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Abstract

Voiceover IP (VolP) hasthepotentialto beintegratedwith other
Internetapplicationdo provide interactve multimediacommu-
nicationserviceghatareimpossibleg(or atleastvery difficult) to
deplogy over the traditional circuit-switchedwired andwireless
networks. To fully exploit the benefitof serviceintegration,
it is necessaryhat VoIP servicescan be seamlesshprovided
with a good Quality-of-Serviceover several different network
technologiesDueto their wide availability andsignificantuser
interestin mobile voice communicationsparticularlywireless
network technologieswill be crucial for the succesf VolP
(andvice versa).

However, the legag Internetarchitecturels basedon the
"best effort” principle which doesnot guaranteea minimum
amountof pacletlossandaminimumdelayof paclettransmis-
sionrequiredfor voice communicationConsideringa wireless
accessietwork to thelnternet,QoSassurancé even moredif-
ficult. Thisis dueto theinherentlysharechatureof the medium
aswell asits high mediumerrorratewhich addto the effect of
congestiorat routersknowvn from wireline networks.

In this paperwe first analyzethe concealmenperformance
of the G.729decoderas one prominentexampleof the CELP
coderfamily which aretypically emplagyed for VoIP. Usingthis
result,we thendevelop QoSsupportschemesvhich selectvely
mark paclets to a higher (DiffServ) network priority at the
senderdependendn the propertieof the speechsignalandthe
expectedconcealmenperformanceOnthewirelessaccessink
the priorities arethenmappedo a simple ARQ scheme.This
layeredapproachsin full conformancevith existing standards.
Objective quality measure¢l TU-T P.861AandEMBSD) shav
thatalmostthe samespeechyuality asif all pacletsof the data
streamwould have beenmarlked aseligible for retransmission
canbe achiezed while significantlyreducingthe numberof ac-
tual retransmissions.
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1. Introduction

In recentyears,both the generalpublic andthe researclcom-
munity have beenshaving significantinterestin interactve
speechtransmissiorover the Internet(Voice over IP, Internet
Telephon). A key advantageover circuit-switchedvoiceis the
potentialfor integrationwith otherInternetservices. In addi-
tion, the necessaryransmissiorbandwidthcan be reducedby
silencedetectiontechniquesvhich addsto the statisticalmulti-
plexing gaininherentto a paclet-switchechetwork. Theneces-
saryhighcompleity speectencodinganddecodingcanbeper
formedwith inexpensve hardwarein the endsystems.Exam-
plesareCELP-basedodecdike G.723.1([1]) andG.729([2]),
which arevery attractie for Voice over IP becausehey provide
toll quality speechat muchlower bit rates(5.3/6.3kBit/s and8
kBit/s respectrely) thancorventional PCM (64 kBit/s). Thus
the network resourceequirementsor alarge scaledeployment
canbe reducedsignificantly which is particularlyimportantin
awirelessnetworking ervironment.

However, todays paclet-switchedhetworks, like the Inter
net,arebasednthe’besteffort” principlewhichdoesnotguar
anteeary Quality-of-Serviceparametersin additionto paclet
lossescausedy the propertiesof the wirelesslink (contention
for mediaaccesshit errors),speechpaclets canbe discarded
whenroutersor gatevaysare congestedaswell aswhenthey
arrive late at the recever (i.e. their playouttime hasalready
passed)Furthermoreconsideringhe backward-adaptie cod-
ing schemef the G.723.1and G.729 sourcecoders,paclet
lossresultsin lossof synchronizatiorbetweerthe encoderand
the decoder Thus, degradationsof the output speechsignal
occur not only during the time periodrepresentedby the lost
paclet, but alsopropagaténto following segmentsf thespeech
signaluntil thedecodeiis resynchronizedavith the encoder To
alleviate this problem,both G.723.1and G.729decoderscon-
tain aninternal(codec-specificjossconcealmenalgorithm.

In thelnternetcommunity muchresearchasbeendevoted
recently on network layer schemedo enforcean acceptable
Quality-of-ServicgQoS)for thetransmissiorof real-timemul-
timediastreamgincluding voice). The work hascoveredper
flow resenation (IntegratedServices[4]), which allows theas-
suranceof tight boundson lossand delay however needsthe
maintenancef stateaboutevery flow insidethe network. An-
other researchdirection (DifferentiatedServices,[5]) focuses
on only qualitative QoSassurancen a perpaclet basiswhich
hasbetterscalingpropertiesoy only maintainingstateanden-
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forcing QoS for aggregatedtraffic. Besidesthe adwantageof
aggr@ation,perpaclet QoShasalsothedesirableoropertythat
anapplicationmaycontrolthedesiredQoSon aperpaclet (and
thusperADU - ApplicationDataUnit) basis.

