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1 INTRODUCTION

The ADAMANTIUM project proposes an advanced service/network monitoring system that enables
an enhanced adaptatigmnocedure of the service provision chain. In a general sense, the two main
characteristics of the ADAMANTIUM services are:

1 The transndsion of data traverses two specific network segments: the Access Network, which
is considered as a mobile 3G UMTS network, and the Core Network, which implements QoS
differentiation mechanisnet IP levelby means of a DiServ/MPLS infrastructure.

I Theconsideredservices arenobile multimedia services. Users access the multimedia services
with mobile handsets, and thus the multimedia content is prepared for the specific service
context.

The great variability in the network transmission may introduce salegradations in the multimedia
services, resulting in downfalls of the QOE users perceive. In order to overcome this problem, the
ADAMANTIUM Multimedia Content Management SystéMCMS) incorporates the capability to
perform adaptations all over the preigin chain, from the service generation and consumption to the
intermediate transmission agents. TMEMS is aimed at keeping thexperiencedQoE at accurate
levelsthrough the service lifetime, by performing the most suitable adaptation actions-imeedh
reaction to service degradations.

For this purpose, an advanced adaptation logic is implemanthd Action Engine Modulg AEM),

which is the brain of the MCMS. Based on the monitored information related to both service and
network levels, the AEMperforms the advanced decision making in order to provide the set of
adaptations that need to be launched through the adaptation modules of the MCMS.

The decision making process is driven by advanced network and QoE models.

1 Whenever service and/or netwoaklaptations are proposed, the decision making algorithm
has to predict the performance metrics for the new network state considered. Therefore,
specific network models are requiréar the case study, which have been inferred from the
results presented ithe ADAMANTIUM 1iD4.2 - Mapping PQoS to Transport and Access
Traffic Classes.

1 As the outcome of a set of service/network adaptations, the performance of the service is
modified and the new status has to be evaluated in terms of QOE. In order to estmate th
expected QoE for a specific service/network condition, advanced QoE prediction models are
taken into account. Thus, the decision logic makes use of the results gathered in the
ADAMANTIUM fiD4.1- Voice and Video Quality Perceptual Models

The material prsented in this document is related to the research results that regard to the proposed
advanced adaptation logic. Different approaches are evaluated in function of the specific service
characteristics, as well as from the analysis of the main sourcespafrinents associated to the
different considered services.

The results of the research activities here presented have been transferred as inputs to the related task
fiT3.1- Design and Development of the MCMS Action Engine Module wher e t hieisadapt a
translated into the knowledge base of AteM decision making module.

1.1 Purpose

The main objective of this deliverable is to present the research results that are the base to develop the
adaptation logic implemented at the MCMS/AENhe work is presded in a peiservice way,
decomposing the results into voice and video services.

The results fromD4.1 are imported in order to develop and validate the-@oEn adaptation
algorithms. This approach is first validated with siAgégameter adaptationshigh take only inb
account the servielevel bitrate as a variable parameter in the adaptation procedure. Afterwards, the
study is extended for each considered service to cover the whole range of possible adaptations.

Copyright E ADAMANTI UM
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Specifically, his deliverable repts on work carried out in the following tasks:

- Bitrate adaptation of VolIP services for overcoming network congestion prablémservice
adaptations are driven layfuzzy controllerwhich provides enhanced results under imprecise
network monitoring.

- Bitrate adaptation of mobile video servicasking into account the specific UMTS
characteristics.

- Servicelevel adaptation for mobile VolP servicesking into account combined service
parameters and the feedback of the different network segments.

- Crosslayer adaptations for mobile VoIP services, including serégel adaptations as well
as network adaptations.

- Servicelevel adaptation for mobileideo services,taking into account combined service
parameters anithe specific UMTS characteristics.

- Crosslayer adaptations for mobile VoIP services, including serdgel adaptations as well
as network adaptations. Inethmore generatase, the feedback information of the different
network segments is used as an irgnd multiple users are adapted at thee time.

1.2 Audience

Since this public deliverablis focused on research topitise targeted audience would include mostly
other researchers interested in PQoS and IMS environment, as well as industry and vendors that try to
incorporate PQoS handling meaiams into their equipment.

1.3 Scopeof Document

The scope of this document is to propose methods to suitably manage the overall service provision
chain from an integral perspective. Instead of trying to perform N@@®ted management
procedures individuallat each network segment, the service adaptation is considered as a whole from

a centralized approach. Thus, based on the analysis of the sources of impairments and their combined
contribution,the AEM is capable of propose the most convenient set otattays, including cross

layer approaches.

It is relevant to state that the work proposed in ADAMANTIUM is based on already existing
adaptation capabilities, which can be evaluated and validated inaaddltestbed. The research aim

is therefore relatéto the optimal orchestration of these adaptation capabilities, in a process driven by
the predicted QoE and taking into consideration the advanced monitoring functions.

The considered mobile multimedia services are further detailed in the ADAMANTIUMedatile

fi D 4-.P@QoS models, adaptation and mapping whi ch covered the inter mect
WP4. However,n order to focus the case studile main service characteristics are briefly cited

hereafter

1 For VoIP services, the AMR codec is cmiesed in this document as the predominant
candidate for mobile UMTS voice services.

