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Abstract— The Radio AccessBearer (RAB) is the entity re-
sponsible for transporting radio frames of an application over
the accessnetwork 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 VoIP applications. For this purpose,we
have developed our own simulator, which models accurately all
the aspects that have an impact onto the RAB configuration,
and have evaluated the voice quality resulting fr om differ ent
RAB configurations. Basedon the results obtained, we propose
two new RAB configurations for VoIP, one when Robust Header
Compression(RoHC) is used and another when it is not used.

I . INTRODUCTION

TheUniversalMobile TelecommunicationsSystem(UMTS)
is a third generationmobile system developed by the 3rd
GenerationPartnershipProject(3GPP)[1]. It aimsatproviding
mobileuserswith multimediaservices(voice,videoanddata)
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-transparentCS
data, and Packet Switched (PS) for packet data. Recently,
3GPPhasdefinedtheIP MultimediaSub-system(IMS), which
usesthe PS domain to provide IP multimediaservices.IMS
setsa veryflexible framework for servicecreation,andenables
the migration of CS servicesto the PS domain,with conse-
quent reductionon network deployment and operationcost.
For speechservices,this migrationmeansthe replacementof
traditional CS speechserviceby VoIP provided via IMS and
the PSdomain.

3GPP has defined the concept of Radio Access Bearer
(RAB) as a user plane connectionprovided by the UMTS
TerrestrialRadio AccessNetwork (UTRAN) betweena User
Equipment(UE) andtheCoreNetwork. Thegeneralcharacter-
istics of a RAB (datarates,QoS,etc) arenormally setby the
CoreNetwork (CN) basedon subscriptionand/orrequirements
of the media or set of mediasusing the RAB. The actual
configurationfor a RAB is decidedby UTRAN basedon the
RAB informationreceived from the CN.

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

Betweenthe RNC and the UE data is always transferred
inside frameswhich length is within a set of allowed frame
sizes.The set of allowed frame sizesis configuredwhen the

RAB is setupbut, for complexity reasons,the sizeof the set
has to be small. In general,no PS referenceRAB hasa set
sizelargerthanthree.This is, theRAB hasthreeallowedsizes
(e.g.200bits,400bits and600bits). In simplifiedterms,when
datais to be transferred,an appropriateframesize is selected
and paddingbits are added,if needed,to fill the remaining
bits of the frame.

The RAB bandwidthdeterminesthe QoS received 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 define its RAB
well adjustedto its requirements;too small bandwidthwill
result in a badquality, while too large bandwidthor improper
framesizeswill result in a wasteof resources.

From the above it follows thata RAB designoptimizedfor
VoIP is an importantissuein UMTS networks. The fact that
VoIP traffic sendsat a variablebit rate, may include control
traffic like e.g. RTCP and, if Robust HeaderCompression
(RoHC) is used, headershave a variable size, makes the
definitionof theoptimalRAB a challengingtask.While 3GPP
hasalreadydefineda referenceRAB for VoIP support[2], this
RAB providesno optimizedhandlingof VoIP traffic.

The focus of the presentpaper is on the searchfor an
optimizedRAB for VoIP. Theoutline is asfollows. In Section
II we describetheRAB conceptin theUMTS architectureand
thereferenceRAB currentlydefinedfor VoIP. In SectionIII we
describethe simulatorthat we have developedfor evaluating
the resultingvoice quality from a certainRAB configuration.
In SectionIV we presentthe resultsobtainedfor sweeping
along the configurationspace;from theseresultswe propose
two optimal RAB configurationfor VoIP, onewhenRoHC is
usedand one when it is not. SectionV concludesthe paper
with somefinal remarks.

I I . RADIO ACCESS BEARER

The transmissionof datawithin a RAB in UMTS works as
follows.Data(namelyIP packets)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 certainmaximumframesize(MFS). The RAB
bandwidthcorrespondsto �����	��
�
�
 . In this paperwe take
TTI equalto 20 mswhich is a commonlyusedvaluein current
implementations.