While genericnetwork layerQoSschemesreimportantto
ensurdrueend-to-end QoS we believe thatfor wirelessvolPan
integratedapproacktoveringthe codeclevel, the network layer
QoSschemeaswell astheconsidereavirelessnetworkingtech-
nology needso be taken. On onehand(seenfrom a userpoint
of view) thisis dueto thelarge usercommunitywho is already
very muchaccustomedbo usingubiquitouswirelessvoicecom-
municationsin secondgeneratiorcellular networks like GSM
(seeFig. 1, evolution path1). ThatmeanghatVolP over wire-
lessmustprovide atleastsimilar if notbetterperceved quality
at the userlevel. On the otherhand(seenfrom a perspectie
of network evolution), thethird generatiorof wirelessnetworks
and probablyeven more the generatiorbeyond ([6, 7], Fig. 2
[3]) aremoving towardsan|P-orientedarchitecturgseeFig. 1,
evolution path2).

Therestof the paperis structurecasfollows: Ourapproach
is basedon an analysisof the G.729frame loss concealment
algorithmin section2. Accordingto the obtainedresults,in
section3, we develop a selectve paclet marking/ prioritiza-
tion scheme.Section4 presentour systemarchitecturevhere
we proposeto emplgy two separateQoS mappings(between
the codecand the network level aswell as betweenthe net-
work andthe wirelesslink level, cf. Fig. 1). In section5 we
presentour simulationresultsbasedon linking a simple net-
work modelwith a real speechcodecandan evaluationusing
objective quality measures.Section6 discusseselatedwork.
Finally, section7 concludeghe paper

2. Analysisof the G.729 frameloss
concealment

G.729is alsoknowvn asConjugateStructureAlgebraicCodeEx-
cited Linear Prediction(CS-ACELP) and operatesat 8 kBit/s.
Input datafor the coderare 16-bit linear PCM datasampledat
8 kHz. G.729is basedon a modelfor humanspeechproduc-
tion. In this model, the throatand the mouth are represented
by a linear filter (synthesidfilter) and speechsignalsare pro-
ducedby exciting this filter with anexcitationvector In G.729,
aspeechrame' is 10 msin duration,correspondingo 80 PCM
speechsamples.For eachframe, the G.729encoderanalyzes
the input dataandextractsthe parametersf the CodeExcited
Linear Prediction(CELP) modelsuchaslinear predictionfilter
coeficientsandexcitation vectors.The approactfor determin-
ing thefilter coeficientsandtheexcitationis calledanalysisby
synthesis: The encodersearcheshroughits parameteispace,
carriesout thedecodeoperationin eachloop of thesearchand
compareghe output signal of the decodeoperation(the syn-
thesizedsignal) with the original speechsignal. The parame-
tersthat producethe closestmatchare chosen,encoded and
then transmittedto the recevers. At the recevers, thesepa-
rametersareusedto reconstructhe original speectsignal. The
reconstructedspeechsignalsare then filtered througha post-
processindilter thatreduceghe perceved noiseby emphasiz-
ing the spectralpeaks(formants)and attenuatingthe spectral
valleys ([8]).

The experimentwhich hasbeencarriedout ([9, 10]) is to

1We usethetermframe for theunit of theencoding/decodingpera-
tion andpacket for theunit of transmissionOnepaclet carriestypically
severalframes.

measureheresynchronizatiotime of the decodeiafter k con-
secutve framesare lost. The G.729decoderis saidto have
resynchronizedavith the G.729encodemwhenthe enegy of the
errorsignalfallsbelow onepercenbpf theenegy of thedecoded
signalwithoutframeloss(this is equivalentto a signal-to-noise
ratio (SN R) thresholdof 20dB). Theerrorsignalenegy (and
thusthe SNR) is computedon a perframe basis. Figure 3
shaws the resynchronizatioime (expressedn the numberof
framesneededuntil the thresholdis exceeded)plotted against
the position of the lossfor differentvaluesof k. The speech
samplds producedy amalespealkerwhereanurvoiced/oiced
(uw) transitionoccursin the eighthframe.

