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Introduction

This contribution aims to describe some of the technical issues involved when Interworking video calls at the MGCF and IM / MGW. Those issues should be solved in the new TR 29.863.

Overview of Relevant Protocols that require Interworking

CS-Domain, see TS 26.110 + TS 26.111:

Call Control:
BICC or ISUP. 
In addition,  “SCUDIF” or “Redial” may be used

Multimedia Protocol suite: H.324M (H.324 Annex C):

Codec-Negotiation:
H.245 inband negotiation

Video-Codec:
H.263 mandatory
H.261 optional
MP4V-ES (simple video profile level 0) optional

Speech-Codec:
NB-AMR mandatory
WB-AMR optional
G.723.1 recommended

Transport: 
Multiplexing of Speech, Video and H.245 Signalling within H.223 

Figure 1 /TS 26.110:
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IMS, see TS 26.235 for PS domain converstional codecs:

Call Control:
SIP+SDP, out-of-band Codec-Negotiaition.

Video-Codec:

H.263 mandatory



H.264 optional,



MP4V-ES (simple video profile level 0) optional

Sprach-Codec:

NB-AMR and WB-AMR mandatory.

Transport:

Separate RTP Bearers for speech and Video ,

RTP “Payload” Formats:
Speech:
Nb-AMR + WB-AMR:
IETF RFC 3267
Video:
H.263:


IETF RFC 2429

H.264 (AVC):

IETF RFC 3984


MPEG-4:

IETF RFC 3016

Particular Issues

Timing of Codec Negotiation

The establishment of the H.223 multiplexing protocol and the subsequent H.245 capability exchange takes place after the set-up and through-connection of the BS30 bearer, i.e. only when the establishment of the call is well progressed or even completed on the CS side. Note that the bearer needs to be both-way through connected.

In contrast, the SIP codec negotiation takes place before the completion of the call setup, although a codec re-negotiation using SIP re-INVITE is possible during the call.

To enable an end-to-end codec negotiation for an IMS terminating call, one might consider completing the call establishment on the CS side before starting the call establishment at the IMS call.

However, this would have very negative impacts on the user experience: For instance clipping would occur and the alerting indication could not be interworked. Charging a CS user for an attempted call establishment could hardly be avoided even it the IMS user never answers the call. Furthermore, an interworking of SCUDIF to select between speech and video during the call establishment would not be possible.

Moreover, the current signalling Interworking procedures in TS 29.163 would require to be completely changed.

Therefore, such an approach should be avoided.

To enable an end-to-end codec negotiation for an IMS originating call, considerable problems would also need to be addressed if one waits for the CS side bearer establishment and H.245 negotiation  before providing SDP answers on the SIP side. Again, the signalling Interworking procedures in TS 29.163 would require to be completely changed.

Therefore, such an approach should be avoided.

Different Procedures for codec negotiation in SIP and H.245

The RFC 3264 SDP offer-answer mechanism used in the IMS works as follows:

The offerer sends an SDP offer containing a list of codecs the offerer supports and is willing to use. The answer may send media to the offerer using any of the codecs in the offer. Furthermore, the answerer selects codecs out of the offered list and sends them back to the offerer in the SDP answer. The offerer may use any of the codec in the SDP answer to send media to the answerer:

Thus:

· Different codecs may be selected in opposite direction

· The answerer, i.e. the callee in the SIP call setup, has the ability to perform the final choice of used codecs.

· The offerer has no information if the answerer supports codecs not listed in the offer.

· Only one pair of messages needs to be exchanged

The H.245 codec negotiation works as follows:

Both endpoints send independent “Capability exchange” messages describing the codecs they support and are willing to use. In a separate master-slave determination procedure, one endpoint (either caller or callee) is randomly selected that may choose the final codecs. The final choice of codecs is done by H.245 messages setting up multiplex channels within H.223. The logical channels are usually bidirectional and apply the same codecs in both directions. Thus:

· The same codecs are used in both directions

· It is randomly determined if the caller or callee has the final choice of used codecs

· Both sides expect to know a complete set of capabilities of the peer

· Sever message pairs need to be exchanged

Thus, interworking these procedures will be complicated and would probably involve several SDP offer-answer exchanges, including signalling after the SIP dialogue is established.

Different Description of Capabilities in H.245 compared to SDP

H.245 provides sophisticated semantics to express which codecs can be used in combination with each other, e.g. H.263 works with AMR, but not with G.711, but MPEG works with both AMR and G.711. SDP does not provide semantics to express such combinations.

Proposal

The previous considerations have demonstrated that an end-to-end codec negotiation is quite complicated for video calls. However, it is also undesirable to require a transcoding of video in the MGW, as this would be quite expensive.

Both problems can be avoided if the Interworking of multimedia calls is restricted to the H.263 video codec and the NB-AMR speech codec, which are mandated both for the Cs domain and for conversational PS services.

SA4 should be contacted in order to verify that the options selected for the H.263 codec in the Cs domain and for conversational PS services are compatible with each other.