For mobile video services, the considered codec is H.264/AVC in its Baseline Profile.

The Access Networlconsists ona 3G UMTS network. For simulation purposes, the
perfomance of th&8G UMT Sdataservice iamodeled resembling realorld traces.

1 The QoS mechanism at the core nodes is based on traffic differentiation, and the developed
traffic model is based on experimental data as presented in D4.2

The presented results aming the adaptation algorithms are specifically obtained for the cited
service conditions, in order to optimize the accuracy and the responsiveness of the ADAMANTIUM
system. Any extrapolation of these results would need the logical revision and adajatdtie new
service conditions.
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2 SINGLE-PARAMETER ADAPTATION PROCEDURES

The main enhancements introduced by the ADAMANTIUM approach are:

1 PQosSdriven (instead of bare NQeBiven) adaptation logic. Based on the knowledge of how
the MOS can be estimatedetADAMANTIUM adaptation system is able to estimate which
parameters are preferable to be modified at each case.

1 Networkaware service adaptations. The decision logic is improved with the knowledge of the
performance for the different network segments.

1 Comlned decisions. Different adaptation alternatives are considered, from the selection of the
most optimal service configurations to more complex el@gsr and crossomain decisions.

This section covers the first two features, addressing how the PQd& dmproved based on the
adaptation of the content bitrate, and with knowledge of network status. Theparaltieter
adaptation will be addressed in the Section 3.

Section 2.1 addresses the problem of intelligent VolP adaptation. The proposed alg@akbsmuse

of both the estimated PQoS level and the monitored network performance to propose the most
beneficial bitrate adaptatiothat maximizes the PQoSn this case, network degradations are
introduceddue to congestion effects in the nodes. In ordesvercome several effects linked to the
process of inferring the network status, a fuzzy logic controller is proposed and tested.

Later, Section 2.2 focuses on the video adaptation feature. Similarly to the VoIP case, in this section
we introduce an adagtion algorithm which is capable of selecting the best performing encoding
bitrate by taking into account the feedback information at both service and network Asvalstep
forward, the network degradations in this case are studied as a resultsraditherror conditions
together with the available bitrate.

2.1 QoE-driven bitrate adaptation for VolP services

Adaptive rate control is an important class of VolP QoS adaptation technigueh involves
matchingthe transmission rate to the available netwospacity, thereby minimizing congestion
impairmentsand optimising delivered voice quality for the available bandwidth. Rate adaptive VolP
applications were traditionally based on network quality of service (NQQYR]. However, ate
control mechanissmbased on only network impairments suchnag3] [4] may not be sufficient to
provide optimunmPQoS.Recent studies irl] and [5] have proposed sender bitrate adaptation schemes
over WLAN and UMTS networksThe adaptatiorschemereported in this delivetde is driven by
users' QOoE via the proposed prediction madpbrted in D4.1.

PQoSdriven adaptation scheme fgplP isimplementedat the sender sidey varying an AMR codec
mode pit ratg in orderto achieve an optimised eolendPQoS An embeddedQoS modeis used

to measure voicPQoS fromnetwork condition packet loss, jitter and delay) aa@plication settings
(e.g. codec type and packetisation schenferedicted PQoS is sent as feedback information to the
adaptation module (AEM) togethertwiNQoS parametergent through extended RTCP report (RTCP
XR) or by usingSIP/SDPPQoS repon. Sent feedback information is used by the adaptation module
to arrive at appropriate adaptation decisions.

2.1.1 VolP Adaptation Scheme

PQoSdriven adaptation scheméase adaptatiatecisionson deliveredPQoS The objective ofhese
schemesis to tailor voice bandwidth requirement to matdhferred network state. But inferred
network statefrom which PQoS is predicteid imprecise and contains measurement naikeeh

reduces the performance of rate adaptation schefasstionally, inferred network state does not
reflect the current network state due to network latency, and any control mechanism which uses the
inferred network state responds to a network state wischot current, leading to a drop in
performance levelsThe imprecision ananeasurement nois@ inferred network state reduces the
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performance of rate adaptation schemes. Computationally inteligkritonsare therefore needed for
the adaptation logjcandcontrol mechanisms based on IntefVgpe 2 (IT-2) fuzzy sets have been
known to be robust in the presermfeuncertainty and imprecisioThe adaptation logipresented in
this deliverableis based on Interval Tyge (IT-2) Fuzzy Logic Control (FLCWwhich is robust to
imprecise and noisy inputs

For the adaptation mechanismice framesat the sourcare encoded using AMR codec, packetised
using a single frame every 20n¥he receiver computes loss and delay which is usprettictPQoS

(in terms & MOS) and quality degradatiodMOS) due to network congestion NQoS, PQa8ad

dMOS areusedasfeedbacko thecontrol module. The feedback messages are used by a Fuzzy Logic
AMR Mode controller to determine thtappropriate AMRmode to ensure that the ogpressed voice
bitstreamds bandwi dth requirement i s statedTh@ t e d
following sections explain the method of estimating network state, received voice PQoS and its
degradation and a description of the adaptatiorhard@em and its performance.

