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Abstract— The Radio AccessBearer (RAB) is the entity re-
sponsible for transporting radio frames of an application over
the accesmetwork in UMTS. The parameters of a RAB, namely
the maximum bandwidth and the allowed frame sizes,can be
configured according to the requirementsof the application using
it. In this paper we take up the issueof identifying the optimal
RAB configuration for VolP applications. For this purpose,we
have developed our own simulator, which models accurately all
the aspectsthat have an impact onto the RAB configuration,
and have evaluated the voice quality resulting from differ ent
RAB configurations. Basedon the results obtained, we propose
two new RAB configurations for VolP, one when Robust Header
Compression(RoHC) is used and another when it is not used.

I. INTRODUCTION

TheUniversalMobile TelecommunicationSystem(UMTS)
is a third generationmobile system developedby the 3rd
GeneratiorPartnershigProject(3GPP)[1]. It aimsat providing
mobile userswith multimediaservicesvoice, video anddata)
with assuredQoS and up to a dedicatedcapacityof 2 Mbps
per user

UMTS originally defined two different domains, Circuit
Switched (CS) for voice and transparent/non-transpare@S
data, and Packet Switched (PS) for paclet data. Recently
3GPPhasdefinedthe IP Multimedia Sub-systen{IMS), which
usesthe PS domainto provide IP multimediaservices.IMS
setsavery flexible framework for servicecreation,andenables
the migration of CS servicesto the PS domain,with conse-
guentreductionon network deployment and operationcost.
For speechservicesthis migration meansthe replacemenbf
traditional CS speechserviceby VolP provided via IMS and
the PSdomain.

3GPP has defined the conceptof Radio Access Bearer
(RAB) as a user plane connectionprovided by the UMTS
TerrestrialRadio AccessNetwork (UTRAN) betweena User
Equipment{UE) andthe CoreNetwork. Thegenerakharacter
istics of a RAB (datarates,QoS, etc) are normally setby the
CoreNetwork (CN) basedbn subscriptiorand/orrequirements
of the media or set of mediasusing the RAB. The actual
configurationfor a RAB is decidedby UTRAN basedon the
RAB information receved from the CN.

The RAB configuration has a direct impact on network
resourceusage.The more suited the RAB configurationis
to the actual patternof the data being transferredthe more
efficient the RAB is in termsof usageof network resources.
ChoosingproperRAB configurationds key to UTRAN, given
the high cost of last-mile transport(lub interface) and the
ratherlimited radio resources.

Betweenthe RNC and the UE datais always transferred
inside frameswhich length is within a set of allowed frame
sizes.The setof allowed frame sizesis configuredwhenthe
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RAB is setupbut, for complexity reasonsthe size of the set
hasto be small. In general,no PS referenceRAB hasa set
sizelargerthanthree.Thisis, the RAB hasthreeallowed sizes
(e.g.200bits, 400bits and600bits). In simplifiedterms,when
datais to be transferredan appropriatdframessizeis selected
and padding bits are added,if needed,o fill the remaining
bits of the frame.

The RAB bandwidthdeterminesthe QoS receved by the
application,and the set of allowed frame sizesfor the RAB
determinesthe amount of bandwidth wasted for padding.
Given a certain application, it is crucial to defineits RAB
well adjustedto its requirementsitoo small bandwidth will
resultin a bad quality, while too large bandwidthor improper
framesizeswill resultin a wasteof resources.

Fromthe above it follows thata RAB designoptimizedfor
VoIP is an importantissuein UMTS networks. The fact that
VolIP traffic sendsat a variable bit rate, may include control
traffic like e.g. RTCP and, if Rolust Header Compression
(RoHC) is used, headershave a variable size, makes the
definition of the optimal RAB a challengingtask.While 3GPP
hasalreadydefineda referenceRAB for VoIP support[2], this
RAB providesno optimizedhandlingof VolIP traffic.

The focus of the presentpaperis on the searchfor an
optimizedRAB for VoIP. The outlineis asfollows. In Section
Il we describethe RAB conceptin the UMTS architectureand
thereferenceRAB currentlydefinedfor VoIP. In Sectionlll we
describethe simulatorthat we have developedfor evaluating
the resulting voice quality from a certainRAB configuration.
In SectionlV we presentthe resultsobtainedfor sweeping
alongthe configurationspace;from theseresultswe propose
two optimal RAB configurationfor VolP, onewhenRoHC is
usedand one whenit is not. SectionV concludesthe paper
with somefinal remarks.

