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1
Introduction and background

This contribution discusses and proposes mechanisms to better utilise the UMTS radio bearer for streaming services. At the Naantali meeting initial ideas on such mechanisms was presented [1].

The purpose of the proposal is to give a streaming application more detailed information about the media to be streamed such that a matching of media content rate and transport rate can be done. This information is valuable for the initial content selection at session startup as well as when network conditions changes and requests for a bitstream that better fits the network conditions can be made.

During PDP context activation the client will know what radio bearers can be made available to the streaming session. A matching involving:

· the bitrates of the media content, using an extended SDP description  

· the bitrate of the radio bearer, 

· the user’s bitrate preference, 

· IP/UDP/RTP overhead 

· Header compression

can then be made. The outcome of the matching is parameters for a radio bearer and the server content that fits that radio bearer. 

During a streaming RTCP Receiver Reports should be sent by the client to indicate to the server the current state of the network conditions. At reception of these reports the server may choose to perform a switch to a set of streams that should result in a better reception at the client. It should also be possible for the client to initiate a switch as a result of measurements of reception quality. 

In addition to the RTCP RR the client may have some explicit knowledge about the current QoS profile of the radio bearer such as abrupt changes in the bitrate parameters of the radio bearer. With this knowledge the client may opt to request the server to send a stream that better fits the new radio conditions.

In summary both client and server should be able to take actions due to changed network conditions by switching bitstreams. 

For bitstream switching to be seamless, efficient, and transparent for clients this scheme requires that multirate content have been encoded with the same coding tools with a single codec. Thus usage of for example H.263 annexes shall not be changed in the streams before and after a bitstream switch.

The SDP should contain enough information such that the above can be performed.

By enumerating multirate content in the SDP message and by adding new headers to the RTSP methods all of these issues can be solved.

2
Session Description

We would like the SDP to contain an enumeration of the available bitrates at which multirate media is encoded at the server. This will allow the client to set up appropriate radio bearers and to select content that fit that radio bearer. We also would like to have this enumeration expressed as the product of an average packet size measured in bytes excluding IP/UDP/RTP headers and an average packet rate measured in packets per second. This will allow the client to compute the overhead due to IP/UDP/RTP taking into account if header compression is available or not.

Three new media level attributes are introduced for use in SDP namely, the X-3gpp_stream_id, the X-average_packet_rate, and the X-average_packet_size. The definitions of these are as follows:

· Each of the three attributes shall contain an equal number of parameters, n, corresponding to the number of streams encoded at the server for each media codec.

· X-average_packet_size: s1, s2,…,sn
The parameters to this attribute describe the average packet size in bytes for the n media streams. Overhead due to IP/UDP/RTP headers is not included.

· X-average_packet_rate: r1, r2,…,rn
The parameters to this attribute describe the average rate of packets per second that is required to transmit the packets in real-time for each of the n media streams. 

· X-3gpp_stream_id i1, i2,…in
The parameters to this attribute identifies a pair of X-average_packet_rate and X-average_packet_size. The value of a parameter shall be unique in an SDP such that it can point out the selection of a botha media type (audio or video) and a pair of X-average_packet_size and X-average_packet_rate parameters. 
The use of this parameter is for a client to request the server to sends particular combination of audio and video streams. 

· The parameters are linked such that si, ri, and ii refer to the i:th stream of the n streams available for each media codec.
Below an example is shown where the new SDP media level attributes are used to express multirate content.

Example 1. SDP extended with attributes describing multi rate content:

…
m=video 0 RTP/AVP 98
a=rtpmap:98 H263-2000/90000
a=fmtp:98 profile=1;level=10; 
a=control:streamID=1
a=X-3gpp_stream_id:1,2,3
a=X-average_packet_rate:10,5,5
a=X-average_packet_size:800,400,200

… 
m=audio 0 RTP/AVP 97
a=rtpmap:97 AMR/8000
a=fmtp:97 mode-set=1,7; maxframes=1
a=control:streamID=2
a=X-3gpp_stream_id:4,5
a=X-average_packet_rate:50,50
a=X-average_packet_size:31,13

In the example above the video is encoded at three average rates of: 10*800*8=64000, 5*400*8=32000, and 5*200*8=16000 bps and audio at two average bitrates: 12400 and 5200 bps. 

