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Resumo 

Esta tese propõe um modelo para o suporte de QoS em redes IP sobre UMTS. O trabalho 

foi desenvolvido em três fases: desenvolvimento de uma solução básica adequada ao 

projecto IST ARROWS; elaboração de um modelo de QoS em redes IP genérico: Serviços 

Escaláveis (Scalable Services - ScalServ); aplicação dos Serviços Escaláveis em redes 

UMTS. 

A solução de QoS desenvolvida para o projecto ARROWS baseia-se na classe de 

serviço garantida (Guaranteed) dos Serviços Integrados (IntServ) e no RSVP, a qual 

pode ser integrada com os Serviços Diferenciados (DiffServ) de forma a obter o modelo 

IntServ sobre DiffServ. A proposta inclui o mapeamento dos parâmetros de QoS, gestão 

dos Contextos PDP e o suporte de aplicações sem suporte nativo de QoS. 

A definição dos Serviços Escaláveis partiu do modelo IntServ sobre DiffServ e dos 

resultados do projecto ARROWS. Os Serviços Escaláveis definem três classes de serviço: 

Less than Best Effort (LBE), Best Effort (BE) e Assured Delivery (AD). A última 

recorre a sinalização extremo-a-extremo. Os nós podem ser de dois tipos: Fine QoS 

Granularity (FG) e Coarse QoS Granularity (CG). Os nós FG são adequados para redes 

com gestão de recursos complexa; os nós CG são indicados para redes que não sejam tão 

complexas do ponto de vista da gestão de recursos ou que processem um elevado número 

de fluxos simultâneos. Os nós FG processam a sinalização para a classe AD e os pacotes 

AD por fluxo; os nós CG processam todos pacotes por classe. São propostas as 

arquitecturas de referência para os nós FG e CG. Os nós FG também são caracterizados 

relativamente ao controlo de admissão, controlo de congestionamento e ao 

escalonamento. Também são propostos mecanismos para o suporte de comunicações 

móveis.   

No fim da dissertação é tratada a aplicação dos Serviços Escaláveis em UMTS. A 

solução proposta é mais simples do que a solução proposta para o projecto ARROWS: 

apenas dois Contextos PDP são utilizados e o GGSN não é obrigado a processar a 

sinalização extremo-a-extremo. 

 

 

 





Abstract 

This thesis proposes a framework for supporting QoS in IP over UMTS networks. The 

work has been carried out in three phases: development of a basic framework adequate to 

the IST ARROWS project; elaboration of a generic IP QoS framework named Scalable 

Services (ScalServ); deployment of ScalServ over UMTS networks. 

The basic QoS framework developed for the ARROWS project is based on the IntServ 

Guaranteed class and RSVP, which can be integrated with DiffServ in order to 

accomplish the IntServ over DiffServ model. The proposal includes QoS parameter 

mapping, PDP Context management, and enables the integration of QoS-unaware 

applications. The solution meets the QoS requirements of the ARROWS project, but it is 

not general enough to scale to the Internet. 

The ScalServ framework evolved from the IntServ over DiffServ model and from the 

IST ARROWS results. ScalServ defines three service classes: Less than Best Effort 

(LBE), Best Effort (BE) and Assured Delivery (AD). The later uses explicit end-to-end 

signalling. The ScalServ nodes are of two types: Fine QoS Granularity (FG) and Coarse 

QoS Granularity (CG). FG nodes are adequate to networks where resource management 

is complex; CG nodes are indicated for networks not so complex from the resource 

management point of view, or processing a high number of simultaneous flows. FG nodes 

process AD signalling and AD packets per flow; CG nodes process packets per class. The 

reference architectures for FG and CG nodes are proposed. FG nodes are also 

characterized with respect to admission control, congestion avoidance, and scheduling. 

The mechanisms required to deploy mobile communications are also proposed.   

The deployment of ScalServ over UMTS is addressed at the end. The solution 

envisaged for that purpose is simpler than the solution proposed for the ARROWS 

project: only two PDP Contexts are used, and the GGSN is not required to process end-

to-end signalling. 
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Chapter 1  

Introduction 

IP is being considered the technology which unifies all the networks around the world, 

including the emerging public wireless cellular networks. On the other hand the 

European market for voice is saturated, and the operators are increasingly looking to new 

mobile services in order to increase their revenues [KMM00]. Among these services are 

the multimedia applications, such as video-telephony and video-streaming. IETF defines 

an architecture for deploying multimedia applications over IP networks with QoS.  

Much of the recent standardization activity in the 3G mobile wireless community has 

been directed towards the support of multimedia services. UMTS is a third-generation 

(3G) mobile phone technology, it uses W-CDMA, and it represents the European answer 

to the ITU IMT-2000 requirements for 3G Cellular radio systems. The UMTS Release 99 

consists mainly in the addition of the UMTS Radio Access Network (UTRAN) to the 

circuit-switched voice infrastructure and the GPRS core networks. The Release 4 

specifications address the migration of the core network supporting of the circuit-

switched voice to ATM and IP. The Release 5 specifications add IP Multimedia 

Subsystem (IMS), which enable person-to-person multimedia sessions [WV03]. Release 6 

adds more IMS capabilities, speech recognition, and Wi-Fi/UMTS interworking.  

1.1 Motivation 

This thesis was motivated by the IST ARROWS project, aimed at providing advanced 

Radio Resource Management (RRM) and QoS management solutions for the support of 

integrated voice and data services within the context of UTRAN. In order to validate 

and demonstrate the RRM algorithms developed in the project, the author had to work 

in a testbed supporting multimedia applications and to define a QoS framework based on 

IP.  
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UMTS defines UMTS bearers for transporting packets with QoS [TS24.007][TS24.008]; 

however, the ARROWS project was based on the Release 4 which does not define an 

end-to-end QoS framework for deploying IP multimedia applications. Some 

considerations and approaches are proposed in [TS23.207], which consider IntServ 

[rfc1633], RSVP [rfc2205], DiffServ [rfc2475][rfc2474], and SIP [rfc2543]; however, there is 

not a complete and clear solution.  

The deployment of multimedia applications within the IST ARROWS project required 

the specification and implementation of a solution for supporting QoS in IP over UMTS. 

After finishing this work, and without the constraints of the ARROWS project, a new set 

of ideas emerged which lead us to the definition of a new IP QoS framework. This 

framework considers mobile communications, can be scalable to the Internet, and 

provides a solution to deploy QoS in IP over UMTS, which is better than the ARROWS 

solution. 

1.2 Objectives 

The main objective of this thesis is the definition of a framework for providing QoS in IP 

over UMTS networks. This objective was further refined into three parts:  

1. Definition of a framework for providing IP over UMTS QoS in the IST ARROWS 

project. The aim was to deploy IP multimedia applications over an UMTS 

network in order to validate and demonstrate the RRM algorithms developed in 

the project.  

2. Definition of a general and scalable IP QoS framework based on the results of the 

ARROWS project and on the IntServ over DiffServ model. 

3. Application of the new framework to UMTS.  

1.3 Contributions 

The contributions of this thesis can be classified into three groups: 

1. Definition of an IP over UMTS QoS framework, based on the IntServ Guaranteed 

service class and RSVP, which enables (a) aggregation of IP flow of the same type 

into the same PDP Context, (b) UMTS QoS modification indications handling, 

and (c) support of RSVP unaware applications in the mobile terminal. 

2. Definition of a scalable IP QoS framework: the Scalable Services (ScalServ). This 

is characterized by three universal service classes which fulfil the needs of all 

application types, and contribute for an efficient network resource usage. One 
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service class is based on explicit resource reservation for demanding applications; 

the other two best-effort service classes, one for interactive applications and the 

other for background applications. Nodes are classified in terms of QoS 

granularity: Fine Granularity and Coarse Granularity. FG nodes are indicated for 

networks with links that may act as bottlenecks; CG nodes are indicated for 

networks with simple topologies, such as core networks, or over-provisioned. FG 

nodes are the best defined: specification of a scheduling discipline, algorithms for 

admission control and congestion avoidance, and two type of reshaping 

mechanisms. QoS support through tunnels is achieved by means of two QoS 

mappings modes. IP mobility is supported through the definition of two new 

reservations mechanisms. 

3. Proposal for deploying ScalServ over UMTS. Definition of an end-to-end QoS 

architecture where the GGSN is only required to process packets per class. 

Specification of the mapping between the ScalServ service classes QoS parameters 

and the UMTS PDP Context QoS parameters; this mapping enables aggregation 

of IP flows into only two PDP Contexts. Definition of the shaping and scheduling 

mechanisms at TE and GGSN. 

1.4 Structure 

This dissertation is organized in 6 chapters. Chapter 2 gives an overview of QoS in 

packet switched networks, more precisely in UMTS and IP networks. Chapter 3 defines 

the framework developed for the IST ARROWS project for deploying QoS in IP over 

UMTS. In Chapter 4 proposes a scalable IP QoS framework, the Scalable Services, which 

takes advantage of the IETF IntServ and DiffServ frameworks and considers mobile 

communications. Chapter 5 presents a solution for deploying the Scalable Services over 

UMTS and compares it with the ARROWS solution. Finally, Chapter 6 concludes the 

dissertation by reviewing the central contributions and proposing future work. 

 

 





 

Chapter 2  

QoS in packet switched networks 

This chapter gives an overview on QoS in IP and UMTS networks. In Section 1 the QoS 

requirements of the applications are classified. Section 2 presents the IETF Multimedia 

Architecture. Section 3 presents the main QoS frameworks defined by the IETF. In 

Section 4 is given an overview of the end-to-end QoS architecture defined by 3GPP. 

2.1 Applications 
Applications can be classified with respect to QoS according to two commonly accepted 

taxonomies. The first comes from the IP world, and the second from 3GPP. 

In the IP world, applications can be first classified as elastic or real-time. Elastic 

applications are those whose flows can be extended in time; these applications are 

sometimes further classified as interactive, interactive bulk or asynchronous. An example 

of the first is Web browsing the second is FTP, and the last mail transfer. Real-time 

applications are those for which the arrival time of a packet at the receiver is relevant — 

if it misses a pre-defined deadline, it is of no use for the application. Real-time 

applications, in turn, may be classified as tolerant or intolerant, depending on whether 

they can tolerate or not some loss of data. Audio and video are real-time tolerant 

applications (video more than audio) while a robot arm controlled through the Internet is 

an example of an intolerant real time application.  

 

tolerant
(video-telephony)

elastic

interactive
(Web browsing)

assynchronous
(mail transfer)

Interactive bulk
(FTP)

real-time

intolerant
(robot arm)

Application

 
Figure  2.1: Application classification 
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An alternative taxonomy, used by 3GPP, classifies applications into four classes 

according to the characteristics of the traffic they generate: conversational, streaming, 

interactive, and background [TS24.007]. A conversational class preserves the time 

relation between the information entities of the flow (the delay jitter must be tightly 

controlled), the end-to-end delay is required to be low and the traffic is usually almost 

symmetric. A typical example is audio conversation, but video telephony is likely to 

become very common, as well. A streaming class is used for transferring data so that it 

can be processed as a steady continuous flow. Streaming applications, like video 

streaming, are usually highly asymmetric. Like the conversational class the maximum 

delay is required to be controlled; however, the allowed values are much higher. The 

jitter needs not to be as tightly controlled as in the conversational class. The interactive 

class includes applications like web browsing, where traffic is asymmetric and round trip 

time as well as bit error ratio should be kept low. The background class serves 

applications like e-mail, where delay is not an important issue. 

Providing a QoS solution means, among other aspects, supporting a transport solution 

capable of satisfying these classes of applications. 

2.2 The IETF Multimedia Architecture 
IETF has proposed a functional architecture for supporting multimedia applications over 

IP networks [Sch97][FST99] that consists of the following protocols: SIP — Session 

Initiation Protocol; SAP — Session Announcement Protocol; SDP — Session Description 

Protocol; RTP — Real-time Transport Protocol; RTCP — Real-time Transport Control 

Protocol; RTSP — Real-time Transport Streaming Protocol; and RSVP — Resource 

ReSerVation Protocol.  

SIP is an application-layer control protocol used to establish, maintain and terminate 

multimedia sessions or calls [rfc2543]. These multimedia sessions can be conferences or IP 

telephony calls. SIP can also be used to invite members to sessions previously advertised 

by other means, such as SAP. The mechanisms provided by SIP can be used by end 

systems or proxy servers that use them for instance, to setup a call, forward a call or 

negotiate a terminal capability.  

SAP provides mechanisms to assist the advertisement of multicast multimedia 

conferences or other multicast sessions [rfc2974]. To communicate the relevant session 

set-up information, a session directory may be used. An instance of such a session 

directory periodically multicasts packets containing a description of the session, and these 

advertisements are received by other session directories, so that potential participants 

can use the session description to start the tools required to participate in the session. 
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SDP provides the means to convey session information to recipients [rfc2327]. SDP 

defines the format for description; it does not include a transport protocol and can use 

different transport protocols including SIP, SAP and RTSP. 

RTP provides end-to-end delivery services of data with real-time characteristics, such 

as interactive audio or video streaming [rfc1889]. RTP is typically used over UDP since, 

in real-time, timely delivery can be more important than data reliability. RTCP is the 

counterpart of RTP and provides the control services. The primary function of RTCP is 

to provide feedback on the quality of the data distribution. In an RTP session, 

participants periodically send RTCP packets. RTCP is typically delivered in UDP 

datagrams.  

RTSP is a client-server multimedia presentation protocol to enable controlled delivery 

of streamed multimedia IP data [rfc2326]. It provides “VCR-style” remote control 

functionality for audio and video streams, such as pause, fast-forward, reverse, and 

absolute positioning. Sources of data include both live data feeds and stored clips. RTSP 

works with protocols like RTP and RSVP to provide a complete streaming service over 

Internet. It also provides means for choosing delivery channels (such as UDP, multicast 

UDP and TCP), and delivery mechanisms based upon RTP. It works for large audience 

multicast as well as single-viewer unicast.  

RSVP is a protocol used by a host to request the IP network specific end-to-end 

qualities of service for a certain application data stream [rfc2205][rfc2209][rfc2210]. The 

structure and contents of the QoS parameters are documented in specifications developed 

by the Integrated Services Working Group [rfc1633][rfc2215][rfc2211][rfc2212]. It is a 

control protocol and occupies the place of a transport protocol on the protocol stack, on 

top of IPv4 or IPv6. RSVP is implemented not only in end systems but also in routers, 

which use it to establish and maintain the requested service along the path(s) of the flow. 

RSVP requests will generally result in resources being reserved in each node along the 

data path. RSVP makes reservations for both unicast and multicast transmissions. RSVP 

makes reservations for unidirectional data flow. The receiver of a data flow initiates and 

maintains the resource reservation for that flow. RSVP uses a soft-state approach in 

which the reservation state is cached in intermediate routers and periodically refreshed 

by end systems. 

2.3 IP QoS 
As the Internet evolves into a universal network platform, which is being used for all 

types of applications, quality of service issues become increasingly important. Current 

Internet transports datagrams according to a best-effort model. In practice, it means that 
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an IP router is neither required to guarantee the delivery of a packet nor the delay for 

transferring it between input and output ports. Elastic applications are suited to operate 

in this way and, by using the congestion control mechanism of TCP, they can at each 

moment use the maximum bandwidth available between the source and the destination. 

Real-time applications, however, have difficulties in living with the best effort model, 

since packets not delivered in time are of no use. In order to overcome this problem, 

IETF has defined two well-known approaches for solving QoS at IP level [XN99] — the 

Integrated Services (IntServ) model [rfc1633] and the Differentiated Services (DiffServ) 

model [rfc2475]. More recently, a new model enabling the use of IntServ over DiffServ 

domains was proposed ([rfc2998]), as well. 

Other approaches have been proposed in alternative to DiffServ or IntServ. These are 

the non-elevated services, which are classified in “different-but-equal” services 

[HK01][FVZX01][GBPP02], or in “worst than best-effort” services [QBSSa][QBSSb]. They 

maintain the simplicity of the actual best-effort model because there is no need for traffic 

conditioning, and may be implemented incrementally; however, they do not offer any 

bandwidth guarantees. The objective of the “different-but-equal” services is to offer low 

delay for real-time applications, in detriment of higher packet loss ratios. Some proposals 

are the Alternative Best effort (ABE) [HK01], Best effort Differentiated Services (BEDS) 

[FVZX01], and Equivalent Differentiated Services (EDS) [GBPP02]. The Scavenger 

Service [FVZX01], defined for the Internet2 Qbone, belongs to the type “worst than best-

effort”; less delay demanding applications make use of a service class whose priority is 

lower than BE, giving to the real time applications a BE service with lower delay and 

packet loss rate. 

2.3.1 IntServ 

The Integrated Services Architecture [rfc1633] specified by the IETF defines two service 

classes: Guaranteed service [rfc2212] and Controlled-Load service [rfc2211]. Before real-

time data is transmitted, the required network resources (buffer, bandwidth) are reserved 

for every flow using a separate signalling protocol. Since every data flow in the network 

uses dedicated resources, it can be considered as an isolated stream, which is independent 

of all the other traffic streams.  

The Guaranteed Service provides assured bandwidth, a firm end-to-end delay bound, 

and no queuing loss for conforming packets. It is intended for applications with stringent 

real-time delivery requirements, such as certain audio and video applications that use 

“playback” buffers and are intolerant of any datagram arriving after their playback time. 

