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Introduction

This contribution proposes to add a new section 5.4 to describe a scenario with CS domain to IMS interworking. 

Discussion

The editor’s note in section 5 of the document calls for inclusion of a CS domain to IMS interworking scenario.  This contribution proposes text for a new section 5.4 in the TR to address this note so that it can be stricken from the document.

Proposed Changes

5 References

[1]
TS 23.002 Network Architecture

[2]
TS 23.153 Out of Band Transcoder Control; Stage 2
[3]
TS 23.053 Tandem Free Operation (TFO); Service description; Stage 2
[4]
TS 28.062 Tandem Free Operation (TFO); Service description; Stage 3
[5]
TS 26.103 Speech codec list for GSM and UMTS

[6]
TR 26.975 Performance characterization of the Adaptive Multi-Rate (AMR) speech codec

[7]
TR 26.976 Performance characterization of the Adaptive Multi-Rate Wideband (AMR-WB) speech codec

[8]
TS 26.102 Mandatory speech codec; Adaptive Multi-Rate (AMR) speech codec; Interface to Iu, Uu and Nb

[9]
TS 26.103 Speech codec list for GSM and UMTS

[xx] TS 29.163 Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks
6 Call Scenarios to be studied

[Editor’s Note: In order to understand the typical call types and call mixes likely to be encountered in the networks covered by section 3 (above), it is proposed that a section be dedicated to documenting typical call scenarios. For Example the following scenarios should be studied:

A) Static cases (i.e. the scenario does not change after call setup)
A1) Call scenarios that require more than 1 transcoding stage
- MS-MS calls without TFO and TrFO
- MS-PSTN calls without TFO, but with bandwidth efficient transmission in the CN
-MS-MS calls with different codec types

A2) Call scenarios where compressed speech is carried inefficiently (i.e. in PCM frames)

B) Dynamic cases (i.e. where the scenario changes during the call)
B1) Call scenarios with changes at call setup
- Calls with cascades of TFO and TrFO
- Calls with call forwarding

B2) Call scenarios with changes due to handover:
- Call scenario with change of codec type due to intra GERAN handover
- Call scenario with change of codec type due to intra UTRAN handover
- Call scenarios where calls handover between 3G and 2G access technologies
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5.4
CS Domain to IMS Interworking Scenario


[image: image1.wmf]PSTN

BSC

A

TRAU

Trans

-

Coder 

A

Ater

SIP / Mg

A

UE

PoI

B

PoI

A

Call Control 

Signalling

A and TDM Interface: 64kb/s

Compressed Interfaces

PoI

: Point of Interconnect

A

ISUP

SIP / Gm

TDM

RNC

A

MGW

A1

Trans

-

Coder 

A’1

Iu

Iu

Mb

Mc

Nc

IMS

-

MGW

A2

Trans

-

Coder 

A’2

Nb

Mn

PLMN

IMS

CSCF

A2

MGCF

MSC

-

S

A1

Figure 5.4-1 CS Domain to IMS Interworking Scenario
Figure 5.4-1 depicts a scenario in which a PLMN interworks with an IMS for call delivery in either direction, see also TS 29.163 [xx].   A MGCF in the IMS provides a BICN-compatible Nc BICC signalling interface for the PLMN and the Nb is terminated on the IM-MGW.  Interworking specifications enable the OoBTC procedures in the BICN to interoperate with the SIP/SDP offer/answer procedures in the IMS to provide for optimal voice quality by removing any unnecessary transcoding from the voice path, and high bandwidth efficiency on all portions of the speech path between RNC A and UE B.
Editor’s Note: RFC 3267 defines the use of SDP and RTP for transport of AMR in IMS.   ITU-T Q.1912.5 defines SIP-BICC interworking.  The following aspects need further study:


- interworking of UP framing on Nb to the framing on the Mb


- which AMR modes are used in IMS, how AMR rate control can apply to IMS,  and can the rate control be interworked to cope with the modes used on the CS side.
Editor’s Note: Need to confirm that the interworking specifications enable the OoBTC procedures in the BICN to interwork with the SIP/SDP.
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