Il. RADIO ACCESS BEARER

The transmissiorof datawithin a RAB in UMTS works as
follows. Data(namelyIP paclets)generatedby anapplication
at the UE is stored in an internal buffer. This buffer is
emptiedperiodically every TransmissionTime Interval (TTI),
when a radio frame is createdwith the data stored at the
buffer up to a certainmaximumframe size (MFS). The RAB
bandwidthcorresponddo M FS/TT1I. In this paperwe take
TTI equalto 20 mswhichis acommonlyusedvaluein current
implementations.

In casethe amountof datain the buffer is lessthan MFS,
a frame of size smallerthan MFS may be created However,
only a few framessizesareallowed, so thatwe needto fill the
framewith paddingup to the next frame size allowed.

Oncethe frame hasbeencreatedas describedabove, it is
transportedhroughthe air interfaceto the Node B, wherean
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Fig. 1. UMTS Architecture(air interface and radio accesaetwork).

IP packet containingthe frame is created. The IP paclet is
thentransportedhroughthe Radio AccessNetwork (RAN) to
the RNC. The last-milelink in the RAN is commonlyE1 on
leasedlines or microwave links.

The RNC terminateghe radio protocol;it extractsthe radio
framesfrom the IP transportpaclets,andthe datafrom these
framesdiscardinghe padding.andtransmitgheresultingdata
(which are IP paclets) further into the Core Network (CN).
The UMTS architectureand protocol stack are illustrated in
Fig. 1.

A referenceRAB for VoIP is definedby 3GPPin [2], which
definesa RAB bandwidthof 46 Kbps and frame sizesof 920,
304 and 96 bits. As we will seelater on with our simulation
results,this RAB is not well optimizedfor VoIP.

I1l. SIMULATOR DESCRIPTION

In order to evaluate performanceof VolP dependingon
the RAB configurationwe have developedour own simulator
Ours is an event-driven simulator written in the C++ pro-
gramminglanguagethat closely simulateghe framecreation,
buffering and transmissionat the UE, and all the aspects
involved with it, that have animpacton the appropriateRAB
configuration.We focus in the upstreampart becauseit is
wherethe pacletsto be transmittedover the RAB arecreated.
The configurationfor the upstreancasewill alsoapplyto the
downstreamcasesince the paclets to be sentover the RAB
are the onesreceved from the upstreampart. Fig. 2 depicts
the modulesof which the simulatorconsists;in the following
we describethemin detail.

A. Source Model

Voice sourcesare modeledaccordingto real-life audioclips
obtainedfrom the 3GPPweb site [4]. We extract the frame
arrival timesandsizesfrom theseclips, which arewritten into
a file andthen usedas input into our simulator The specific
audio clip that we have usedin this papercorrespondgo a
12.2 Kbps AMR codecaudio clip of about20 secondswith
active andidle periods.EachspeecHrameis encapsulateahto
an RTP/UDP/IPv6paclet. Overheadncludesthe IPv6 header
(40 bytes), the UDP header(8 bytes), the RTP header(12
bytes),the profile (1 byte) andthe PDCP (1 byte).

1Accordingto 3GPPspecificationsthe Radio AccessNetwork (RAN) may
be basedon IP or ATM transport[3]; throughoutthis paperwe focusin IP
transportsincewe arguethatit is bettersuitedfor supportinga mix of traffic
types,allows for economyof scaleandthat having an All-IP network saves
managemenand operationalcosts.
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Fig. 2. Simulatormodules.

B. RTCP Model

In additionto the speechrames,Real-Time Control Proto-
col (RTCP) pacletsarealsosentperiodicallyby the UE. In the
simulationresultswe presenin this paperwe have considered
two different scenariosfor RTCR, average and worst-case,
dependingn the sizeandinter-arrival timesof RTCP paclets.

1) Average RTCP: With average RTCP we consider a
payloadsize of 60 bytes,which roughly matchesthe size of
an RTCP paclet with a useful CNAME tag and a Recever
Report.

[6] specifieghatthe maximumrateat which RTCP paclets
may be sentis of one paclet every 5 seconds.This is the
RTCP inter-arrival time that we have taken in our average
RTCP scenario.

2) Worst-case RTCP: From[6] we have thatthe bandwidth
usedby RTCP shouldbe limited to 2.5% of the total band-
width. Assumingan AMR RTP payloadof 32 bytes[7], which
producesatotal sendingrateof 36900bps,andanRTCP inter-
arrival time of 5 secondsthis givesthefollowing RTCP paclet
size:

Srrcp = 5-0.025 - 36900 ~ 4600 bits (1)

We have taken the above in our worst-caseRTCP scenarié.