Each router guarantees the service for a specific flow by allocating a bandwidth r, and 

buffer space b. In a perfect fluid model, a flow conforming to a token bucket of rate r and 

depth b will have its delay bounded by b/R where R is the reserved bandwidth provided 
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R≥r. In order to allow deviations from this perfect fluid model, two error terms, C and D, 

are introduced in the routers; consequently, the delay bound now becomes b/R + C/R + 

D. However, with guaranteed service a limit is imposed on the peak rate, p, of the flow, 

which results in a reduction of the delay bound. In addition, the packetization effect of 

the flow needs to be taken into account by considering the maximum packet size, M. 

These additional factors result in a more precise bound on the end-to-end queuing delay, 

defined as follows: 
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Ctot and Dtot represent the summation of the C and D error terms, respectively, for 

the routers along the end-to-end data path. In order for a router to invoke guaranteed 

service for a specific data flow, it needs to be informed about the traffic characteristics 

Tspec of the flow, and about the reservation characteristics RSPEC. The TSPEC 

parameters are (1) the flow peak rate p, (2) the bucket depth b, (3) the mean rate r, (4) 

the minimum policed unit m, and (5) the maximum datagram size M. The RSPEC 

parameters are (1) the bandwidth, i.e. the service rate R, and (2) the slack term S. The 

slack term is a remaining delay that may be used by intermediate routers to use less 

resources. In order to be conformant with the reservation, each node must shape the flow 

with the traffic regulator shown in Figure  2.2, which is composed by a double token 

bucket. The first token bucket limits the average rate r and the maximum burst size b of 

the traffic received. If there is enough space, a non-conformant packet is delayed in the 

buffer B, otherwise it is silently discarded. The second token bucket limits the maximum 

rate p, with a maximum burst size M. Typically, p can be read as the maximum rate of 

the link, and M is equal to the link MTU. The intermediate buffer delays the packets 

conformant with the first token bucket, but non-conformant with the second.  

b

B b-m

M

r p

Input Output

 
Figure  2.2: Traffic regulator 

Unlike the Guaranteed service, the Controlled-Load service provides no firm 

quantitative guarantees. A TSPEC for the flow desiring controlled-load service must be 

submitted to the router as for the case of the guaranteed service. If the flow is accepted 
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for Controlled-Load service, the router makes a commitment to offer the flow a service 

equivalent to that seen by a best-effort flow on a lightly loaded network. Controlled-Load 

service is intended for those classes of applications that can tolerate a certain amount of 

loss and delay, provided it is kept to a reasonable level.  

One IntServ disadvantage is its lack for scalability; routers must maintain state 

information by flow, and process Admission Control for each incoming flow. While this 

may be easily achieved by local and access routers with a limited number of flows, it may 

be difficult to deploy in core routers, having millions of flows.  

In order to communicate the application’s requirements to network elements along the 

path and to convey QoS management information between network elements and the 

application, a resource reservation protocol is needed. In [rfc2210] is described the use of 

the RSVP with the Controlled-Load and Guaranteed services. The RSVP protocol 

defines several data objects which carry resource reservation information but are opaque 

to RSVP itself. One disadvantage of the RSVP is its lack for congestion avoidance, that 

is, it does not process reservation modifications triggered by the network elements. 

Because of this, RSVP is not adequate for wireless networks.  

The Mobile IP protocol (MIP) [rfc3344][rfc3775] allows for the transparent routing of 

IP datagrams to mobile nodes in the Internet. Each mobile node (MN) is always 

identified by its home address. While away from its home, a mobile node is also 

associated with a second address, the care-of address, which provides information about 

its current point of attachment. Each time a MN changes its point of attachment, the 

RSVP/IntServ reservation must be changed. While the new reservation is not setup, 

some IP packets may be lost. MRSVP [TBA98] supports IntServ in mobile networks; it 

enables the mobile station to reserve resources in advance along the paths to the 

locations it may visit during the lifetime of these flows. Active reservations are performed 

for the current location, while passive reservations are performed for the remote 

locations. The resources assigned passively can be used by other stations requiring lower 

QoS guarantees (e.g. BE flows). When a mobile station moves, its passive reservation at 

the new location becomes active.  

The IETF Next Steps in Signalling (NSIS) Working Group aims at defining a general 

IP protocol for QoS signalling [rfc3726], which shall overcome the issues not covered by 

RSVP, such as IP mobility and wireless networks.  

2.3.2 DiffServ 

DiffServ [rfc2475][rfc2474] achieves scalability by aggregating similar traffic in the same 

class and by marking the DS field.  The IP packets are classified and marked to receive a 

particular per-hop forwarding behaviour on the nodes along their path.  Sophisticated 

 



 2.3. IP QOS 11
 

classification, marking, policing, and shaping operations need only to be implemented at 

network boundaries or hosts.  Network resources are allocated to traffic streams by 

service provisioning policies which govern traffic marking, conditioning and forwarding.  

The DiffServ approach is more conservative and more easily implementable in IP 

network elements than IntServ. It can be also implemented independently in some 

portions of the IP network.  

The Per Hop Behaviour (PHB) is a description of the externally observable 

forwarding behaviour of a DS node applied to a particular DS Behaviour Aggregate 

(BA). Two main types of PHB were defined: the Assured Forwarding (AF) ([rfc2597]) 

and the Expedited Forwarding (EF) [rfc3246]). The AF is a general Per-Hop-Behaviour 

(PHB) Group, which provides delivery of IP packets in four independently forwarded AF 

classes. Within each AF class an IP packet can be assigned one out three levels of drop 

precedence.  The EF type can be used to provide a low-latency, low-jitter, assured 

bandwidth end-to-end service; it is also called Premium service [rfc2638]. This service 

appears to the endpoints as a “virtual leased line”. 

Nodes within the DS domain select their forwarding behaviour for incoming packets 

based on their DS codepoint, and by mapping that value to one of the supported PHBs. 

This mapping can be the recommended or customized locally. IP packets may be 

remarked between DiffServ Domains. The PHBs implemented in a DS domain are not 

mandatory, and the network provider has some flexibility to define the PHBs and the 

service offered. While this may give flexibility in terms of service and may trigger new 

business models, it has two drawbacks: 1) there are no guarantees that a flow will receive 

an end-to-end QoS service; 2) the applications cannot use the DiffServ classes as global 

reference classes. 

DiffServ does not define a mechanism for end-to-end QoS that can be understood by 

applications. The DiffServ approach assumes simple network topologies and some degree 

of over-provisioning. More complex topologies, such as IP networks enclosing end-hosts 

or having links that can cause bottleneck, cannot be aggregated as a single DiffServ 

domain; as a consequence, each IP network must be defined as a DiffServ domain, where 

all the nodes, router or end-hosts, are boundary nodes; this situation increases the 

complexity, possibly decreases resource usage, and induces over-provisioning. QoS in 

these networks is more likely to be supported by an IntServ like QoS framework. In 

[rfc2998] is proposed the IntServ over DiffServ approach, aimed at covering both type of 

networks, and providing a QoS mechanism between applications.  
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2.3.3 IntServ over DiffServ 
 

The IntServ over DiffServ proposal aggregates both IntServ and DiffServ architectures. 

As shown in Figure  2.3, Integrated Services architecture is used to deliver end-to-end 

QoS to applications. The network, however, includes some DiffServ regions.  

 

Tx Non-DiffServ 
region

ER1 DiffServ 
region

BR2BR1 Non-DiffServ 
region

RxER2

 
Figure  2.3: Sample Network Configuration 

The edge routers (ER1, ER2), adjacent to the DiffServ region, interface with the 

border routers (BR1, BR2) within the DiffServ region. Sending and receiving hosts use 

RSVP to communicate the quantitative QoS requirements of QoS-aware applications 

running on the hosts. Traffic control in the host may mark the DSCP in transmitted 

packets, and shape transmitted traffic according to the requirements of the IntServ 

service in use. Alternatively, the first IntServ-capable router downstream may provide 

these traffic control functions. The end-to-end RSVP messages are carried out 

transparently in the DiffServ region.  

Requests for IntServ services are mapped onto the underlying capabilities of the 

DiffServ network region. Boundary routers residing at the edge of the DiffServ region will 

police the traffic submitted from of the outside the DiffServ region in order to protect 

resources within the DiffServ region. This policing will be applied on an aggregate basis, 

with no special concerns on the individual micro flows which compose the aggregate. 

Micro flow policing is carried out at the edge routers.  

2.3.4 Non-elevated services  

In [HK01] is proposed the Alternative Best Effort (ABE). ABE, every packet is marked 

either as green or blue. Green packets are guaranteed a low bounded delay in every 

router. Green packets are more likely to be dropped than blue packets during periods of 

congestion. For every packet the choice of colour is made by the application. Typically, 

an interactive application with real-time deadlines, such as audio, will mark its packets 

as green. In contrast, an application that transfers binary data such as bulk data transfer 

will send blue traffic. Similarly to ABE, the Best Effort Differentiated Services (BEDS) 

defines two services, “drop-conservative” and “delay-conservative”. In BEDS, TCP and 

UDP packets are placed in two queues; the TCP packets receive the “drop-conservative” 
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service, while the UDP packets receive the “delay-conservative” service. Unlike ABE and 

BEDS, the Equivalent Differentiated Services (EDS) [GBPP02], defines more than one 

pair of asymmetric classes. Applications may choose between “drop-conservative” classes 

having a high or low packet discard rate, or between “delay-conservative” classes with a 

higher or lower maximum enqueing delay. 

The QBone Scavenger Service (QBSS) is a mechanism proposed by the QBone 

project, of the Internet2 network [QBSSa][QBSSb]. It defines a worst than best-effort 

service, where the QBSS class gets the bandwidth unused by the BE class. The 

applications and users voluntary mark some of its traffic as QBSS; this provides real-time 

applications with a best-effort service characterized by a lower delay and packet loss. 

2.4 UMTS QoS 
3GPP proposes in [TS23.107][TS23.207] a framework for reasoning about QoS in UMTS 

networks. There, the end-to-end Service is considered between terminal equipments, and 

may have a certain Quality of Service (QoS). In order to provide QoS, a Bearer Service is 

setup from the source to the destination of the service. A bearer service includes aspects 

related to the provision of the contracted QoS such as the control signalling, data 

transport, and QoS management. In the UMTS architecture shown in Figure  2.4, the 

bearer services are offered based on the services provided by the layers below.  

The End-to-End Service uses the bearer services of the underlying network(s), and it 

is conveyed over several networks. The End-to-End Service used by the TE is provided 

using a TE/MT Local Bearer Service, a UMTS Bearer Service, and an External Bearer 

Service. The UMTS Bearer Service provides the UMTS QoS. The UMTS Bearer Service 

consists of two parts, the Radio Access Bearer Service and the Core Network Bearer 

Service. 
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Figure  2.4: UMTS QoS Architecture 

2.4.1 UMTS Bearer Service Attributes 
Unidirectional and bi-directional bearer services are supported. For bi-directional bearer 

services, the attributes Maximum bitrate, Guaranteed bitrate, and Transfer delay should 

be set separately for uplink and downlink in order to support asymmetric bearers. The 

UMTS bearer service has the following attributes: 

Traffic class. There are four UMTS QoS classes, also referred to as traffic classes: 1) 

Conversational; 2) Streaming; 3) Interactive; 4) Background. The main distinguishing 

factor between these QoS classes is how delay sensitive the traffic is: Conversational class 

is meant for traffic which is very delay sensitive while Background class is the most delay 

insensitive traffic class. Conversational and Streaming classes are mainly intended to be 

used to carry real-time traffic flows. The main divider between them is how delay 

sensitive the traffic is. Conversational real-time services, such as video-telephony, are 

very sensitive to delays and their data streams should be carried in Conversational class. 

Interactive and Background are meant to be used by traditional Internet applications 

such as Web browsing, e-mail, telnet, and FTP; they have less restringing delay 

requirements when compared with Conversational and Streaming classes, and can 

provide better error rates. The interactive class is mainly used by interactive 

applications, e.g. interactive e-mail or interactive Web browsing; the Background class is 

adequate for background traffic, such as background download of e-mails or background 

file downloading. Traffic in the Interactive class has higher priority in scheduling than 
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Background class traffic, so background applications use transmission resources only 

when interactive applications do not need them.  

Maximum bitrate (kbit/s). It is the maximum number of bits delivered by UMTS and 

to UMTS at a SAP within a period of time, divided by the duration of the period. The 

traffic is conforming to Maximum bitrate as long as it follows a token bucket algorithm 

where the token rate equals Maximum bitrate and the bucket size equals Maximum SDU 

size. 

Guaranteed bitrate (kbit/s). The guaranteed number of bits delivered by UMTS at a 

SAP within a period of time (provided that there is data to deliver), divided by the 

duration of the period. The traffic is conforming to the Guaranteed bitrate as long as it 

follows a token bucket algorithm where the token rate equals Guaranteed bitrate and the 

bucket size equals Maximum SDU size. UMTS bearer service attributes, e.g. delay and 

reliability attributes, are guaranteed for traffic up to the Guaranteed bitrate. For the 

traffic exceeding the Guaranteed bitrate, the UMTS bearer service attributes are not 

guaranteed. 

Delivery order (y/n) indicates whether the UMTS bearer shall provide in-sequence 

SDU delivery or not. 

Maximum SDU size (octets). The maximum allowed SDU size.  

SDU format information (bits). The list of possible exact sizes of SDUs. 

SDU error ratio. The fraction of SDUs lost or detected as erroneous. SDU error ratio 

is defined only for conforming traffic. 

Residual bit error ratio. The undetected bit error ratio in the delivered SDUs. If no 

error detection is requested, Residual bit error ratio indicates the bit error ratio in the 

delivered SDUs. 

Delivery of erroneous SDUs (y/n/-). It indicates whether SDUs detected as erroneous 

should be delivered or discarded. 

Transfer delay (ms). The maximum delay for the 95th percentile of the delay 

distribution for all delivered SDUs during the lifetime of a bearer service, where delay for 

an SDU is defined as the time from a request to transfer an SDU at one SAP to its 

delivery at the other SAP. 

Traffic handling priority. It specifies the relative importance for handling of all SDUs 

belonging to the UMTS bearer compared to the SDUs of other bearers. 

Allocation/Retention Priority. It specifies the relative importance compared to other 

UMTS bearers for allocation and retention of the UMTS bearer. The 
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Allocation/Retention Priority attribute is a subscription attribute that is not negotiated 

from the mobile terminal. 

Source statistics descriptor (‘speech’/’unknown’). It specifies characteristics of the 

source of submitted SDUs.  

For the UMTS Bearer service a finite list of attribute values or the allowed value 

range is defined for each attribute. The list/value range defines the values that can be 

used for an attribute considering every possible service condition. 

Table  2-1: Value ranges for UMTS Bearer Service Attributes 

Traffic class Conversational Streaming Interactive Background 
Maximum 
bitrate 
(kb/s) 

<2048 <2048  <2048-overhead  <2048-overhead 

Delivery 
order 

Yes/No Yes/No Yes/No Yes/No 

Maximum 
SDU size 
(octets) 

<=1500 or 1502  <=1500 or 1502 <=1500 or 1502  <=1500 or 1502  

SDU format 
information 

    

Delivery of 
erroneous 
SDUs 

Yes/No/-  Yes/No/-  Yes/No/-  Yes/No/-  

Residual 
BER 

5*10-2, 10-2, 5*10-3, 
10-3, 10-4, 10-5, 10-6

5*10-2, 10-2, 5*10-

3, 10-3, 10-4, 10-5, 
10-6

4*10-3, 10-5, 6*10-8 4*10-3, 10-5, 6*10-8 

SDU error 
ratio 

10-2, 7*10-3, 10-3, 10-

4, 10-5
10-1, 10-2, 7*10-3, 
10-3, 10-4, 10-5

10-3, 10-4, 10-6 10-3, 10-4, 10-6

Transfer 
delay (ms) 

100 — maximum 
value 

250 — maximum 
value 

  

Guaranteed 
bitrate 
(kbps) 

<2048  <2048    

Traffic 
handling 
priority 

  1,2,3  

Allocation/ 
Retention 
priority 

1,2,3 1,2,3 1,2,3 1,2,3 

Source 
statistic 
descriptor 

Speech/unknown Speech/unknown   

 

2.4.2 Non Access Stratum 
The Non Access Stratum offers the UMTS Bearer Service to the upper layer, that is, to 

the IP Bearer Service. Each UMTS Bearer is described by a PDP Context. Figure  2.6, 

taken from [TS24.007], shows the Non Access Stratum protocol stack supporting the 

packet switched (PS) mode of operation at the terminal equipment side. The GGSN side 

is similar. 
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Figure  2.5: IP Bearer and UMTS Bearer 
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Figure  2.6: Protocol architecture of NAS supporting PS mode, TE side 

 

The Session Management signalling interface (SMREG-SAP) available at the 

Terminal Equipment for activating, deactivating and modifying a PDP context is 

composed by the set of primitives presented in Table  2-2. 
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Table  2-2: Primitives and Parameters at SMREG-SAP - MS side 

Primitive Parameter 
(message, info elements, other parameters) 

SMREG-PDP-ACTIVATE-REQ PDP address, QoS, NSAPI, APN, Protocol config. options 
SMREG-PDP-ACTIVATE-CNF PDP address, QoS, NSAPI, Protocol configuration options 
SMREG-PDP-ACTIVATE-REJ Cause, NSAPI, Protocol configuration options 
SMREG-PDP-ACTIVATE-IND PDP address, APN 
SMREG-PDP-ACTIVATE-REJ-RSP Cause, PDP address, APN 
SMREG-PDP-DEACTIVATE-REQ NSAPI(s) tear down indicator, cause 
SMREG-PDP-DEACTIVATE-CNF NSAPI(s) 
SMREG-PDP-DEACTIVATE-IND NSAPI(s) (s), tear down indicator, cause 
SMREG-PDP-MODIFY-IND QoS, NSAPI 
SMREG-PDP-MODIFY-REQ QoS, NSAPI, TFT 
SMREG-PDP-MODIFY-CNF QoS, NSAPI 
SMREG-PDP-MODIFY-REJ Cause, NSAPI 
SMREG-PDP-ACTIVATE-SEC-REQ QoS, NSAPI, TFT, Primary NSAPI 
SMREG-PDP-ACTIVATE-SEC-CNF QoS, NSAPI 
SMREG-PDP-ACTIVATE-SEC-REJ Cause, NSAPI 

 

The Session Management signalling interface available at the GGSN for activating, 

deactivating and modifying a PDP context is composed by the set of primitives 

presented in Table  2-3. 