We canseefrom Figure3 thatthe positionof a frameloss
hasa significantinfluenceon the resultingsignaldegradatiof,
while the degradationis not that sensitve to the length of the
framelossburstk. Thelossof unvoicedframesseemso have
arathersmallimpacton the signaldegradationrandthedecoder
recoversthestateinformationfastthereafter Thelossof voiced
framescausesa larger degradationof the speechsignal and
the decodemeedsmoretime to resynchronizevith the sender
However, thelossof voicedframesat an unvoiced/wicedtran-
sition leadsto a significantdegradationof the signal. We have
repeatedhe experimentfor differentmale and female speak-
ersand obtainedsimilar results. Taking into accountthe used
coding schemethe abore phenomenorcould be explainedas
follows: Becausevoicedsoundshave a higherenegy thanun-
voicedsoundsthelossof voicedframescauses larger signal
degradationthanthe lossof unvoicedframes.However, dueto
the periodic property of voiced sounds,the decodercan con-
cealthe loss of voiced frameswell onceit hasobtainedsuf-
ficient information on them. The decoderfails to concealthe
lossof voicedframesat an urvoiced/\oiced transitionbecause
it attemptgto concealthe lossof voicedframesusingthe filter
coeficients and the excitation for an urvoiced sound. More-
over, becaus¢he G.729encoderusesamoving averagefilter to
predictthe valuesof theline spectralpairsandonly transmits
the differencebetweerthe realandpredictedvalues,it takesa
lot of time for the decoderto resynchronizewith the encoder
onceit hasfailedto build theappropriatdinearpredictionfilter.
Sunetal. ([11]) have confirmedthat our resultshold alsofor
the G.723.1andthe AMR codec([12]). Thereforeit canbe as-
sumedthatit appliesto all voice codecswhich employ similar
codingandlossconcealmenschemes.

3. Selective packet marking/ prioritization

Thedescribedesultontheability of the G.729decodetto con-
ceal paclet loss is exploited to develop a new paclet mark-
ing/prioritizationschemecalled SpeechProperty-Base®elec-
tive Packet Marking (SPB-MARK) which emplagys two prior-
ities. The SPB-MARK schemeconcentrateshe high priority
pacletson the framesessentiato the speechsignalandrelies
onthedecoders concealmentor otherframes.

Figure 4 shaws the simple algorithmwritten in a pseudo-
codethatis usedto detecta uwv transitionandprotectthevoiced
framesatthe beginning of avoicedsignal.In thealgorithm,the
procedureanalysis() is usedto classifya block of £ framesas
voiced,urvoiced,or uw transition. The proceduresend() is used
to sendablock of k& framesasasinglepaclet with theappropri-
atepriority (either”+1” or "0"). N is a pre-definedvalueand

2While SN R measuresften do not correlatewell with subjec-
tive speechguality; the large differencesin the SN R-threshold-based
resynchronizatioime clearly point to a significantimpacton subjec-
tive speechguality.
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protect= 0
foreach(k frames)

classify= analysisk frames)
if (protect> 0)
if (classify== urvoiced)
protect= 0
sendg frames,’0")
else
sendg frames,"+1")
protect= protect-k
endif
else
if (classify== uv_transition)
sendg frames,"+1")
protect= N — k
else
sendg frames,”0")
endif
endif

endfor

Figure4: SPB-MARK PseuddCode

defineshow mary framesat the beginning of a voiced signal
areto be protected.Our simulationshave shavn thattherange
from 10 to 20 areappropriatevaluesfor N (dependingon the
network losscondition). In the simulationpresentedn section
5,wechoosek = 2, atypical valuefor interactie speechrans-
missionsover the Internet(20ms of audiodataper paclet). A

larger numberof k& would helpto reducethe relative overhead
of the protocol headerbut alsoincreaseshe pacletizationde-
lay andmalessendeclassificatiorandrecever concealmenin

caseof pacletloss(dueto alargelossgap)moredifficult.

The network priorities are then enforcedby the appropri-
ate traffic shaping/policingmechanismst the network nodes
and/oraremappedo availablelower layertraffic controlmech-
anisms. Herewe considera mappingon error control mecha-
nismsof awirelesslink layer.