In casethe amountof datain the buffer is lessthanMFS,
a frame of size smaller than MFS may be created.However,
only a few framesizesareallowed,so thatwe needto fill the
framewith paddingup to the next framesizeallowed.

Oncethe frame hasbeencreatedas describedabove, it is
transportedthroughthe air interfaceto the NodeB, wherean
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Fig. 1. UMTS Architecture(air interfaceandradio accessnetwork).

IP packet containingthe frame is created1. The IP packet is
thentransportedthroughtheRadioAccessNetwork (RAN) to
the RNC. The last-mile link in the RAN is commonlyE1 on
leasedlines or microwave links.

TheRNC terminatestheradioprotocol;it extractsthe radio
framesfrom the IP transportpackets,andthe datafrom these
frames,discardingthepadding,andtransmitstheresultingdata
(which are IP packets) further into the Core Network (CN).
The UMTS architectureand protocol stackare illustrated in
Fig. 1.

A referenceRAB for VoIP is definedby 3GPPin [2], which
definesa RAB bandwidthof 46 Kbps andframesizesof 920,
304 and96 bits. As we will seelater on with our simulation
results,this RAB is not well optimizedfor VoIP.

I I I . SIMULATOR DESCRIPTION

In order to evaluate performanceof VoIP dependingon
the RAB configurationwe have developedour own simulator.
Ours is an event-driven simulator, written in the C++ pro-
gramminglanguage,that closelysimulatesthe framecreation,
buffering and transmissionat the UE, and all the aspects
involved with it, that have an impacton the appropriateRAB
configuration.We focus in the upstreampart becauseit is
wherethepacketsto betransmittedover theRAB arecreated.
The configurationfor the upstreamcasewill alsoapply to the
downstreamcasesince the packets to be sentover the RAB
are the onesreceived from the upstreampart. Fig. 2 depicts
the modulesof which the simulatorconsists;in the following
we describethemin detail.

A. Source Model

Voicesourcesaremodeledaccordingto real-life audioclips
obtainedfrom the 3GPPweb site [4]. We extract the frame
arrival timesandsizesfrom theseclips, which arewritten into
a file and then usedas input into our simulator. The specific
audio clip that we have usedin this papercorrespondsto a
12.2 Kbps AMR codecaudio clip of about20 secondswith
activeandidle periods.Eachspeechframeis encapsulatedinto
an RTP/UDP/IPv6packet. Overheadincludesthe IPv6 header
(40 bytes), the UDP header(8 bytes), the RTP header(12
bytes),the profile (1 byte) and the PDCP(1 byte).

1Accordingto 3GPPspecifications,theRadioAccessNetwork (RAN) may
be basedon IP or ATM transport[3]; throughoutthis paperwe focus in IP
transportsincewe arguethat it is bettersuitedfor supportinga mix of traffic
types,allows for economyof scaleand that having an All-IP network saves
managementandoperationalcosts.
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Fig. 2. Simulatormodules.

B. RTCP Model

In additionto the speechframes,Real-Time Control Proto-
col (RTCP)packetsarealsosentperiodicallyby theUE. In the
simulationresultswe presentin this paper, we haveconsidered
two different scenariosfor RTCP, average and worst-case,
dependingon thesizeandinter-arrival timesof RTCPpackets.

1) Average RTCP: With average RTCP we consider a
payloadsize of 60 bytes,which roughly matchesthe size of
an RTCP packet with a useful CNAME tag and a Receiver
Report2.

[6] specifiesthat the maximumrateat which RTCP packets
may be sent is of one packet 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 that thebandwidth
usedby RTCP shouldbe limited to 2.5% of the total band-
width. AssuminganAMR RTP payloadof 32 bytes[7], which
producesa total sendingrateof 36900bps,andanRTCPinter-
arrival timeof 5 seconds,thisgivesthefollowing RTCPpacket
size:

�������	����������� � � ���"!$#$% �$�'&)(*#$�$� bits (1)

We have taken the above in our worst-caseRTCP scenario3.