C. RoHC Model

In our simulatorwe assumehe Birectional Optimisticmode
of RoHC[9] andemulateits behaior by meansf a simplified
statemachineWe consideithecompressetieadesizesshavn
in Tablel for alarge CID of onebyte; optional ACKs arenot
sent,in orderto avoid additionaloverheadFig. 3 illustratesthe
compressoand decompressastate-machinewhich we detail
in the following.

1) Compressor: The compressorddsthe IR headersize
to the payloadwhile in the IR (Initialization/Refresh)state,
the IR-DYN size while in the FO (First Order) stateand the
averagesize of the UOR2-ID, UO1-ID andUOOQ while in the
SO (SecondOrder) state.

2For example, in [5] (section3.4), it is mentionedthat a typical RTCP
paclet sizeis 90 bytes,which taking out the IPv4/UDP headeleaves us with
this 60 byte payload,approximately

SNote that [8] gives as maximum payloadsize 130 bytes, but statesthat
this may changewith the RTCP paclet size.



HeaderName HeaderFunction HeaderSize [bytes]
IR Initialization/Rédresh 60
IR_DYN Partial context update 21
UOR2-ID Compressedheader 6
UO1-ID Compressedheader 5
uoo Compressedheader 4
TABLE |

ROHC HEADER SIZES.

COMPRESSOR DECOMPRESSOR

K1/ S-ACK

O F O E

NACK NACK k:n k:n

Fig. 3. Compressoand decompressostate-machine.

The transition from the IR to the SO stateis performed
whena fixed amountof IR headerskK1 (which we take equal
to 3), hasbeensent,suchthat we can safely assumehat the
decompressois in the FC (Full Context) stateor whena S-
ACK hasbeenreceved.

The transition from the FO to the SO stateis performed
when a fixed amountof IR-DYN headersalso K1, hasbeen
sent,suchthat we cansafelyassumehatthe decompressois
in the FC.

The transition from the SO to the FO state or from the
FO to the IR stateis performedwhen a NACK from the
decompressois receved.

2) Decompressor: Thetransitionfrom the NC (No Context)
to the FC stateis performedwhenan IR headeris receved
and producesa S-ACK feedbackmessageo the compressor

The transitionfrom the SC (Static Context) to the FC state
is performedwhenanIR-DYN headeiis receved;no feedback
messages sent.

The transitionfrom the FC to the SC stateor from the SC
to the NC stateis performedwhenk pacletsout of n (we take
3:6) are received with errors, resultingin a NACK feedback
message.

We do not considerthe impact of paclket drops onto the
statemachinein our model,sincethe probability of a burst of
dropslarge enoughto causea sequencenumberwraparound
is negligible.

Errors introduced by the air interface into the (possibly
compressedheaderresult, consideringa 3 bits CRC, in a
detectecerrorwith probability 7/8, which leadsto anincrease
in the k counter andin an undetectecerror with probability
1/8. As explainedabove, after 3 detectederrors,a NACK is
sent.

Whenerrorsaredetectedve assumehatRoHCwill beable
to repairk out of n, i.e., the audioquality will not be harmed.
On the otherhand,whenthe errorsare not detectedhey will
not be repairedresultingin a packet drop, sincea paclet with
anincorrectheaderwill not reachits destination.

3) Feedback: The RoHCfeedbacknmessageexperiencethe
samedelay asthe datapacletsfrom the UE to the UPS,i.e.,
no immediatefeedbackis assumedA mediumfree of errors
is assumedor the feedbackpath.

D. RAB

The RAB modulein our simulatorworks accordingto the
explanationgivenin Sectionll. The variousRAB parameters
are configurablein the simulator so that we can sweepalong
theparametespacdn the searchor the optimal configuration.

@ Air interface

The ARROWS IST project [10] shaws that there is no
correlationbetweenerrorsin different TTI's [11], as

« For vehicle speedsabove 13 km/h the coherencetime
is lower than 10 ms, so thereis no correlationbetween
consecutre TTI's.

« Below 13 km/h the power control, updated1500times/s,
will cancel fast fading and shadeving fading, so the
Eb/NOwill remainapproximatelyconstant.

The above leadsto independencamongerrorsat different
TTI's; thuserrorscanbe assumedvarkovian. Basedon [12],
we considerpaclet errorratesof 10=2 and10~2. We consider
that an erroneougpaclet with headerof size H and payload
of size S hasits error in the headerwith probability z2
andin the payloadwith probability g2 . In the former case,
the error impactsthe RoHC, while in the latter it impactsthe
resultingaudio quality.