4. System Architecture

Section2 hasshavn thatsomesggmentsof thesignalareessen-
tial to the speechguality while others,in the event of a paclet
loss,canbeextrapolatedvell attherecever from datareceved
earlier This knowvledgehasbeenexploitedin the previous sec-
tion by the designof the SPB-MARK algorithm. Thus,the re-
quirementof thevoiceapplicatiorfrom thenetwork in termsof
thereliability of pacletdelivery canbereduced Thisappearso
be particularlyusefulfor wirelessnetworks, wherelossesmay
be causedby channelfadingin additionto congestion(dueto
contentiorfor themediaaccess).

Thereforejt is importantthata voice applicationcanmale
its QoS requirementknown to the network on a perpaclet
(ratherthan perflow) basis. However, this shouldbe donein
agenericway atthe network layer. This allowsto corvey QoS
requirementknown only at the sourceto other QoS enforce-
mententitiesin the network (particularly a wirelesslast hop).
Additionally it is possibleto mapthe perpaclet QoSrequire-
mentsto differentnetworking technologiesThe Differentiated
Servicearchitecturg([5]) developedwithin the IETF provides
sucha QoSassurancen aperpaclet basis.
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Figure5 shaws theconsideredystemarchitecturg We as-
sumea “hot-spot” network scenariqe.g. usingan|EEE 802.11
WLAN, [13]) wheretheinterfaceabore theMAC level is indis-
tinguishabldrom anl|P interfaceon afixednetwork. Therefore
(anddueto the higher bandwidthcomparedo a cellular net-
work) a corventional VolP applicationand protocol stackcan
beemplo/ed.

In the architecture DiffServ paclet priorities are mapped
to QoS control mechanism®f the layersbelon. This is par
ticularly importantfor wirelesslink layers,becauseprioritized
paclets not only needto be protectedagainstother flows us-
ing the sharedmedium(PRIOinterfacein Fig. 5) but alsoneed
to be protectecagainsichannekerrorsusing ARQ and/orFEC.
This mappingthenin turn hastheimplicationthatthereal-time
constraintof the applicationhasto be taken into account(par
ticularly whenretransmittingpaclets). Thus,a comprehensie
approachcovering an application-,internetvorking- and link-
level view is enabled.

5. Results

Figure6 shaws the simulationsetupconsistingof a senderand
recever connectedver a singlewirelesslink. It compriseghe
following major componentgnote that only a small subsetof
thefunctionality of thecomponentg protocolsshavn in brack-
etsneeddo beimplementedor the simulation):

e the ITU-T referenceimplementationof the G.729 en-

3Note that the figure only shaws the applicationof the proposed
scheme(SPB-MARK, ARQ) at the first hop while the ARQ scheme
will typically alsooperateatawirelesslasthop.

4Weonly considerchannekrrorshere(seee.qg.[14, 15] for mapping
DiffServto link-level priority in a802.11WLAN to prioritizethemedia
access).

coderanddecodet.
o the SPB-MARK algorithm.

e the ARQ algorithm: at the wirelesslink layer, only
the paclets selectedby the prioritization schemg SPB-
MARK) are retransmitted. Thereforethis schemeis
called SPBARQ. We comparethe resultsto the FULL
ARQ method,.e. every pacletis eligible for retransmis-
sion. For bothschemesve considera simplesend-and-
wait ARQ mechanisnwith alimit onthemaximumpos-
siblenumberof retransmissionef asinglepacletdueto
thetight real-timeconstraintof voice.

e an error model for a single wirelesslink: we employ
a simple Bernouilli model for bit errorswhich lead to
framecorruptionsandfinally pacletlosseqtheeffectsof
pacletlossdueto buffer overflow in routersarestudied
in[16, 10]). Thepacletlossprobabilitycanbecomputed
asfollows:

pL =1— (1 — BER)#%it (1)

BER istheBit Error Rateands is thevoicepaclet size
at the PHY level. For our simulationswe have useda
valueof 944 bit for s: theheadessizesare24, 34, 20, 8,
12 bytesat the PHY, MAC, IP, UDP and RTP-layerre-
spectvely (no headercompressioris used). The paclet
payload comprises20 bytes correspondingo &k = 2
voiceframescf. Fig. 4.

