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1.
Introduction
This contribution presents a skeleton for the implementation of inter-working enhancements in TS 26.114, [1]. To simplify the work, it is proposed to use a “pseudo-CR” and update it as more text is agreed. It is proposed to add a new clause to Section 12. Some text is also proposed for the introduction.
A first version of the skeleton for the pseudo-CR was presented at the MTSI ad-hoc meeting in Lund, 2008-09-29 – 2008-10-01, [2]. Change marks are included in this version (v0.1.1) to show the differences relative to [2].

The target should be to finalize this work and prepare a proper CR for the January SA4 meeting.

2.
Background, motivation and impact on SA4 work
In January 2008, SA4 received an LS from 3GPP SA1, [3], informing us that new requirements for inter-working and transcoding had been incorporated in TS 22.228, [4], and that SA4 should “…incorporate the interworking cases that may occur when end-to-end negotiation of a common codec fails.”

TS 22.228 Clause 5 contains a few high-level requirements and states that “IMS shall be capable to provide transcoding (at least for voice sessions) where needed when two UEs do not support a common codec.” Hence, it is suggested to focus on voice inter-working.
TS 22.228 Clause 8 outlines that IMS shall support the capabilities for interoperability with: PLMN CS domain; PSTN/ISDN networks; Packet Cable networks; Internet; and other non 3GPP networks providing IP Multimedia sessions. Inter-working with PLMN CS can be regarded as already solved since TS 26.114 already include requirements for CS GERAN/UTRAN inter-working.
TS 22.173, [5], outlines a few additional requirements for the inter-working that has a special impact on the media handling:
· “When transcoding applies, the quality degradation and additional latency due to decoding/encoding operation shall be minimized.”; and:

· “To optimize the end-user experience, during the codec negotiation and subject to operator policy, a wideband codec should be preferred over a narrowband codec, subject to the capabilities of both ends.”

This has two impact on SA4 work. The first impact is that if a new codec or format is required for inter-working then it must be virtually transparent for all kinds of signals. A totally transparent format would be to us linear 16-bit PCM (L16). The drawback with the linear 16-bit PCM format is, of course, that the bandwidth requirements increases linearly with increasing sampling frequency and this format might therefore be unacceptable for bandwidth limited networks. To avoid unnecessary termination of the sessions because of bandwidth restrictions, a suitable compromise between quality and bandwidth is to use the G.711 (PCM) and G.722 (SB-ADPCM) codecs, for narrow-band and wide-band speech respectively. Both these codecs are limited to 64 kbps and has also been shown to provide good quality so they provide a good compromise between quality and bandwidth.
The second impact is that fall-back from wide-band to narrow-band speech should be avoided as far as possible. I.e., even if one cannot agree on a wide-band codec end-to-end then wide-band with transcoding is better than tandem-free narrow-band.

3.
Issues for inter-working and high-level solution
When specifying how inter-working should be achieved between MMTel and other VoIP services it is natural to put such functionality in a Media Gateway. This is especially important when L16, G.711 or G.722 is required since the bit rates that these codecs and formats use is far too high to be practically usable over the cellular air interface. An internal review of TS 26.114 has therefore been made based on the assumption that the MTSI-MGW requirements for inter-working will be expanded. Two main goals have been used for this review:

· The new requirements for inter-working with non-MMTel services or MMTel on other IMS networks with other access technologies should be harmonized as much as possible with the requirements that have already been defined for example for CS GERAN and UTRAN inter-working.

· The new requirements for inter-working with non-MMTel services or MMTel on other IMS networks with other access technologies shall not impact the solutions and requirements for MMTel-MMTel sessions, nor shall there be any impact for CS GERAN and UTRAN inter-working.

In this review, it was concluded that at least the following areas need to be addressed:

· Codecs: If a common codec cannot be established end-to-end then it is obvious that a “neutral” format (linear 16-bit PCM, L16) or transcoding (G.711, G.722) is needed in MTSI-MGWs.

· The preferred codec in the session setup should still be to use AMR or AMR-WB end-to-end.

· As state in Section 2, fall-back from wide-band to narrow-band should be avoided.

· RTP profiles: AVP, AVPF or other RTP profile negotiation can be done with SDPCapNeg.

· Payload formats: The new formats and codecs have their own payload formats.

· Packetization: The requirements should be similar to other requirements for the MTSI-MGW. However, since the new formats and codecs uses a fairly high bit rate this may lead toin quiet large packets, especially if/when several frames are packed in the same IP/UDP/RTP packet. It is therefore important to consider solutions to avoid exceeding the MTU and, if needed, also consider back-off mechanisms if it turns out that exceeding the MTU is unavoidable for large packetzations.
· RTCP usage: It is foreseen that RTCP will be needed.

It is suggested that the following areas are not addressed:
· Jitter management: As the MTSI-MGW only need to manage the jitter in the uplink, it is suggested that no jitter management requirements are defined for these MGWs.

· Redundancy: The MTSI-MGW needs to apply ECU for lost packets when transcoding is performed. The MTSI-MGW will therefore only need to handle the packet losses that might occur in uplink. It is therefore suggested that redundancy should be an optional feature in MTSI-MGWs with no or a minimum set of requirements.

