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Introduction and background

This contribution discusses and proposes mechanisms to better utilise the UMTS radio bearer for streaming services. A bearer belonging to the streaming class of UMTS is characterised both by a maximum bitrate parameter (MBR) and by a guaranteed bitrate parameter (GBR). The maximum bitrate is used to make code reservations in the downlink of the radio interface and to limit the delivered bitrate. The guaranteed bitrate on the other hand is used for resource allocation within UMTS. 

During session setup it would be helpful for the client to know the GBR and MBR that the streaming session requires. Depending on if header compression is used or not, the client would also benefit from knowing the average packet sizes and packet rates for the different media to be streamed. Most of this information could be supplied to the client in the SDP describing the streaming content.
At any time during a streaming session a re-negotiation of the bearer may take place. This could be due to a handover to a cell that can only reserve resources for other GBR/MBR values than are currently used. It could also be the result of increased network load. After a re-negotiation the server could be informed of the change in bitrate to better adapt to the new conditions by for instance sending the streams encoded at a lower rate. RTSP messages could be sent from the client to inform the streaming server of the bitrate changes. If the media at the server is available at a range of bitrates this could also be sent to the client in the SDP message at session setup. Then during a bearer re-negotiation the client could select bearer parameters that best fit one of these in the range.

By having mechanisms and placeholders in SDP and RTSP to communicate this information we believe a better use of the radio resources can be made and a better streaming session will be perceived. 

Session Setup

In TS 26.234 it is recommended that the bandwidth field (“b”) of SDP messages should be used:

“The bandwidth field in SDP can be used to indicate to the PSS client the amount of bandwidth that is required for the session and the individual media in the presentation. Therefore, a PSS server should include the "b=AS:" field in the SDP (both on the session and media level) and a PSS client shall be able to interpret this field. The bandwidth value shall indicate maximum net rates of media streams without lower level packetisation overhead”

In order to setup an appropriate streaming bearer we feel that the maximum bandwidth is required but not sufficient and that the mean bandwidth, relating to the UMTS GBR, is also needed. 

In addition we would like the SDP to contain an enumeration of the available bitrates at which the media is encoded at the server. 

We also would like to have this enumeration expressed in terms of average packet size excluding IP/UDP/RTP headers and average packet rate.

Bandwidth Adaptation

The client or the server may notice changed network conditions during an active session. These changed conditions might affect the bitrate available for the streaming content to the client. A bitrate change could be due to a handover to a cell that offers different guaranteed and maximum bitrates. It could also be due to congestion within a cell. 

Note that the radio link may be just one of many links between the client and the server. The radio link is, however, probably the most ‘sensitive’ and costly in this chain. Since the client is closest to the radio link it will know more about the current state of this link than the server. 

The Receiver Reports in RTCP should be used to indicate the current state of network conditions. The client can measure parameters such as packet loss that cover the whole chain of links between the server and the client. In addition to the receiver reports the client may have some explicit knowledge about the current QoS profile of the UMTS radio bearer such as changes in the bitrate parameters of the UMTS bearer that it wishes to communicate to the server. 

One way to enable this could be to define a new header in the SET_PARAMETER of RTSP to signal this to the server. For each media stream a parameter should be set to select one of the bitrate values from the SDP.

Proposal
We propose to add information into SDP such that the client can know the bitrate ranges of the encoded media. This will enable the client to set up a bearer that will be better utilised. In addition it will enable the client to have preferences if a bearer needs to be negotiated during a session.
Additionally we recommend adding information in RTSP using the SET_PARAMETER to indicate the current QoS parameters of the radio bearer, particularly the guaranteed bitrate. These methods would be used during a streaming session when network load changes.

In summary we would like to have:

· Enumeration of the bitrates available at the server expressed in SDP

· If the enumeration is expressed as packet rate and packet size the client can estimate the overhead due to IP/UDP/RTP headers 

· A tag to identify the packet rate and packet size pair for a particular media

· A new attribute in SDP to hold the above information

· A new header field in RTSP to be used in the SET_PARAMETER method such that the client can signal to the server its preferred choice of bitrate for each media component
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