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1 Introduction

The aim of this contribution is to provide clarification on the usage of PSS Rel-5 Video Buffering Verifier (26.234 Annex G) in a rate adaptive service environment. A streaming session setup example scenario is given, which is recommend to be followed in PSS implementations in order to avoid client-server functional interoperability.

2 Clarification of terms and concepts

In the following discussions bitrate control will be described with reference to the bitrate evolution plots (i.e. sampling curve, transmission curve, reception curve, playout curve) such as the one below, and the term "curve control" will be used in place of rate control.

The horizontal axis in the graphs denotes time in seconds; the vertical axis denotes cumulative amount of data in bits. The playout curve shows the cumulative amount of data that the decoder has processed by a given time from the receiver buffer. The sampling curve indicates the progress of data generation if the media encoder was run real-time (it is the counterpart of the playout curve, and is actually a time shifted version of it). The transmission curve shows the cumulative amount of data sent out by the server at a given time. The reception curve shows the cumulative amount of data received and placed into the client buffer at a given time.

The curve control will be constrained by some limits on the difference between two curves (e.g. max buffer size, or max delay).
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Term definitions:

1. Pre-decoder buffer = reception curve-playout curve

· "Pre-decoder buffer" refers to the actual pre-decoder buffer at streaming time. "Hypothetical pre-decoder buffer" refers to the pre-decoder buffer as assumed in the hypothetical buffering model. "Pre-decoder buffer size" and "initial pre-decoder buffering period" are parameters of the hypothetical pre-decoder buffer.

· In the hypothetical buffering model, zero delay network and a playout curve exactly following the buffering model (i.e. synchronized) is assumed.

· Zero delay network means that the reception curve is assumed to equal the transmission curve.

· Playout curve exactly following the buffering model means that the sampling curve is assumed to be equal to the playout curve but shifted left by initial pre-decoder buffering period.

· The hypothetical pre-decoder buffer can be traced at streaming time as the difference between the sampling curve-transmission curve. Thus a server controlling the sampling curve-transmission curve effectively controls the hypothetical pre-decoder buffer.

2. Jitter buffering

· The extra pre-decoder buffering required in an actual client, which is to tolerate for packet transfer delays (i.e. the maximum expected difference between transmission curve-reception curve).

· PSS client implementations may not include a separate jitter buffer, but jitter buffering is only a function performed by the pre-decoder buffer.

3 Clarification of Annex G buffering parameters

If there is no bitstream switching or other rate adaptation action foreseen, the hypothetical pre-decoder buffer parameters are actually inherent to the bitstream and its transmission schedule (i.e. when each packet is to be sent). These parameters can simply be calculated from the bitstream or were actually used as constraints already at encoding time. It is easy to see how the Annex G video buffering model replaces the MPEG-4 VBV and H.263 HRD in this case.

In case there is bitstream switching or other rate adaptation action foreseen, the server signaled pre-decoder buffer parameters are to be interpreted as the limits to what the server will constrain its difference between the sampling curve and transmission curve during the session. In practice the same pre-decoder buffering model can be followed in a rate adaptation service model, but with a different interpretation of how the server can comply to it.

3.1 What is mandatory?

Whenever the server signals initial pre-decoder buffering period and pre-decoder buffer size parameters the difference between the sampling and transmission curve has to fit into the buffer defined with these parameters (i.e. there is no violation).

This is true regardless whether a predetermined transmission schedule or adapted transmission schedule is used. The rate adaptation must be transparent to this requirement.

3.2 Adaptive transmission curve-reception curve control

In addition to the mandatory sampling curve-transmission curve control, the server attempts transmission curve-reception curve control in order to limit the packet transfer delays (i.e. limit the jitter buffering required at the client).

The variable bitrate over time on the transmission path, and thus variable packet transfer delays, creates the need for transmission curve adaptation.

Unknown future packet transfer delays make it hard for the server to control the transmission curve-reception curve difference.

3.3 Why is it important to have a strict conformance point at the sampling curve-transmission curve control?

The same arguments apply as for the normative definition of MPEG-4 VBV and H.263 HRD -> bitstream/server conformance validation.