C. RoHC Model

In our simulatorwe assumetheBirectionalOptimisticmode
of RoHC[9] andemulateits behavior by meansof a simplified
statemachine.We considerthecompressedheadersizesshown
in TableI for a largeCID of onebyte; optionalACKs arenot
sent,in orderto avoid additionaloverhead.Fig. 3 illustratesthe
compressoranddecompressorstate-machine,which we detail
in the following.

1) Compressor: The compressoraddsthe IR headersize
to the payloadwhile in the IR (Initialization/Refresh)state,
the IR-DYN size while in the FO (First Order) stateand the
averagesizeof the UOR2-ID, UO1-ID andUO0 while in the
SO (SecondOrder)state.

2For example, in [5] (section3.4), it is mentionedthat a typical RTCP
packet sizeis 90 bytes,which takingout the IPv4/UDPheaderleavesuswith
this 60 byte payload,approximately.

3Note that [8] gives as maximumpayloadsize 130 bytes,but statesthat
this may changewith the RTCP packet size.



3

HeaderName HeaderFunction HeaderSize [bytes]
IR Initialization/Refresh 60

IR DYN Partial context update 21
UOR2-ID Compressedheader 6
UO1-ID Compressedheader 5

UO0 Compressedheader 4

TABLE I
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Fig. 3. Compressoranddecompressorstate-machine.

The transition from the IR to the SO state is performed
whena fixed amountof IR headers,K1 (which we take equal
to 3), hasbeensent,suchthat we cansafelyassumethat the
decompressoris in the FC (Full Context) stateor when a S-
ACK hasbeenreceived.

The transition from the FO to the SO state is performed
when a fixed amountof IR-DYN headers,also K1, hasbeen
sent,suchthat we cansafelyassumethat the decompressoris
in the FC.

The transition from the SO to the FO state or from the
FO to the IR state is performedwhen a NACK from the
decompressoris received.

2) Decompressor: Thetransitionfrom theNC (No Context)
to the FC stateis performedwhen an IR headeris received
andproducesa S-ACK feedbackmessageto the compressor.

The transitionfrom the SC (StaticContext) to the FC state
is performedwhenanIR-DYN headeris received;no feedback
messageis sent.

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

We do not considerthe impact of packet drops onto the
statemachinein our model,sincethe probabilityof a burst of
drops large enoughto causea sequencenumberwraparound
is negligible.

Errors introducedby the air interface into the (possibly
compressed)headerresult, consideringa 3 bits CRC, in a
detectederrorwith probability 7/8, which leadsto an increase
in the k counter, and in an undetectederror with probability
1/8. As explainedabove, after 3 detectederrors,a NACK is
sent.

Whenerrorsaredetectedwe assumethatRoHCwill beable
to repairk out of n, i.e., the audioquality will not be harmed.
On the otherhand,whenthe errorsarenot detectedthey will
not be repairedresultingin a packet drop,sincea packet with
an incorrectheaderwill not reachits destination.

3) Feedback: TheRoHCfeedbackmessagesexperiencethe
samedelayas the datapackets from the UE to the UPS,i.e.,
no immediatefeedbackis assumed.A mediumfree of errors
is assumedfor the feedbackpath.

D. RAB

The RAB modulein our simulatorworks accordingto the
explanationgiven in SectionII. The variousRAB parameters
areconfigurablein the simulator, so that we cansweepalong
theparameterspacein thesearchfor theoptimalconfiguration.

E. Air interface

The ARROWS IST project [10] shows that there is no
correlationbetweenerrorsin differentTTI’s [11], as

1 For vehicle speedsabove 13 km/h the coherencetime
is lower than 10 ms, so there is no correlationbetween
consecutive TTI’s.1 Below 13 km/h the power control,updated1500times/s,
will cancel fast fading and shadowing fading, so the
Eb/N0 will remainapproximatelyconstant.

The above leadsto independenceamongerrorsat different
TTI’s; thuserrorscanbe assumedMarkovian. Basedon [12],
we considerpacket errorratesof 2"�4365 and 2��4367 . We consider
that an erroneouspacket with headerof size 8 and payload
of size � has its error in the headerwith probability 9: ; 9andin the payloadwith probability

::*; 9 . In the former case,
the error impactsthe RoHC, while in the latter it impactsthe
resultingaudioquality.

