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1. Introduction

During the discussions on the release 5 work item description of E-PSS SA4 identified a work task to provide enhanced transport mechanisms for E-PSS. At the SA1#13 meeting SA1 supported this view and added some important requirements in this direction to the draft stage 1 TS regarding the extended streaming service for release 5. 

In the following section of this document we briefly describe the agreed streaming architecture for (E-)PSS and outline some of the E-PSS requirements set by SA1.  Based on this review we present some service scenarios and discuss their requirements for enhanced transport mechanisms.

2. Streaming Architecture and E-PSS Requirements

As  described in the stage 1 description for E-PSS and the general description of PSS (TS 26.233) the 3GPP streaming architecture consists of a mobile terminal receiving  an packet based content stream over multiple networks from a content server. These networks include the UTRAN, the UMTS core network and the external IP network.

In the light of this architecture we would like to present the following requirements, which were taken from the stage 1 description.

Requirement 1:

“The PSS-E should provide mechanisms for streaming servers and clients to adapt to the network conditions in order to achieve significant improvement in the quality of streaming, e.g. using information on end-to-end transport quality from the network.”

Requirement 2:

“The Streaming Service should take into account as much as possible on streaming elements (protocols, formats etc) already in use in the industry (e.g. the internet).”

3. Discussion 

Many of the streaming solution used in the Internet today consider the link between the server and client, i.e. the Internet, as not sufficiently reliable against packet losses. Packet losses in this scenario are mainly caused by the fact that the Internet is a best effort environment and congestion situations, which result in routers discarding IP packets, happen frequently. 

In general packet losses might lead in a compressed video stream to not acceptable quality degradations.  Therefore existing streaming solutions provide mechanisms for the server and clients which adapt to the network conditions in order to achieve significant improvement in the quality of streaming. 

We feel that the 3GPP streaming service should be technically competitive with existing solutions used in the Internet today (see also requirement 1) we would like to initiate a discussion on the view of S4 on the reliability of the external IP network, which connects the content server to the UMTS Core network. 

Q1: What degree of reliability (i.e. packet loss ratio) is guaranteed by  the external IP network if used for E-PSS streaming? If there is no QoS guarantee, what packet loss ratio can be assumed?

Q2: Is a streaming service scenario, which consists of a content server connected via the best-effort Internet, considered to be in the scope of E-PSS?

Another part of the PSS architecture, which might potentially introduce packet losses, is the UTRAN.  The amount of packet loss is mainly caused by the transmission via the Uu Interface. Responsible for handling these losses is the RLC layer in the RNC and Mobile Station. If configured to be in acknowledged mode (RLC AM) the RLC layer runs a selective ARQ protocol to retransmit lost data packets.

Q3: Is the QoS (i.e. packet loss ratio) provided by UTRAN considered sufficiently high for E-PSS service?

Q4: On which criteria/characteristics (except for the QoS requirements) it is decided to use  RLC acknowledged mode (RLC AM) or RLC unacknowledged (RLC UM) for E-PSS. Does the use of RLC UM or RLC AM for E-PSS depend ONLY on the required QoS? 
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