2.1.1.1 Computing PQoS and NQoS

Voice PQoS(MOS) is determined from the codec type ad@oS metrics measured at the receiver.
The NQoS metrics used in the prediction of PQoS is the delay and packet lo§8LIRyeThe
instantaneous da&y (instD) is computed on a packet by packet basis as,
iNStD=R - Py "

1

where Pr is the time a packet is received and Ps is when the packet was sent.

Clock drift and synchronizatiomproblems affects delay mesurement accuracy whicimpacts
accuracy of PQoS predictiorlowever, synchronisatioand clock drift resolutioproblemwas not
consideredn this work because the objective of using Fuzzy Logic contratsisability to provide
robust performance eventwiimprecision and uncertainty in the inputs.

Instantaneouselay varies widely when measured at packet level, and it does laat tbe average
network statewhich is better reflected by the average network defaseragedelay (avgD was
thereforedeiived from filtering irstD to reduce short term variatiorad to reflect the average
network condition.

avgDR4, =aavgD + (1- a)insth o

where @ is the filter gain The packetoss rate (PLR) during the maaement epoch is computed as,

(3)
where Pl is lost packets and Pr is received packets.

The PQoS prediction model for AMR codeghich was described in deliverable D4wlas used to
predict an istantaneous PQoS (instMOS) as,

INStMOS= f (PLR instDelay Mode @
where Mode is the AMR codec made order to obtain a PQoS that reflect the average network state,
anaverage perceived received voice quality (avgMOS) is compuatedinstMOS ags

avgMOg 1 =aMO$ + (1- q)instMOS -

w h e risea sidoothing factor whose value was set to 0.9.
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The averagedelay used in the computation of voice PQOS is at a minimum when traffic across the
network is less than or equal to available network bandwidth. Excess data is buffered when the
incoming rate is greater than available bandwidttich results in a queuing delay which is a function

of the difference between the traffic load and the available network bandwidth. The increased delay is
therefore a function of increaseouffer fullness, whichis a function of the level of network
congestion.

Computingpredicted PQoS frorminimum delayand zero losgrovides amaximum possible voice
quality (maxMOS)for a givennetwork setting without any congestjoand thedifference between
maxPQoSandavgP QoS isa measure of qualitgegradatio(dMOS) due to network congestioit is
given by,

dMOS=maxMOS+avgMOS ©
avgMOS and dMOS are used by theizzy Logic Controller for dynamic AMR codec mode
adaptation

2.1.1.2 Fuzzy Lodgc AMR Mode Controller

Figure 1 depicts the block diagram of theyppe-2 Fuzzy Logic AMR mode controlleit takes the
current VolP perceived quality and quality degradation due to network congestiMidS and
dMOS) & inputs to generate an outpype-2 fuzzy set according to rules that determine how the
inputs are maped to the output.

Rules Defuzzifier — Ctrl

A

Type
Reduction

A

Y

MOS —| Fuzzifier \
Rulebase
dMOS —{ Fuzzifier /

Figurel: Type2 fuzzy logic AMR mode controller

This mapping of the inputs to outputs performs grgpuired adaptation logigsing linguistic variables
synonymous to the human decision making pracéle output Tpe-2 sets are type reduced and
defuzzified to obtain a crispontrol (Ctrl) output whichreflectsthe amount of modechange The
rulebase ishe brain of the controller and is comprised of ruletheform of,

IF MOS IS Good AND IF dMOS IS Z then Ctrl IS Z.

A complete list of the ruleBnplemented in the rule base given inTable 1. Each rule is easluated

during each adaptation cycle to produce a firing level according to the ifjingid.rules generate
Type2 output sets which are type reduced Tigpel fuzzy sets. These type reduced sets are
defuzzified in order tawbtain a crisp output from theontroller The output reflectshe amount by

which to vary the AMR codec mode (Ctdjven the network state to ensure the compressed voice
bitstream bandwidth requirements fits the available network state and PQoS value and its degradation
The type redction used in this works based on the iterative Karnik Mendel (KM) proced@ie [
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Tablel: FLC Inference Rules

dMOS MOS
POOR| ACCEPTABLE | GOOD
z Bl Sl z
Sl Z z
B Z SD SD

The type reduced fuzzy output sets are then defedaising the center of gravity method to obtain
Ctrl as,

M

a XjK;
Ctrl =1=L_____

i ™
where M is the number of rules; X thefiring strengthfor rule i, and K is the inferred weight of the
i" output membershifunction. X is the value at the middle of the range of data values that are
possible membersf the " fuzzy subset. K is the area under th& butput membership function,
clipped by the minimum possibility of membership of avgMOS and dMOS in the ityat
membership functions of th8 iule.