e 0Objective speechguality measuremerfbr a comparison
betweenthe decodedvoice datadistortedby the voice
encoding decodingproceduravith andwithoutthesim-
ulatedchannekrrors.We employ novel objective quality

Shttp://wwv. itu.int/itudoc/itu-t/rec/gl/g700-
g799/ sof t war e/ g729
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measuresvhich attemptto estimatethe subjectve qual-

ity ascloselyaspossibleby modelingthe humanaudi-

tory system.Thuswe canavoid the necessityto do ex-

tensve subjectve testingwhichis atime consumingpro-

cedureyielding resultswhich aredifficult to reproduce.
In our evaluationwe usethe EnhancedVodified Bark

SpectralDistortion (EMBSD, [17]) andthe Measuring
Normalizing Blocks (MNB, [18]) describedn the Ap-

pendix Il of the ITU-T Recommendatio.861 ([19]).

Thesetwo objectve quality measuresare reportedto

have a very high correlationwith subjectve tests([20]),

their relationto the rangeof subjectve testresultval-

ues(MOS) is closeto beinglinearandthey arerecom-
mendedas being suitablefor the evaluation of speech
degradedby transmissiorerrorsin realnetwork environ-

mentssuchasbit errorsandframeerasurey

The simulationsetupallows usto mapa specificPCM sig-
nalinput’ togethemwith network modelparameterso a speech
quality measureWhile usinga simplelosscharacterizatiofor
thewirelesdink, we generat@largenumberof losspatterndy
usingdifferentseeddor the pseudo-randomumbergenerator
(for the presentedesultswe used300 patternsfor eachsimu-
latedcondition). This procedurgakesinto accountthatthein-
putsignalis nothomogenousd,e. apacletlossburstwithin one
segmentof the speechsignal canhave a largely differentper
ceptualimpactthanalossburstof the samesizewithin another
segment.

5We only shav EMBSD results,havever, asthe resultsusing the
MNB measurarevirtually identical.

"The speechmaterialwe have usedcontainsdifferentmale and fe-
male voices. The lengthis 11.25s. The samplecan be obtainedat
http://ww. dvsi nc. cont speech/ ori g.dam zi p.

Figure7 shaws resultsfor the perceptuatlistortion(i.e. the
userlevel quality), where the Bit Error Rate (BER) and the
maximumpossiblenumberof retransmission& ... ) of asin-
gle pacletarevaried. Also, ascaleis shavn for thecorrespond-
ing MOS (MeanOpinion Score)valuefor subjectve testsrang-
ing from 1 (unsatisctoryquality) to 5 (excellentquality).

Judgingfrom the vertical distancebetweenthe curve for
rmaz = 0 (NO retransmissionsand the curves for the ARQ
schemeswe obsere that generallyretransmissiongan im-
prove the perceptuauality significantly For r,,q.. = 1, the
performanceof SPBARQ is very similar to that of the FULL
ARQ scheme.With increasingr.... the performancegapbe-
tweenSPBARQ andFULL ARQ for higherbit error ratesis
increasing. This gap,however, mustbe seenin relationto the
necessaryiumberof retransmissionto achieve the perceptual
quality figuresshovn. Fig. 8 thereforegivesthe numberof ac-
tual retransmissionsormalizedto the total numberof paclets
of aflow. (100% would meanthatthe total numberof paclets
transmittedncludingretransmissioneasdoubled).Hereit can
be seenthat the numberof retransmissionfor SPB ARQ for
low bit errorratesis similarto theFULL ARQ method however
for anincreasindBER, theincreasen thenumberof retransmis-
sionsis muchlowerthanwith FULL ARQ. Also, whenincreas-
ing rmaez the necessarypverall numberof retransmissiongor
SPBARQ is muchlower thanfor the FULL ARQ scheme.

Summarizingwe suggestthat for both ARQ schemesat
leastoneretransmissiorshouldbe allowed for the higher pri-
ority paclets. For SPBARQ, 4. Canbesafelysetto avalue
of 3 alsofor higherBER values(closeto 10~3). For suchhigh
bit errorratesthis avoids the significantdecreasén perceptual
quality (whichoccursfor low valuesof 7, With SPBARQ) as
well asthe explosionin the numberof retransmissionéwhich
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occursfor high valuesof r,,, with FULL ARQ). Thus SPB
ARQ is offering areasonableost(additionalprocessingo de-
rive the paclet priority, necessaryetransmissionsjersusqual-
ity tradeof, particularlyfor high bit error rates. It shouldalso
be notedthat a lower numberof retransmissionseducesthe
probability of congestiorin thewirelessnetwork andimproves
thedelayperformanceéy avoiding unnecessargetransmissions
which would block the transmissiorof the next high priority
paclet.

