MDU losses) are all zero over
scheme using hard enforcement the maximum monitoring window, we can speed up the vir-
tual clock by A%. Once either type of the measured syn-
chronization errors (SPD or MDU losses) has exceeded the

jout Time
int

Adjust Playout Time P
under
Inter-Sync Constraint




threshold value, the virtual clock needs to be slowed down,
i.e. the buffering delay needs to be increased to compensate
for it. If it is the measured SPD which triggers the clock ad-
justment, we slow down the virtual clock ;. If it is the Tnet + Mhus
measured loss ratio that has exceeded the threshold value,
then the clock should be slowed down hy;. Figure 4 il-
lustrates the actual effect of the virtual clock adjustment
The scheme adjusts the discard boundary of MDUs dynam-
ically according to their delay probability distributiove

take a wireline video conferencing application consistihg

one audio and one video as an example and instantiate the
proposed scheme in the next section.

Probability

+AZZ,3)

discard boundary

S

ot o' + 6

Figure 4. The assumed delay distribution with
4. Case Study (Wireline Video Conferencing) a heavy tail

We show how the proposed scheme operates in a wire-
line video conferencing application in this section. A real of 1, we can further get
network delay trace is used to investigate the performance.

=

. il[Xi(n)—Xi(n—l)]Z

. - UATSARVAIN (13)
4.1. Clock Adjustment Parameters e e
If the network delay is an i.i.d. process, then after thelcloc

We assume the network delay process of wireline net- s adjusted byA}, we should expect
works is "stationary”, i.e., over any two fairly large sam-
pling periods, the network delay p.d.f. stay the same. (w,wg.l.ma)><Wi»u'+73»1-\/V’vTo') (14)
As such, when clock speed-up is needed, the adjust- it N it ’
ment amount\? is calculated by

wherey ando'? are the expected value and the variance
’ ’ 2 7 .
Al=max {abs[T} ()T} (n)]}. (11) of RV [X (n)—X (n— 1)} (X (n) conforms to a uni-

new; .
form distribution within [0,; — A%]). On the basis of a

It is the minimum buf‘fering d9|ay that MDUs of stream worst case, after the clock is slowed down byl we ob-
in the monitoring window experienced. After the conserva- tain

tive adjustme_nt, we can expect that MDUS that arrive__during \/@_&:\/%.(&,Aé)‘ (15)
the next monitoring period satisfy the intra-synchroriaat
constraint. Hence, v -
When the measured SPD exceeds the threshold value, we Aé:(1*\/ W ) 0 (16)
slow down the virtual clock byA. It is calculated as fol- If the measured loss ratio has exceeded the threshold

lows. We assume a “heavy-tail” network delay distribution value, then after the clock is slowed down by, the fol-
as shown in Figure 4, and assume that the adjustment haptowing equation

pens wherv', the offset between the source clock and the

virtual clock, is located at the tail portion of the delay j.d { meg [Té(m—T;(m]—Aé}

n

3=

= a7)
o o ) {JZ%.[Té('ri)ng(n)]— ai}
We further assume that within a monitoring wind i, ‘

every MDU of streami arrived later than the scheduled should hold to ensure that the measured loss ratio over the

playout time but ahead of the discard boundarfa worst-  next window should not exceed the threshold value. As a re-
case scenario), and uniformly distributed within this rang  sult,
That is, R.\/X.'i(n) = .T;(n) — T,(n) conforms to a uni- Al=mag [ ()= (n)] (19 ) 01w (18)
form distribution within[0, §;], wheren € W;. Then ac- ‘
cording to the Central Limit Theorem, we can get 42 Simulations

Wi i i 2 2 12

X [X (=X (=D ~N (Win,Wic?), (12) To make the study more accurate, we use a real network

_ trace instead of pseudo network delay generated by theo-
wherey ando? are the e;<pected value and the variance of retical models. Assuming that the video conferencing ap-
RV [X(n) — X*(n —1)]", repectively. With a probability  plication uses the RTP/UDP/IP protocol stack, we emulated