The defuzzificatioris in the form of a weighted average of the values arising from the different rules
that are applicablaeyith outputs of zero for those remaining fuzzy subsets for which the data value is
not a memberThe IT-2 fuzzy controller provides a dynamic nonlinear mapping of avgMOS and
dMOS It provides a computational intelligent mechanism for varyiveg AMR mode supplyinga

Mode decrement/increment amou(@trl) which is then used to update tkarrent AMR mode
(ModeN) to a new Mode ModeN+1 given by,

Mod = Modeg, + Citrl

Triangular membership functions were used because of the reduced computation time which is useful
for real time operation of adaptiveo\P. Increasing the number of membership functions improves the
smoothness of mode changes, kiith a penalty of increasedomputation time The number of
membership functions for both input and output fuzzy sets was chosen to achieve good control whilst
enablingreattime geration.Figure 2 depicts the ¥pe2 membership functions for MOS which
partitioned the measured qualifyito threelinguistic variables o0POOR, ACCEPTABLE and GOOD

voice quality.

; POOR ACCEPTABLE GOOoD
=
@
3
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0
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Figure2: Input Type2 Membership Function for MOS
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Research has shown that a quality degradation of less than 0.25 is not too significant, a change of 0.5
noticeable by most people and a change of more ti@ais Yery significant[7] Type-2 membership
functions for dMOS were designed according to these results and are sholiguom 3. The
linguistic variabledor dMOS are Z which reflectsa Zero change in qualityy a Small change and B

is a big change in quality.
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©
>
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! aMos  ° ?

Figure3: Input Type2 Membership Function for dMOS

The membership functions for the output mode change are depictédura 4. The® are described
by five linguistic variables, of big decrease (BD), small decrease (SD), zero (Z), small increase (SD)
and big increase (BI) iMode.

. BD SD Z SI BI
=
o
3
o
®
u
=)
O
<
o
(1)

0

2 -1 0 1 z
modeChange

Figure4: Input Type2 Membership Function for modeChange

The FLC was simated using the Fuzzy Logic ToolboxTM in MATLABNd the control surface is
given inFigure 5 which shows the overall behaviour of the controller.
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ModeChange

MBS dMOS

Figure5: Control surface

2.1.2 Simulating the Adaptation Scheme

The ability of the scheme to optimise delivered perceived quality for diffeegniork capacities was
tested by setting theore bottleneckbandwidth to differensettings(4Kbit/s i 20Kbit/s). For each
bottleneck link, the perceived glity achieved by the adaptive scheme was measured and compared to
that obtainedby a nomadaptive VolP sessioand for an NQoS&liriven adaptation schemeMolP).

This was carried oudbr each mode of the AMR codec, under the same network setting.

aVvolP is an adaptation mechanism for VolP applications through variaklateitoding. The scheme
measures congestion from etodend metrics such as loss, delay and jitter, relayed by RTCP reports
and tries to regulate the output rate of the VolP applicaliba.adaptation control algorithm follows

the additive increase multiplicative decrease (AIMD) congestion control algorithm employed by TCP.
The algorithm uses the measured congestion parameters from RTCP reports to select a transmission
rate that is compédle to the available network bandwidth.

It is generally accepted that loss is a poor indicator of incipient network congestion because it reports
congestion that has already happened. Latency and jitter are better indicators of incipient congestion
but these are difficult to measure accuratdlle main limitation of aVolP is that it bases adaptation
decisions on network quality of service metrics such as loss and latency rather than on the actual
quality as perceived by end useihe difference betweeaVolP and T2 FLC is that in the latter the

actual perceived quality by an end user and its degradatim&isisa basis for adaptatiodecisions
Additionally, FLC is better suited to handle inaccuracies and uncertainties of network measurements.

Figure 6 showsthe evolution of the achieved quality level for a single user when the available
network capacity is varied.
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Figure6: Delivered PQoS for adaptive and radaptive VoIP sesons.

The result of the conguison which is shownroFigure 7, shav that noradaptive VoIP delivers
perceived quality that is sensitive to available network bandwidth.a@laptive schemselects the

AMR mode whit resulted in the highest perceived quality. The results also show that varying the
corenetwork capacity whilst fixing the AMR mode results not only in suboptimal qualityit lalgo
results in a lower quality during periods of low network bandwidth.

The results confirm that for a given network bandwidth, there is always an AMR thaidefferthe

best quality’ optimum codec setting resulting in the delivery of the optimum qualitg objective of
adaptation is to gracefully tradpiality for bandwidh in order to optimisajuality. For example, the
results show that for a bandwidth setting of 12kbit/s, the quality obtained by the adaptive VolIP is a
MOS score of 3.15which is twice the 1.5 obtaindal a non adaptiv&/olP sourcewith the highest
possibé mode without any adaptation to the network state.

The Interval Type2 (IT-2) Fuzzy Logic Adaptatiorscheme was also tested by having 50 VolP
sessions compete for available network bandwidth for different bandwidth capacities (400K bit/s
1000 Kbit/s).For each bottleneck link, the perceived quality achieved by each session using the
adaptive scheme was measured and an average perceived quality computed from perceived quality
delivered by all 50 sessions. An average perceived qualitawassomputed fothe same number of
sessions usingVolP and noradaptive (noControl) sessions under the same network setting.
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Figure7: Performance comparison of voice quality with aVolP for different bottleneck bandwidth.