F. RAN

In order to model the RAN behaior, we have usedthe
OPNET simulator[13], which includesa UMTS module,to
simulatetwo scenariosvherethe RNC is connectedo a Node
B throughan E1 link. Thefirst scenariaconsistsof a few UEs
and thereforeno congestionwhile the secondone increases
thenumberof UEsto createcongestionFromeachsimulation
we have takenthe delaysanddropssuffered by a sequencef
paclets. Then, we have treatedthe pacletsin our simulator
accordingto this sequencei,e., we drop or introducea certain
delay to paclet i in our simulatoraccordingto the behaior
experiencedy pacleti of therecordedsequenceThe average
drop rate for the congestedsequences of about4%; for the
uncongestedequencehereare no drops.

G. Destination Playback time

We assumeaudio and video playbackapplications,which
areintolerantto pacletsarriving laterthantheir playbacktime
[14]. Therefore,we drop paclets that arrive later than this
time. The playbacktime representghe maximum delay that
canbe supporteetweerthe creationof a framein its source
andthe momentwhenit is playedin the destinationandis a
configurablevalue.



Scenario frameerror rate congestion RTCP playback
atthe air interface | atthe RAN time
Ideal conditions 10-3 no no 100ms”
Ideal conditions 103 no average 100 ms,,
+ averageRTCP
Bad conditions 10~2 yes average 100 ms® -+~ Ideal conditions
+ averageRTCP g .- :g:glpcondiuons +average
Bad conditions 102 yes worst-case| 100 s = Bad condtions + average
+ worst-caseRTCP 0 —-a- —Bad conditions + worst-case
Bad conditions —Q—E;dcsondmons + worst-case
+ worst-caseRTCP 10~2 yes worst-case| 50ms ® RICR2PB-S0me
+ PB=50ms A =
55000 45000 40000 35000 30000 25000 20000 15000 10000
TABLE I RAB ps)

SIMULATION SCENARIOS.

IV. DISCUSSION OF THE RESULTS

In order to identify the optimal RAB configuration, we
conducteda seriesof simulationexperimentssweepingalong
the configurationparametersin this sectionwe describethe
resultsobtainedfor the no RoHC and RoHC cases.In each
case,we considerthe scenariosshown in Tablell.

A. No RoHC

Fig. 4 shovs the droprate experiencedoy the VolP applica-
tion in the no RoHC caseasa function of the RAB bandwidth
for the five scenariodescribedabore. By drop ratewe count
the framesdroppedat the IP-RAN, the framesresultingwith
errorsin the air interface and the framesthat arrive at the
destinationlater thanthe playbacktime.

From the figure it canbe seenhow the drop rate decreases
with an increasein the RAB bandwidth.As long as RTCP
is not worst-case the smallestpossibledrop rate is already
achieved with a RAB of 40.000bps, and a larger bandwidth
doesnot further decreasehe resultingdrop rate.

Basedon the above, we proposea RAB of 45.000 bps,
i.e., the 40.000bps plus someadditionalsafguard.We argue
that provisioning the RAB bandwidthtaking into accountthe
worst-caseRTCP would require a very large bandwidthand
leadto an inefficient useof this bandwidthin mostcases.

One additional recommendatiorfrom our resultsis that
special care must be taken by the applicationdevelopersin
the designof RTCR In fact, our resultsshowv that the worst-
caseRTCP allowed by the standardgproducesa quite large
additional paclet drops with our recommendedandwidth.
This drop rate is speciallyharmful for the perceved QoS, as
dropsoccurin burstsat theinstantsvhenlong RTCP messages
aresent.

The remaining configurable parametersare the allowed
framesizes.Framesizesadjustedo the payloadswill resultin
smallerframes,andthereforesmallerIP pacletsin the RAN,
so that lessbandwidthwill be usedby themin the expensve
last-mile links.

In order to understandthe payload distribution resulting
from the different scenarioswe study the histogramof pay-
loadsin the no RTCP, averageRTCP and worst-caseRTCP

Fig. 4. No RoHC: Paclet dropsvs. bandwidth.
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Fig. 5. No RoHC: Paclet distribution.

case$, whenthe RAB bandwidthis of 40.000bps. This is

illustratedby Fig. 5 (eventhoughnot appreciatedn the graph
dueto scaleproblemsall sizesthatappeain they-axiscontain
at leastone framefor one of the cases).

From the figure, it can be seenthat the most frequent
payloadsare 900, 760 and 552, the last two corresponding
to the size of an active and an idle frame, respectiely.
The maximum payload size (900) is used when the data
to be transmitteddoes not fit into one frame, due to some
additionalload causede.g.,by an RTCR In suchcaseone,or
more maximumpayloadframesmay occur, plus possiblyone
transitionframe of intermediatesize.