Table  2-3: Primitives and Parameters at SMREG-SAP - network side 

Primitive Parameter 
(message, info elements, other parameters) 

SMREG-PDP-ACTIVATE-REQ PDP address, APN 
SMREG-PDP-ACTIVATE-REJ Cause, PDP address, APN 
SMREG-PDP-DEACTIVATE-REQ NSAPI(s), teardown indicator, cause 
SMREG-PDP-DEACTIVATE-CNF NSAPI(s) 
SMREG-PDP-MODIFY-REQ QoS, NSAPI 
SMREG PDP-MODIFY-CNF NSAPI 
SMREG PDP-MODIFY-REJ NSAPI 

  

2.4.3 Policing at the UMTS Bearer Service 
Traffic arriving at a PDP Context SAP is policed by means of one or two independent 

token buckets, one for the maximum bitrate and, for some classes, the other for the 

guaranteed bitrate. A packet being policed by a given token bucket may be classified as 

compliant or non-compliant to this bucket. A packet is compliant if, when it arrives, 

there are enough tokens for the packet. A packet is said to be non-compliant on the other 

case.  

Policing in conversational and streaming classes. Policing in these classes uses the two 

token buckets — the Guaranteed bitrate and the Maximum bitrate. Three outcomes may 

result from the policing operation: 1) the packet is non-compliant with the maximum 

token bucket — in this case the packet is eliminated; 2) the packet is compliant with the 

maximum token bucket but does not comply with the guaranteed token bucket — in this 
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case, the number of tokens corresponding to the packet length is removed from the 

maximum token bucket and the packet is scheduled for transmission with no guarantees; 

3) the packet is compliant with both the maximum token bucket and the guaranteed 

token bucket — in this case, the number of tokens corresponding to the packet length is 

removed from the two buckets and the packet is scheduled for transmission with 

guarantees.  

Policing for the interactive and background traffic classes. Since no other guarantee 

than bit integrity in the delivery of data is given to the interactive and background 

classes, the guaranteed bitrate as well as the transfer delay are not defined. In this case, 

traffic is only policed by one token bucket — the maximum bitrate token bucket. Two 

outcomes may result from the policing operation: 1) the packet is non-compliant with the 

maximum token bucket — in this case the packet is eliminated; 2) the packet is compliant 

with the maximum token bucket — in this case, the number of tokens corresponding to 

the packet length is removed from the maximum token bucket and the packet is 

scheduled for transmission. 

2.5 IP over UMTS QoS 

Release 4 does not define complete interworking mechanisms between IP and UMTS; 

some considerations are presented in [TS23.107] and [TS23.207]. Meanwhile, the IP 

Multimedia Subsystem (IMS) [TS23.228] is being defined in releases 5 and 6. The IMS 

aims at offering operators a scalable service platform on which new services can be 

developed rapidly in a flexible way without requiring any change to the PS domain. The 

IMS key part is the policy-based QoS control architecture shown in Figure  2.7, where 

multimedia applications are SIP/SDP enabled [TS24.228][ZGLC03][BB03][Pon02]. The 

Go interface [TS29.207] allows service-based local policy information to be “pushed” or 

requested by the Policy Enforcement Point (PEP) in the GGSN from a Policy Decision 

Function (PDF) associated with a SIP proxy, the P-CSCF (Proxy-Call State Control 

Function). The IP QoS frameworks to use are not defined; nevertheless, DiffServ is 

pointed, at least, for the core networks [BMP03]. Support of non-SIP applications has 

not been unveiled. QoS mapping of the SDP parameters ([TS24.229]) into the IP and 

UMTS bearers QoS parameters is not clearly defined [AP05].  
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Figure  2.7: IMS policy-based QoS control architecture 

The ARROWS project was done in parallel with the IMS development, thus based 

only in the Release 4. In [TS23.207] 6 scenarios are presented, which give examples of 

concatenating QoS mechanisms in different parts of the network for delivering an end-to-

end QoS. Each scenario makes a different use of IntServ/RSVP, DiffServ, and SIP/SDP 

protocols. The framework developed for ARROWS was based on the third scenario: 

“Local UE supports RSVP signalling with IntServ semantics, and DiffServ; without 

service based policy”.  

 

 



 

Chapter 3  

The ARROWS IP over UMTS QoS 

framework 

3.1 Introduction 

This chapter describes the end-to-end QoS framework developed for the IST ARROWS 

project [AACDRJ01], [DCR01], [FRSUDC01], [DR01], [DCRR02], [AC02], [RRCD02], 

[CC03], [RSDR02], [RDCR02b], [RDCR02a], [RSDR02], [RDCR02c], [CDRM03]. This 

framework enables the deployment of IP based multimedia applications over UMTS 

access networks and provides these applications with the Quality of Service they demand.  

The ARROWS project aimed at providing advanced Radio Resource Management 

(RRM) and QoS management solutions for the support of integrated voice and data 

services within the context of Universal Terrestrial Radio Access (UTRA). The project 

included packet access, asymmetric traffic, and high bitrate (2Mbit/s) services for 

multimedia IP based applications. Therefore, the main objectives of the project were: 1) 

to develop, simulate, evaluate and validate advanced RRM algorithms and procedures for 

an optimal and efficient use of the radio resources provided by UTRA to enable high 

capacity for multi-service applications requiring high bitrate (up to 2Mbit/s); 2) to 

achieve a specific QoS for packet switched services in the UTRA Network through the 

use and optimisation of QoS Management Functions; 3) to demonstrate the benefits of 

the developed RRM algorithms by means of multimedia IP based applications in a 

testbed. This chapter presents the main aspects of the work carried out to fulfil to the 

last objective. 

The end-to-end IP QoS framework enables the QoS mapping between the applications 

and the UMTS layer. The solution assumes an IntServ scenario, which is extended to 

IntServ over DiffServ and contributes for the all-IP scenario defined by 3GPP since the 

Release 4. The IntServ framework is helped by RSVP.  

21 
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The work consisted in the adaptation of the IP based communications stack so that 

selected applications could work end-to-end with guaranteed QoS. The testbed was based 

on the Linux operating system. The Linux kernel had to be modified, and an RSVP 

implementation had to be adapted in order to interwork with UMTS. Some new 

components for mapping and adapt QoS between IP and the UMTS networks were also 

developed. A library was developed which allows the integration of non QoS capable 

applications into the ARROWS end-to-end QoS communications scenario.  

The Section 2 of this chapter presents the reference scenario. Section 3 presents the 

QoS architecture. Section 4 gives an overview of the multimedia applications selected for 

ARROWS. Section 5 describes the QoS Manager. Section 6 presents the signalling. 

Section 7 describes the Traffic Filter template. Section 8 describes the QoS API. Section 

9 describes the Compatibility Library. Section 10 describes the PDP Context 

management. Section 11 presents the IP Traffic Control. Section 12 describes the QoS 

parameters mapping. Finally, Section 13 concludes this chapter. 

3.2 Reference scenario  

In order to understand and discuss UMTS QoS solutions in the context of all-IP 

networks, a simple framework must be introduced. Figure  3.1 presents the reference 

scenario, through which the QoS issues are addressed; it assumes all services provided 

over IP networks, and that UMTS is the link layer technology used in the access 

network. The components are an IP based terminal equipment having an UMTS network 

interface providing the 4 UMTS traffic classes, an IP access network based on UMTS, a 

GGSN acting as an IP access router and used to interconnect the UMTS based IP access 

network and the IP core network, and an IP server supporting end-to-end 

communications and multimedia services for the TE. The IP core network supports a 

QoS framework more scalable than IntServ, for instance DiffServ, which enables the 

adoption of the IntServ over DiffServ QoS framework [rfc2998]. 

TE
IP access 
network
(UMTS)

GGSN Core 
networks Server

 
Figure  3.1: Reference scenario

In order satisfy the project requirements, a more specific reference scenario was 

defined. The correct evaluation of the RRM algorithms and of the end-to-end QoS 
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depends on the QoS in the UMTS network, and may be better evaluated if the core 

networks provide hard QoS guarantees. For this reason, the core networks in ARROWS 

were simplified into a single IP network having no QoS constraints (Figure  3.2). IntServ 

with RSVP was supported by the three IP elements: TE, GGSN, and the Server. In 

order to avoid considerable delays or packet losses, the IP network connecting the GGSN 

and the server is based on a dedicated link or in an over-provisioned LAN. 

UMTS Non Access Stratum
(PDP Context)

UMTS 
Core network

IP 
network

Server
(host)

UTRAN SGSNTE
(host)

GGSN
(router)

RSVP RSVP

 
Figure  3.2: ARROWS reference scenario 

3.3 QoS architecture 

IntServ was the model selected to provide end-to-end QoS in ARROWS. Its companion 

RSVP was selected for signalling. However, RSVP has a serious problem when working 

over wireless layer two technologies such as UMTS — it cannot handle the QoS 

renegotiations initiated by the network. In order to overcome this problem, a 

management module was created for the TE - the QoS Manager - that handles these 

renegotiations for the applications, without modifying RSVP. It can, in some sense, be 

understood as the new RSVP end-point for mobile terminals.  

In order to adapt applications to the new QoS Manager, in the TE, a new QoS API 

was developed. This API, intended to be as simple as possible, can be used even by 

existing and non-QoS aware applications. In this way, the ARROWS architecture may 

use a number of well-known applications. 

The QoS Manager, the RSVP, and the new QoS API, together, were used to overcome 

an UMTS SAP (SMREG-SAP) characteristic that, for IP traffic, constitutes a problem - 

the SMREG-SAP has not the same primitives at the TE and GGSN sides. From the 
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GGSN side, for instance, it is not possible to ask for the activation of a PDP Context 

with QoS requirements. It implies that, at GGSN, the RSVP is forbidden to ask for 

resource reservation, for a flow towards the mobile terminal. 

The QoS architecture implemented in the ARROWS testbed is shown in Figure  3.3, 

and it reflects the framework presented in Figure  2.4. The six functional blocks 

represented are Application, Non-Access Stratum, RSVP daemon, QoS Manager, IP BS 

Manager, and IP Traffic Control. The RSVP protocol takes the main role in the 

signalling process. The interfaces presented are the QoS API, the RAPI, and the 

SMREG-SAP. Functional blocks are aggregated in different ways in the TE, GGSN, and 

Server network elements. 
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Figure  3.3: ARROWS QoS architecture 

 

Application. The application block represents a client/server process that 

communicates through UDP or TCP sockets and usually provides a well-known service. 

Services like WWW and mail use TCP, while the unicast video telephony as well as the 

audio-video streaming use UDP. These UDP services are real-time, use RTP and adopt 

the IETF multimedia service architecture. 

Non-Access Stratum. This block, common to the edge UMTS network elements 

(terminal equipment and GGSN), represents the UMTS Non-Access Stratum, as defined 

in 3GPP standards. A block communicating with the Non-Access Stratum can activate, 

deactivate, modify or use (for packet transport) the PDP Contexts. 

RSVP daemon. This block is responsible for handling IP reservations on an IP flow 

basis. It offers an API for the applications, the RAPI (RSVP API). In TE, the RAPI is 

offered to the QoS Manager. The last interface allows RSVP to configure IP Traffic 

Control.  

QoS Manager. This is the key block of the architecture. It allows non-RSVP aware 

applications to use RSVP and, depending if it is in the TE, is also in charge of managing 

IP reservations, activating/deactivating PDP contexts with QoS attributes, mapping 
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IntServ QoS parameters into UMTS QoS parameters, and deciding the multiplexing of 

IP flows into PDP contexts. 

IP BS Manager. It exists in the GGSN and is responsible for requesting the activation 

of the Primary PDP Context, if not yet activated, upon the arrival of the first datagram 

to be delivered to the terminal equipment. 

IP Traffic Control. After a PDP context is activated, the terminal may start 

transmitting datagrams. It is, however, necessary to direct the packets to the proper 

PDP Context, schedule the packets according to their priorities, and shape the traffic so 

that the flow is compliant with the QoS previously negotiated for that PDP Context.  

3.4 Multimedia applications 
Multimedia Applications are used in ARROWS to evaluate, from a QoS perspective, the 

suitability of the new RRM algorithms defined by the project. For that purpose, 

multimedia applications were required to correctly implement the services identified in 

the project, and negotiate with the network the quality required for these application 

flows. The Multimedia applications were selected based on the UMTS QoS classes 

available: video telephony, for the conversational class; audio-video-streaming, for the 

streaming class; web browsing, for the interactive class; e-mail, for the background class. 

Another requirement was that applications should generate traffic transportable as data 

packets, that is, IP datagrams. This fact led the ARROWS network demonstrator 

towards an all-IP scenario and the applications towards the IETF multimedia 

architecture.  

Video-telephony has two components: video and audio. Video is handled by VIC [vic], 

while audio is handled by RAT [rat], two MBONE tools. Both use the RTP/RTCP 

protocols for carrying out the audio and video flows. One pair VIC/RAT is to be 

launched in the TE and Server.  

The applications chosen for the web-browsing were the well-known Apache [apache] 

HTTP server, and the Mozilla [mozilla] HTTP client.  

The streaming software is found in a single package called mpeg4ip [mpeg4ip]. This 

package contains a server and a player, both open-source. The server, the Darwin 

Streaming Server, is capable of delivering video and audio media from files or live 

streams. The transport protocol is RTP, along with its companion RTCP. The signalling 

protocol is RTSP. The player that comes with mpeg4ip has been designed to work with 

DSS. In order to evaluate the video quality over UMTS, the streaming flow was divided 

in two flows, the base layer and the enhancement layer. The base layer is mandatory for 
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the correct streaming processing, while the enhancement layer, when available, enhances 

the video quality. 

The email service is supported by Mozilla as POP3 and SMTP client, and by Qmail 

[qmail] as the SMTP and POP3 server. 

3.5 The QoS Manager  
The aspects that motivated the need for the QoS Manager functional block, in the TE, 

are described below. 

SMREG-SAP asymmetry. SMREG-SAP is the NAS service access point for Session 

Management. Primitives for PDP context activation, deactivation and modification are 

exchanged at the SMREG-SAP [TS24.007][TS24.008]. This SAP exists at the UE and 

GGSN, but the primitives on each side are quite different. While UE primitives transport 

the QoS parameters, GGSN primitives do not. Therefore, unless other mechanism is 

used, a PDP Context with QoS can only be activated from the UE. This means that IP 

cannot see the UMTS bearer service as a transparent link between the TE and the 

GGSN. As known, RSVP requests resources using the RESV message. This message is 

sent by the receiver of the IP flow and travels in the reverse direction of the flow. Since 

SMREG-SAP do not allow the activation of PDP Contexts with QoS at GGSN, the 

RSVP daemon at the GGSN cannot reserve the resource required for the downstream 

flow. In order to overcome this problem, first the IP layer reserves the resources between 

the GGSN and the server and, if successful, the corresponding UMTS bearer (Secondary 

PDP Context) is established. The QoS Manager manages this process. 

Dynamic availability of wireless resources. RSVP is unable to handle renegotiations 

initiated by layer two, that is, RSVP is not dynamic. The QoS Manager also solves this 

problem. It receives the UMTS initiated request for modification of the PDP Context 

and asks for modifications at the IP layer using the refresh property of RSVP. As known, 

the soft state concept forces RSVP to regularly refresh the reservation. Then, if 

acceptable for the applications, the new RSVP reservation message describes the new 

conditions of the wireless link.  

QoS parameters mapping and flow aggregation. The QoS Manager is responsible for 

mapping IntServ QoS parameters (TSPEC, RSPEC) into the PDP Context QoS 

attributes. By controlling this aspect, QoS manager also becomes the right component for 

multiplexing or aggregating IP flows into PDP Contexts. 

Control at the terminal equipment. The location of the QoS Manager at the terminal 

equipment allows the user — the client who pays the wireless services — to control the 

services requested to both the UMTS access network and the IP external network. 
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RSVP aware applications. In ARROWS, it was decided that all the applications use 

the new QoS API. A trivial but not implemented extension could be to have the QoS 

Manager providing also the RAPI (RSVP API) [BH98] to standard RSVP applications 

running in the mobile terminal equipment. 

