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1. Introduction

In this document it is proposed to include one parameter in the SDP to signal the Maximum Bit Rate (M) from a PSS server to a PSS client. This mechanism makes PSS server and client more co-aware about QoS profile parameters and it improves the delivered media quality and usage of network resources.

2. Background and rationale

Currently there is no way for a PSS server to signal to the PSS client what is the maximum bit rate used for the transmission of media streams. The client, through the b=AS parameter has information only about the guaranteed bit rate, but not about the maximum bit rate [1]. The PSS client can make two kind of decisions:

A. Choose a MBR value equal to the Guaranteed Bit Rate (G) in the QoS profile. This could cause packet losses and bad received quality whenever the transmitted bit rate exceeds the guaranteed bit rate (equal to the maximum bit rate). For example, if the media sequence is encoded at an average bit rate of 64 kbps (including packetization headers), then 

b=AS:64 -> G = 64 kbps

M = 64 kbps (= G)

If some sporadic high bit rate peaks at, let’s say 90 kbps are occurring (but also higher bit rate peaks are always possible!!), then the effect would be a certain period of packet losses at the receiving PSS client (the period is equal to the time the bit rate exceeds 64 kbps). 
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B. Choose a G value equal to the max bit rate of the stream. To avoid the situation above, the M and G in the QoS profile could be set in a way such that 

b=AS:908 -> G = 90 kbps (Max bit rate of the stream)

M = 90 kbps (= G)

This would avoid packet losses, but it translates into an inefficient way of handling network resources through over-engineering, because the bandwidth between 64 and 90 kbps would not be used all the time, producing a waste of 26 kbps on average. 
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It must be underlined that the case B. is the current scenario in place in TS 26.234 for VBR streams (see definition of average/maximum bit rates in section D.8 of the specifications).
3. Introduction of a new SDP attribute

In order to provide better PSS service, a new SDP parameter describing the Maximum Bit Rate is added. This is possible following the ordinary SDP extension mechanisms defined in IETF.

Here we briefly give an example of SDP for a PSS session using the new Maximum bit rate attribute defined at media level (a similar example can be done with the attribute defined at session level):

RTSP/1.0 200 OK
CSeq: 1
Content-Type: application/sdp
Content-Length: 435

v=0
o=- 950814089 950814089 IN IP4 144.132.134.67
s=Example of aggregate control of AMR speech and H.263 video 
e=foo@bar.com
c=IN IP4 0.0.0.0 

b=AS:77
t=0 0
a=range:npt=0-59.3478 
a=control:*

m=audio 0 RTP/AVP 97

b=AS:13

a=rtpmap:97 AMR/8000
a=fmtp:97
a=maxptime:200
a=control:streamID=0
m=video 0 RTP/AVP 98

b=AS:64

a=maxbitrate:90

a=rtpmap:98 H263-2000/90000
a=fmtp:98 profile=3;level=10 
a=control: streamID=1

The PSS server sends the above SDP to the PSS client in the 200/OK response to the initial PSS client DESCRIBE request. These parameters include average and maximum bit rates of the streams and are the server-optimal parameters, meaning those that the server would like to use during transmission. The PSS client receives the parameters in the SDP, and requests a PDP context using the parameters suggested by the PSS server. The bandwidth is used in a correct way. 64 kbps of bandwidth are always guaranteed, while sporadic high peaks are handled successfully if there are network resources available up to 90 kbps. No waste of resources in this case (imagine also of a case where there is only one peak at a high bit rate, while the rest of the stream is rather constant).
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4. Advantages of a more PSS server-client co-awareness

Making PSS server and client co-aware of both average and maximum bit rate of the media streams brings a number of advantages. They are described in the following:

PSS server:

Possibility to efficiently use the delta bandwidth computed as M–G. This bandwidth can be used simply for handling/absorbing peaks of video bit rate or in a more advanced fashion for bandwidth adaptation. In fact, this helps a PSS server in transport and packetization decisions for transmission rate adaptation and scheduling.

Network:

It allows a right-sized bearer allocation by specifying a more precise QoS profile parameters. In addition it avoids over allocation of network resources.

PSS client:

It increases user experience (by decreases the probability of packet losses). 

5. Conversational Multimedia applications

The same problem exists for conversational multimedia applications. Only one parameter in SDP (b=AS) is enough to describe average bit rates, but it cannot describe situations of bit rate variations (especially in real time video sources where scene changes occur, periodical I-frame refresh and other means that produce variable bit rates). This problem is even more important since conversational multimedia application run over RLC Unacknowledged mode, which doesn’t provide any retransmission mechanism for the packet lost during a high bit rate peak.

The solution of introducing a new SDP attribute describing the Maximum bit rate is beneficial also in this case.

Similar advantages are envisaged for both network (better resource usage) and conversational multimedia terminals (better user experience).

6. Proposal

It is proposed to consider the introduction of a new Maximum Bit Rate attribute in SDP for both PSS and Conversational Multimedia specifications for Release 6. 
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