a real conference session on a residential network that exthe actual network delay values vary from a few millisec-
periences congestion during certain hours of the day. Weonds to several hundred milliseconds, the proposed scheme
further assumed the application uses G.723.1 as the audi@an find an appropriate equalization delay value to well bal-
codec and MPEG-4 as the video codec. The size and theance the end-to-end delay and the synchronization perfor-
sending interval of the packets were set the same as thosenance.
of the real MDUs. The round trip time (RTT) of each me- Figure 8 shows that, with the same set of parameters, us-
dia MDU was then recorded and post-processed to obtaining hard enforcement option generally results in much bet-
the one-way network deldySince we are concerned pri- ter inter-stream synchronizatoin performance than when us
marily with delay variations, such a simplification (using ing soft enforcement option. But noticeably, applying a set
RTT) is valid for our study. For MDUs transmitted in mul-  of larged, andd,,, which in turn allows only small clock ad-
tiple packets, the largest packet delay value is used. The cujustment, the proposed scheme using soft enforcement op-
mulative probability distribution of the delays recorded i tion can yield reasonably good inter-stream synchroropati
this trace is shown in Figure 5. Note the “heavy-tail” fea- performance (inter-stream SPD below 30 ms). This find-
ture displayed by the delay distribution. ing suggests that a specific networked RMMA can select
We use the performance threshold values reported in prethe option (inter-stream synchronization strategy) based
vious work [10] and [11] in our simulations. For the audio, its own characteristics. For example, a RMMA consisting
we set thes, (intra-stream SPD threshold) ahd(loss ratio of many multimedia objects could trade a small amount of
threshold) to be 2 ms and 0.02, respectively. The smooth-inter-stream synchronization performance for the reducti
ing factor«,, is set to be 10ms, which in turn guarantees of the overhead in a real implementation by using soft en-
that each rendered audio MDU lasts for at least 30-10=20forcement.
ms. For the videoz, andl, are setto be 5ms and 0.03re- |t also can be seen that, given the delay characteristics
spectively. The smoothing factey, is set to be 16.667 ms.  of current wireline IP networks, using a set of lafeand
Ta,u» the maximum allowed inter-stream skew between au- §, for the proposed scheme does not result in a dramatic in-
dio and video, is set to be 80 ms. We set the maximum slid-crease in the final average end-to-end delay. This further
ing window size of both audio and video to be 1000, which proves that our closed-loop synchronization control effec
guarantees a sufficiently large sampling space for monitor-tively "absorbs” the occasional large network delay jitter
ing. For both options of inter-stream synchronization con-  Qverall, we have observed that, using the proposed de-

trol, we ran the simulations with different setsaof anda,. lay and synchronization control scheme with either inter-

The final results are presented in Figures 6-12. stream synchronization control option, small synchroniza
tion phase distortions, low MDU loss percentages and low

4.3. Performance average end-to-end delays can be achieved simultaneously.

From Figures 6-12, it can be concluded that in our pro- 5 Mobi
> ) ) . obileRMMAsover WLAN
posed scheme, the discard boundarfy,, or d,, in the video
conferencing application) is the tradeoff between thelresu Recently, wireless networking technologies, particu-
tant MDU losses, the overall intra-stream synchronization larly WLAN (IEEE802.11x), have been maturing. It is

elrrorls a}nd the averﬁge.end—to—end delays. Smaillla"d&” I projected that RMMAs for portable and embedded de-
clearly lead to smaller intra-stream SPD as well as smaller ;.o o campus-wide mobile networks with wi-fi hotspots

average end-to-end delays for both the audio and the videqu" become popular in the near future. However, the chan-
streams. At the same time, higher amount of losses of bothnel behavior of the WLAN makes the task of ensuring
the audio MDUs and the video MDUs result. Larggrand some application-level QoS rather complicated.

0v, on the other hand, allow more late MDUs to be played Recall that in the previous section we assumed that the

out and result in relatively larger intra-stream S.PD’ large network delay process for wireline RMMAs is a stationary
average end-to-end delays and smaller loss ratio. However

. . h i fel id-
despite the choice of the discard boundary, the proposedDrocess Such an assumption can be safely made consi

h learly d trates the ability t o ering the fact that wireline networks usually do not expe-
scheme clearly demonstrates the ability 1o ensure a certay,, oo frequent performance fluctuation. In fact, our trgci
application layer quality, i.e., control the resultant S&ia

g o experiments have shown that the probability distributioins
MDU losses, by regulating the equalization delay. Although wirleline networks over different time scales show roughly
the same characteristics. Yet the experiments on a WLAN

1 The UDP payload size of each audio MDU was set to be 36 bytes (2 have reveal much different char ristics. Due to the
bytes data at 6.3 kb/s + 12 bytes RTP header). The sendingaht# ave revealed much different characte ’

audio packets was 30 ms. The UDP payload sizes of the videosiDU CONnstantly changing wireless channel qu_alitYa various-mov
were set to be the same as the values in the QCIF sequenceaiform ing speed and traffic context, the behavior of the transport

encoded at 64kb/s. The MDU/frame rate was 15fps. channels across WLAN is highly “non-stationary”. Given




this, we could again argue that an adaptive delay and syn-hization control scheme for networked RMMAs making use
chronization control scheme is desperately required for mo of these metrics in real-time. The proposed scheme adopts
bile RMMAs running over the wireless network since any a distributed timing model and can be configured with two
deterministic schemes configured with pre-determined pa-inter-stream synchronization control options based upen t
rameters will simply fail. On the other hand, we have to in- application’s own feature. We took a wireline video confer-
corporate more functionality to the proposed scheme. Asencing application consisting of one audio and one video
shown in Figure 13, frequent clock adjustment could re- as an example, and illustrated the details of the scheme’s
sult if we simply apply the scheme proposed for wireline operation. A real conference session was emulated and a
RMMAs to wireless mobile applications. Accordingly, ex- real network delay trace was recorded. The simulation re-
tra synchronization errors, which should be avoided, havesults show that small synchronization phase distortiaws, |
been brought to the final presenation. MDU loss percentages and low average end-to-end delays
could be achieved simultaneously. We further investigated
the characteriscs of mobile wireless RMMASs, and discussed
the feasibility of applying the proposed scheme. A prelim-
o inery version of the modified scheme was presented. Future
: :JTC"""“““E"“'“”“”'” work include the in-depth study of the delay and loss char-
Urnecesay 7] T . acteristics of mobile RMMAs running over WLAN, and the

: design of the transport channel status estimator.
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