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Signalling for Codec Change in Mid-call

Abstract

This contribution considers how changes in Codec can be supported in mid call, when Optimised Speech Bearer is being used. It focuses on the need for “end to end” signalling used to indicate the Codec change. This contribution suggests that, under certain conditions, there is no need for signalling at all. It concludes by proposing that this approach should be considered for Optimised Speech Bearer use in GERAN.

Current Status of mid-call changes due to changed channel coding support

This contribution builds on (and should be viewed in conjunction with) several others. Notably, a number of the other issues of the use of Optimised Speech Bearer are covered in [7], whilst the proposal to avoid SIP signalling by the use of RTCP[3] is proposed in [6].

In a network, cells may support different channel coding schemes. In some cells, the units may have legacy transceivers where it is not possible or desirable to support “newer” or otherwise preferred channel coding schemes. This means that, in a circuit-switched speech call, there may be a required change in Codec to reflect the channel coding schemes available in a target cell, if the Codec (and channel coding scheme) that has been used is not available there.

For Release 5 packet mode calls using Optimised Speech Bearer, there are two options in a similar situation:

•
Change the Codec to one for which there is an associated channel coding scheme in the target cell (as, with Header Removal, an associated circuit switched voice/unequal error protected channel is used), or

•
Change the Header Adaptation scheme from Header Removal to Header Compression, at the same time switching to an equal error protected channel coding scheme appropriate to carry packet data.

In the latter case there will be signalling across the air interface associated with this Header Adaptation mode change, as well as the changes required for channel allocation signalled as part of the cell reselection procedures. This option is not considered further in this paper.

In the former case, the RAN will be aware of the problem that it has, and so will trigger the required cell reselection procedure. There will, perforce, be signalling across the air interface to configure the new channel coding scheme as part of cell reselection, as before (See [8] for example message flows). This means that the RAN, in effect, is in control and knows both the current channel coding scheme (and associated Codec) used, as well as the resultant channel coding scheme that will be used, and the Codec associated with that.

However, the proposals so far in GERAN have also explored the need for this change of Codec to be signalled “end to end” so that the remote callee can be informed of the pending change and can adjust its interpretation of the media stream it will receive.

Two forms of signalling have been examined;

•
end to end signalling at the Call Control level using SIP message exchanges to carry a different session description, and, more recently,

•
end to end signalling at the media transport level using RTCP messages [6].

This latter approach avoids the “SIP level” signalling, and, as the RAN is aware of the changed Codec, the proposal suggests that the BSS sends the RTCP messages itself; there is no extra signalling over the air interface.

The goal of avoiding full SIP level message exchanges in mid call is laudable. For GERAN in particular, mid call signalling requires some form of speech frame stealing or the use of Dual Transfer Mode, which implies less bandwidth is used to carry speech data with possible reduction in quality. Neither approach is ideal, so avoiding (or reducing) unnecessary mid call signalling is a major aim.

Of course, there may be some complications with the use of RTCP signalling, even though it does avoid the high volume of signalling traffic involved with SIP message exchanges.

By implication, if there is no SIP signalling but the Codec used changes, then the Call Control entities may be unaware that the Session Description they have exchanged no longer reflects the media streams being transferred. This would seem to place a requirement that there is some association between the entities processing the media streams and those dealing with the Call Control processing; whilst for a combined terminal this is not a problem, it does complicate things somewhat where the destination is a Media Gateway whilst the destination Call Control entity is a Media Gateway Controller (or “softswitch”). This is a minor complication, but it does need to be considered.

It also introduces a requirement to carry RTCP messages; something that has so far been avoided (see Liaison from S2 to GERAN, in which it is agreed that the working assumption is that RTCP is not required). In “normal” use, RTCP is carried to a destination transport port that is one higher than that used to carry media traffic in the RTP stream with which it is associated. Such message transfer would seem to imply another PDP context is used to carry this data; however, as this data is sent by the BSS, the procedures needed to create a channel through the Core Network to send this new data stream are unclear.