Both these areas would also mean that the requirements are harmonized with already existing requirements for MTSI-MGWs used for inter-working with for example CS GERAN and UTRAn.

It is foreseen that a new clause needs to be added in the inter-working clause, Clause 12, of TS 26.114 that specifically addresses inter-working with non-3GPP systems/networks. To clarify how these requirements should be used, it is beneficial to describe a few SDP examples, preferably in a new clause in Annex A. This is also outlined in the pseudo-CR that is attached.
4.
Proposal
Adopt this pseudo-CR as the starting point for the inter-working enhancements in TS 26.114. It is further proposed to focuse on ensuring that voice inter-working is possible.
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*** Start change 2 ***

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE:
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AC
Alternating Current
AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched
CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem

DTMF
Dual Tone Multi-Frequency
DTX
Discontinuous Transmission

GIP
Generic IP access

GOB
Group Of Blocks
H-ARQ
Hybrid - ARQ
HSPA
High Speed Packet Access

IDR
Instantaneous Decoding Refresh

IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

ITU-T
International Telecommunications Union - Telecommunications

JBM
Jitter Buffer Management

MGCF
Media Gateway Control Function

MGW
Media GateWay

MIME
Multipurpose Internet Mail Extensions

MPEG
Moving Picture Experts Group
MRFC
Media Resource Function Controller
MRFP
Media Resource Function Processor
MSRP
Message Session Relay Protocol
MTSI
Multimedia Telephony Service for IMS
MTU
Maximum Transfer Unit

NACK
Negative ACKnowledgment

NTP
Network Time Protocol
PCM
Pulse Code Modulcation
PDP
Packet Data Protocol

PLI
Picture Loss Indication

POI
Point Of Interconnect
PSTN    
Public Switched Telephone Network
QoS
Quality of Service
QP
Quantization Parameter
RoHC
Robust HeaderCompression
RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol
SB-ADPCM
Sub-Band Adaptive Differential PCM

SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

TFO
Tandem-Free Operation

TISPAN
Telecoms and Internet converged Services and Protocols for Advanced Network

TMMBN
Temporary Maximum Media Bit-rate Notification

TMMBR
Temporary Maximum Media Bit-rate Request

TrFO
Transcoder-Free Operation

UDP
User Datagram Protocol
UE 
User Equipment

VoIP
Voice over IP
VOP
Video Object Plane
*** End change 2 ***

*** Start change 3 ***

12
Inter-working

12.7
Inter-working with other IMS and non-IMS IP networks
12.7.1
General

IMS and MTSI services are required to support inter-working with similar services operating on other IP networks, both IMS based and non-IMS based, [2]. It is an operator option to provide transcoding when the end-to-end codec negotiation fails to agree on a codec to be used for the session. The requirements herein applies to MTSI MGWs when such transcoding is provided.

These requirements were designed for sessions carried with IP end-to-end, possibly inter-connected through one or more other IP networks.
A main objective is to harmonize the requirements for this inter-working case with the requirements for GERAN/UTRAN CS inter-working defined in Clause 12.3. There is however one major difference as the MGW requirements in Clause 12.3 apply only to the PS side of the MTSI MGW, i.e. between the MTSI MGW and the MTSI client in the terminal, while here there are requirements both towards the MTSI client in the terminal and towards the remote network.
12.7.2
Speech
12.7.2.1
General
12.7.2.2
Speech codecs and formats
12.7.2.3
Codec preference order for session negotiation
12.7.2.4
RTP profiles

12.7.2.5
RTP payload formats
12.7.2.6
Packetization

12.7.2.7
RTCP usage
*** End change 3 ***

*** Start change 4 ***

A.10
Examples
 of SDP offers and answers for inter-working with other IMS or non-IMS IP networks
A.10.1
General

The session between an MTSI client in a terminal and a client in a remote (non-MTSI) network can be established in may ways, especially when the session is initiated by the remote side.
The SDP will also be depend on how and when the MGW chooses to add information about what formats that can be used for inter-working. There are, in general, two methods for MGWs to add information about alternative formats that can be used for inter-working. The first method is to add the alternative formats to the original SDP offer from the initiating client as a pre-emptive action. The second method is to leave the original SDP offer intact, wait for the answerer to respond and only add the alternative formats when the SDP offer was rejected. A further complication is that there might be multiple MGWs in the path for this kind of inter-working and different MGWs might work differently.
The SDP examples included below should therefore be regarded as a few samples of possible SDPs and should not be regarded as a complete description of what might occur in a real implementation.
A.10.2
Session initiated by MTSI client in terminal
A.10.2.1
Original SDP examples from an MTSI client in a terminal
A.10.2.2
SDP modified by MGW when pre-emptively adding inter-working formats
A.10.2.2
SDP modified by MGW when adding inter-working formats only when the original SDP offer was rejected
A.10.3
Session initiated by remote client

*** End change 4 ***
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�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.


�This is just an example and placeholder so far, but new references should be expected.


�This is just an example and placeholder so far, but new abbreviations should be expected.


�A few SDP examples are useful





