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Introduction and Background

This document outlines an concept for a client buffer management mechanism for adaptive streaming in PSS. 

The proposed mechanism is developed to maintain a low level of complexity in both client and server.  This mechanism reuses existing protocols (or those that will be standard in a short time) which are part of the IETF RTP real-time streaming framework, such as the "RTP extended reports", RTCP XR, [1],  the "Real-Time Streaming  Protocol (RTSP)" [2] and "Extended RTP Profile for RTCP-based Feedback RTP (RTP/AVPF)" [3]. 

There have been some previous related contributions in this field such as [5], that defined the basic framework for the mechanism proposed in this document and [6] that justifies the need for an adaptive buffering strategy. 

The contribution in [7] already described a client-driven concept for client buffer management for PSS. The signaling proposed in this document aims at allowing the client to request from the sender actions on shifting the transmission schedule of the streaming data.

General Idea

As mentioned in the section above the motivation and the basic framework have been already presented in previous contributions. In this section the basic ideas of our proposal are outlined.

The use of the reporting capabilities defined in RTCP XR [1] together with the possibility of more frequent feedback as per RTP/AVPF [2] enable feedback-based adaptation. [1] defines a framework for extended reporting capabilities using RTCP reports and additionally defines some general-purpose reporting extensions that could be used for PSS streaming. As usual in point-to-point real-time streaming the session is setup using the RTSP protocol, which contains a description of the session using SDP language [4].

Generally these enhanced feedback capabilities enable the PSS server to be informed about the development of the streaming session, actively adapt the sending rate and perform flow control for the streaming session.  

The reporting capabilities described above enable the server to receive the necessary information to estimate the network transmission rate. The proposal in [5] is targeting server driven adaptation of the streaming flow to network status as reported by these report capabilities.  We believe that the reporting capabilities and the mechanism proposed in [5] could be easily used and, if necessary, extended to enable the server to perform client buffer management. 

By applying appropriate client reporting capabilities based on  RTCP XR [1] and RTP/AVPF [2] the  client can report current buffer status and characteristics to the server and enable the server to perform a combined adaptation to network transmission rate and client buffer status. 

To enable such an combined adaptation two additional basic parameters are needed at the PSS server:

1. the amount of data in the buffer of the PSS client, 

2. maximum buffer space available at the PSS client.

The latter might  not change frequently during an streaming session. Thus it might be sufficient if set once at session set-up or if just signaled in case of a change. However, the former parameter needs to be reported at regular intervals to enable the server to react to the possibly frequent changes of the client buffer level. These frequent reports or updates can be easily achieved by using information contained in standard RTCP Receiver Reports, and if needed, some of the extended report as per [1].

There are certainly other issues involved in adaptive streaming and client buffer management in PSS like details on session start-up and how to coordinate adaptive actions possibly taken on both sides, i.e. by the PSS client and the PSS server. The consideration of these issues is ffs and outside of the scope of this contribution.

Benefits

This concept strives for simplicity and re-utilization of existing technologies. 

It is well integrated with the existing framework for adaptation of the streaming flow according to network status. 

The server is provided with all pieces of information that enable it to efficiently perform combined flow control, taking into account network and client buffer status.

The proposed concept enables easy and backwards-compatible addition of future functionalities.

Proposal 

We propose that the concept outlined in this document is considered  to provide a solution for adaptive buffer management in PSS in Rel-6. We are aware that this concept is not yet a full solution, but would welcome comments from SA4 to further develop and standardize the required functionalities for this concept.
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