F. RAN

In order to model the RAN behavior, we have used the
OPNET simulator [13], which includesa UMTS module,to
simulatetwo scenarioswheretheRNC is connectedto a Node
B throughanE1 link. Thefirst scenarioconsistsof a few UEs
and thereforeno congestion,while the secondone increases
thenumberof UEsto createcongestion.Fromeachsimulation
we have taken the delaysanddropssufferedby a sequenceof
packets. Then, we have treatedthe packets in our simulator
accordingto this sequence,i.e., we dropor introducea certain
delay to packet < in our simulatoraccordingto the behavior
experiencedby packet < of therecordedsequence.Theaverage
drop rate for the congestedsequenceis of about4%; for the
uncongestedsequencethereareno drops.

G. Destination Playback time

We assumeaudio and video playbackapplications,which
areintolerantto packetsarriving later thantheir playbacktime
[14]. Therefore,we drop packets that arrive later than this
time. The playbacktime representsthe maximumdelay that
canbesupportedbetweenthecreationof a framein its source
andthe momentwhenit is playedin the destination,and is a
configurablevalue.
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Scenario frameerror rate congestion RTCP playback
at the air interface at the RAN time

Ideal conditions =?>�@4A no no 100 ms
Ideal conditions =?> @4A no average 100 ms
+ averageRTCP
Bad conditions =?> @�B yes average 100 ms

+ averageRTCP
Bad conditions =?>�@�B yes worst-case 100 ms

+ worst-caseRTCP
Bad conditions

+ worst-caseRTCP =?>�@�B yes worst-case 50 ms
+ PB = 50 ms

TABLE II

SIMULATION SCENARIOS.

IV. DISCUSSION OF THE RESULTS

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

A. No RoHC

Fig. 4 shows thedroprateexperiencedby theVoIP applica-
tion in theno RoHCcaseasa functionof theRAB bandwidth
for the five scenariosdescribedabove. By drop ratewe count
the framesdroppedat the IP-RAN, the framesresultingwith
errors in the air interface and the frames that arrive at the
destinationlater than the playbacktime.

From the figure it canbe seenhow the drop ratedecreases
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 decreasethe resultingdrop rate.

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

One additional recommendationfrom our results is that
specialcare must be taken by the applicationdevelopersin
the designof RTCP. In fact, our resultsshow that the worst-
caseRTCP allowed by the standardsproducesa quite large
additional packet drops with our recommendedbandwidth.
This drop rate is speciallyharmful for the perceived QoS,as
dropsoccurin burstsat theinstantswhenlongRTCPmessages
aresent.

The remaining configurable parametersare the allowed
framesizes.Framesizesadjustedto thepayloadswill resultin
smallerframes,andthereforesmallerIP packetsin the RAN,
so that lessbandwidthwill be usedby themin the expensive
last-mile links.

In order to understandthe payload distribution resulting
from the different scenarios,we study the histogramof pay-
loads in the no RTCP, averageRTCP and worst-caseRTCP
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Fig. 4. No RoHC: Packet dropsvs. bandwidth.
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Fig. 5. No RoHC: Packet distribution.

cases4, when the RAB bandwidth is of 40.000bps. This is
illustratedby Fig. 5 (eventhoughnot appreciatedin thegraph
dueto scaleproblems,all sizesthatappearin they-axiscontain
at leastone framefor oneof the cases).

From the figure, it can be seen that the most frequent
payloadsare 900, 760 and 552, the last two corresponding
to the size of an active and an idle frame, respectively.
The maximum payload size (900) is used when the data
to be transmitteddoesnot fit into one frame, due to some
additionalload causede.g.,by an RTCP. In suchcaseone,or
moremaximumpayloadframesmay occur, plus possiblyone
transitionframeof intermediatesize.