The resultsof this comparison(shown in Figure 7) indicatesthat the IF2 scheme outperformed
aVvolP. For example, the 50 sources using th@ Bcheme achieved an average MOS score of 3.2
when sharing a 500 Kbps, while the same Ibeinof sources sharing the same bandwidth using aVolP
delivers a MOS value of 2 on averaddie nonadaptive sources delivered a MOS score of 1.3 on
average.

Finally, the performance of the different VolP adaptation algorithms has been studied in témns of
achievable number of users servéle bottleneck bandwidth was fixed at 1Mbit/s and the number of
sources increased from 10 to 10the performance of thELC adaptive sources, aVolP and for
nonadaptive sourcegere compared, as shownHRigure 8.

2+ Non-adaptive —+—
IT=2 ——
aVoIP —#—

Average voice quality {(HOS)

16 20 30 48 56 60 76 88 98 160
Nunber of VoIP sources

Figure8: Quality comparison for increasing number of sources for a 1Mbit/s bottleneck capacity.

The result of this comparison shows that the adaptive scheme optimised PQoS for eawbckottle
bandwidth and outperformed aVolP. It caiso be deduced fronFigure 8 that for a 1Mbit/s
bottleneck, the 100 adaptive sources shared the available bandwidth with an average perceived quality
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of more than 3.1570 aVolP sources obtained the same voice quality while only 6G@chaptive
sources can share the same bandwidth with the same perceived quallfly-2ZTeeheme resulted in a
much more reduced delay in comparison to aVolP and non adaptiveeszhishow in Table2.

Table2: Delay comparison for increasing number of sessions sharing a 1Mbit/s network bandwidth

IT-2 aVolP no Control
Number of Sources| Delay (ms) | Delay (ms) | Delay (ms)
10 3.35 3.35 3.35
20 3.35 3.35 3.35
30 3.35 3.35 3.35
40 3.35 3.35 3.35
50 3.35 3.35 3.35
60 3.65 7.50 10.92
70 3.72 7.52 10.92
80 3.85 10.97 10.97
90 3.93 10.98 10.97
100 3.92 10.97 11.00

Table3 show the omparison of no adaptation, aVolP and FLC in terms of the number of sources that
can be accommodated within a quality threshold. aVolP is shown to consistently outperform no
adaptation but FLC achieves better performance when compared to aVvolP.

Table3: Table showing MOS threshold and number of sources for different schemes

MOS
Threshold | Non-Adaptive | aVolP | FLC
2.0 70 110 118
25 65 85 108
3.0 62 70 100
35 55 62 85
4.0 55 58 60
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2.2 QoE-driven bitrate adaptation for videoservices

Following a similar approach to the presented in the previous section for the case of VoIP services, a
video adaptation scheme is proposed hereafter. The adaptation algorithm is based on both the PQoS
level estimated at the receiving endpand the monitored network performangéis way, the best
performing encoding bitrate can be selected for the current service provision conditions.

Figure 9illustrates how the video quality is predicted Antrusvely and shows the concept of QoE
drivenbitrateadaptation.

Video quality
Lt measurement hd
(PSNR/MOS)

S ] ! T D)
! . ( < De-
— Encoder Packetizer »'\_ Network - N Decoder
ﬁ 1 | J Packetizer
= RS N i
? //’ \ //’ Degraded Video

Reference-
Content - Bitrate Feedback free QoE

Classifier Adaptor Mechanism prediction
model

Video Sender Feedback

Figure9: Conceptual diagram to illustrate video quality prediction and-Qéen adaptation

The QoE prediction model is implemented bagedhe results gathered in D44t the top ofFigure

9, the intrusive video quality measurement blockdispicted. This block isised to measure video
quality at different network QoS conditioasdbr different gplication QoS setting®#\s detailed in
D4.1, he video quality measurements based on MOS values are used to derinerusive QoE
prediction model based on ntinear regression methods. The derived QoE prediction msdslle

to predict video qualityin terms of MOS) from th&JMTS physical layer QoS parameters of block
error rate(BLER) with an mean burst lengthMBL) set up tol.75 and the application layer
parameters of content tymendebitrate SBR) and frame rate.

The predicted PQoS metric along with network QoS parameters are usedhi@ PQoSdriven
adaptation schemeesulting in asender bitrate adaptive control mechanism

In addition to the cited service parameters, the content type needs to be identified in to order to
perform the requed MOS estimationdn Figure 9, the video content classification is carried out
from raw video at the sender side by extracting their spatial and temporal features. The spatio
temporal metrics have quite low colexity andcan thereforde extracted in real time. Videontent

is classified as a continuous value from 0 to 1, with 0 as content with no moveowmsstill

pictures and 1 being a very fast moving sports type of cor@ent [

2.2.1 PQoSdriven SBR Adaptation Scheme for Video

Thebasicconceptuamodel ofthe proposed adaptation scheme uses the video PQoS prediction model
asdescribedn D4.1. The predicted PQoS metrics together with network QoS parameters are used in
the PQoSdriven adaptation scheme to @ynically adapt the video send bitrate. ek information

is sent through extended RTCP repioom the networkwhich collects NQoS information such as
packet loss rate, delay and jitter from the core network to provide network congestion level measure.
The maximumachievableMOS is given as MO&x and is computed when no block error loss occurs

in the UTRANY9]. Congestion is measured according 16]] where special RTCP blocks are sent
which carry the reception statistics such as the block error lastiss.A congestiorevel measure