Finally, if RTCP messages are to be transferred to indicate Codec change, then one would normally expect that the RTCP message flow would include Sender and Receiver Reports as well as the other message types described in the RTP/RTCP specification [3]. This combined traffic can form up to 5% of the traffic level required to carry the media stream traffic itself.

Proposal

There is an in-built assumption in the above schemes, however. The IMS documents [1,2] and the GERAN contributions [6,7] have specified that, at the end of SIP message exchanges, there will be a session description that defines one and only one Codec that is to be used per media description. However, this need not be the case.

It is perfectly valid, when using SIP[5] and SDP[4], to allow alternatives in a media description. As has been mentioned on the SIP mailing lists, this is even the normal situation now, as stacks support encoded DTMF (RFC2833); a media description might carry either GSM Full Rate speech or DTMF digits. The individual sub-streams (GSM-FR or DTMF digits) are identified using different RTP Payload Type field values, so that the recipient knows, on a packet-by-packet basis what interpretation it should make of the data it has received.

Applying this to the Optimised Speech bearer case, it should be possible to specify a collection of alternatives for a single media description. Each of these alternatives would have its own Payload Type identifier, and would have its own parameters (each parameter being associated with a given payload type previously specified in the media description).

In the case of different AMR Active Codec Sets, these would be arranged by specifying “AMR” several times in the media description, each of these items having a different Payload Type identifier. The parameters for the different Active Codec sets would each be associated with a different Payload Type identifier. The implication of such a description is that a media recipient is willing to receive any of these alternatives (each of which happens to be AMR, but with a different active Codec Set).

During the call, a different Codec variant could be sent by the simple expedient of sending RTP packets with the appropriate, pre-specified, Payload Type field value. Note that, as the different alternatives have all been listed in the prior Call Control exchange, the same session description still holds, so that the Call Control entities still have a realistic view of the media streams being carried. There is no need to carry any signalling, as these alternatives have already been prearranged.

Open Issues and Conclusion

Of course, this paper has not discussed the procedures needed to deal with the actual changes to the channel coding scheme that might be required to deal with carriage of the new Active Codec Set. It also has not covered the procedures needed to deal with the “Transcoder-free” MS-to-MS case in which the two RANs have an empty set of common channel coding schemes, and so there is no associated common Codec that can be used. There may be a good reason to carry out some end-to-end negotiation in this case.

Finally, this use-case is not covered in the current IMS documents yet, and so the responsible groups will need to be informed that this use-case is being considered (and why).

However, this contribution has indicated that there is no intrinsic reason why any signalling is required on Codec change in mid-call as long as the initial Call Control message exchange includes the correct session description. It is suggested that this be considered as an option for handling the Codec-change requirement.
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Appendix: Example Session Descriptions

Example "Intermediate" Session description from TS 24.228 [2]

INVITE sip:+1-212-555-2222@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Supported: 100rel 

Remote-Party-ID: John Doe <tel:+1-212-555-1111>

Proxy-Require: privacy

Anonymity: Off 

From: "Alien Blaster" <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost 

Cseq: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

Content-Type: application/sdp 

Content-length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c= IN IP6 5555::aaa:bbb:ccc:ddd 

b=AS:64

t=907165275 0

m=audio 3456 RTP/AVP 97 3 96

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

In the above example from Table 8.1.1-1 from TS 24.228-040, alternatives of AMR or GSM or G.726 are offered.

If, however, this is instead sent as the "final" Session Description, with the appropriate lines in the session description changed thus:

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c= IN IP6 5555::aaa:bbb:ccc:ddd 

b=AS:64

t=907165275 0

m=audio 3456 RTP/AVP 97 98 96 3

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:97 AMR

a=fmtp:98 mode-set=1,2; maxframes=2

a=rtpmap:96 GSM-EFR/8000

a=qos:mandatory sendrecv

This description now specifies that AMR (ACS = 0,2,5,7) or AMR (ACS = 1,2) or GSM-EFR or GSM FR may be used.

An RTP packet arriving with a Payload type field value of 96 contains AMR data with Active Code Set 0,2,5, and 7. If instead the RTP packet has a PT field value of 98, however, this indicates that the contents is AMR with Active Codec Set 1 and 2.