3.6 Signalling 
An example of the end-to-end signalling procedures is presented in Figure  3.4, which 

shows the messages exchanged during the establishment of a video streaming session, 

where two IP flows and two Secondary PDP Contexts are used, for the base layer and 

the enhancement layer, respectively. Each PDP Context is activated only after each 

successful RSVP reservation setup. 
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Figure  3.4: Signalling example 

3.7 Simple TFT  
3GPP defines a mechanism for filtering packets at the UMTS Bearer - the Traffic Flow 

Template (TFT). In ARROWS, a simpler approach was used — IP datagrams are filtered 

only based on their ToS field. The datagrams are marked in the IP layer, at the entry 

side of the UMTS Bearer (terminal or GGSN) with the NSAPI value of the 

corresponding PDP Context. In order to inform the traffic control of the GGSN of the 

NSAPI value that each flow is associated with, a new Information Element was added to 
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RSVP. This IE needs to be interpreted only by the RSVP daemons located at the TE 

and at the GGSN. Aggregation of multiple IP flows into the same PDP Context becomes 

also simpler: only the ToS field of the packets needs to be modified.  

3.8 The QoS API 
The QoS API was designed so that applications do not need to be aware of responses 

from the network; the QoS Manager handles them. The application specifies its QoS 

requirements before the flow starts (before the TCP connection establishment or when 

the first UDP datagram is sent) and when the reservation is to be released (e.g., closing 

of the socket). Table  3-1 presents the API function prototypes, while Table  3-2 gives a 

brief description of the service they provide.  

 

Table  3-1: API prototypes 

Return Function Parameters 

SESSION_ID (accepted) 
or 
-1 (rejected) or 
-2 (no service manager) 

sender_resv() SUBSERV, 
DEST_ADDR, DEST_PORT,  
SRC_ADDR, SRC_PORT,  
PROTOCOL, 
QOS 

RECV_ID (accepted) or 
-1 (rejected) or 
-2 (no service manager) 

receiver_resv() SUBSERV, 
DEST_ADDR, DEST_PORT, PROTOCOL, 
QOS 

SESSION_ID (accepted) 
or 
-1 (rejected) or 
-2 (no service manager) 

client_resv() SUBSERV, 
SERVER_ADDR, SERVER_PORT,  
CLIENT_ADDR, CLIENT_PORT,  
PROTOCOL, 
QOS 

RECV_ID (accepted) or 
-1 (rejected) or 
-2 (no service manager) 

server_resv() SUBSERV, 
SERVER_ADDR, SERVER_PORT, PROTOCOL, 
QOS 

Void release() RECV_ID 

 

 The functions sender_resv() and receiver_resv() are intended to be used for simplex, 

connectionless flows, such as UDP. On the other hand, client_resv() and server_resv() 

are meant to be used for duplex, connection-oriented flows, such as TCP. 
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Table  3-2: Description of the functions 

Function Description 
 

sender_resv() This function is issued by the application (sender) to request resources 
reservation for a simplex UDP flow. 
Parameters include the sub-service, source and destination addresses and ports, 
and QoS parameters. 

receiver_resv() This function is issued by the application (receiver) to notify the QoS Manager 
that it is waiting for a flow.  
Parameters include the sub-service, destination address and port, and QoS 
parameters. Source address and port are not required in this case, since the QoS 
Manager will discover them when it receives a PATH message. 

client_resv() This function is issued by the application (client) to request reservation of 
resources for a duplex flow. 
Parameters include the sub-service, source and destination addresses and ports, 
and QoS parameters. 

server_resv() This function is issued by the application (server) to notify the QoS Manager that 
it is waiting for a connection.  
Parameters include the sub-service, destination address and port, and QoS 
parameters. Source address and port are not required in this case, since the QoS 
Manager will discover them when it receives a PATH message. 

release() This function sends an indication that the application wants to tear down all 
resources related to the specified flow. 

 

Using the sub-service parameter, an application can pass to QoS Manager additional 

information about the flow: for instance, the QoS Manager can know into which PDP 

Context the flow is to be carried out. Table  3-3 presents the values for the sub-services 

used in ARROWS. In this case, the QoS Manager multiplexes the audio and video IP 

flows into the same Secondary PDP Context. Nevertheless, there is flexibility to 

configure the multiplexing of IP flows into PDP Contexts. 

Table  3-3: Sub-services relation with QoSManager 

Value Description 
 

UNKNOWN The QoS Manager should attempt to guess the subservice based on source or 
destination port 

WEB All TCP flows are to be carried into the same PDP Context. 
E-MAIL As with the WEB sub-service, all TCP flows will be carried into the same PDP 

Context 
VT_VIDEO In telephony, the video stream, which is transported over UDP, is carried into the 

same PDP Context as VT_AUDIO.  
There is one PDP Context for each direction (UE Server and Server UE) 

VT_AUDIO The audio stream, also transported over UDP, is carried into the same PDP Context 
as VT_VIDEO. 
There is one PDP Context for each direction (UE Server and Server UE) 

VSTR_BASE The audio base layer stream in the audio- video Streaming Service is delivered over 
UDP, and carried in one PDP Context from the Server to the UE. 

VSTR_ENH The video layer stream in the Video Streaming Service is delivered over UDP, and 
carried in one PDP Context from the Server to the UE. This PDP Context is not the 
same as to VSTR_BASE. 
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With this API, applications become simpler to extend since they do not receive 

responses from the QoS Manager. On other hand, the application is also unaware of 

renegotiations. In ARROWS, only the specific audio-video-streaming application was 

explicitly developed to react to renegotiation requests. The other applications use TCP 

and RTP+RTCP mechanisms to adapt their traffic to the available bandwidth. TCP 

provides the congestion control mechanism. RTCP give message reports that are used by 

applications to adapt their rate. 

The QoS parameter is a structure with sub-parameters. Depending on the sub-service 

requested, the QoS parameter may need to be fulfilled or not. The sub-parameters that 

must be fulfilled also vary. In ARROWS only the real-time related sub-services specify 

the QoS parameters, which only specify a rate sub-parameter. The remaining QoS 

parameters needed for the correct RSVP reservations setup, PDP Context activation, 

and QoS parameters mapping are specified administratively in the QoS Manager at TE. 

3.9 Compatibility Library 

Adding QoS support to existing applications may be difficult. For instance, a program 

such as Mozilla has millions of lines of code, so it is not easy to find out where to place 

the client_resv() call to the QoS Manager. Because of this, a helper library has been 

developed. It is a shared library (a DLL) that, when linked to a program, intercepts calls 

to socket related functions (socket, bind, connect, etc.) and tries to make QoS 

reservations to complement socket creation. In fact, by defining the environment variable 

LD_PRELOAD to point to the library, linking is performed at runtime, and it is not 

even necessary to compile or link the application. In this way, QoS can be added to 

applications transparently. It is not necessary to re-implement socket functions, but just 

to extend them.  

Application

Standard C library

ARROWS Compatibility Library

Socket functions

 
Figure  3.5: ARROWS Compatibility library 

  This is what the library does: 

1. When a socket is created, the library remembers the corresponding file descriptor 

and creates an additional data structure to hold QoS information. Still, the 

application receives the real file descriptor; 
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2. For TCP sockets, when a connect() call is invoked on a managed socket, 

information about source and destination address and port is obtained and used to 

call client_resv(). If  the QoS Manager reservation succeeds, so does the connect() 

call. Otherwise, the connect() call returns an error code; 

3. When bind() is called upon a managed socket: 
a) If it is a TCP socket, then it is a server socket binding a port to be able to 

receive connections. In this case, server_resv() is invoked, passing the listening 
port and address to the QoS Manager; 

b) If it is a UDP socket, then the application is preparing to receive packets on 
the specified port. receiver_resv() must be called to attempt to reserve QoS. 

4. recv() and recvfrom() trigger a receiver_resv() QoS Manager call; 

5. Likewise,  send() and sendto() trigger a sender_resv() QoS Manager call; 

6. The requests received by the QoS Manager, have “unknown” as subservice. It is 

the job of the QoS Manager to look at the ports and attempt to guess which 

subservice is required.   

3.10 PDP Context management 
The ARROWS approach establishes initially a Primary PDP context for the best effort 

traffic class, and Secondary PDP Contexts for IP flows having explicit QoS requirements. 

Signalling, control and the best effort traffic, not having specific QoS requirements, are 

transported through the Primary PDP context. The Primary PDP Context was selected 

in ARROWS to be a background traffic class. In alternative, an interactive class could be 

used. QoS mapping happens solely between IntServ/RSVP named flows and Secondary 

PDP Contexts. The QoS Manager can map one IP flow into one Secondary PDP Context 

or multiple IP flow into one Secondary PDP Context. For the second case, pre-

definitions are required for the QoS Manager. In ARROWS, for instance, the terminal 

equipment multiplexes four conversational IP flows into one conversational Secondary 

PDP Context, two flows (audio and video) for each direction. Table  3-4 shows the PDP 

Context management used in ARROWS. 

Table  3-4: PDP Context management 

Application 
 

Traffic class PDP Context Uplink Downlink 

Audio/RTP Audio/RTP Video telephony Conversational Secondary 
Video/RTP Video/RTP 

Secondary N/A    Base layer/RTP Video Streaming Streaming 
Secondary N/A Enh. Layer/RTP 

Web Browsing Interactive Secondary HTTP HTTP 
Email Background Secondary POP3 POP3 
Default (signaling) Background Primary — — 

 

 



32  CHAPTER 3. THE ARROWS IP OVER UMTS QOS FRAMEWORK  

 

3.11 IP Traffic Control 
Figure  3.6 shows the traffic control configuration used in ARROWS, which implements 

the IETF IntServ managed by RSVP (RSVP daemon). Scheduling and shaping of the 

flows are implemented with CBQ (Class Based Queuing) [Flo95] and TBF (Token 

Bucket Flow) [DVR97] disciplines, respectively. It is also shown the location of the 

filters. For each PDP Context, at least one leaf class on the CBQ queuing discipline (e.g. 

1:11) is created. Moreover, each class has one TBF queuing discipline associated instead 

of the generic one installed by default. For each RSVP reservation, the RSVP daemon 

creates an instance of a CBQ class and respective TBF Queuing discipline (IETF Token 

bucket traffic regulator). In ARROWS, the latter was modified in order to mark all the 

IP datagrams that pass through it with the appropriate ToS value, and at TE and 

GGSN, have a bigger buffer for reshaping. 
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Figure  3.6: IP Traffic Control 

3.12 QoS parameters mapping  
In ARROWS, RSVP signalling as well as best effort traffic is carried out over the 

Primary PDP Context. QoS demanding flows are transported over secondary PDP 

contexts. Although in ARROWS all the four UMTS classes of service are used, in this 
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section only the conversational and streaming classes will be addressed. These two classes 

have the same QoS attributes: Transfer Delay, Maximum Bitrate, Guaranteed Bitrate 

and Maximum SDU Size.  

Transfer Delay. The RSVP PATH message, more precisely the ADSPEC, must take 

the transfer delay of each link of the end-to-end path: the parameter Di. For the UMTS 

bearer, Di is the transfer delay UMTS QoS parameter. In ARROWS, the approach 

selected was to assume pre-defined values for Transfer Delays that depend on the traffic 

class.  

Guaranteed Bitrate, Maximum Bitrate, Maximum SDU Size. For the IntServ 

Guaranteed service there are two relevant set of parameters: TSPEC, based on r, b, p, 

M, m, which specifies the flow; RSPEC, based on the R parameter, indicating the 

bandwidth to reserve. Considering that the (1) Guaranteed service class expects link 

layers to not have or have low packet losses, (2) the UMTS bearers do not guarantee the 

transport of packets not compliant with the Guaranteed Bitrate, and (3) the UMTS 

bearer policing mechanism is based on a token bucket model, supporting a burst of M 

(Maximum SDU Size) bytes, the solution adopted was to reshape the IP traffic at each 

entry SAP, with R=p=r and b=M, and set Guaranteed Bitrate = Maximum Bitrate = R 

= r = p. This simple solution has two drawbacks: buffers are required at the traffic flow 

generator to accommodate short bursts; in this situation, the new maximum end-to-end 

delay is the one calculated by IntServ plus the time packets have to wait in these queues. 

In ARROWS, the buffer sizes were calculated experimentally in the testbed. Table  3-5 

shows the QoS parameters mapping used in ARROWS. 
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Table  3-5: QoS parameters mapping in the ARROWS Project

 Video-
telephony 

Streaming Web 
Browsing  

Email Default 
(signalling) 

Streaming(only DL) Interactive Background Background Traffic class Conversational 
UL/DL Base L. Enh. L. UL DL UL DL UL DL 

Delivery order Yes Yes Yes Yes Yes Yes Yes Yes Yes 
SDU format 
information  

- - - N/A N/A N/A N/A N/A N/A 

Delivery of 
erroneous SDUs 

Yes Yes Yes Yes Yes Yes Yes Yes Yes 

Residual BER  10-6 10-6 10-6 6*10-8 6*10-8 6*10-8 6*10-8 6*10-8 6*10-8

SDU error ratio  10-5 10-5 10-5 10-6 10-6 10-6 10-6 10-6 10-6

Traffic handling 
priority 

- - - - - - - - - 

Allocation/Rete
ntion priority 

- - - - - - - - - 

Transfer delay 
(ms)  

100 1000 1000 N/A N/A N/A N/A N/A N/A 

Guaranteed 
bitrate  

64 32 0 N/A N/A N/A N/A N/A N/A 

Maximum 
bitrate (kbit/s) 

64 32 16 - 96 64 256 32 32 32 32 

 Audio Video  
Maximum SDU 
size (octets)  

570 570 570 570 570 570 570 570 570 

M 570 570 570 570 570 570 570 570 570 
b (octets) M M M M M M M M M 
r (kbit/s) 16 48 32 16 - 96 64 256 32 32 32 32 
p (kbit/s) 16 48 32 16 - 96 64 256 32 32 32 32 
R (kbit/s) 16 48 32 16 - 96 64 256 32 32 32 32 

 

3.13 Conclusions 

The objectives defined within the IST ARROWS project for this work were reached 

[AC02][RRCD02][CC03]. The testbed with multimedia IP applications based on an IP 

end-to-end QoS framework was successfully implemented, and the RRM algorithm could 

be correctly evaluated.  

This chapter described the QoS framework developed under the ARROWS project. 

This framework provides a solution for deploying IP based multimedia applications over 

UMTS access networks and provides these applications with the Quality of Service they 

require. The solution assumes that IntServ/RSVP is supported in the UMTS access 

network that, in turn, can interoperate with DiffServ IP core networks. The main 

problems found and solved during this work are concerned mainly with: (1) the difficulty 

of deploying RSVP on wireless links, (2) the asymmetry of the interfaces at TE and 

GGSN for activating UMTS bearer services, (3) the aggregation of IP flows into PDP 

Contexts, and (4) the mapping of IP QoS parameters into UMTS QoS parameters. The 

key contributions of our work are the following.  
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The gap closed. We defined and implemented a solution that closed the gap between 

the IP IntServ model and UMTS QoS in a simple and effective way. This consists 

basically in allowing the uncommon layer 2 technology offered by UMTS to be used by 

IntServ/RSVP. Layer 2 logical links (UMTS bearers) cannot be opened from both sides 

(TE and GGSN) and transmission characteristics vary with time. Our solution solves 

these problems and, by doing it, we allow standard IP QoS solutions to be deployed over 

UMTS networks. 

The QoS Manager. This functional block, is the entity that closes the gap referred to 

above. When used in mobile terminals, it behaves like the mobile end point of RSVP but 

it is also responsible for aggregating IP flows into PDP Contexts and by mapping IP QoS 

parameters into UMTS QoS parameters. Moreover, but not less important, it provides a 

simple API that allows standard and non-RSVP aware applications to be easily deployed 

in UMTS mobile terminals. 

The role of PDP Contexts. The role of PDP contexts has also become clear. The 

Primary PDP Context is used to support the standard IP best effort traffic. Secondary 

PDP contexts are left for special QoS demanding applications; conversational and 

streaming services will be those more likely to be used. 

 





 

Chapter 4  

Proposal of a QoS framework for IP: 

Scalable Services 

4.1 Introduction 

In this chapter a new IP QoS framework is proposed which takes advantage of the IETF 

IntServ [rfc1633] and DiffServ [rfc2475][rfc2474] frameworks, and considers mobile 

communications.  

The departing point for this proposal are the IST ARROWS project results. While the 

project did not solve the QoS problems for Internet, it helped us to understand better the 

IntServ and DiffServ frameworks and their drawbacks. The ScalServ architecture is 

similar to the IntServ over DiffServ proposal [rfc2998]; besides, it is simpler, more 

scalable, and offers three global service classes which are expected to fulfil the 

expectations of all type of applications. The scalable term naming our proposal has two 

meanings: 1) networks can be added or enlarged without compromising the services 

offered, nor involving complex management redefinitions, and 2) the framework applies 

to local, access and core networks, in an end-to-end perspective.  