C, is calculated as,

)

where Bis the fraction of the number of block errors lost agisBhe total number of blocks within

an interval.In this case,ite MOS is affected by the combined effects of the radio conditions (BLER
values) and the available bandwidth which can be used for the transmission and for the local
retransmission of lost frames.
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The range of congestion level is from [0,1] with O beingangestion and meaning fully congested
network. C is an input to the decision algorithm for SBR adaptation and was partitioned into two
|l evel s as (0<C<0.2), and (COO0. 2).

PQoS degradation due to network congestion (D) is calculated from,6€S
D= MO0OS,..— MOS,, (10

D and C are sent as feedback information to the video sender bitrate adaptor which runs the PQoS
driven SBR adaptation. The dynamic adaptation algorithm is showabla4.

Table4: PQoSdriven Video Adaptation Algorithm
Define delta (delta=50)
if (0 <D <0.4) and (0<C<0.2) then SBR = SBR{Maintain SBR)
elseiff D O 0.4) and ( CtOdeltafDecrease 8BR) SBR

end if

end if

2.2.2 Results and analysis

The performance of the PQalBiven adaptation scheme was assessed over UMTS networks through
NS2 simulationFigure 10 showsthe gain in performance in terms of delivered PQoSféro ot bal | 6
video sequence. There is therefore an overall gain in quality after adaptation.
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Figure10: Comparison of video quality for adaptive and+o a pt ovbad6 F6 vi deo over U]

Afterwards, be bottleneck bandwidth was set to different capacities from 50kbps to 384kbps, and the
performance of the adaptive scheme evaluated and compared teadaptive video session. The
result of the comparison is shovim Figure 11. Instead of suffering a sudden drop in quality as
bandwidth is constricted (BLER=20%), as is the case witadaptation, the adaptive video scheme
gracefully adapted the delivered video quality to &wailable network downlink bandwidth. The
adaptive schemattainsa MOS of 3 compared to 1.7 without adaptation.
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Figurel11: Comparison of video quality results for different bottleneck bandwidth over UMTS network

Figure12i | l ustrates the advantage of dynamic adapt at
An improvement in qualitys visually discernabldor the frame showdue to the adaptation

Figurel2Per ceptual quality comparison before and aft

As a result, we can state the enhancements of the proposed adaptation algorithm, which takes into
account the estimated QoE levels and the network monitoring infiormia order to select the most
suitable sender bitrate for the current service conditions.
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3 MULTI -PARAMETER DECISION MAKING

In Section 2, we hay illustrated the benefits afmplementing a Qoriven adaptation logic that
makes also use of the availalietwork information for the selection of the most suitable adaptations.
Althoughthe network monitoring is addressed from an-gndnd perspectivat can be seen that this
feedback can be useful at specific service conditions.

In this section we exted the study to deal with two features relevant to the ADAMANTIUM
approach:

1 An enhanced network monitoring system, which provides detailed information of the QoS
metrics for each network segment.

1 The possibility to afford advanced sendesel adaptationdbased on a combination of
parameters, as well as to exploit netwitmkel adaptation procedures.

Theinclusion of theQoE predictionmodelsdetailed inD4.1 has been already validated in Section 2,
and hence they are also considered in this section

Underservice degradationdhe optimalmultimediaadaptatiorfor each case will depend not only on
the bareendto-end €29 NQoS values, but also on the source of these impairntents.depending
on which the degraded network segment is, the modificatialiffefent servicdevel parameters will
have a different impact on the final result.

Figure 13 illustrates the basics of ttgeneraladaptation procedureere proposedEach horizontal

plane represents a combinatiof access networkAN) and core network@N) performance states.

For each coordinate within the plane, the vertical axis represents all the possible combinations at
service level each combination with different values for theuple of variable servickevel
parametersEach combination in the 3D spac@ntake an associated QoE value, which will lead the
decision making process for the adaptation system.

Service state

Network }
adaptation ,,"-’ .
e S > "
L= = - — CN state
‘7 s ———
) I I I I I I I\j/ILVL(’
AN state crdos t7 ta_yer —F ‘r Service
[ P
adagtation —+] |adaptation
—
e — CN state
¥
. [~ - I 1 1 I T 1 = service 1evel
- “/ parameters combination
AN state

Figure13: Cross layer adaptation procedure
This proposathereforetries to cope with the following objectives:

T When a new combined AN/CN state is detected, the automated systesthiefeptimal
serviceconfiguration for the new network stateensure thahe systenis placed at the best
scoring position in the verticakis.

Foranewserviceconfiguration selected, the system estirnétthe expected QoE fulfils the required
quality.
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9 If the QOE is accurate enough for the user,ifittte serviceconfiguration differs from the
current onethenthe system laun@sthe pocedure to take the required adaptation action,
which could affect any or both of the endpoirer example, in a VolIP servitiee sender
endpointcan be affected the AMR mode or the packetization scheimenodified,as well as
the receiver endpoint the dejittering buffer sizeis changed.

