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Abstract— We investigate the use of adaptive multimedia ap-
plications to improve the user-perceived QoS in next-generation

to guarantee a good level of QoS in such network conditions,
is the use of adaptive applications. The idea is to use these

wireless networks. These networks will be characterized by the
heter ogeneity of the access technologies including ad hoc wireless
network extensions. In these network scenariosin which the links
are error-prone, their capacity is extremely variable and even
the topology can change due to handovers and mobility of the
nodes, it is unrealistic to think of traditional network-layer QoS
mechanisms alone, as a means to offer strict end-to-end QoS
guarantees. As a complement to the network-layer QoS protocols,
this paper presentsan intelligent adaptation middleware allowing
multimedia applications to dynamically adapt their internal
settings. This intelligence enables the applications to minimize
the impact of the adverse and changing network conditions in
the QoS level perceived by the user. We use a machine learning
technique to model the user’s perception of QoS from a large
set of QoS scores given by real users. We present some results
demonstrating that our proposal clearly outperforms traditional
multimedia internetworking.

applications as a complement to the traditional network-layer
reservations. So, whenever the network resources become
scarce and the QoS guarantees are violated, the applications
are informed to self-adapt their internal settings (e.g. changing
coding schemes, frame rates, video sizes, etc.) to reduce their
data rates to those that the network can support in that precise
moment.

The idea of adaptive applications has been already used in
[2] to improve end-to-end QoS in fixed networks. However,
these results cannot be directly extrapolated to wireless net-
works, in which packet losses are not only due to congestion.
In wireless links there are many other factors which are not
under control and influence the instantaneous link layer capac-
ity. In the field of wireless networks there is also much recent

work ( [3], [4], [5]) which shows that adaptive applications are
able to perform better than traditional multimedia applications
The vision of future 'beyond 3G’ wireless and mobile neteven when the network conditions are bad.
works usually includes the idea of an IP-based core network, The novelty of our approach is that the adaptation mecha-
accessed from a variety of heterogeneous wireless technaiism has been optimized using genetic algorithms and the se-
gies, probably including self-organizing ad hoc networks. Thiection of the internal settings used by multimedia applications
reliable and high-capacity links used in today’s core IP nets performed so that the reduction of the data rate does not
works are unable to provide QoS in terms of guaranteed ersbmpromise the user-perceived QoS. This approach requires
to-end delays or bandwidth. Thus, it is not reasonable to thitke characterization of the subjective components which define
that these future wireless networks, in which the wireless linles user perception of QoS, and its relation with the different
have limited capacity, are error-prone, the users move and eyearameters which define the behaviour of the application
the topology may change, are going to be able to offer this kindodecs, rates, etc.). As these subjective components are very
of guarantees. In these future network scenarios, network-lay#ifficult to model analytically, we use an intelligent rule
QoS mechanisms are unable to protect multimedia applicatiansluction algorithm to extract those components from evalua-
against the variability of the end-to-end network resource®ns given by real users. There are different combinations of
which are available. settings which allow the application to reduce the bandwidth
According to the definition of Quality of Service (QoS)consumption to less than a required quantity. From all these
given in the ITU-T recommendation ITU-E.800 [1], QoS iscombinations the application selects, using the induced rules
"the collective effect of service performance, which detethe proper combination of internal settings which offer a better
mines the degree of satisfaction of a user of a service. It isser-perceived QoS.
characterized by a combination of service performance factors The reminder of the paper is organized as follows: Section |
such as operability, accessibility, retainability and integrity” describes the architecture for adaptive applications. Section IlI
Therefore, the goal of any QoS mechanism in these scenareoglains the modeling of the user perception. Finally, Section
should be maintaining a good level of user-perceived QoS evBh shows some empirical results derived from the use of our
when the network conditions are constantly and unpredictabdglaptive application approach over an ad hoc network, which
changing. One of the approaches which is gaining momentumone of the most challenging wireless scenarios.

|I. INTRODUCTION
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Fig. 1. Overall adaptation architecture about the network status. There are basically two approaches

to overcome this problem: prioritizing QoS reports or allowing

the applications to detect such losses. As the former approach
[I. ADAPTIVE APPLICATION ARCHITECTURE requires a tight coupling with the network layer, we have found
?asier to make the receivers send periodic reports towards the

