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1. Introduction

In the June 3GPP SA4 meeting a contribution on "Improved Session Setup and Bandwidth Adaptation" [1] has opened discussions about optimal multimedia streaming service implementation in a 3G network. This contribution proposes to extend the scope of the original discussion and is meant to establish a framework for further work in this area. It is proposed that 3GPP defines an exhaustive recommendation for RTP usage model for multimedia streaming in 3G mobile networks.

1.1. Motivation and Background

IETF has defined for real-time multimedia transport over IP the Real-time Protocol - RTP/RTCP [2]. The RTP/RTCP protocol specification is a general description of the functionality that RTP can provide, but the specification itself does not define how an application should use RTP/RTCP most efficiently in a given network environment. Application designers should consider commonly the characteristics of the real-time source and network environment in which the application operates, in order to achieve optimal delivered media quality in a given application scenario.

Mobile networks have specific characteristics (particularly the radio access networks and wireless links), so that a real-time multimedia transport application using RTP/RTCP should be designed specifically for mobile networks in order to achieve optimal performance. 

An RTP application firstly has to implement algorithms (transmitter and receiver respectively) complementing RTP (e.g. rate control) and utilising functionality provided by RTP (e.g. jitter buffer for restoring timing of the media stream). These                          algorithms have to be tuned to the specific network environment – in our case mobile network for an application to run optimally (mobile-aware RTP). Similarly, it should be defined how the mobile network is to handle the RTP flows (RTP-aware mobile network). It is proposed, that these "mobile-aware RTP" and "RTP-aware mobile" concepts for multimedia streaming applications be agreed upon in 3GPP.

Secondly, an application can get additional functionality (e.g., higher error robustness) by using IETF specified extensions or profiles of the baseline RTP (e.g., low-delay feedback [3]). Thus, introducing mobile specific RTP extensions can further improve the performance. It is proposed, that 3GPP should recommend usage of certain extensions for applications in the mobile environment.

1.2. Issues with an example application not designed for mobile environment

A video streaming server  located in the public Internet is connected through the Internet to the mobile operator's network. The streaming client runs in an UMTS mobile terminal which connects to this mobile operator network. The streaming server does not know about the UMTS QoS guarantee model [4] as the QoS negotiation and resource allocation is done only inside the UMTS network. The streaming client is aware of the UMTS network but it has no way to clearly indicate preferences for the different QoS options of a streaming service to the server, neither through control plane signaling nor RTCP.

The streaming server is designed to operate on the Internet and therefore uses a TCP-friendly packet rate control that tries to detect and react to possible network congestion. The UMTS network has reserved a dedicated bearer with a given "guaranteed bitrate", but the server assumes a best effort Internet model. 

Layer 2 re-transmission is applied at the air interface to achieve a lower RLC Frame Error Rate, which results in varying server to client transmission delay for different packets. This delay jitter can be interpreted at the server as a potential sign of Internet congestion,  since it  indicates high network load in a best-effort network As a result the server reduces its packet transmission rate . Similarly, varying radio conditions result  in varying packet loss, which in turn can be interpreted as Internet congestion at the server. An unnecessarily applied congestion control algorithm at the server results in under-utilisation of the reserved bearer.

The packet size is kept large by the server as usual on the Internet. The QoS profile inside the UMTS network associated with the stream has been negotiated to accommodate the a-priori unknown packet stream traffic. In particular to prepare for large transmission packet sizes a large "maximum SDU size" has been set. Large transmission packet, however, stretch through several RLC frames at the air interface so a given RLC Frame Error Rate results in a higher number of lost transmission packets. The network (air interface) has to apply strong error protection to be able to guarantee a given "SDU error ratio". This makes the realisation of the bearer unnecessarily expensive. The server being unaware of the mobile network characteristics does not attempt to decrease its transmission packet sizes.

1.3. Why should 3GPP recommend a RTP usage model for multimedia streaming in 3G mobile networks?

Analysis and summary of the previous example follows. Why is it not enough to let the different vendors implement applications using RTP in a mobile network as they want or operators to implement their network handling RTP streams as they want?

1. No vertical awareness (network <-> application) results in 

· Network: inefficient UMTS bearer utilisation, unnecessary high cost of implementation of a bearer.

· Application: delivered application quality of service is not optimal.

2. No horizontal awareness (server <-> client) results in

· Interoperability problems (i.e. no common anticipated server/client behavior,  no use of RTP enhancements supported only at one end).

Why is it beneficial to have 3GPP recommended "RTP usage model in mobile"?

1. Vertical awareness (network and application co-design)

· Assumptions that network makes about the application and application makes about the network are consistent.

· Better application quality if mobile specific algorithms and enhancements are used in the application e.g. for error robustness.

2. Horizontal awareness (server and client co-design) 

· Optimisation through mechanisms requiring implementation in both the server and client are possible.

2. Areas to be covered in the usage model

Based on detailed analysis of the 3G mobile network properties the RTP usage model for multimedia streaming in 3G mobile networks can be defined. At least the following specifics should be considered:

· Characteristics of different RANs (GERAN, UTRAN) and radio technologies.

· Robust Header Compression, Hand-over characteristics etc.

· Different application service models (i.e. service architecture) and related business aspects 

· QoS guarantee models, interpreting QoS Profile parameters

· Variation of available bitrate, packet loss, delay jitter, bit-errors over time.

The usage model can be divided into "RTP-aware mobile" (how the network handles a RTP stream) requirements:

· Service architecture (entities and their role).

· QoS provided by the network to RTP flows (e.g. layer 2 re-transmission, priority based scheduling, rate shaping).

and "mobile-aware RTP" (how an application using RTP in a mobile network should operate) requirements:

· Rate/congestion control.

· Application specific (e.g. video streaming) prioritisation for priority based handling in the network (e.g. scalability, unequal error protection).

· Increased application error robustness specific to mobile environment (e.g. packetisation, RTP layer re-transmission, FEC).

Necessary extensions to RTP/RTCP and other existing IETF control-plane protocols (e.g. RTSP, SDP) should be defined and/or recommended that support the usage model.

3. Usage model requirements

An initial list of high level requirements is provided to further clarify the intended scope of the usage model recommendation.

· Allow optimal network utilisation

· Flexible

· Fair

· Operator controllable

· Optimal application quality

· Leave room for vendor differentiation

· Air interface independent (3G)

· Mobile specific, but backwards compatible to legacy systems 

4. Summary and recommendation

We propose to initiate in the TSG-SA WG4 work that targets bringing a 3GPP recommendation for RTP usage model in PSS-E. Outcome of the work could be e.g. a new "User's Guide" type of TR (e.g., as 26.911 in case of 3G-324M) or at a minimum, a new informative annex in TS 26.234.
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