1 Otherwise, the only possible solution is to move to another AN/CN state where the service
provision is able to comply with the quality requirements. This action is represented as
network adaptation ifigure 13, and it likely entas a possible change in the network or in
the QoSclassification of the traffimvolved The systenthusselecs a new xy coordinate
able to cope with the QOE requirements.

If the new positionn the horizontal plane requires modification of tgltimediasession t@chieve
the corresponding best configuration, this will represent a-tages adaptation.

The former is basically a netwotkiven service adaptation approach. The latter becanemre
complex crosgayer service and network adaptation, and its-weald implementation involves the
capability to request modifications in the network utilizationcassideredn the ADAMANTIUM
approach

Section 3.1 deals with the adaptation of R'adervices from a muiparameter perspective. The
considered network scenario is made up of two main network segments, namely the UMTS access and
the core network. From the analysis of the combined contributions to the e2e NQoS metrics, an
objective QoE ndicator is proposed for driving the selection of the best performing séeviee
configuration for each AN/CN state. Afterwards, the accuracy of these solutions is evaluated, in order
to identify if network adaptations are required to be launched.

Sectbn 3.2 is focused on the adaptation of mobile video senkies.of all, the combined impact of

the UMTS transmission characteristics and the mobile video encoding is evaluated. From this study,
the most suitable servidevel configuration is selectefdr the different AN states. Afterwards, the
more general problem of serving multiple mobile video users is studied. In this case, both the AN and
the CN monitoring are considered as inputs to the dayss adaptation process.

3.1 VolIP service adaptation

As cited before, e optimal VolP adaptatioat each cas&ill depend not only on the e2e NQoS
values, but also on the source of these impairmésts. resulta comprehensive study of the optimal
3G UMTS VolIP service adaptation procedures in different coethAN/CN stategs provided in this
section.

From the results presented in D4.1, the expected QOE level is impacted by a combination of service
and network parameterRegarding the impairment due to the transmission, the total Aoetr
delay and th&oice frame loss ratio are the key factors.

1 The total delay at application layer is basically the addition of the voice framing effects, the
e2e network delay and the delay introduced by the dejittering buffer. In this case study, the
two latter are condered the variable contributions to the total delay.

1 The loss ratio at application layer is mainly due to two sources of losses: the IP packet losses
at any of the network segments and the losses forced in the dejittering buffer, caused by
packets that amre too delayed to the destination endpoint.

Based on this analysisext section identifies thmain characteristics of tHeey elements in thgolP
service provision as considered in the ADAMANTIUWgproach

3.1.1 VolIP services over 3G UMTS networks

The basicVoIP service provisioimg is based on a typical besffort Internet connection, without
specific QoS procedures that will offer network performance guarantees to multimedsa Tioav
specific configurations considered for the case study are presentedtére
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1 Access Network

Concerning the UTRAN, the network performance is given by the error pattern at RLOnetel.
considered Background configuration, the RLC is set up to AM, which means that the the RLC PDUs
that are lost due to radio errors avedlly recovered. If the RLC AM functions achieve to recover the
lost frames, the voice packet will arrive at the destination endpoint with additional delay. Otherwise,
the associated IP packet is lost in the transmisaiohis computed to the IP Packeisk Ratio (IPLR)
statistic

The AN NQoS metrics highly depend on the UTRAN loss ratio, which determines the number of
SDUs to be recovered, and on the burstiness of the losses, which may influence on the time needed for
recovering a lost SDU.

In this stug, the burst pattern is kept aconstanMBL=1.75, while the BLER values are varied from
good reception conditionr®.1% of BLER to severe radio degradatioi39% of BLER.

If only the VolIP traffic is considered for each radio bearer, in most of gesdhe IPLRs negligible
since the extra bitrate allows the successful retransmission of lost RLC PDUs. Yet, the contribution of
the AN to the total delay gets more variable.

1 Core Network

With regard to the Core Networis explained in Section 2, theriadion of the delay values performs

as a better indicator in order to foresee network degradations in the CN than the IPLR metric. As the
network gets more congested, the mean delays and the delay variations increase. Jointly to the variable
delay contrilntion of the AN previously analyzedhe variability of the e2e delay metric for the
considered ADAMANTIUM network reference is considerable. Thes focus on the e2e delays as

the NQoS metric to avoid severe VolP degradatantsto drive the adaptatignocedures

The CN performance is determined by the traffic intensity and the distribution of packetrsibés.
study,the CN capacity is limited to 2 Mbps whilee packet size pattern is fixed to an exponential
distribution with a mean outcome of 3bgtes. Meanwhile, the background traffic load is varied from

the unloaded condition to a heavy loaded network, where the ratio between the arrival and the service
capacities is close to one.

