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I. INTRODUCTION

Multimedia streaming services are receiving condderable interest
in the mobile network business [1]. Supporting relidble red time
services is a decisve agpect for the increasing migration towards
packet based telephony networks. For UMTS, deploying an al-IP
architecture is a promisng standardization trend due to the
convergence between 1P technologies and telephony services [2].
Streaming services are dso technicdly supported over evolving
second (2G) and third generdtion (3G) wirdess networks, thus
sreaming clients will soon be deployed in advanced wirdess
communication devices.

Insde this new group of sarvices there exit a varigty of
gpplications (e.g. audio and video on demand) with different traffic
source satigtica characteridtics [3]. In case of audio streaming, the
generated traffic is rather non-bursty wheress video traffic hes a
more burgy nature. One key issue is how mobile networks can
support thiskind of services. In these "Pre-All-IP" sarvice cases the
used radio bearers can be chosen from ether 2G or 3G circuit
switched (CS) or packet switched (PS) bearer sat. PS bearers
provide more trunking gain and better resources utilization while CS
bearers offer better performance for those services with stringent
dday requirements. All the multimedia services are mainly
characterized by the necessity from the network point of view to
guarantee certain Qudity of Service (QoS) requirements.

Providing end-to-end QoS for multimedia Sreaming services
implies the harmonized interworking between protocols and
mechanisms specified by IETF and 3GPP [4] and involved in QoS
provisioning within the different 3G network subdomains and the
externd |P-Packet Data Networks (IP-PDN) through which the user
accesesto thesarvice

In this paper, the endto-end QoS management of streaming
sarvices in 3G mobile networks is conddered. Particularly, the
possibility of employing a Public Land Mobile Network (PLMN)
hosted multimedia streaming service is sudied to avoid accessing
through an externd 1P-PDN to sreaming services By this solution,
the mobile operator hosts astreaming server or aproxy server within
the PLMN, dlowing the provison of sufficient QoS to users of
wirdess dreaming terminds. The presented andyds of the
multimedia sreaming session is chronologicaly divided in two
phases. service activation and service utilization.

The trangmisson of multimedia services with gringent QoS
requirements implies a converson of the exising GSM/EDGE
(Enhanced Data rates for GSM Evolution) network into red 3G
networks [5]. This conversion entails the enhancement of the radio
interface, with the necessity of a complete Radio Resource
Management (RRM) functiondity, aware of the QoS requirements
of the new aforementioned services

I1. OVERALL SCENARIO DESCRIPTION
A. Description of the service: Multimedia Sreaming

A generic framework for a typica multimedia sreaming service
condgs of content creetion and retrieval sysem. When providing a
streaming service, a media server opens a connection to the client
teemind and begins to dream the media to the dient at
gpproximately the playout rate. During the media receiving, the
client plays the media with a smdl delay or no dlay at dl. This
technique does not only free up limited termina memory, but dso it
dlows to the media to be sent live to dients as the media event
happens. The user needs a player, which is a specid program that
decompresses and sends video data to the digplay and audio data to
the gpeskers. This dient gpplication must be able to contral the
streaming flows (control plane) and manage the media flows (user
plane). Moreover, the client dso hasto interface with the underlying
transport network technology, its specific protocols and data bearers
dedicated to the service.

The 3GPP PS multimedia streaming service is being sandardized
based on control and trangport IETF protocols as Red-Time
Streaming Protocol (RTSP), Red-Time Trangport Protocol (RTP)
and Session Description Protocol (SDP), asfig. 1 shows RTSPisan
gpplication leve dient-server protocol, which is used to control the
ddivery of red-time streaming data [6]. RTP trangports media data
flows over UDP, in the same way as its related control protocol
cdled Red-time Trangport Control Protocol (RTCP) [7]. RTP
caries data with red time requirements while RTCP conveys
information of the participants and monitors the qudity of the RTP
sesson.
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Fig. 1. Protocol stack for signaling and media flows of streaming services
B. Architecture of the Mobile Network

A genad oveview of the conddeed UMTS network
architecture isdepicted in fig. 2. Detailed descriptions of the ertities,
interfaces and protocolsin UMTS aregivenin [8] and [9].

