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1 Introduction

In the continued work in defining functionality for release 6 of PSS [1], the proposed additions has created problems for the earlier defined receiver buffer feedback mechanism. It is the current defined way of doing client buffer feedback using the oldest buffered sequence number (OBSN) that does not work. 

The first source of the incompatibility is application data interleaving done in the RTP payload formats. Prior to the definition of the mandatory to support H.264 RTP interleaving mode there was only AMR and AMR-WB that supported interleaving. The impact on the functionality of OBSN from interleaving was not considered, which was a short comming in the investigation leading to the definition of the mechanism. The reason frame interleaving does create problems for buffer feedback is that several ADUs with quite different consumption time is reported using the same RTP sequence number. Thus preventing the server from determine which of the application data units that are still requried to be in the buffer, and which can be considered to be released. 

The next problem is that with the definition of DRM and content protection using encryption for PSS, the server is not capable of looking into the RTP payload to determine the number of composition of any ADUs present there. 

Based on these problems there is a clear need to update the receiver buffer feedback mechanism to something that will work with the proposed extensions and present technology.

2 Requirements for the Solution

The proposed update has taken the following requirements into account:

· The solution must work in the presence of DRM encryption of the RTP payload preventing server from inspecting content of the RTP payload

· The solution must be media agnostic for the PSS server. It can't be assumed that a server will be capable of implementing any media specific procedures for handling receiver buffer feedback. Reasons are implementation burden, and deployment issues with possible codec extension in the future.

· The client can be media aware, as it needs to anyway do the RTP depacketization. However the solution should try to minimize the need for per media implementation, to support smaller footprint and ease of extensions.

The solution needs to address the following functionality:

· Provided for memory management (total, free and used memory information) of the receiver buffer by the the PSS server, thus preventing over- and underflow conditions.

· Provide information to the PSS server when a satisfactory buffer level has been achieved in terms of media playout time. Thus allowing the server to compare this to the target level expressed by client. 

3 Proposed Solution

The proposed solution addresses the above requirement on  functionality by providing different measurements for each functionality. The memory management function reports the current amount of free space, while the playout time of the media is expressed in absolute time. 

The free buffer space report, allows the server to get an accurate report, even when the client is handling ADUs individualy rather then in complete RTP packets for interleaved media. The amount of used memory can be derived as the server also knows the total amount of memory. The client itself can accuratly report its actual amount of free space.

The playout time of the media is a bit more problematic to provide an easy and reliable measurement for. This has become evident in the discussion on this topic in the context of the 3GPP SA4 video ad-hoc group. The idea this solution is based on is that one calcualte the TS difference between the newest and oldest ADU present in the buffer. However to give more correct values, the interleaving buffer has been excluded. This is motivated by the fact that the ADUs in the interleaving buffer does not yet represent a complete packet sequence. 

Another of the issues is that some H.264 NALUs can have a playout time that are signficiantly later then the playout time of adjecent NALUS in decoding order. This may also occur to some degree also for other video codecs. Therefore media that has these issues has been given a special procedure, that tries to eliminate the ADUs that has this behvior. The clients lookis at a short window of the newest data in the streaming buffer  and select the lowest value to be used as the highest timestamp value present in the buffer. That way each media may allow for an appopriate usage of delayed playout ADUs without effecting the measurement severly. That way a client can simple and efficiently produce a satisfactory precision on the value. 

4 Proposal

Ericsson proposes that the current client buffer feedback mechanism based on OBSN is replaced with the attached proposal specification text for the above proposal.
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