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Introduction

This contribution proposes text for TR 29.963 to describe multimedia Interworking Scenarios. Changes are highlighted.
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4
Basic Multimedia calls interworking between the IMS and CS Networks scenarios

Editor’s note: Clause 4 will contain:

- description of the interworking goal (e.g. seamless or not, user interaction or not…)

- reference/description of the main protocols and services whose interworking will be studied here (e.g H.324M videocalls, T.38 services…)

- different media that can be interworked (e.g. voice, video, images…)

- control plane: identification of the protocols involved in the interworking with a study of all possible scenarios and alternatives to be interworked (e.g H.245, H.223, RTP, RTCP, SIP, SDP, ISUP…) and further delimitation of those for in depth analysis.

- user plane: identification of the different codecs to be interworked (e.g. AMR, G.711…)
The Interworking between Circuit switched multimedia telephony service, as described in 3GPP TS 26.110 [3] and 26.111 [4], and packet switched multimedia services, as described in 3GPP TS 26.235 [5] and TS 26.236 [6] is being investigated.
4. 1. Overview of Relevant CS-Domain Protocols 
For a full description, see TS 26.110 [3] and 26.111 [4]
Call Control:
BICC or ISUP. (see 3GPP TS 23.205 [9])
In addition,  “SCUDIF” (see 3GPP TS 23.172 [10])or “Redial” (see 3GPP TR 23.903 [11])may be used

Multimedia Protocol suite: H.324M (H.324 Annex C [12]):

Codec-Negotiation:
H.245 inband negotiation [14]
Video-Codec:
H.263 [16] mandatory
H.261 [15] optional
MP4V-ES (simple video profile level 0) [26] optional

Speech-Codec:
NB-AMR [7] mandatory
WB-AMR [8] optional
G.723.1 [18] recommended

Transport: 
Multiplexing of Speech, Video and H.245 Signalling within H.223 [13]
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Figure 4.1.1 Overview of relevant CS-Domain Protocols (from 3GPP TS 26.110 [3])
4. 2. Overview of Relevant PS-Domain Protocols 

For a full description, see TS 26.235 [5] and 26.236 [6]

Call Control:
SIP (IETF RFC 3261 [19]) and SDP (IETF RFC 2327 [20]), out-of-band Codec-Negotiation.

Video-Codec:

H.263 [16] mandatory



H.264 [17] optional,



MP4V-ES (simple video profile level 0) optional [26]
Speech-Codec:

NB-AMR [7] and WB-AMR [8] mandatory if corresponding sampling rates are supported.

Transport:

RTP (IETF RFC 3550 [21]) streams for speech and video ,

RTP “Payload” Formats:
Speech:
Nb-AMR + WB-AMR:
IETF RFC 3267 [24]
Video:
H.263:


IETF RFC 2429 [22]

H.264 (AVC):

IETF RFC 3984 [25]

MPEG-4:

IETF RFC 3016 [23]