4.1.1 Reference scenario 

ScalServ aims at bringing QoS to the entire Internet. Nowadays, the networks and nodes 

characteristics tend to be heterogeneous. In order to provide a clear presentation of this 

work, we classify them under a reference scenario. Fixed and mobile hosts are connected 

to the Internet through an intranet, or directly through a public access network, as 

shown in Figure  4.1. Access networks (AN) are interconnected through Core Networks 

(CN). An intranet is composed by one or more IP networks having public addresses, 

based on LAN, which are interconnected by local routers. Core networks are classified in 

(1) Edge Core Networks (ECN), which interconnect ANs with the Internet backbone, 

37 
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and (2) Backbone Core Networks (BCN), which are the inner networks. Mobile hosts 

may support Mobile IP and use wireless links; for this reason a mobile host can move 

seamlessly between intranets and public access networks.  
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Figure  4.1: Reference scenario 

ScalServ aims at being L2 technology independent, and to provide an end-to-end QoS 

solution; for this reason, ScalServ will have some interactions with the end user 

applications. 

4.1.2 Overview 

ScalServ specifies 3 classes of service: Best Effort (BE), Less than Best Effort (LBE), and 

Assured Delivery (AD). BE is the most used service class. LBE offers a “worst than best-

effort” service for background applications. AD offers a service with bandwidth 

guarantees, low delays and low packet loss, for more demanding applications. All the IP 

packets are marked with the code point of the service class. The service classes and 

respective code points are global and constant, and shall not be changed along the end-

to-end path unless congestion control requires it. 

Within the ScalServ architecture, the nodes and the networks are further classified in 

terms of QoS granularity: Fine Granularity (FG), and Coarse Granularity (CG). Local 

networks connected through links that may be bottlenecks, are likely to be of the FG 

type, while core networks with simple topologies and over-provisioned are more likely of 

the CG type. A ScalServ domain is a group of contiguous nodes of the same type 

belonging to the same network administration. Nodes interconnecting different domains 

are boundary nodes, while the others are interior nodes. 

The AD service class requires explicit resource allocation. Resources are reserved in all 

the FG nodes in the end-to-end path in a per flow basis, but the signalling passes 

transparently over the CG domains. The End-to-End Signalling Protocol (E2ESP) 

enables the resource reservation for the AD class, and synchronizes applications and FG 

nodes with respect to the resources needed and available.  
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Figure  4.2: ScalServ reference scenario  

The node architecture depends on its type. An FG node processes E2ESP, makes AD 

reservations, and schedules packets in a per class basis. A CG node simply processes all 

packets in a per class basis. A FG node manages resources more efficiently than a CG 

node. Similarly to DiffServ, the CG interior nodes are simpler than the CG boundary 

nodes; the latter are expected to execute more tasks such as traffic conditioning. ScalServ 

includes an admission control algorithm, a congestion avoidance algorithm, two reshaping 

approaches, discrete shaping and aggregate shaping, and one scheduling discipline. 

Discrete shaping allows a higher control over each AD flow, while aggregate shaping 

provides a more efficient resource usage.   

ScalServ also defines two tunnelling modes, which are particularly important for the 

transition to IPv6, Mobile IP, and the support of QoS over virtual private networks: 

leased line and class mapping. In the first mode the outer IP flow is an AD reservation, 

thus, it is seen as a leased line by the inner flows. The second mode marks the outer IP 

packets with the same code point of the inner packets, and aggregates the inner AD 

reservations into a unique outer AD reservation. 

One of the ScalServ objectives is the support of mobile communications. Wireless links 

and the Mobile IP protocol are a concern of the ScalServ framework. To contribute for 

fast-handoff, two functionalities are introduced: tolerant AD forwarding and E2ESP end-

node address update. When a mobile node moves between IP networks (handoff), the AD 

reservations need to be updated. The first functionality avoids discard or remarking of 

AD packets while the reservation through the new Access Router (AR) is not 

established. Although the mobile node CoA changes, the QoS requirements and some of 

the FG nodes in the new path are likely to be the same. The second functionality 

provides a mechanism which optimizes the process of releasing and setting up the AD 

tunnel reservation: the FG nodes common to the old and the new paths do not release 

the old reservation, they only change the CoA associated to the reservation filter. 
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4.1.3 Structure 

This chapter consists of 14 sections: Section  4.2 presents the Classes of Service, the 

ScalServ code points, and the ScalServ field. Section  4.3 presents the ScalServ network 

architecture. Section  4.4 describes the E2ESP main functions. Section  4.5 presents the 

architecture of the FG nodes, which is separated in the control and data planes. Section 

 4.6 describes the FG node Data plane, from the classification, shaping, and scheduling 

points of view. Section  4.7 describes the FG node Control Plane from the Admission 

Control and the Congestion Avoidance perspectives. Section  4.8 presents the general CG 

node architecture. Section  4.9 addresses IP tunnels. Section  4.10 discusses the 

mechanisms required for deploying Mobile IP together with ScalServ. Section  4.11 

discusses transition scenarios. Finally, Section  4.12 validates the shaping and scheduling 

FG mechanisms. Section  4.13 compares ScalServ with other solutions. 

4.2 Classes of Service 

The ScalServ framework offers 3 Classes of Service (CoS): Best Effort (BE), Less than 

Best Effort (LBE), and Assured Delivery (AD). The BE class is expected to fulfil the 

requirements of the majority of applications; the LBE class is expected to support 

background traffic such as low priority file download and e-mail; the AD class is used to 

support applications demanding bandwidth or delay. 

tolerant

elastic

interactive assynchronousInteractive bulk

AD

BE

LBE

real-time

intolerant

Application

 
Figure  4.3: ScalServ classes relation with application types 

As shown in Figure  4.3, each ScalServ class is adequated for a range of application 

types. The relationships are not rigid. Depending on the maximum delay accepted by a 

tolerant real time application, the BE class may be used instead of the AD class; on the 

other hand an interactive elastic application may need a minimum bandwidth which only 

can be guaranteed by the AD class.  

The BE class is the reference class. It offers simple connectivity. This service is 

adequate for most of the applications and, as known, it is a service extensively deployed. 
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The service offered by BE tend to serve all type of applications when the network 

bandwidth tends to infinite. BE satisfies elastic applications; depending on the transport 

protocol, TCP or UDP, the service received by the applications may be more reliable or 

low-delay, respectively.  

There are elastic applications having low interactive requirements which may be 

classified as background. When traditional best-effort interactive and non-interactive 

applications are transported in as a single class, an eventual QoS degradation affects 

both types of applications. However, interactive applications are much more sensitive to 

this degradation than non-interactive applications. In order to overcome this situation, 

ScalServ introduces the Less than Best Effort service class, which offers a “worst than 

best-effort” service, and it is intended to transport background, low interactive 

applications. LBE flows receive a best effort service but with a lower priority. LBE 

packets are transferred when there are no more BE or AD packets to transmit, but a 

residual bandwidth is required in order to avoid LBE starvation. This approach is based 

on the QBSS proposal [QBSSa][QBSSb], and on the IEEE 802.1p background class 

[802.1Q]. Using LBE, background applications receive service, without compromising the 

BE interactive applications. It may also be of interest to ISPs, which can encourage 

background applications, such as download managers and the peer-to-peer (P2P) 

applications to be marked as LBE, thus increasing the QoS of BE — higher responsiveness 

and lower packet loss — in busy hours, and promote a network usage more distributed 

over the time. 

For more demanding applications, ScalServ proposes the Assured Delivery class. This 

service is adequate for real time applications and applications requiring a minimum 

bandwidth. Nevertheless, it does not guarantee maximum end-to-end delays. The AD 

class fulfils the main objectives of the DiffServ Assured Forwarding and the IntServ 

Controlled Load class in the CG and FG domains, respectively: 1) almost all transmitted 

packets will be successfully delivered by the network to the receiving end-nodes; the 

percentage of packets not successfully delivered must approximate the packet error ratio 

of the transmission medium; 2) the transit delay experienced by most of the delivered 

packets will not substantially exceed the network transit delay.  

Each ScalServ service class has a code point (SSCP), which is marked in packets. The 

SSCP is marked in the ScalServ field (SS field), which uses two bits. According to 

[rfc2780], the obsolete Type of Service field described in [rfc791] as well the IPv6 Traffic 

Class field are split in the 6-bit Differentiated Services (DS) field and a 2-bit field which 

is currently reserved. In [rfc3168], it is described an experimental use of the 2-bit 

“currently unused” field for the Explicit Congestion Notification (ECN). Since it has not 

been permanently assigned, ScalServ can use this field, as shown in Figure  4.4. An 
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alternative approach, is to restrict the DS field to 4 bits, which would allow both DS and 

SS fields to use only the first 6 bits.  

DS Field SS Field

0 1 2 3 4 5 6 7

DS Field ECN Field

0 1 2 3 4 5 6 7

SS Field
 

Figure  4.4: SS field proposals 

Besides the three SSCP there is also a fourth SSCP for Non-Guaranteed Assured 

Delivery. AD packets are marked with this SSCP when the AD service class cannot be 

guaranteed: a ScalServ node receives an AD packet from a non-ScalServ network. The 

code points are presented in Table  4-1. The BE SSCP is “00”, for compatibility with non-

ScalServ nodes. 

Table  4-1: ScalServ Code Points 

Description SSCP

Best Effort 00 
Less than Best Effort 01 
Assured Delivery 10 
Non-Guaranteed Assured Delivery 11 

4.3 Architecture 

Nodes and networks are classified in terms of QoS granularity: Fine Granularity (FG) or 

Coarse Granularity (CG). FG nodes reserve resources for AD flows while CG nodes do 

not. 

A domain is a group of similar nodes (FG or CG) under the same network 

administration. A FG domain can contain complex topologies and may have high 

network congestion probabilities. On the other hand, a CG domain is more adequate for 

over-provisioned core or backbone networks, which have simple topologies. There are two 

type of node in each domain: boundary and interior. Boundary nodes interconnect 

domains while interior nodes interconnect nodes in the same domain. Peer boundary 

nodes are interconnected through boundary links. In a FG domain, the resource 

management is distributed by the FG nodes, each FG node being responsible for 

managing its resources. In a CG domain the complexity is pushed to the boundary nodes, 

letting the interior nodes to be simpler, thus enabling scalability. CG boundary nodes 

police incoming traffic in order to preserve provisioning policies and honour the 

contracts, while CG interior nodes only forward packets. In a CG domain the resource 

management may be static or dynamic. Dynamic management is more efficient but 

demands boundary, and eventually interior, nodes to communicate about resource usage 
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and provisioning policies. This work does not address such CG resource management 

framework. 

FG domain

BFG

        CG domain

CG

CG

FG domain

BFG

FG

FG

CG

CG

BFG

CG domain

CG

CG

HBCG

BCG
BCG

BCG

BCG

 
Figure  4.5: ScalServ architecture 

AD resources are reserved using an End-to-End Signalling Protocol (E2ESP). The 

sender application describes the flow using a Traffic Specification (TSPEC), which 

consists of (1) the average rate r, (2) the maximum burst size b, (3) the maximum packet 

size M, and (4) the minimum policed size m. A flow is admitted and resources are 

reserved only if all FG nodes can accept the flow. Only FG nodes process the E2ESP, 

which passes transparently through the CG domains. The latter are modelled as one link 

connecting two peer FG boundary nodes.  

The external interfaces of a CG boundary node may be of the FG type, when 

connected to a FG peer boundary node; in this case, the CG boundary node is named 

Hybrid CG boundary node. Boundary nodes need not to use the same traffic policies for 

the BE and LBE service classes. In what concerns the AD service class, the peer 

boundary routers must be coordinated to avoid packet discard at domain ingress. 

Coordination is achieved through the E2ESP when both boundary nodes are FG or 

Hybrid CG. When, at least, one of the boundary nodes does not support FG interfaces, it 

needs to be configured statically or dynamically trough a protocol. Domains under the 

same administration may share the same boundary node, avoiding the usage of boundary 

links. All the hosts are assumed to be of the FG type. 

4.4 End-to-end Signalling protocol 

The resources for AD traffic in FG nodes must be explicitly reserved. On the other hand, 

neither resources for AD traffic in CG domains, nor resources for BE or LBE traffic in 
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FG or CG domains are reserved. Reservation is made per flow. The control 

communication between end and intermediate nodes is carried out by the End-to-End 

Signalling Protocol (E2ESP).  

A microflow is an instance of an application-to-application flow of packets and it is 

identified by source address, source port, destination address, destination port, and 

protocol id. A flow is composed by one or more microflows with a common set of 

identifiers. These identifiers are transported by the Filter SPEC — FSPEC, which may 

carry the identifiers of multiple flows; in this case, the flows are shaped as a single flow. 

The FSPEC is carried out by E2ESP.  

E2ESP has 2 main tasks: to enable the resource reservation in FG nodes, and to 

synchronize end-applications and FG nodes with respect to the resources required and 

available. The E2ESP definition is out of the scope of this work; parallel work is being 

carried out by working groups such as NSIS [rfc3726]. Nevertheless, some considerations 

are made here.  
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Figure  4.6: Receiver initiated reservation 
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Figure  4.7: Sender initiated reservation 

Given that the reservation is described by TSPEC and FSPEC and no parameters are 

calculated by the receiver, the E2ESP can be either sender or receiver oriented. In the 

IntServ Guaranteed service class, each receiver may request different resources that in 

implies that RSVP reservations are receiver-initiated. In the ScalServ AD service class, 

the receiver does not specify any new value, and reservation may be initiated also by the 

sender [ZM01]. A sender-initiated reservation requires fewer messages than a receiver 

initiated reservation. Also, a multicast session is simpler in sender oriented style. 
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Admitting that, in Figure  4.6 and Figure  4.7, the CONF messages can use another path, 

the sender initiated style is also adequate for multicast reservation over one-way link 

layer technologies, such as DAB or DVB. Figure  4.6 and Figure  4.7 show the two 

reservation approaches, using the RSVP terminology. The PATH message marks the 

flow path; the RESV message reserves resources; and the PATH+RESV message 

implements both functions in single pass. E2ESP is processed by FG nodes and Hybrid 

CG boundary nodes. All the FG nodes in the path need to process the messages, 

otherwise the reservation is non-guaranteed. 

In order to support mobile communications, E2ESP must support reservation 

renegotiation and release requests from network (nodes) to applications. E2ESP is also 

expected to support Priority Reservation (PR). Applications can specify a PR value for 

each reservation; when congestioned, the nodes renegotiate or release first the 

reservations having lower PR values. 

4.5 FG node architecture 

FG nodes must support E2ESP, admission control, AD resource reservation in a per flow 

basis, and implement ScalServ scheduling. When attached to links having resources 

variable in time, such as wireless links, the FG node shall also support a congestion 

avoidance mechanism. The general FG node architecture is presented in Figure  4.8.  
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Figure  4.8: FG node architecture

FG hosts support applications, which demand an API socket with QoS extensions and 

a socket Manager. Hosts do not, usually, forward traffic of other nodes. Policing is left to 

boundary nodes connected to domains belonging to different network administrations.  

The Admission Control (AC) and Congestion Avoidance (CA) functional blocks are 

implemented by the QoS Manager. The AC and the CA are responsible for managing the 

AD reservations so that (1) each AD flow receives a correct service, (2) BE and LBE 

service classes get a minimum resources, (3) BE continues to be the reference service 

class for most of the applications, and (4) background applications are encouraged to use 

the LBE service class. The AC accepts or rejects AD reservation requests, or their 

modifications. When resources decrease, the Congestion Avoidance block releases or 

modifies the AD reservations. The E2ESP Manager implements the E2ESP. QoS 

Managers use E2ESP to communicate between themselves 

Before being sent to a network interface, the IP packets must be classified into a class. 

Packets coming from applications are marked with a class Code Point, before they arrive 

to the classifier. AD packets are enqueued and shaped by a traffic regulator (the shaping 

block), in order to be conformant with its TSPEC. The scheduler sends the packets 

according to the service class requirements. Incoming packets may also be policed; 
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however, this procedure is more adequate in the outer interfaces of boundary nodes. 

Depending on the network policy and business model, many approaches are possible, 

such as policing by total bandwidth, by class bandwidth, or by AD flow. 

4.6 FG node Data Plane 

The detailed architecture of the Data plane of a FG node is shown in Figure  4.9. We 

concentrate on the classification, shaping and scheduling blocks, associated to the output 

of a packet. 
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Figure  4.9: FG node data plane for outgoing traffic 

4.6.1 Classification 

In order to be processed correctly, each packet must be classified before enqueued. The 

classifier, using filters, decides the point through which each packet shall be output.  A 

filter is used to verify the IP packet header. Figure  4.9 shows the FG data plane with 

two levels of classification. In the first level the packets are classified by service class; for 

that purpose, the classifier reads the SSCP of each packet. The AD packets must pass to 

a second level, the flow classification level, where each flow is filtered according to the 

FSPEC. After the classification, the LBE and BE packets are sent to their queues, the 

LBE and BE scheduling queues, respectively. The AD packets are sent to their token 

bucket mechanism. The AD packets coming from non-ScalServ regions, are marked as 

non-guaranteed (SSCP = 11), but handled as normal AD packets. 
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4.6.2 Shaping 

The shaping main purpose is to delay the AD packets in order to make them conformant 

with their TSPEC; this is implemented by means of token bucket mechanisms. The 

token bucket parameters can be dynamically controlled by the AC and CA control 

blocks, in order to avoid the node congestion. When sharing the link, shaping of the AD 

flow prevents the starvation of BE and LBE flows.  