The pre-decoder buffer can be implemented at the client as a "static" decoder buffering algorithm that is designed to be conformant to MPEG-4 VBV and is built into the codec (e.g. a DSP SW codec or hardware codec). Such application independent codec conformance implementation is a way to maintain modularity and ensure interoperability between different application modules.

The sampling curve-transmission curve control algorithm can work independently of the transmission curve-reception curve control algorithm, thus it can be implemented on top of any "standard" congestion control algorithm (i.e. transmission curve-reception curve control) such as the IETF defined TCP Friendly Rate Control (TFRC).

4 The resulting constraints and responsibilities

By placing only sampling curve-transmission curve control requirements on the server, any parameter that is not controllable directly by the server is excluded. There is no uncertain or estimated parameter used in this curve control.

There is no indication of preference about the transmission curve-reception curve control in either the server to client or client to server direction. It is completely up to the server to manage it and up to the client to adapt its jitter buffering to the resulting reception curve.

Thus, in practice to ensure stability and minimal functional interoperability, the server will probably take a conservative approach, and try to minimize the transmission curve-reception curve difference at all times (i.e. reception curve = transmission curve).

5 Example scenario relying on 3GPP QoS guarantees

A streaming session setup scenario comprising the following steps is an example of  how the different buffering and rate control related parameters should be interpreted and applied in a rate adaptive service environment.

1. Offline encoding of a set of bitstreams at different bitrates. The bitrate range should be around the highest bitrate allowed by the codec level in use in PSS, but should also include lower and higher bitrate streams. Each of which bitstreams together with its transmission schedule is conformant to the hypothetical pre-decoder buffering model with the default parameters (or close to it).

2. Client sends to the server in the capability exchange process a pre-decoder buffer size parameter which is close to its maximum pre-decoder buffer size.

3. Using the given bitstream set (i.e. I-frame placement and stream bitrate) and assuming a given worst case transmission rate adaptation sequence (assuming a pre-defined transmission curve-reception curve control strategy and worst case reception rate variation), server estimates whether it can guarantee without significant quality loss a maximum sampling curve-transmission curve difference smaller than or equal to the client signaled parameters. It can also decide to not commit to the client signaled parameters, but require higher values than that. This algorithm also outputs a safe recommended initial pre-decoder buffering period to be applied for the bitstream set.

4. Server sends an SDP using the average bitrate stream bitrate and the pre-decoder buffer parameters (i.e. max difference between the sampling and the transmission curve) that it attempts to guarantee.

5. Client requests a streaming RAB with QoS parameters similar to those in Annex J of 26.234.

6. Client analyzes the granted QoS parameters by the network and decides how much jitter buffering there needs to be. In case of strict QoS scheduling on the network, the maximum expected time difference between transmission curve and reception curve is in fact the granted "transfer delay" QoS parameter.

7. Client decides whether it can accept the server signaled parameters (i.e. whether the sum of the server signaled pre-decoder buffer size and buffer size required for jitter buffering exceeds some hard limit of the client pre-decoder buffer size). It can decide not to continue with the session setup if it can not provide the required pre-decoder buffer, and can release the streaming bearer.

8. Client sets up a total pre-decoder buffer size as the sum of server signaled pre-decoder buffer size (i.e. maximum sampling curve-transmission curve difference) and estimated maximum transmission curve-reception curve difference.

9. Client a SETUP request and waits for the OK from the server.

10. The client sends a PLAY request, the server responds OK and starts streaming.

11. Client pre-rolls into the pre-decoder buffer for a time which is the sum of initial pre-decoder buffering period and the maximum transfer delay.

12. The server will operate the sampling curve-transmission curve control with the parameters that it signaled.

13. The server will be responsible to explore the max transfer delay limit of the network, and operate its transmission curve-reception curve control to avoid packet drops by the network due to enforcing of the max transfer delay.

6 Conclusion and recommendation

The above discussion is informational, and is meant to establish a better understanding of how the PSS Rel-5 Video Buffering Verifier can be used in practice as a vehicle to provide functional interoperability between clients and servers in a rate adaptive service environment.