In addition to the User Equipment (UE), the main entities
involved in QoS ae UMTS Taredrid Radio Access
Network (UTRAN) and GSM/EDGE Radio Access Network
(GERAN), Serving GPRS Support Node (SGSN), Home Location
Regiger (HLR), Gateway GPRS Support Node (GGSN) and
Application Server and RTSP Proxy.



PLMN ™ -
U IE-rI—onP = | App. Server
AN UMTS y z\z
O&M SMLC  HLR IGG§N
IE _ - SGSN
BTS I ) - I Packet CN
RAN
lu L -
‘ﬂugu:“- I RAN
' \ GW .......
LBTS oo
UE Bl

Fig. 2. End-to-end network architecture

End-to-end QoSinthe UMTS Release 5 is based on the | P bearer
savice (IP BS) concept [10], which condgs of the
extenson of the UMTSBSdefined inthe UMTSrelease 1999 [4] to
take into account the QoSin the external IP-PDN. In our modd, the
GGSN isconnected to a RTSP proxy, which is aso connected to the
Streaming Server. Therefore, no externd IP-PDN is involved in
providing the streaming service.

I11. SERVICE ACTIVATION

Multimedia service session set up is described a three levels. In
thefirg place, the service activation procedure from UE viewpoint is
briefly outlined. Secondly, the dgnding interchanges between
gpplication entitiesby using RTSPin order to etablish the sessionis
presented, as well as the media codec negatiation. Findly, al the
sgnding messages and mechaniams at lower layers (i.e. UMTS
protocols) are explained in details.

A.  User Equipment Operation

The service activation from user viewpoint can be described as
follows. At firgt, user initiates the streaming client application, which
connects to the UMTS network by usng a socket Application
Program Interface (APY). The gpplication requests a primary Packet
Data Protocol (PDP) context which is opened to an ecific access
point with interactive UMTS traffic class and other suitable UMTS
QoS release 99 parameters. A socket is opened for RTSP
negotiation and it is tied to the interactive PDP context. The user
then sdlects an audio streaming content. The gpplication activates a
streaming handler to take care of the streaming content. When the
RTSP negatiation reaches the SETUP phase, a secondary PDP
context is ectivated with QoS parameters wuitable for audio
dreaming (RTP traffic) and for trangport Sgnaing (RTCP treffic).
The RTPflow will gtart running through the streaming PDP context.
New sockets are opened for RTP and RTCP traffic and they aretied
tothe streaming secondary PDP context.

B. Application Layer Signaling

The application layer Sgnding interchange between the UE and
the streaming server is outlined in fig. 3. A primary PDP context is
activated for the RTSP dgnding between the termind and the
streaming sarver. By means of RTSP messages, information about
the encoding of the media and the corresponding User Datagram
Protocol (UDP) port number is interchanged. The SDP message
[11] describes the streaming media the UE is aout to receive. It
should be noted that the RTSP specification defined by IETF [6]
does not mandate the use of the DESCRIBE method for this media
initiaization phase. However, in order to function properly, any
RTSP-based system must receive the description of the media one
way or other. The 3GPP sandard defining the protocols and codecs

for the trangparent end-to-end packet switched streaming service in
3G networkq12], mandates the use of the DESCRIBE method for
the conveyance of the mediadescription.