In Fig. 6 we studythe bandwidthconsumedin the RAN as
a result of using one frame size (900), two (900, 760), three
(900,760and552)andfour (900,760,552and880).It canbe
observed that significantsavings areachieved whenusingup
to threeframesizes,and that usinga fourth oneproducesno
further gain. As a consequence,our proposalfor the allowed
framesizesin the optimal RAB for RoHC is of 900,760 and
552 bits.

4In our scenarios,the payloadsize distribution turned out to be mainly

dependentof RTCP.
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Fig. 7. RoHC: Packet dropsvs. bandwidth.

B. RoHC

We repeatedthe above experimentswhen RoHC is used.
Fig. 7 illustratesthe drop rateasa function of the bandwidth;
following the same reasoningas 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 observedfrom
the distribution that the more frequentpayloadsizesare500,
304 and96 bits.

Fig. 9 illustratesthe bandwidthconsumptionat the RAN
whenoneframesizeis allowed(500bits), two (500and304),
three (500, 304 and 96) and four (500, 304, 96 and 428).
Resultsshow that thereis no gainwhenusingmorethanthree
framesizes;therefore,ourproposalfor theallowedframesizes
is 500, 304 and96 bits.

Finally, we note that the RAN bandwidthconsumptionin
theRoHCcaseis of abouthalf of thebandwidthconsumption
when no RoHC is used. We conclude that the bandwidth
savings when using RoHC is of about 50%, both in the air
interfaceand in the RAN.

C. Comparison with the existing reference RAB

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

maximum frame size. Among the possible reasonsfor the
differencebetweenour proposalandthe reference,we conject
the following:

1 Our thorough simulation allows us to derive a more
adjustedvalueof the requiredbandwidth;a lessdetailed
studywould requirea larger bandwidthasa safeguard.1 We considerplay-backapplicationsthat can adaptto a
certaindelay/jitter without seeingtheir quality seriously
harmed;lessadaptive applicationswould requirea larger
bandwidth.

V. CONCLUSIONS

VoIP is targeted as one of the key applicationsfor the
presentandfutureUMTS. Oneof theobjectivesfor supporting
this traffic type is to minimize the bandwidthconsumption
at the air interface and last-mile link, which commonly are
the most expensive partsof the network for operators,while
ensuringa sufficient QoS.

In order to achieve the above goal, it is fundamentalto
define optimized RABs for VoIP support. In this paperwe
take up this issue: we develop a simulator and simulate a
rangeof RAB configuration;asa result,we proposetwo RAB
configurationsfor VoIP (onewith RoHC andonewithout).

The main merit of the presentwork is the elaboration
of thoroughmodels for the various aspectsthat impact the
choiceof the RAB configuration,againstwhich we validate



6

the proposedRAB configurations.Theseaspectscould not be
reliablyC accountedfor otherwise,so any RAB configuration
validated by less accuratemethodswill causean uncertain
behavior.

For the no RoHC case, we proposea maximum RAB
bandwidthof 45.000 bps and frame sizes of 900, 760 and
552 bits. For the RoHC case,we proposea maximumRAB
bandwidthof 25.000bpsandframesizesof 500, 304 and96
bits. The resultingbandwidthconsumptionat the RAN is of
about30.000and15.000bps,respectively.

It follows from the above that the gain of using RoHC is
of about 50%, both in the air interface and the RAN. The
gain of our RoHC RAB is alsoabout50% with respectto the
currentreferenceVoIP RAB by 3GPP, which proposesa RAB
bandwidthof 46.000bps.

The bandwidthconsumptionat the air interfacedependson
the numberof ChannelElementsrequired,which in turn is
a function of the RAB bandwidth.As the VoIP datachannel
studiedhereis multiplexedtogetherwith theSIPandsignaling
channelsin the sameRAB, the optimization of thesetwo
additionalchannelsshouldbe analyzedbefore the total gain
at the air interfacecan be derived. Our work in this paperis
a first steptowardsthis objective.

Our simulatorallows us to input real-life audioclips. In the
future we plan to use the simulator to evaluatethe resulting
audio quality from the various RAB configurations,using
e.g. the MeanOpinion Scoreasvoice quality measure.
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