6. Related work

While thereis arich literatureonlossrecorery for pacletvoice,
in particularfor VoIP ([21]), only recentlysimilarinvestigations
in theareaof wirelessVolP have begun.

In [22] the authorspresentan analyticalevaluationof the
performancef paclet voicetransmissiorusingthe point coor
dinationfunction(PCF)of an802.11WLAN ([13]). They shav
that(while thePCFbeinga CBRtransmissioomodewhichdoes
notexploit voiceactiity detectionrschemesareasonableum-
ber of concurrentvoice calls canbe accomodate@t an access
point. However, they clearlyalsopointouttheneedfor errorre-
covery by FEC,ARQ or lossconcealmentin factourapproach
aimsatagoodcooperatiorof the lattertwo methodsyueto the
high errorratesexperienced.

Hoene,Carrerasand Wolisz ([23]) also presenta scheme
which builds on the resultpresentedn section2. In addition
to a similar schemeto ours, which allows the retransmission
of higher priority paclets at the link layer, they also employ
redundanttransmissionsat the applicationlevel as well as a
combinedsolution. In contrastto our architecture however,
wheretwo QoS mappingsare performed(Figs. 1 and5), they
proposeto directly mapthe application-l@el preferenceo the
link level. This avoids ary modification (priority marking)to
the IP paclets(it is a transparentprotocol booster"approach).
However, this alsolimits the applicability of the schemeo the
first hop (cf. the discussionin section4). Hoeneet al. fur-
thermorepresentmeasuremenesultsusingan 802.11WLAN
(in DCF mode- distributedcoordinationfunction) in a config-
urationwherelossesareintroducedby actualchannelerrorsas
well as a simulatedplay-out buffer (and not by contentionat
the MAC level), alsodemonstratinga performancegain when
emplgying an SPB-triggeregaclet protection.

7. Conclusions

We have investigatedhe impactof paclet lossat differentpo-
sitionswithin a speectsignal on the perceved quality for the
G.729codec. It hasbeenshavn thatthe lossof voicedframes
afteranurvoiced/wicedtransitionleadsto a significantdegra-
dation of the speechquality while the loss of other framesis
concealedatherwell by the decoders concealmenalgorithm.
Basedon this resultwe have developeda selective paclet
prioritization scheme(SPB-MARK) that protectsthe paclets
which areessentiato the speechyuality by markingthemwith
a higherDiffServ priority, while relying on the decoders con-
cealmenin caseotherlow priority pacletsarelost. The priori-
tiesareappliedatthewirelesslink layerto identify andretrans-
mit only theseessentiapaclets. This architecturalseparation
allows to convey QoSrequirementknown only at the source
to other QoS enforcemenentitiesin the network (particularly
a wirelesslast hop canthusapply similar error control mech-
anismsasthe wirelessfirst hop). Additionally it is possibleto
mapthe perpaclet QoS requirementgo differentnetworking

technologies.

Simulationsusinga simplenetwork modelandsubsequent
evaluationusing objective speechquality measureshav that
evenjust a single possibleretransmissiortry enhancesignifi-
cantly the perceptuabuality in the presencef bit errors. Par
ticularly for higherbit errorrates,the proposedselectve ARQ
schemg SPBARQ) avoids a significantdecreasén perceptual
quality aswell asthe explosionin the numberof retransmis-
sions(which occursif every paclet is eligible for retransmis-
sion). ThusSPBARQ is offering areasonableostversusqual-
ity tradeof.

Futurework includesthe extensionof the link layer er-
ror control schemewith Forward Error Correction (hybrid
FEC/ARQ). Also, the describedmarking algorithm could be
mappedto prioritized mediumaccesqe.g. by modifying the
lengthof the IEEE 802.11DIFS inter-frame spacingtime pe-
riod). Futureevaluationsof speectguality shouldalsotake ad-
vantageof advancedresultsin theobjective speectguality mea-
surementdomain(like the forthcomingITU-T standard”.862,
[24]).
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