Afterwards, a secondary PDP context for the sreaming media
(RTP and RTCP flows) is activated. When resources for the media
are successfully resarved, the UE sends the streaming sarver a
PLAY request in order to dart to receive the stream. The server
sends the dream in form of a RTP flow. Likewise, RTCP treffic is
sent for the QoS contral of the corresponding RTP dataflow.
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[RTSP] DESCRIBE
[RTSP] 200 OK
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RTP and RTCP flows

Fig 3. RTSP session initiation procedurein UMTS network
C. UMTSSgnaling Procedures

Once the gpplicaion levd dgnding procedure is presented,
further indght about the UMTS sgndling is provided. In UMTS, dl
dgnding associated with service sesson establishment is carried out
by the control plane through different QoS management functions
(i.e bearer sarvice management, subscription, trandation and
admission& capability).

In the firg place, a primay PDP Context is activated, as
aforementioned, for RTSP signdling using interactive UM TS traffic
cass [4]. The interactive traffic class has a priority based handling
ingdead of guarantees based handling, beng the rdiability
requirement the target in this case. The control plane functions are
digributed in different layers of severd network entities.

The QoS requirements of the application in the UE are mapped
into 3G QoS atributes. Since the primary PDP context is used for
RTSP signding, a3G QoS profile with interactive traffic class, high
priority and low error rate is gppropriate. A Sesson Management
(SM) protocol message from the UE to the SGSN initiates the PDP
context activation procedure.

After the SGSN has vdidated the service for that user by
querying HLR, locd admission contral is performed (e.g. based on
the state of the buffers, the CPU load, etc.). Then, the SGSN maps
the 3G QoS attributes into Radio Access Bearer (RAB) QoS
attributes and triggers a RAB assgnment procedure in the RAN by
using the Radio Access Network Application Protocol (RANAP).

In the RAN, the admisson control is basicdly based on the
availability of radio resources. Once anew PDP context is accepted,
RAB attributes are mapped into Radio Bearer (RB) parameters used
in the physca and link layers (eg. soreading codes, tranamission
modes, etc.). A RB according to these parametersis established and
it is reported to the SGSN, which employs GPRS Tunneling
Protocol for Control Plane (GTP-c) to indicate the GGSN that anew
PDP context hasto be created.



As the primary PDP context is not intended for red time traffic,
no resource reservations are needed in the Core Network (CN). The
GGSN accepts to create the primary PDP context based on smilar
admission criteria to those employed by the SGSN. Theredfter, the
GGSN natifies the SGSN that the primary PDP context for RTSP
has been successfully created and the SGSN sends a SM message to
the gpplicationin the UE.

Once the sreaming server acoepts the RTSP connection reques,
the UE triggers a secondary PDP context activation procedure, used
for both unidirectional RTP traffic and bidirectiond RTCP treffic.

The UE converts usr data gpplication requirements into QoS
profile for sreaming class. Thus, table | shows an example of QoS
profile for both RTP and RTCP data traffic. The QoS parameters
requested for the PDP context take into account the full
RTP/UDP/IP headers. Thus, no UDP/IP header compression is
assumed inthe 1P level when requesting QoS.

Table |. Example of QoS Profile for RTP and RTCP traffic
Q0S99 Parameter name Parameter value

Treffic Class Streaming
Maximum bitrate for uplink 4 kbps
Maximum bitrate for downlink 90 kbps
Maximum SDU sze 1060 bytes
Delivery of erroneous SDUs No
SDU error ratio 102
Transfer Dday 1s
Guaranteed hitrate for uplink 1kbps
Guaranteed hitrate for downlink 72 kbps

For agiven DU Error Ratio, the larger the SDU size, the smaller
the Block Error Rate (BLER), meaning the reliability requirements
for radio link are gtringent. Since a more protective coding scheme
must be usad, the bitrate is lower (for the same radio blocks sent),
implying larger dday. Therefore, maximum SDU sze should be
commonly considered with the required SDU error ratio. From
network viewpoint, smaler SDUs dlow easer compliance to
reigbility requirements by rdaxing the radio link adaptation.
Moreover, a trade off between the rdiability and delay reevancy
should be found. This compromise needs to be communicated from
UE application to the network or the gpplication criteria for SDU
dze should be dways conservative.