In Fig. 6 we studythe bandwidthconsumedn the RAN as
a resultof using one frame size (900), two (900, 760), three
(900,760and552) andfour (900, 760,552and880).1t canbe
obsened that significantsavings are achieved when using up
to threeframe sizes,andthat usinga fourth one producesno
further gain. As a consequenceyur proposalfor the allowed
framesizesin the optimal RAB for RoHC is of 900, 760 and
552 bits.

4In our scenariosthe payloadsize distribution turned out to be mainly

dependenbf RTCP.
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Fig. 7. RoHC: Paclet dropsvs. bandwidth.

B. RoHC

We repeatedthe abore experimentswhen RoHC is used.
Fig. 7 illustratesthe drop rate asa function of the bandwidth;
following the samereasoningas in the previous case,we
proposea RAB bandwidthof 25.000bps for the RoHC case.

Fig. 8 depictsthe payloadsize histogramwhen the RAB
bandwidthis setequalto 25.000bps.It canbe obsenedfrom
the distribution that the more frequentpayloadsizesare 500,
304 and 96 bits.

Fig. 9 illustratesthe bandwidth consumptionat the RAN
whenoneframesizeis allowed (500 bits), two (500and304),
three (500, 304 and 96) and four (500, 304, 96 and 428).
Resultsshav thatthereis no gainwhenusingmorethanthree
framesizes;therefore pur proposafor theallowedframesizes
is 500, 304 and 96 bits.

Finally, we note that the RAN bandwidthconsumptionin
the RoHC caseis of abouthalf of the bandwidthconsumption
when no RoHC is used. We concludethat the bandwidth
savings when using RoHC is of about50%, both in the air
interfaceandin the RAN.

C. Comparison with the existing reference RAB

The existing referenceRAB for VolP proposesthe same
frame sizes for the intermediateand smaller frame as the
ones we proposefor the RoHC case, but a much larger
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Fig. 8. ROHC: Paclet distribution.
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Fig. 9. RoHC:RAN bandwidthconsumption.

maximum frame size. Among the possiblereasonsfor the
differencebetweenour proposalandthe referencewe conject
the following:

« Our thorough simulation allows us to derive a more
adjustedvalue of the requiredbandwidth;a lessdetailed
studywould requirea larger bandwidthas a safegguard.

« We considerplay-backapplicationsthat can adaptto a
certaindelay/jitter without seeingtheir quality seriously
harmed;lessadaptve applicationswould requirea larger
bandwidth.

V. CONCLUSIONS

VoIP is tameted as one of the key applicationsfor the
presenandfuture UMTS. Oneof the objectivesfor supporting
this traffic type is to minimize the bandwidth consumption
at the air interface and last-mile link, which commonly are
the most expensve partsof the network for operatorswhile
ensuringa sufficient QoS.

In order to achieve the above goal, it is fundamentalto
define optimized RABs for VolP support.In this paperwe
take up this issue: we develop a simulator and simulate a
rangeof RAB configuration;asa result,we proposetwo RAB
configurationsfor VolP (onewith RoHC and one without).

The main merit of the presentwork is the elaboration
of thorough modelsfor the various aspectsthat impact the
choice of the RAB configuration,againstwhich we validate



the proposedRAB configurationsTheseaspectsould not be
reliably accountedfor otherwise,so any RAB configuration
validated by less accuratemethodswill causean uncertain
behavior.

For the no RoHC case,we proposea maximum RAB
bandwidth of 45.000 bps and frame sizes of 900, 760 and
552 bits. For the RoHC case,we proposea maximumRAB
bandwidthof 25.000bps and frame sizesof 500, 304 and 96
bits. The resultingbandwidthconsumptionat the RAN is of
about30.000and 15.000bps, respectiely.

It follows from the above that the gain of using ROHC is
of about50%, both in the air interface and the RAN. The
gain of our ROHC RAB is alsoabout50% with respecto the
currentreferencevolP RAB by 3GPR which proposess RAB
bandwidthof 46.000bps.

The bandwidthconsumptiorat the air interfacedependson
the numberof ChannelElementsrequired,which in turn is
a function of the RAB bandwidth.As the VoIP datachannel
studiedhereis multiplexedtogethemwith the SIP andsignaling
channelsin the same RAB, the optimization of thesetwo
additional channelsshould be analyzedbefore the total gain
at the air interfacecan be derived. Our work in this paperis
a first steptowardsthis objectie.

Our simulatorallows usto input real-life audioclips. In the
future we plan to use the simulatorto evaluatethe resulting
audio quality from the various RAB configurations,using
e.g.the Mean Opinion Scoreas voice quality measure.
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