Signalling for resource reservation is done per flow. Shaping, however, can be done per 

flow — discrete shaping — or per aggregate — aggregate shaping. In the first case, each flow 

is regulated by a token bucket; in the second case, multiple flows, i.e., the aggregate, are 

regulated by a single token bucket. A node may implement simultaneously discrete and 

aggregate shaping. Aggregation is local to the node. For instance, two flows may be 

aggregated in a node, but not in the next node. The QoS manager, more precisely the 

AC and the CA blocks, is the entity that takes the decision of aggregating or 

disaggregating shaping. The parameters of an aggregate token bucket (r’, b’) are equal to 

the sum of the TSPEC parameters, r and b of the aggregated flows ( , 

); each time a flow is added or excluded, 
∑=
i

irr '
∑=
i

ibb' r’ and b’ must be updated.  

In what concerns discrete shaping, the queue and delay of the traffic regulator (token 

bucket) increases each time a packet arrives later than its deadline, as shown in Figure 

 4.10-a). The amount of traffic passing through the token bucket at time t is , 

where  represents the amount of traffic sent by a compliant (r, t) source, and 

lbtr −+×
btr +× l 

represents the number of tokens lost. We define jitter as the difference between the 

maximum and the minimum delays that a packet may suffer between (re)shaping points, 

being the source the first point. Assuming that packets are orderly received, if one packet 

suffers a delay of x time units between the source and the reshaping point, then all the 

following packets will see their delays increased by x time units. Using discrete shaping, 

the delay a packet may suffer due to reshaping is in the interval [0, jitter]. Figure  4.10-a 

gives an example: a source sends packets of size b at the rate of r, which corresponds to a 

period T=b/r; packets 2 and 4 arrived later 0,5T and 0,8T, respectively, which implies 

packet 3 and 5 to be delayed 0,5T and 0,8T, respectively. 

With aggregate shaping, there is more than one flow shaped through the same token 

bucket, these nodes are simpler than discrete shaping, since the number of traffic 

regulators required is smaller. They also perform better; if a packet of one flow arrives 

later, a packet of another flow may use tokens from the bucket reducing the number of 

tokens that would be lost. Figure  4.10-b shows an example with two similar flows, but 

differing in jitter when reaching the reshaping point. Flow 1 did not experience any 

jitter, while flow 2 experienced the same jitter of the example shown in Figure  4.10-a. 

The number of tokens lost is smaller than with discrete shaping, and only packets 4 and 
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5 of flow 2 are delayed, but with values lower than they would experience using discrete 

shaping (0,3T<0,8T). 

Aggregation reduces the probability of tokens being lost and decreases packet queuing 

delay. Since multiple flows are competing for tokens, the packets tend to have a similar 

delays. On the other hand, this may lead to the situation shown in Figure  4.11 where 

flows passing through an aggregate shaper may suffer a maximum delay which is higher 

than the delay introduced by a discrete shaper. However, the average delay is smaller. 

The AD service class is intended to support real time applications, for which the 

maximum delay is more important than the average delay. For this reason, aggregate 

shaping is indicated for nodes supporting a large number of simultaneous flows in order 

to take advantage of the well-known statistical multiplexing; it shall be avoided in nodes 

having a few number of simultaneous flows, near end-hosts, or when the flows have 

average rates and jitters which differ significantly.  
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Figure  4.10: Shaping - enqueing delay 
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Figure  4.11: Discrete and aggregate shaping delays 

Although the main purpose is shaping, the token bucket can also police and act over 

AD non-conformant packets, which can be remarked as BE or dropped; preferably 

remarked. Aggregate shaping forbids individual flow reshaping. Thus, it cannot impeach 

non-conformant sources from sending more traffic than the admitted by the admission 

control. In order to overcome this issue, the sending hosts and the first router in the 

path, must implement discrete shaping. 

4.6.3 Scheduling 

The FG node scheduler model presented in Figure  4.9 assumes 3 queues, one for each 

class. AD packets are always served first. BE packets must be sent as soon as possible, 

but only when the AD queue is empty. LBE packets are sent when there are no AD nor 

BE packets waiting for service. However, LBE traffic must also have a residual 

bandwidth in order to avoid starvation caused by the BE traffic. Scheduling is work-

conserving: the maximum link bandwidth — p — is always used. 

A simple scheduling algorithm is presented next. We assume that the residual rate for 

LBE traffic is relative to the bandwidth unused by the AD traffic. Each time a BE 

packet is sent with the LBE queue not empty the LBE queue gains a credit in bytes, 

which is used when the credit has bytes enough to transmit the first LBE packet in the 

LBE queue. 

 

While (1){ 

 if (ADQueue not empty) transmit ADpacket; 

 else if (LBEQueue not empty and (BEQueue empty or LBEcredit>= ↵ 

LBEpacket.length)){ 

  transmit LBEpacket; 

  LBEcredit-= LBEpacket.length; 
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  if (LBEcredit<0) LBEcredit=0; 

 } else if (BEQueue not empty) { 

  transmit BEpacket; 

  if (LBEQueue not empty) LBEcredit+=BEpacket*LBEresidualRate; 

 } 

} 

 

A (logical) link is defined by a logical traffic regulator and, possibly, other QoS 

parameters such as delay and loss. Two logical links are considered as if there are 

different physical mediums or, for instance, if two UMTS PDP Contexts are used. If the 

link layer supports service class differentiation by priority, then each ScalServ class may 

be mapped into a link layer class, which is aligned with the ScalServ CoS priorities. For 

instance, the AD class can be mapped into the 802.1p Voice class, while the BE and LBE 

classes can be mapped into the BE and Background classes, respectively.  

4.7 FG node Control Plane 

4.7.1 Admission Control algorithm 

The Admission Control (Figure  4.8) can admit a new flow n, with TSPEC (rn, bn, Mn, 

mn), if the following 3 conditions are met: 

1.  it guarantees that the maximum delay that an AD packet may 

suffer after shaped until been served is not higher than D, where 

K is a delay error term. p is the link bitrate. This condition takes 

into account the worst case scenario where all AD sources may 

send simultaneously their burst bi. 

bi pKD

2.    it guarantees that the amount of bandwidth to be used by the 

AD traffic shall not exceed the threshold α⋅p; 

≤ pri

3.    it guarantees that the maximum packet length of the new flow is 

not higher than the maximum packet length admitted in the 

local node. 

n ≤

n

i
×−≤∑

=

)(
1

∑
=

n

i 1

MM

α×

local

 

D is a delay value for admission control purposes; it defines the maximum delay that 

an AD packet may wait after shaped until be served. Each FG node specifies its own D 

value. K represents the scheduler delay error term; it corresponds to the service time of 

the BE or LBE maximum packet length — M. When using a dedicated link for AD traffic, 

K shall be zero; otherwise K equals M/p. In order to support AD traffic, D must be 

larger than K. The threshold α×p helps avoiding starvation of BE and LBE traffic.  
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The AC algorithm is described below in pseudo-code. 

 

When receive a reservation request (FSPEC, TSPEC) from the E2ESP Manager { 

 rn=TSPEC.r; 

 bn=TSPEC.b; 

 Mn=TSPEC.M;  

 mn=TSPEC.m; 

 if ∑i
nbi<=(D-K)*p and ∑i

nri<=α*p and Mn<=Mlocal { 

  add a token bucket (rn, bm, Mn, mn); 

  add a filter to the classifier (FSPEC); 

 } else return FAILED 

} 

4.7.2 Congestion Avoidance algorithm 

The CA block (Figure  4.8) prevents the congestion of the AD queue (Figure  4.9) and the 

starvation of BE or LBE caused by an eventual reduction of the link bandwidth p. CA 

must maintain (1) D as the upper-bound delay for AD packets and (2) α⋅p as the 

maximum bandwidth associated to the AD traffic, which corresponds to verify that 

DKpbi ≤+∑  and α≤∑ pri .  

Besides the pair of thresholds D and α, a new pair is defined, Dreneg and αreneg, where 

Dreneg≥D, and αreneg≥α. When the link bandwidth decreases to p’, the CA algorithm must 

verify if DKpbi >+∑ '  or α>∑ 'pri . If this is the case, the congestion avoidance 

process is triggered, and one or more reservations must be released or renegotiated. 

While one of the following expressions is true, renegi DKpb >+∑ '  or renegi pr α>∑ ' , 

one or more reservations must be released. After this first step, if DKpbi >+∑ '  or 

α>∑ 'pri  remains true then one or more reservations must be renegotiated. The 

reservations that do not accept the renegotiations of new TSPEC values shall be 

released. Each time a reservation is to be released, the corresponding filter and shaper 

must be deleted as well, and a release request must be sent to the E2ESP manager to 

release the reservation in all the FG nodes along the flow’s path. An example of the CA 

triggering process is shown in Figure  4.12. In the example, after the reduction of the link 

bandwidth to p’, reservation 1 must be released due to the average rate and burst size 

excesses, and reservation 2 shall be renegotiated due to the average rate excess. 
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Figure  4.12: CA triggering 

Next a pseudo-code of the CA algorithm and message flows with other functional 

blocks is given.  

 

 

When receive a bandwidth modification from Link and (p’<p) { 

 if ∑i
nbi>(Dreneg-K)*p’) or ∑i

nri>αreneg*p’){ 

  select some reservations and remove their filters and shapers; 

  send release requests to the E2ESP Manager; 

 } 

 if ∑i
nbi>(D-K)*p’) or ∑i

nri>α*p’){ 

  select some reservations to renegotiate; 

  send renegotiation requests to the E2ESP Manager; 

  change the shaper parameters of the successful renegotiations;  

  remove the filter and the shaper of the failed renegotiations; 

  send release requests of the failed renegotiations to the E2ESP 

Manager; 

 } 

} 

 

When referring to a reservation release or renegotiation, the CA must decide which 

reservations to select. In Figure  4.12, for instance, the older reservations were selected; 
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however, other approaches may be followed such as to select the reservations with 

highest average rate, or the reservations having the highest duration x bandwidth value.  

An application associated with multiple flows may consider some of them more 

important than others. ScalServ defines a reservation priority (RP), which is used only 

for reservation release or renegotiation purposes, and never for admission control. The 

applications inform the FG nodes about their priorities using the E2ESP. When 

requesting a reservation, the application specifies its RP. We propose a 4 level RP, being 

0 the lowest priority. There are some examples where the RP may be useful: a video-

telephony application can give higher priority to the audio than to the video; if one of 

the flows needs to be released, the conversation can continue with the audio. Another 

example is the video on demand where the video is encoded with one base layer and 

multiple enhancement layers. The base layer flow shall have higher priority; the base 

layer works alone, but the enhancement layers require the base layer. 

4.8 CG node architecture 

CG nodes have not to process E2ESP. CG boundary nodes police incoming traffic to 

ensure that the traffic entering the CG domain is in accordance with the domain’s service 

provisioning policy. CG boundary nodes have also an Admission Control functional 

block. Unlike the FG AC, it processes requests in a per class basis and takes into account 

the domain resources and not the link resources. CG interior nodes are simpler than CG 

boundary nodes.  
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Figure  4.13: CG boundary router 
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Figure  4.14: CG interior router 
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Figure  4.15: Hybrid CG boundary router architecture 

4.8.1 Control Plane 

CG boundary nodes have a local provision policy, which defines the Admission Control 

rules, and is aligned with the domain’s provision policy. The local provision policy may 

be static or dynamic. When static it does not interact with external entities; when 

dynamic it may change over the time by interacting with a resource management 

framework, through a domain management client. The resource management framework 

is not addressed in this work. The local provision policy may consist in the specification 
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of the maximum bandwidth to be shared among all boundary links of each boundary 

node; the resource management framework may control the amount of bandwidth to 

assign to each boundary CG node, based on the traffic load observed inside the domain. 

The CG Admission Control processes requests from the peer boundary nodes. These 

can arrive via a boundary signalling protocol, or by E2ESP. The boundary signalling 

protocol enables per boundary nodes to align their policies, which are class oriented, and 

not flow aware. Using E2ESP, the peer boundary nodes become aligned in terms of AD 

flows, but not in terms of the BE and LBE classes. To be E2ESP aware, the CG 

boundary node must implement external the FG network interfaces — Hybrid CG 

boundary node. Those interfaces are controlled by a FG QoS Manager, which interacts 

with the CG QoS Manager. The FG QoS Manager manages the resources made available 

by the CG QoS Manager.  

4.8.2 Data Plane 

Only CG boundary nodes police incoming traffic, making interior nodes simple nodes. 

Unlike FG nodes, the CG nodes do not shape AD flows. Packets are classified and 

scheduled in a class basis. The AD class has the highest priority, and the LBE class the 

lowest. Nevertheless, some residual bandwidths may be supported by the schedulers in 

order to avoid BE or LBE flow starvation. In domains with sufficient resources and 

efficient AC at boundary nodes, scheduling in the interior nodes may be simplified. For 

instance, the BE and LBE classes may be treated equally, implementing no 

differentiation between these classes what makes interior nodes very simple. The external 

interfaces of a CG boundary node must police incoming traffic, even if attached to a 

domain under the same administration. 

4.9 IP tunnelling 

With the transition from IPv4 to IP6, Virtual Private Networks (VPN), and Mobile IP, 

tunnels are becoming important. While IP tunnelling protocols provide address and 

routing transparency [rfc2003][rfc2473][rfc2784], ScalServ complements them with QoS 

transparency. Two tunnel modes are proposed: 

• Leased line: the inner flows see the tunnel as a leased line. The outer IP packets 

are marked as AD (Figure  4.16-a), and the TSPEC of the respective reservation 

considers the TSPEC of the inner AD flows plus some resources for the inner BE 

and LBE flows. This approach is adequate to the deployment of VPNs. 

• Class mapping: the outer IP packets are marked with the same class code point of 

the inner packet (Figure  4.16-b). The outer AD packets are processed as one AD 
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flow, which reservation take into account the TSPEC of the inner AD flows. This 

approach is adequate for the majority of the tunnelling scenarios because the QoS 

received by inner flows is similar to the QoS they would receive without 

tunnelling. The reservation at the outer IP layer only is needed when there are AD 

flows to be tunnelled. When tunnelling only BE packets, the tunnel is 

implemented as in flat BE networks. From the endpoints perspective, the tunnel is 

seen as one flow identified by two IP addresses and the protocol ID (Next Header 

in IPv6). From the QoS perspective, the tunnel may be split in three flows, one for 

each class, identified by two IP addresses, the protocol ID, and the ScalServ code 

point.  
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Figure  4.16: Tunnel modes 

Figure  4.17 shows a sender oriented signalling example, where the tunnel reservation 

is setup at arrival of the first inner reservation request. When the end-points are CG 

nodes of the same domain, the tunnel reservation does not exist. 
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destination 
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Figure  4.17: IP tunnelling — signalling example 

4.10 IP mobility 

This section discusses the ScalServ deployment assuming node mobility. We consider 

Mobile IP and assume that micro-mobility is provided by layer 2 solutions. 
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4.10.1 Mobile IP and micro-mobility protocols 

IETF has defined the Mobile IP protocol ([rfc3344][rfc3775]) which ensures correct 

routing of packets to a mobile node when the mobile node changes its point of 

attachment to the Internet. The main drawback of Mobile IP is its lack of support for 

fast handoff. There have been proposed extensions to Mobile IP to deal with this 

problem [RB03][Cam02][Das00][OC00]; they are named IP micro-mobility protocols. All-

IP scenarios, such as fourth generation (4G) networks, will rely on packet switching 

technologies. However, it is not clear if the mobility will reside only at IP layer. Packet 

switched protocols for wireless networks are evolving to support micro-mobility at link-

layer; the IEEE 802.21 ([802.21]), for instance, is developing standards to enable 

handover and interoperability between heterogeneous network types including both 802 

and non 802 networks; the IEEE 802.16e ([802.16]) and IEEE 802.20 ([802.20]) enable 

mobile broadband wireless access systems. On the other hand, some authors such as 

Newman ([New04]) show the technical difficulties of the direct application of IP 

technology to the actual radio access network (RAN) of public wireless cellular networks.  

4.10.2 ScalServ and Mobile IPv6 proposal 

It may be important to provide Quality of Service (QoS) to the packets sent by or 

destined to MN, as it moves. The QoS requirements of Mobile are identified in [rfc3583]. 

Next we present the support of ScalServ to Mobile IPv6, assuming that the micro-

mobility is provided by link-layer protocols. 

Mobile IPv6 defines two modes for communications between the mobile node and a 

correspondent node: bidirectional tunnelling and “route optimization”. In the first case, 

the packets from the correspondent node are routed to the home agent and then 

tunnelled ([rfc2473]) to the mobile node; packets destined to the correspondent node are 

tunnelled from the mobile node to the home agent (“reverse tunnel”) and then routed 

normally to the correspondent node. The second case, “route optimization”, requires the 

mobile node to register its current binding at the correspondent node, and packets from 

the correspondent node can be routed directly to the care-of address of the mobile node; 

when routing packets directly to the mobile node, the correspondent node sets the 

Destination Address in the IPv6 header equal to the care-of address of the mobile node, 

and adds a type 2 routing header with the home address;  similarly, the mobile node sets 

the Source Address in the packet’s IPv6 header to its current care-of address, and adds a 

destination option header to carry its home address. 

The deployment of Mobile IP within best-effort, BE and LBE classes is 

straightforward. In what concerns the AD service class, further discussion is required. 

When using the bidirectional tunnelling mode, the AD reservations pass through the 
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home agent, and see the tunnel between the home agent and the mobile node as a link. 