1 Servicelevel

For the service configuration, three parameteescansidered significant for ttmutcome of the QoE

The AMR mode determines the encoding audio qudlitghis casepnly the three higher modese
consideredAs presented in Section 2, the encoding bitrate can be decreased under network congestion
conditions in order to alleviate the probleiirhe packetization scheme determines the number of voice
frames that are transmitted in a single RTP packet, which has an impact on the header overhead and
the latency of the frames. Finally, the size of the dejitg buffer governs the applicatitevel voice

frame loss ratio fothe same packedrrival pattern.

Based orthe previous discussionthe expected QoE is affected by the dejittering buffer size and the
e2e delay pattern, which at the same time isirectfon of the combined effects of the individual
contributions from the different network segments. This additive effect of the two random delay
variables can not be modeled in a simple way. Therefar@rder to analyze the impact of the
combined servielevel configuration and netwoilkevel performanceon QoE a number of
simulations have been ruhable 5 illustratesthe most relevant configuration parameters set up for the
case study at service and netwlarkers
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Table5: VolP and AN/CN configuration
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AN configuration

BLER values

{0.1,05,1, 25, 5, 10, 20, 30} %

MBL

1.75

CN configuration

Traffic intensity

{0, 1, 1.5, 1.8, 1.85, 1.875, 1.9, 1.925, 1.95, 1.9

Mbps over 2 Mbps

Packet size distoution

exp (350 bytes)

VolIP configuration

AMR mode

{12.20, 10.20, 7.95} kbps

Packetization scheme

{1, 2, 3} voice frames per RTP packet

Dejittering buffer size

{60, 80, 100, 120} ms

In the following, the VoIP configuration will be represented asmbination of three parameters (i, j,
k), or as a unigue numerical value as given by

& ={1- 3}for{12.20,10.20,7.95}kbps
=(i- 1)*12+(j- 1)* 4+k, | j={1- 3}for{1, 2,3} frames/paket
bk ={1- 4}for{60, 80,100,120} msof buffer

X (11

3.1.2 Servicelevel decisionmaking

In order to evaluate the QoE achieved at each momenPQo&S models described D%.1 are used.

Those expessions allow us to develop comparative analyses of the expected QoE levels based on the
computation of the MOS score8onsideringa specific network performance status, the loss and delay
patterns can be obtained. Jointly with the buffer configuratioese metrics determine the total
mouthto-ear delay and the total loss ratio of voice frames. Thus, the impairment produced by the
combined effect of the service configuration and the network perforneamcee followedFinally,

the evolution of the MOSceres determirsgthe user experienced quality.

Figure 14 shows a comparison between the evolution of the MOS scores for two different VolP
sessions, with different service configurations, which are being providddr uhe same network
conditions.The represented values correspond to the instantaneous MOS values, as computed in (4)
consideringhie IPLRmetric as a 4 seconds windowed value.
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Figure14: Evolution of MOS scores for differemolP sessions

The simple inspection of these tracékustratesthe difficulty of stating the best performing VolP
configuration for the user experience. The high variability of MOS scores over time found in this case
illustrates that the mean MOS valuex the whole trace is worthless for representing the user
experienced QoS by itself.
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In order to evaluate the global quality of a long sequence, where the network conditions vary over the
time, an integral approaatanbe used. A weighting process is athapfor this study, since it shows

better results for the integral quality estimation under severe degradatijridofvever, the analyzed
weighting method is based on two aspects: the strength of the degradation over a time interval and its
relative podion within the complete stimulus. The latter is also considered in this study, assuming that
users weight strong degradations more critically. However, the former is excluded from this study. It is
well known that the recency effect may likely modify theegral quality assessment of an individual.

Yet, since the aim of this study is to detect the expected QOE level associated to each considered
combined AN/CN state, we need to eliminate the effect of the random appearance of severe network
impairments da to combined contributions.

It is generally accepted that it is preferable to keep a ldower still acceptablemean MOS value if

this resultsn a lower number of annoying degradations over the whole trace. Thus, the percentage of
MOS scores at severgpecific points arguably provides a better estimator of the global IQdhkis

sense, the Experimental Cumulative Distribution Function (ECDF) is considered useful to depict the
general behaviour of a sample variable over tiFar instanceFigure 15 shows the ECDF of the

MOS scores found for a series of different VolP configurationgfathem under the same network
conditions.

Figurel5: ECDF of MOS scores for different VolP cogyirations

In order to process the results for each possible network state in an automated process, a new variable
as theMOS_factoris introduced Based on typical interpretation of the MOS scale, the following
significantintervals in comparison to the Blic Switched Telephone Network (PSTN) welefined

T 11 =MOS > 3.5: most users perceive a voice quality similar to the PSTN quality.
T 12=3.1<MOS < 3.5: under PSTN service, but acceptable quality.

T 13=2.5<MOS < 3.1: quite annoying quality for mosénss

1 14 =MOS < 2.5: quality level becomes unacceptable.

According to the definition of these intervals, the following QoE requirements for this stasly
establishedthe number of MOS samples in the 14 interval should be kept under the 1% of the time,
while the requirement for the I3 interval is set to the 10% of the time. These two conditions are
established as mandatory, so their significance is very high. If the results for these two lower intervals
are similar, the values within 12 and |1 become tedection criteria for the best performing
configuration.
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