Traditional multimedia applications are a combination o In thi h work probl h
one or more components (e.g. audio, video, etc.) which use ghaurces. In this way, whenever network problems come up, the
aptation logic at the sender can detect missing reports. This

RTP[6] protocol to transport multimedia data. These applicg-

tions can use the RTCP[6] protocol to receive some feedba'azormat'on. can be used by the _adaptatlpn logic to |mplemgnt
from the applications at the other end, but their adaptati me heuristics based on that information (e.g. downgrading

capabilities are very limited and usually they cannot ada € batndW|d'Th (t:onsumpnon when a certain number of QoS
at all. In order to support real adaptive applications, we a eports are lost).
some components to the architecture of a traditional real-tinge Adaptation Logic

multimedia applications. These new components are in chargel_he adaptation logic can be seen as a function which

of the signaling of QoS information, and the provision of the o . .
intelligence to keep the user-perceived QoS at an acceptaﬁ?eeS the QoS Reports and additional local information to

level. So, the overall architecture, as shown in Fig. 1, consis gfcé?:nrvgllj:lrt.]irﬁgg;ggcsor:ei?]etr?tsb?rﬁggljg;rg:i(;g I?)a(i:cr:] chlvtgse
of the following components: p . p g

) ) S the problem of adapting multimedia flows to the characteristics

« Muliimedia Application Components of the different networks or terminals including throughput and
e QoS S|g_nalmg mechanlsm delay concerns.
- Adaptation Logic The most difficult part for the Application Logic is the

The QoS signaling mechanism is the protocol in charggecision on what components need to be reconfigured and
of sending and receiving reports describing the network cothe concrete settings that each component has to use when-
ditions from the other end. When such a report is receivegver it detects that the application is exceeding the available
it is passed to the Adaptation Logic so that it can decidsandwidth. The difficulty lies in taking the correct decision
which internal settings the application has to use to adapt #® reduce the data rate while not compromising the user-
the current network conditions while providing a good uselperceived QoS. The most difficult part is dealing with the
perceived QoS. subjective user’s perception. For example, different users may
have different preferences at different moments. So, it seems
reasonable to apply artificial intelligence techniques like rule

The QoS signaling is a key point of the adaptation archinduction algorithms to a user-created set of scores to generate
tecture as it is the only feedback that the source has from therule set representing the user perception (objective and
other end. It is basically an end-to-end transport mechanisubjective). In the next section, we present how we model this
for signaling data; no special protocol is needed. In fact, gerception in terms of bandwidth, loss rate, and the different
may be enough with a TCP/UDP socket between sides, sgttings supported by the multimedia application.
even a standard protocol like the Session Initiation Protocol In general, most of the bad effects perceived by the user
(SIP). The QoS signaling module calculates the loss-rate aak due to packet losses. The most important input for the
mean delay experienced by the data packets in the netwoAdaptation Logic will be the end-to-end percentage of packet
This information is carried in a special signaling packet calleldsses per reporting period. End-to-end delay problems may
"QoS Report”, which is sent back to the source. A sequenedso make the user feel a bad quality but this problem can
number is used to deal with delayed QoS Reports. The rateusually be avoided with a proper buffer management. Our
which QoS Reports are sent has to represent a good tradefhptation algorithm, which is presented in Fig. 2, takes these
between highly dynamic adaptation and a reduced traffic loashjective facts into account, while the subjective ones are
At the moment in our implementation it is fixed at one QoS$haracterized in the next section and we consider them to be
report per second. However, the use of adaptive rates is beingoduced inside the 'downgrade QoS’ and 'upgrade QoS’
investigated. primitives.

An additional issue is that the QoS report packet itself has toWe have extended the ISABEL [8] application to dynam-
traverse the network back to the server, and the probability whlly (and in real-time) adapt its behavior to the available

A. QoS Signaling Mechanism



TABLE |

PARAMETERS CHANGED TO GENERATE USERS VALORATIONS

Parameter Values Explanation
s BW 33, 56, 88, 128, 384 Limit of network bandwidth
109 count LOSS 0..100 % loss packets

AUDCOD PCM, G711-u, G722, GSM Audio codec

VIDCOD MJPEG, H.263 Video codec
FSIZE CIF, QCIF, 160x128 Size of video frames

f QFVIDEO 5, 10, 15, 30, 60 Quantization factor of video code
Downgrade Codec | [ Upgrade covec | FPS 2,6,12 Frames by second sent
‘ QoS 1,2,3,4,5 User perceived quality
END