The QoS tunnel can be implemented using the ScalServ Class mapping tunnel mode. If 

the CoA changes (handoff) the outer reservation must be renewed, but the inner 

reservations remain unchanged. In what concerns the “route optimization” mode, the 

signalling follows the flow path, so it must use the CoA and the correspondent node’s 

address. In order to make IP mobility transparent, the end-QoS managers must use the 

CoA for the reservation, but must use the mobile node home address when dealing with 

the applications through the API; this implies that E2ESP carries out the home address 

in an additional information element.  
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Figure  4.18: ScalServ and MIPv6 scenario 

In order to help fast handoff, two functionalities are introduced: tolerant AD 

forwarding and E2ESP end-node address update.  

Tolerant AD forwarding. In order to avoid discard or remarking of AD packets while 

the reservation through the new Access Router (AR) is not established, FG mobile 

entities such as the home agent, the mobile node, and intermediate FG or Hybrid CG 

nodes must enable the forwarding of the first AD packets while the reservation is not 

setup. AD packets without reservation are forwarded until a deadline or a packet count 

threshold is achieved.  

E2ESP end-node address update. When an handoff occurs the mobile node CoA 

changes, but the QoS requirements of the tunnel between the home agent and the mobile 

node remain, and some of the FG nodes in the new path are likely to be the same. In 

order to optimize the process of releasing and setup the tunnel AD reservation, the FG 

nodes remaining in the new path change only the Filter SPEC. Figure  4.19 shows a 

sender oriented example. After the handoff, the mobile node registers the new CoA, the 

home agent changes the destination of the tunnel packets, and sends a PATH+RESV 
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UPDATE messages to the new CoA. The PATH+RESV UPDATE message contains the 

older and the new FSPECs. Each FG node verifies the message. If the old FSPEC 

matches an active reservation, then the FSPEC reservation is replaced by the new 

FSPEC, and forwards the message; if the next-hop is not the same of the old reservation, 

then the FG node triggers a RELEASE message to the old next-hop; if the old FSPEC 

does not match an active reservation, then the message is processed as a normal 

PATH+RESV message. After the reception of a CONF message, the sender refreshes the 

reservation with the normal PATH+RESV messages. 
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Figure  4.19: E2ESP end-node address update example (sender oriented) 

4.11 Transition to ScalServ 

A ScalServ region is a set of one or more contiguous ScalServ domains. IP packets 

coming from a non-ScalServ region shall be marked, when entering ScalServ region, as 

non-guaranteed (SSCP=11). When a FG node receives E2ESP signalling packets from a 

non-ScalServ region it must indicate the reservation as non-guaranteed. The task of 

accepting or rejecting a non-guaranteed AD flow it left to applications.  

The AD service class does not offer hard-guarantees, that is, the AD service stands for 

a qualitative but not for a quantitative QoS. This paves the way for a smooth transition 
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process from current best-effort networks. A 3 stage transition is proposed. We use the 

reference scenario where the customer’s host is connected directly to an ISP Access 

Router, in order to describe the transition. 
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Figure  4.20: Transition scenario — first stage 
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Figure  4.21: Transition scenario — second stage 
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Figure  4.22: Transition scenario — third stage 

 

In the first stage, the host’s operating systems is upgraded in order to support 

ScalServ. We assume that (1) the bottlenecks are at the access link, and (2) the services 

offered by the Edge Core networks and the backbone Core networks give a reasonable 

treatment for the AD service class. Given that the AR does not differentiate packets by 

ScalServ service class, the host must (1) police all incoming traffic, and (2) assume a link 
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bandwidth p’<p for the downlink; although less efficient, a lower bandwidth usage 

decreases the congestion probability of all packets at the AR. We assume that 

application flows are TCP friendly, that is, if a flow is policed to a rate r’ at the 

destination host, then the application in the source host tend to send information at no 

more than r’.  

In the second stage, the ISP supports ScalServ only at boundary nodes, in a per class 

basis, and the SLA made between customers and the ISP are based on the ScalServ 

service classes. After this stage, the ISP may start the transition of its legacy interior 

nodes to ScalServ.  

Finally, in the third stage, all nodes support ScalServ. It is possible to establish 

guaranteed AD reservations between all hosts. 

The support of hybrid nodes enhances the QoS over the access link enabling an 

efficient usage of the link layer at downlink; it can be implemented during the second or 

third stages. Another transition aspect is to provide mechanisms that allow non-ScalServ 

applications to receive ScalServ QoS, without modifying them. Two approaches are 

presented: 

• Multimedia applications tend to make use of session signalling protocols like SIP 

and RTSP. These protocols may be intercepted by the QoS Manager. The 

interception is done at the source host by upgrading the session signalling protocol 

library to invoke the QoS Manager, or through a session signalling protocol proxy, 

which would implement the QoS Manager. The QoS Manager decides to which 

class the flow is associated, and when the AD is selected it acts as the E2ESP end-

point.  

• The QoS manager observes the flows, marks its packets according to a previously 

defined administrative classification, and triggers E2ESP for AD flows. 

4.12 Validation 

In this section we validate the scheduling and shaping algorithms proposed for the FG 

nodes in Section  4.6. We used the parsec [BMTYXM98][parsec] simulation language. The 

simulation carried out aimed at verifying the following: 

• BE/LBE differentiation enables interactive and background applications to share 

the same link, using work-conserving scheduling. We argue that there is not an 

appreciable decrease of responsiveness of interactive applications, and the 

starvation of background applications is avoided. 
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• AD/BE differentiation allows real-time applications to share the same link with 

bursty applications, providing QoS to real-time (AD) flows. 

• Discrete shaping provides a firm control of the maximum reshaping delay; 

aggregate shaping provides low average reshaping delays. 

 

The simulations are based in a single FG node, and each run has a duration of 300 

ms. The TCP model used is the Reno variant [Ste94]. The BE and LBE queues have a 

length of 30 kbytes. 

4.12.1 BE/LBE differentiation 

Figure  4.23 shows the simulation model. For each simulation run, a HTTP session and a 

FTP file transfer compete along a bottleneck link of 512 kbit/s. The HTTP session is 

composed by eight consecutive HTTP requests of 30 kbytes each, and each request uses a 

new TCP connection. All TCP flows have fixed length packets of 1500 bytes. Each run 

ends at the end of an HTTP session. 

 

HTTP server HTTP client

Scheduler

FTP server FTP client

512 kbit/s

 
Figure  4.23: Simulation model — BE/LBE differentiation 

 

We selected 5 scenarios: 

1. HTTP alone, as a reference scenario; 

2. HTTP and FTP marked as BE (flat BE); 

3. HTTP as BE and FTP as LBE with a residual rate of 3%; 

4. HTTP as BE and FTP as LBE with a residual rate of 5%; 

5. HTTP as BE and FTP as LBE with a residual rate of 10%. 

 

Figure  4.24 and Table  4-2 show the simulation results. When the FTP flow is marked 

as LBE, the HTTP transference time, tend to . As 

expected, the transference time of the HTTP flow in the simulations 3, 4, and 5, is nearly 

the transference time of the HTTP alone incremented by 2,51%, 4,57%, and 9,39%, 

respectively; this is nearly proportional to the residual rate. Since the residual rate 

)_/(_ rateresidualpdatahttp −
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contributes for the increasing of the transference time, it should not be higher than the 

value required to avoid LBE flow starvation. 

In what concerns the throughput, the FTP flow, when marked as LBE, uses no more 

than the residual rate, and provides HTTP with a throughput higher than the obtained 

in the flat BE scenario. The link efficiency of 100% shows that the scheduling is work-

conserving. 
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Figure  4.24: HTTP bytes transferred 

 

Table  4-2: BE/LBE differentiation - simulation results 

Transference time (ms) Throughput (kbit/s) Scenario Flow 
expected verified expected verified 

Link 
usage

HTTP 3750 3750 512 (100%) 512 (100%) HTTP alone 
FTP - - - - 100%
HTTP - 6374 (+70,0%) - 316 (61,7%) HTTP BE 

with FTP BE FTP - - - 196 (38,3%) 100%
HTTP 3866 (+3%) 3843 (+2,5%) 497 (97%) 500 (97,7%) HTTP BE 

with FTP 
LBE (3%) 

FTP 
- - 15 (3%) 12 (2,3%) 100%

HTTP 3947 (+5%) 3913 (+4,4%) 486 (95%) 491 (95,9%) HTTP BE 
with FTP 
LBE (5%) 

FTP 
- - 26 (5%) 21 (4,1%) 100%

HTTP 4167 (+10%) 4101 (+9,4%) 461 (90%) 468 (91,4%) HTTP BE 
with FTP 
LBE (10%) 

FTP 
- - 51 (10%) 44 (8,6%) 100%
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4.12.2 AD/BE differentiation 

Figure  4.25 shows the simulation model for this case. For each simulation run a video-

telephony session, a video-streaming session and two HTTP sessions compete for a 

bottleneck link of 512 kbit/s. The video-telephony session is composed by a CBR audio 

flow of 12 kbit/s and M=90 bytes, and a CBR video flow of 64 kbit/s and M=1500 

bytes. The video-streaming session is composed by a CBR audio flow of 64 kbit/s and 

M=40 bytes, and a CBR video flow of 256 kbit/s and M=1100 bytes. Both HTTP 

sessions are composed by a high number of consecutive HTTP requests of 200 kbytes, 

where each request is a new TCP connection. The packet lengths of the first and second 

HTTP sessions are of 1500 bytes and 90 bytes, respectively.  

 

audio
(video-tel.)

Scheduler

video
(video-tel.)

audio
(str.)

video
(str.)

http1 server

http2 server

recv audio
(video-tel.)

recv video
(video-tel.)

recv audio
(str.)

recv video
(str.)

http1 client

http2 client

512 kbit/s

(12 kbit/s, 90 bytes)

(64 kbit/s, 1500 bytes)

(64 kbit/s, 40 bytes)

(256 kbit/s, 1100 bytes)

 
Figure  4.25: Simulation model — AD/BE differentiation 

There are two simulations scenarios: 

1. all flows marked as BE (flat BE); 

2. the video-telephony flows marked as AD and the others as BE. 

 

In a flat BE scenario, the maximum delay that any packet may suffer since it leaves 

the shaping until be served is less or equal to , i.e., 

. On the other hand, when the video-telephony packets are 

marked as AD they are not delayed more than D, where  

= . The results of the simulations for both scenarios 

are as expected: the maximum delay in the flat BE scenario is of 468,7 ms while, in the 

AD differentiation scenario, the maximum delays for the video-telephony audio and video 

flows are 48,2 ms and 46,9 ms, respectively. 

plengthQueue /_
ms75,4688512/30000 =×

pMbbD BEtelvidetelaudi /)( __ ++=
ms3,48512/8)1500901500( =×++

Figure  4.26 shows the first 4 seconds of 

simulations for each scenario. 
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In what concerns the throughput, there is a significant difference between the flat BE 

scenario and the scenario with AD/BE differentiation: the latter offers a much more 

stable throughput for video-telephony flows (lower variation), and the average 

throughput of the packets sent and received are equal, which demonstrates a zero packet 

loss. The variation in AD flows is due to D: the lower is D, the lower is the throughput 

variation. 

In the flat BE scenario all flows are subject to eventual packet loss. This may be a 

major concern for real-time flows. Depending on the end-to-end service deadline, a service 

such as streaming may have enough time to apply robust Forward Error Correction 

(FEC) mechanisms [WZ01][RJ00] over multiple packets to allow an appreciable packet 

loss recovery. However, for other real time services, such as video-telephony, the 

deadlines are short, not allowing for such packet loss recovery. As can be observed in 

Table  4-3, the telephony video flow has a high packet loss (20%), which may turn video 

communication imperceptible. Figure  4.28 shows a case where telephony and streaming 

video flows suffer a packet losses of 76% and 18% during 7 seconds, due to the TCP 

(http1) slow start. As expected, with AD/BE differentiation the AD flows do not suffer 

any packet loss, enabling an eventual lower FEC processing time, and contributing for a 

low end-to-end service delay. 

 

Table  4-3: AD/BE differentiation - simulation results 

Scheduling delay 
(ms) 

Throughput (kbit/s) Packet 
loss 

Scenario Flow 

Max. Average Max. Average Min. Average 
Audio (tel.) BE 468,3 289,1 14,0 11,8 6,0 1,8%
Video (tel.) BE 468,4 267,3 69,0 51,1 24,8 20,0%
Audio (str.) BE 468,7 290,0 127,6 63,5 4,7 0,7%
Video (str.) BE 468,2 290,9 308,6 241,6 100,0 5,5%
http1 BE - - 283,2 139,5 80,7 -

Flat BE 

http2 BE - - 31,5 5,4 3,0 -
Audio (tel.) AD 48,2 11,1 12,4 12,0 10,5 0,0%
Video (tel.) AD 46,9 31,4 64,4 64,0 55,9 0,0%
Audio (str.) BE 569,9 333,0 209,2 63,8 4,6 0,2%
Video (str.) BE 550,3 324,8 324,3 235,5 98,0 7,8%
http1 BE - - 252,0 131,4 78,9 -

AD/BE 

http2 BE - - 29,0 5,2 2,5 -
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Figure  4.26: Scheduling delay without and with AD/BE differentiation 
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Figure  4.27: Throughput without and with AD/BE differentiation  

 

0

10

20

30

40

50

60

70

80

0 5 10 15 20 25

time (s)

cu
m

ul
at

iv
e 

lo
ss

 (
kb

yt
e)

audio (tel.) BE

video (tel.) BE

audio (str.) BE

video (str.) BE

0

10

20

30

40

50

60

70

80

0 5 10 15 20 25
time (s)

cu
m

ul
at

iv
e 

lo
ss

 (
kb

yt
e)

audio (tel.) AD

video (tel.) AD

audio (str.) BE

video (str.) BE

 
Figure  4.28: Packet loss without and with AD/BE differentiation 
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4.12.3 AD discrete and aggregate shaping 

Figure  4.29 shows the simulation model for this case. For each simulation run two CBR 

AD flows, audio and video, are carried out in a link of 512 kbit/s. The CBR audio flow is 

12 kbit/s and M=90 bytes; the CBR video flow is 64 kbit/s and M=1500 bytes. Before 

reaching the shaping block each flow passes through a link with random jitter delay, 

whose maximum values are 10ms for the audio flow and 50 ms for the video flow. 

Depending on the simulation scenario, the shaping is a token bucket for each flow — 

(r , b ), (r , b ),audio audio video vide  b =Maudio audio and b =Mvideo video — or a single token bucket for both 

flows — (r +r , b +b )audio video audio video . 
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Figure  4.29: Simulation model — discrete and aggregate shaping 

 

There are two different scenarios: 1) discrete shaping, and 2) aggregate shaping. Table 

 4-4 shows the mains results, while Figure  4.30 and Figure  4.31 show the first 60 seconds 

of simulation of each scenario. As expected, the average delay using discrete shaping 

tends rapidly to the maximum delay, while aggregate shaping presents much lower 

values. On the other hand, by using aggregate shaping the maximum delay of audio and 

video packets tends to be the same (≈50 ms). 

 

Table  4-4: Simulation results - discrete and aggregate shaping  

Scenario Flow Link jitter 
(ms)

Max. delay 
(ms)

Average delay 
(ms) 

Audio 10 10 9 Discrete 
shaping Video 50 50 49 

audio 10 49 6 Aggregate 
shaping video 50 50 37 
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Figure  4.30: Discrete shaping 
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Figure  4.31: Aggregate shaping 

4.13 Comparison with related work 

While the IntServ model does not scale for core networks, the DiffServ model has not the 

flexibility required for networks having complex topologies. A third approach is to use 

IntServ over DiffServ, which uses of the best of both models and avoids some of their 

limitations.  

Two main PHB types have been defined for the DiffServ QoS framework: the AF and 

the EF. AF is comparable to the IntServ Controlled-Load service, while EF is 

comparable to the IntServ Guaranteed service. The EF PHB has been criticized by the 

Internet2 QBone project [TS02] due to implementation and economical restrictions. 

Nevertheless we foresee that, if available, the EF PHB will be used to support aggregate 

flows and not microflows; it will be a substitute of the actual leased-lines and, most 

probably, it will not be used in the IntServ over DiffServ models. Two possibilities 

emerge: (1) IntServ G over DiffServ AF, or (2) IntServ CL over DiffServ AF. The first 
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possibility has a main drawback: the IntServ G service requires that the DiffServ region, 

between two IntServ enabled Edge Routers, acts as a link, and some parameters such as 

the error delay terms Di and Ci must be given by the ER or DiffServ Boundary Router. 

Since the PHB to use is of AF type, there is no determinist way of assuring these 

parameters; a statistical worst case could eventually be used in small topologies, such as 

a small number of contiguous DiffServ domains under the same administration, but the 

solution could never scale to the entire Internet. The second possibility seems more 

adequate, since there is no need to calculate delay error terms.  

The ScalServ AD service class has evolved from the IntServ CL over DiffServ AF. The 

DiffServ drawback is its flexibility for DSCP remarking, and the inexistence of 

mandatory global AF classes. Two flows coming from different remote domains, 

expecting the same treatment, may receive a different PHB when traversing a DS 

domain. ScalServ defines three clear service classes. The IntServ over DiffServ framework 

does not define the DiffServ class to map the IntServ CL class; both the BE and the 

IntServ CL traffic may be mapped over the same DS class.  