3
Multirate Bitstream Selection

Bitstream selection is made by the client in an RTSP PLAY method with a new header field “X-3gpp_stream_id”:



3gpp_stream_id: id1, id2, …, idm
for m media streams to be selected. The parameters listed in the header refer to the X-3gpp_stream_id:s of the SDP. 

This is illustrated in Example 2 below.

Example 2. The client selects and plays the content that fits the radio bearer that has been setup.

C->S:
PLAY rtsp://example.com/foo RTSP/1.0

Cseq: 3


Session: 123456

X-3gpp_stream_id: 1,4

range:npt=0-

S->C:
RTSP/1.0 OK


Cseq: 3


Session: 123456

X-3gpp_stream_id: 1,4

In example 2 the client informs the server that it wishes to receive media identified by the X-3gpp_bandwidth_id’s 1 (X-average_packet_rate=10 and X-average_packet_size=800) and 4 (X-average_packet_rate=50 and X-average_packet_size=31), that is, video at 64000 bps and audio at 12400 bps. The example assumes that the audio and video streams have been SETUP for aggregate control.

In the case that a client performs an RTSP PLAY without the X-3gpp_stream_id header the server shall interpret this as that the client asks for the default bitstream. The default bitstream corresponds to the first entry in of the X-3gpp_stream_id, X-average_packet_rate,  and X-average_packet_size attributes from the SDP for each media.

4
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. Reasons for a bitrate change could be due to network congestion or that a handover to a cell that does not offer the same bitrates has been made. 

The server can switch bitstreams without informing the client as all streams are encoded with the same codec and the same coding tools. The switch is transparent to the client.

The client can initiate a bitstream switch by issuing an RTSP method with the header field X-3gpp_stream_id for one or more of the media. 

The final decision to actually perform the bitstream switch is up to the server to decide. The client can only request a switch, which the server can honour or disregard. 

In the example below this is illustrated using the PLAY method without a range header. 

Example 3. Client requesting new X-average_packet_rate and X-average_packet_size combinations
C->S:
PLAY rtsp://example.com/foo RTSP/1.0

Cseq: 4


Session: 123456

X-3gpp_stream_id: 2,5

S->C:
RTSP/1.0 OK


Cseq: 4


Session: 123456

X-3gpp_stream_id: 2,5

In this example the X-3gpp_stream_id from the SDP in example 1 is used to select the combinations 2 and 5 meaning that the client wishes to use the video rate of 32000 bps and an audio rate of 5200 bps. The server can respond that it will send the requested combination as in the example above or if it has a better selection respond with that combination of X-3gpp_stream_id’s. 

5
Alternate Method of Bitstream Selection

In sections 3 and 4 bitstream selection of multirate content used a new RTSP header in the PLAY method, namely the X-3gpp_stream_id.  An alternative to this approach would be to use the SET_PARAMETER method with a body containing the client’s selection. This is illustrated in the example below.

Example 4. Bitstream selection using SET_PARAMETER with a body

C->S:
SET_PARAMETER rtsp://example.com/foo RTSP/1.0

Cseq: 5


Session: 123456

Content-Length: 23

Content-Type: text/parameters

X-3gpp_stream_id: 2,5

S->C:
RTSP/1.0 OK


Cseq: 5


Session: 123456

Content-Length: 23

Content-Type: text/parameters


X-3gpp_stream_id: 2,5

The purpose of using this alternate method is that it does not require a definition of a new header in RTSP. On the other hand the SET_PARAMETER method must be made mandatory for release 5 clients and servers for the bitstream selection to work. 

6
Backwards compatibility

Release 4 clients have no knowledge of the three new SDP attributes and the new RTSP header. On reception of these a release 4 client would simply ignore them. A release 4 client would off course not use the x-3gpp_bandwidth header in the PLAY method and this would be an indication to the server that the client is not capable of requesting bitstream switching. 

7
Proposal
We propose to extend SDP for 3GPP usage with the three media level attributes:

· X-average_packet_rate

· X-average_packet_size

· X-3gpp_stream_id

as described in section 2 and that RTSP methods are extended with an additional header field

· X-3gpp_stream_id

as described in section 3 or that the SET_PARAMETER method signals the X-3gpp_stream_id in its body as described in section 5.

This will allow the client to select a suitable set of multirate content that best fits a radio bearer that can be setup. It will also allow the client to select a new content set if a radio bearer renegotiation takes place during the streaming session.
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