Fig. 2. Diagram of the adaptation logic 08 = ' Trallinninlg e | . T 35
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We optimized the timings which drive when to upgrade or
downgrade the quality using a genetic algorithm in [9]. In
this paper, as an extension to the baseline adaptation approach
which we showed in [10], we focus on doing these upgrades
and downgrades of the quality, providing the higher perceptual
quality to the user. In general, there are different combinatio
of settings (e.g. codecs, frame rate, video size, etc.) whi
allow real-time adaptive multimedia applications to adapt the

bandwidth consumption to the network conditions. However, ter. let it be denoted astaki I th tural
all the different combinations are not perceived with the sanf@rameter, let it be denoted astaking values on the natura

quality by an user. For example, given some specific netwoﬂylmbeis’_rv;]’h'chh c;10rreﬂs]pondls to tiuccesswe refm?m?hnts of éh?
conditions, it might be more desirable for an user havin e set. The higher the value, theé more accurate the mode

a bigger video size rather than a higher frame rate. T d thelpiggselr_li;sp(é%mfle;:ty (ifn numb(ta_r of(;eju:ting ;ules_).
evaluation of user-perceived QoS depends on many aspe applie 0 the aforementioned data set, using

and it is very complex to model. In this section we preseﬁ’f"%ues oft in the range 1..15. In figure 3 we have represented

an approach to model the user perception of QoS, usingg%‘e_evczluttlpn of (Elhti cIaSS|f||cat_|ton feg]or dlurlngt I_earnlngt]) andf
machine learning approach. uring testing and the complexity of the rule set in number o

We use a rule induction algorithm called SLIPPER (Simplremes' It is clear thgt there is a tradeoff between classification
rror and complexity.

Learner with Iterative Pruning to Produce Error Reduction‘i From our point of view, the model with = 5, represents

[11] for the induction of a model representing the USeln example of a good tradeoff which produces following rule

t values

Fig. 3. Model accuracy vs. complexity of the model

ns o o . .

g erent combinations of applications settings (in the ranges
own in Table I) have been tested, and scored by users.
The SLIPPER algorithm makes use of a configuration

perception of quality delivered by a multimedia applicationgl

Thus, SLIPPER works by generalization. It takes as an input ™

; : if~mat chConfi dence {
a set of tuples with gvalgatlons that the users have madecry (i3S 6o vi boop = MIPEG,
about a concrete combination of settings in a concrete networlesi ze = Qi F, LOSS <= 10, FPS >= 6] -> 2.8792
. ; UDCCD = GSM BW >= 80,
scenario, an_d generates a set of rules wh!ch models th VIDEO >= 30, FSIZE = QCIF. FPS <= 6]
QoS perception of the user. Each tuple contains the networkubcop = GsM Bw >= 128, LOSS = 0,

-> 1.4357

bandwidth, the audio and video codecs, the quantization gf¥'¥| P=D 77 50 FPS >= 3. VIDCD = MIPEG -> 1. 7013
the video codec, the frame rate used, the video size, the 108S- 0 then 5 el se if matchConfidence {
W >= 384, QFVIDEO >= 40, FSIZE <= 2] -> 2.7121

rate which produces this combination and the user's SCOME\1 DEO >= 30, VI DCOD = MIPEG
in the range 1..5 (as recommended by ITU recomendation.oss <= 3, AUDCOD = G722, BW>=80] -> 1.1756

_ ) @ H FSI ZE = CIF, QFVIDEO >= 30,
ITU-P.800 [12]_) r_epresentmg the perceived quality. In o_rder t_o[ LOSS <= 3. AUDCCD = G722, BW>= 80]
produce all this input tuples, we have setup a scenario using -> -1.5044 _
our adaptive video conference application, over a link emulatdy” 2! 25”331 else i1 matehConfidence {
which emulates different network conditions. A total of 864 g~vi DEO <= 5] -