Besides the two service classes, AD and BE, the ScalServ also defines a “worst than 

best-effort” service class, the LBE, intended to provide efficient resource usage in local 

and core networks. Unlike some proposals for non-elevated services, such as ABE, BEDS, 

EDS and QBSS, the LBE complements the AD service class and do not substitute it. 

The non-elevated services ABE, BEDS, EDS, and QBSS, do not offer any bandwidth 

guarantee and they imply a less efficient network usage. These services assume that (1) 

for most of the time, bandwidth is not a major issue, and (2) there is no need to support 

real time applications with low packet loss. In ScalServ we assume that the cost of 

having explicit resource allocation is acceptable, when considering the benefits provided 

to applications. Using the AD service, a critical application may run concurrently with 

bursty applications. 

4.14 Conclusions 

This chapter proposes a new IP QoS framework, evolved from the IntServ over DiffServ 

model, having the following characteristics. 

3 service classes. Besides the standard BE service class, two new classes are added, 

the LBE and the AD. BE is expected to be the reference class. LBE shall be used by 

applications with low interactivity requirements, such as peer-to-peer file transfer, giving 

to BE interactive applications the expected response time, even over loaded links. AD is 

expected to be the service class for demanding applications, such as video-telephony, 

which do not found the required low packet loss and low end-to-end delay in flat BE 
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networks. Each service class has its code point, which is marked in the packet at the 

source, and shall not be changed on the path, thus allowing for a simple packet 

classification mechanism. A scheduler is proposed that allows the desired class 

differentiation and contributes for a good network usage efficiency. 

End-to-end signalling. BE applications and less demanding applications (LBE) still do 

not require any signalling. However, more demanding applications may benefit from an 

end-to-end signalling, which allows for applications synchronization, and resource 

reservation on bottleneck links. 

Two type of QoS granularity. Nodes and networks are classified in terms of QoS 

granularity: FG and CG. Networks with links that may act as bottleneck are more likely 

to be of the FG type, while networks with simple topologies, such as core networks, or 

over-provisioned, are more likely to be of the CG type. Nodes of the CG type process AD 

packets per flow, while CG nodes process packets per class. AD signalling is processed 

only by FG nodes. 

Two type of reshaping. FG nodes must reshape AD flows. Two approaches are 

proposed: discrete shaping and aggregate shaping. The first provides a fine control over 

individual AD flows, while the second provides a more efficient resource usage. 

Tunnel QoS mapping. Tunnels are becoming important with the upcoming of IPv6, 

MIP, and the proliferation of VPNs. Two modes are proposed: leased line and class 

mapping. The first is more indicated for VPNs, which require higher guarantees; the 

second is adequate for the IPv4 to IPv6 tunnelling transition process, and MIP tunnels 

between the home agent and the mobile node. 

Mobility support. When compared with the IntServ over DiffServ model, i.e. IntServ 

CL/RSVP over DiffServ AF, ScalServ contributes for the mobility in two layers: IP and 

link layer. For the first, the Tolerant AD forwarding and the E2ESP end-node address 

update, provide seamless reservations; for the second, the congestion avoidance 

mechanisms enable the support of wireless links. 

 

 





 

Chapter 5  

ScalServ over UMTS 

In this chapter we propose a solution for deploying ScalServ over UMTS, and compare it 

with the ARROWS approach.  

5.1 Network architecture 

From the IP point of view, the service given by the UMTS Non Access Stratum is a 

logical link (PDP Context) between the TE (node) and the GGSN (access router) which 

makes the entire UMTS network similar to a boundary link. In the scenario selected the 

TE is a FG host and the GGSN is a boundary CG node. Figure  5.1 shows the network 

architecture. The GGSN (CG boundary router) does not support E2ESP. This approach 

has the main disadvantage of not policing the AD flows in the downlink, but has the 

advantage for the UMTS operator of not having to support per flow signalling.  
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Figure  5.1: Network architecture of a ScalServ over UMTS proposal

5.2 Control Plane 

The UMTS SAP for establishing PDP Contexts is the SMREG-SAP. Due to the 

SMREG-SAP asymmetry, the ScalServ Admission Control and Congestion Avoidance for 

the AD reservations over the PDP context in the downlink is extended by the TE and 
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not by the GGSN as it would be expected in a non-UMTS network. As a side effect, the 

GGSN becomes simpler. 
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Figure  5.2: Control architecture 

5.2.1 Signalling 

This work does not define the E2ESP protocol. However, we present in Figure  5.3 and 

Figure  5.4 two sender initiated reservations, where the sender is the TE. Figure  5.3 

shows the activation of a Secondary PDP Context for the AD traffic. Figure  5.4 shows 

the modification of the Secondary PDP Context caused by the arrival of a new flow. As 

it can be observed, the GGSN does not process E2ESP signalling. 
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Figure  5.3: Secondary PDP Context establishment
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Figure  5.4: Secondary PDP Context modification 
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5.2.2 PDP Contexts and class mapping 

We propose the usage of two PDP Contexts, one for the AD traffic and another for BE 

and LBE traffic. The reason behind the selection of two links is related to the UMTS 

classes’ guarantees. For the AD PDP Context the selected class is Conversational; it 

provides the best guarantees in terms of average bandwidth and maximum delay, which 

are adequate for AD traffic. For the other classes (BE/LBE) the UMTS class selected is 

Interactive, since it provides better responsiveness than the Streaming or the Background 

classes. The BE and LBE traffic is not sent through the AD traffic PDP Context because 

the Conversational PDP context is expensive. However, the LBE traffic is sent over the 

same PDP Context as the BE traffic in order to increase efficiency and avoid the need of 

determining the bandwidth of a third PDP Context for LBE traffic.  

The primary PDP Context is the Interactive, which is also the default PDP Context; 

it transports BE and LBE traffic. The Secondary PDP Context is activated when there 

is, at least, one AD reservation.  

 

Table  5-1: PDP Context and CoS mapping 

PDP Context UMTS class ScalServ class 

Primary Interactive BE and LBE  
Secondary Conversational AD 

 

5.2.3 Parameters mapping 

There are several possibilities for mapping QoS parameters. Our proposal is shown in 

Table  5-2.  

In [rfc2460] the minimum IPv6 MTU is 1280 octets, and it also recommends that links 

with configurable MTU shall have an MTU of 1500 octets at least; following these 

recommendations, we define the Maximum SDU size parameter as 1500 octets. For the 

Conversational PDP Context, we assume that the Maximum bitrate and Guaranteed 

bitrate have the same value. In [RSDR02] the delivery order parameter’s value proposed 

for IPv4 and IPv6 is “No”. In fact, delivery order is not crucial for IP, and reordering 

may induce higher link layer transfer delays.  

With what concerns the remaining QoS parameters, Residual BER, SDU error ratio, 

and Transfer Delay, these are likely to be a result of the UMTS operator strategy. Table 

 5-2 presents some possible values, which shall be seen as examples. 
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Table  5-2: QoS parameters mapping 

ScalServ class AD BE and LBE 
UMTS class Conversational Interactive 
Direction UL DL UL DL 
Maximum bitrate (kbit/s) (=p) MBADul MBADdl MBBEul MBBEdl

Delivery order No No No No 
Maximum SDU size (octets) (=M=MTU) 1500  1500 1500 1500 
SDU format information  - - N/A N/A 
Delivery of erroneous SDUs No No No No 
Residual BER  10-6 10-6 6*10-8 6*10-8

SDU error ratio  10-5 10-5 10-6 10-6

Transfer delay (ms)  100 100 N/A N/A 
Guaranteed bitrate  MBADul MBADdl N/A N/A 
Traffic handling priority - - - - 
Allocation/Retention priority - - - - 

 

5.2.4 Traffic Flow Template 

The Traffic Flow Template (TFT) [TS24.007] is quite simple: packets having ScalServ 

field equal to 00 or 01 (BE and LBE classes) are sent through the primary PDP Context; 

packets with SS field equal to 10 are sent through the secondary PDP Context. 

Assuming that the ScalServ field consists of the two most significant bits of the ToS 

field, then in the TFT Information Element [TS24.008], the packet filter component type 

identifier shall be "Type of service/Traffic class type", and the packet filter component 

value field shall be encoded as a sequence of one octet Type-of-Service/Traffic Class field, 

and one octet Type-of-Service/Traffic Class mask field. Each PDP Context is activated 

with a TFT corresponding to the classes of the traffic to be transported. 

 

Table  5-3: Packet filter component value for the TFT IE 

PDP Context Classes ToS/Traffic Class ToS/Traffic Class mask 

 bits 0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7 

Primary BE and LBE 0 0 0 0 0 0 0 0 0 0 0 0 0 0 1 0 

Secondary AD 0 0 0 0 0 0 1 0 0 0 0 0 0 0 1 1 

 

5.3 Data Plane 

The UMTS bearers have some particularities which make them slightly different from 

traditional logical link layers. In [TS24.007] the UMTS bearers’ policies may be defined 

as a double token bucket for the Conversational class (secondary PDP Context) and a 

single token bucket for the interactive class (primary PDP Context). Assuming that for 

the Conversational class the Maximum Bitrate (MB) is equal to the Guaranteed Bitrate 
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(GB), they can be modelled as a single token bucket. Each PDP Context policies may be 

modelled as a single token bucket with bitrate of MB bit/s and maximum packet size of 

M bytes (octets). The IP schedulers are configured with p=MB. In the uplink (Figure 

 5.5), the QoS Manager at TE maintains the shapers/policer for the AD flows. In the 

downlink (Figure  5.6), there is no traffic policing in a per flow basis for AD flows; 

policing is done in a per class basis for all the classes. 
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Figure  5.5: Traffic control at TE for uplink 
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Figure  5.6: Traffic control at GGSN for downlink 
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5.4 Comparison with ARROWS IP QoS 

Compared with the ARROWS IP QoS framework, the ScalServ over UMTS proposal has 

a simpler architecture, a more efficient IP scheduling, and a lower signalling overhead.  

In ARROWS, the applications choose between BE or the IntServ Guaranteed service. 

When selecting the latter, applications also specify a sub-service. The BE traffic is 

carried out through the primary PDP context. Based on the sub-service, the QoS 

Manager decides in which secondary PDP Context a reserved flow is to be carried out. In 

ScalServ, the applications may select between the AD, BE or LBE service classes. BE 

and LBE packets are carried over the primary PDP Context, while the AD packets are 

carried through a unique secondary PDP Context. 

ScalServ IP scheduling is more efficient than the ARROWS solution; AD flows are 

multiplexed into the same PDP Context, while in ARROWS, the flows are carried out in 

different PDP Contexts. ARROWS approach is based on the UMTS scheduling 

efficiency, which induces a significant link layer signalling overhead. Each time a PDP 

Context modification is received from the network, there is a high probability that a 

reservation needs to be modified or even released. ScalServ multiplexes all the AD flows 

into the same PDP Context, thus contributing for a lower end-to-end signalling 

overhead. ScalServ takes into account the priority that applications give to their AD 

flows (RP). 

ScalServ AD service class is similar to the IntServ Controlled-Load service, which 

offers QoS guarantees softer than the IntServ Guaranteed service, but has a higher 

flexibility.  

ARROWS defines five sub-services for the IntServ Guaranteed service while ScalServ 

defines only the AD service class. While in ARROWS this was essential for the correct 

evaluation of the radio algorithms, it is not for the Internet. From our point of view, the 

cost of having sub-services in spite of having a single service class such AD is higher than 

the benefits it provides. Application designers and programmers tend to use the service 

class which is more convenient for the application, and not necessarily the class which is 

more adequate for network efficiency.  

The ARROWS QoS Manager needs to manage network PDP Context modifications, 

which are not supported by RSVP. In opposition to ScalServ, the ARROWS proposal 

handles only the PDP Context modifications if the TE acts as an end-host and not as a 

router. 
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ARROWS does not define a “worst than best-effort” service class, which may be 

important when considering file transfer applications such as peer-to-peer applications 

with no interactive requirements. 

In ARROWS the NSAPI of the corresponding PDP Context is marked in each IP 

packet. This allows for a simpler TFT, thus a simpler UMTS classification. However this 

implies that RSVP needs to transport the NSAPI value chosen by the QoS manager in 

TE. In ScalServ, all the AD packets are sent through the same PDP Context and marked 

with a well known value; for that reason, the TFT becomes also simple and is always the 

same.  

5.5 Conclusions 

UMTS imposes restrictions which are not found in the majority of the link layer 

protocols. There are some possibilities for deploying ScalServ over UMTS. This chapter 

presents one approach which has the characteristic of avoiding end-to-end signalling and 

per-flow shaping at GGSN. This proposal includes the architecture, the main aspects 

related to the end-to-end signalling, the PDP Contexts required, QoS parameters 

mapping, TFT, shaping and scheduling. 

Some of the ARROWS characteristics were forced by the implementations and by the 

project demands; so it is not necessarily the best IP QoS framework over UMTS. The 

ScalServ over UMTS proposal has not these restrictions. The ARROWS approach is 

UMTS oriented; for ScalServ, UMTS is seen as a link layer technology with particular 

requirements. The ScalServ over UMTS proposal is simpler and flexible than the 

ARROWS solution. 

 

 

 





 

Chapter 6  

Conclusions 

The objectives defined for this thesis were met. We proposed an IP over UMTS QoS 

framework for the IST ARROWS project, which was specified, implemented and 

demonstrated. Since the implementation and demonstration phases were carried out by a 

colleague, the results obtained are not given in this thesis. They may be found in [AC02], 

[RRCD02], and [CC03]. The QoS manager has proved effective (1) in dealing with the 

asymmetry of the SAP provided by the UMTS bearer at TE and GGSN, (2) in mapping 

the IntServ reservations into UMTS PDP Contexts, (3) in handling the PDP context 

modification indications on behalf of RSVP, and (4) in giving QoS support to RSVP 

unaware applications. 

We also proposed Scalable Services, as a replacement for the existing best-effort 

Internet service. ScalServ is based on the IntServ over DiffServ proposal. The scalable 

term is used with two meanings: 1) networks can be added or enlarged without 

compromising the services offered, nor involving complex management redefinitions; 2) 

the framework applies to local, access and core networks, and from an end-to-end 

perspective. We defined three global service classes, AD, BE and LBE, which are 

expected to serve all type of applications. AD may need signalled reservations and it is 

used by demanding applications, such as video-telephony. Each service class has its code 

point that enables simple and universal packet classification mechanisms. Depending on 

the network characteristics and traffic behaviour, the nodes may be classified as Fine 

QoS Granularity or Coarse QoS Granularity; this classification has a correspondence with 

IntServ and DiffServ nodes in the IntServ over DiffServ model. The AD service class is 

processed per flow in FG nodes, and per class in CG nodes. Simulation results proved 

that (1) discrete and aggregate shaping is valid, and (2) the proposed FG scheduler is 

effective and contributes for a good network efficiency. We proposed two modes for 

preserving QoS in IP tunnels: leased line and class mapping. We also proposed two 

mechanisms, the Tolerant AD forwarding, and the E2ESP end-node address update, for 

mobile node reservations, contributing for a seamless IP mobility. For wireless networks 

we proposed a congestion avoidance algorithm and a reservation priority mechanism, 

which support resource modification in intermediate nodes and flow selection.  
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We proposed ScalServ as a solution for deploying multimedia applications over 

UMTS. In the architecture defined, the GGSN is kept simple; it does not process 

reservations, and processes packets per class. Using our mapping technique, ScalServ 

requires only two PDP Contexts. An UMTS Traffic Flow Template for IP packet 

classification, and shaping and scheduling mechanisms for TE and GGSN were also 

proposed. The ARROWS approach is UMTS oriented while for ScalServ UMTS is seen 

as a link layer technology with specific requirements. When compared with the 

ARROWS approach, this proposal has a simpler and more flexible architecture, a more 

efficient IP scheduling, and a lower signalling overhead. 

Future work 

Future work may include the following topics: 

 4.4  4.10• E2ESP specification. In Sections  and  we list some requirements for the 

end-to-end signalling protocol to use with ScalServ. This protocol must be 

specified in order to enable the ScalServ deployment. Both unicast and multicast 

traffic shall be considered. Although not ScalServ requirements, security issues, 

NAT traversal, and ad-hoc network peculiarities should be considered. Since our 

work did not specify E2ESP, some ScalServ aspects could not be validated. This 

validation should be carried out after the E2ESP definition. 

 4.8• Definition of a resource management framework for CG domains. In Section  

we do not address resource management. This aspect is important; a resource 

management framework for these domains should be defined. 

• Definition of a set of possible business models. In order to promote and deploy 

ScalServ to the Internet scale, business model should be defined.  

• Specification of ScalServ with Mobile IP and IP micro-mobility protocols. Sections 

 4.9  4.10 and  propose mechanisms which are essential for the deployment of mobile 

communications over ScalServ. However a complete architecture, considered with 

E2ESP, needs to be specified. Link-layer and IP micro-mobility protocols shall be 

seen as complementary; both shall be considered.  

• ScalServ deployment on ad-hoc networks with low resources, such as Body Area 

Networks (BAN) and Personal Area Networks (PAN). Ad-hoc networks have 

complex and unstable topologies. On the other hand, small networks such as BAN 

and PAN, aim at low power consumption. A ScalServ FG domain seems to be 

adequate for this type of networks. 
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