Once the QoS profile is derived, the secondary PDP context is
activated. This procedure is quite Smilar to the above explained for
the primary PDP context. The main differences in the secondary
PDP context activation procedure are located in the RAN (UTRAN
and GERAN) admission control.

IV.SERVICE UTILIZATION

Once the connection is established, the RTP data flow needs an
appropriate QoS provisoning.

In the radio subdomain there are badcdly two options for
conveying the data flow: CS bearer or PS bearer. The CS gpproach
has the inherent drawback of the wagte of resources, mainly in case
of burgty traffic, asit isthe case of streaming traffic. In other words,
if resources are shared, trunking gain is obtained. The chdlenge
comes from the need of guaranteeing certain bandwidth on shared
channds whose radio link capacity is continuoudy varying, o
enhanced RRM mechanisms are necessary for that purpose.

The Enhanced Quadlity of Service (EQ0S) framework is a
complete RRM system designed for the tranamission of Guaranteed
Bitrate (GBR) savices (as dreaming sarvices) over EGPRS
networks [13]. The EQoS sctheme conssts of different
functiondities: in the establishment phase, an Admisson Control
and Channd Allocation scheme is used to accept/rgect new
dlocation requests, according to the QoS requirements and the
available radio resources, a Packet Scheduler, with the god of
providing to each dlocated connection the needed air tranamission
time in order to guaranteed its bitrate requirements; and a Quadlity
Contral functiondity, in charge of monitoring whether the provided
QoSto each connection isin accordance with the negotiated QoS.

Man chaecterigics of EQoS festure ae the use of
acknowledged Radio Link Control (RLC) mode of operation, dueto
undemanding dday regquirements for dreaming Services,
multiplexing of severd GBR users over the same physical channd
is dlowed, by means of the use of shared Medium Access Control
(MAC) mode. Thisuse of shared channelsleads to a better trunking
efficiency, when comparing with dedicated channels. The reason for
that trunking gain is the bursty nature of the incoming streaming
traffic.

The EQoS RRM is designed to guarantee the required bitrate for
different GBR requirements, as shown in fig. 4. However, the GBR
requirement determines the maximum load that the sysemisableto
support. Plainly, the system is able to manage more users with lower
bitrate, Snce the lower the guaranteed bitrate, the higher the
datigticd multiplexing gain (i.e. a low hitrate involves a higher
number of connections multiplexed over the sametimedat).
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Figure 4. Connection Bitrate Distribution for different GBR Cases

Other advantage of the use of shared channds is that non-redl
time traffic can be tranamitted over the same channds, making use
of the remaining capacity left by streaming connections. Obvioudy,
the higher the streaming capacity supported by the network, the
lower the non-red time cgpacity multiplexed withiit.

As above dated, sreaming traffic does not have dringent delay
requirements. However, in fig. 5, the transfer delay distribution for
IP packets a link leve is shown. In that figure, it can be observed
how transfer delay requirements are dso fulfilled. In addition, this
figure provides useful information for the dimendoning of the
compensating buffers used in gpplication layer for dreaming
sarvices, for EGPRS mobile networks.



LLC Frame Delay Distribution

[ —
—— /
— —GBR=

16 kbps|

08 o GER=
32 kbps|
07 ——GBR=
y §4Kkbps|
06

05

09

PCDF

0 0.25 05 075 1 125 15
Frame Delay [sec]

Figure 5. Frame Transfer Delay Distribution for different GBR Cases

In case connections with lower delay requirements are going to be
transmitted through EGPRS networks, the maximum transfer delay
can be contralled by means of the Admission Contral, restricting the
number of multiplexed connections in each timedot. In fig. 5,
transfer delay for a GBR requirement of 64 kbpsis lower than for a
GBR requirement of 16 kbps The resson is tha number of
streaming connections multiplexed over the same timedot in the 64
kbps case is much lower than in the 16 kbps case. By means of
reducing the number of 16 kbps connections accepted in the system,
transfer delay can be reduced to the desired requirement.
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