-> 1.4437



TABLE I
QUALITY STEPS FOR THE REAL-TIME ADAPTIVE APPLICATION

Step || A. Codec || V. Codec || V. Rate V. Size Q Est. BW

0 GSM - 0 fps - - 20 Kbps

1 GSM MJIPEG 4 fps 160x128 || 50 80 Kbps

2 G.722 MJIPEG 8 fps 160x128 || 40 140 Kbps

3 G.722 H.263 6 fps QCIF 50 190 Kbps

4 G.722 MJIPEG 4 fps CIF 30 230 Kbps /

5 G.722 MJIPEG 6 fps CIF 50 || 350 Kbps /
."I/ -
-

[LOSS >= 16, FPS <= 3] -> 1.5438 [ .
[1 -> -1.0984207275826066 B
} >0 then 1 else if matchConfidence {
[LOSS >= 16] -> 1.9109 |
[QFVIDEO <= 10, FSIZE = QCIF] -> 1.5861 I'-.
[FSI ZE = 160X128, QFVIDEO <= 40, VIDCOD = H.263] -> 1.2546
[1 -> -0.3953 \

} >0 then 2 else 3

) -

The rule set extracted by SLIPPER allows us to identify
which individual settings are most important for the user-
perception of QoS and which is the relation between them.
For example, the rules imply that the higher the frame rate Fig. 4. Map of the testbed scenario
the better the quality, but the user prefers changing from a
higher frame rate to a lower one, provided that the video
size is increased. Although there are big differences in banddeoconferencing application to use our adaptive application
width consumption between the different audio codecs, tigamework. The settings which are used by the application are
rule set has successfully identified the proportional but nofose extracted from the rule set and shown in Table II. This
linear relation between audio bandwidth and audio quali§uarantees that the user-perceived QoS will be maintained as a
perception. The information given by the rule set, has be&®nsequence of keeping the loss-rate at a minimum. In order to
used to produce a concrete combination of settings amofigarantee a fair comparison of both approaches, the adaptive
which the application will change depending on the networ&pplication starts with the quality step number 3, which is
conditions. The derivation of these settings (see Table II) frofie only one used by the non-adaptive application, and is
the rules representing the user's QoS perceptions guarante@aind the mean bandwidth which we calculated during the

good user-perceived QoS. whole session. The results which we present are extracted from
the RTP traces which are generated by the videoconferencing
IV. EMPIRICAL RESULTS application. We have used the same route, at the same speed

In order to evaluate the effectiveness of our proposal, wahd ir_n the same network conditions for the adaptive and non-
have set up a real ad hoc testbed, on which we will compare fRgaptive trials.
performance of real-time videoconferencing using traditional The results presented in Fig. 5 show that the use of adaptive
app"cations against our QoS-aware adaptive app"cations_ Tmplications is able to reduce the overall packet losses both for
testbed has been deployed in the basement of the CS Facagio and video to approximately one third. As expected, the
at the Univ. of Murcia (see Fig. 4). We use the Multicastlifferences are higher in the periods in which there is less
MANET Ad hoc Routing Protocol (MMARP[13]), which is bandwidth available.
our new Multicast ad hoc routing protocol supporting both ad The overall packet losses is a good reference to identify the
hoc nodes as well as standard IP Multicast nodes. MMAR®iInts of the trial in which the network conditions are most
nodes are numbered from 1 to 4, R is a standard-IP multicasttical. This is identified by an increase in the slope of the
receiver and S is a standard-IP multicast source. The soutotal packet loss curve. However, what really affects the user
(S) follows (at walking speed) the path which is shown ifperception of QoS is the instantaneous loss-rate, which is what
Fig. 4 while it runs a videoconference session with node (Ryauses the service disruptions.

The route has been specifically selected so that link breakdn Fig. 6, we compare the statistical histogram for the
and changes in MMARP routes occur during the videocomwlistribution of the audio loss-rate for both approaches. The
ferencing session. Furthermore, we provoke signal strengthme statistical analysis is performed for the video flow in
changes due to the variation of the distance to MMARP nod€&gg. 7. For example, for the audio flow, the adaptive application
and the number of intermediate walls to traverse. This makapproach is able to keep the loss-rate below 10% all the time.
the available bandwidth vary during the session. In fact, it keeps the loss-rate below 5% during the 91% of the

The trials have been performed using our own MMARRIme. For the video flow, the loss-rate is kept under the 5%
implementation for Linux and our RTP-based ISABEL-lite [8]the 64% of the time, and its has been under the 10% the 78%
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As a future work, we are extending this platform to support
E real-time adaptation not only to the network conditions, but
or 1 also to the user's context, preferences, terminal resources,
| 1 terminal capabilities, etc.
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