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1.
Introduction
This contribution proposes specification text for the formats and codecs to use for inter-working enhancements in TS 26.114, [1]. The proposed solution is to define inter-working formats and codecs that can be used when no common codec can be agreed to be used end-to-end. The proposal also includes a preference order for usage of the different codecs and formats and describes what payload formats that applies to the different codecs and formats.
A first version of this contribution was presented at the MTSI ad-hoc in Lund, 2008-09-29 – 2008-10-01, [3]. Change marks are included to show the changes relative to that version.

2.
Proposal
Adopt this text to be included in the pseudo-CR, [2].
3.
References
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[2] S4-080647, “Skeleton for Voice inter-working in MTSI-eMHI”.
[3] S4-AHM099, “Formats for Voice inter-working in MTSI-eMHI”.
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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
NNI
Network-to-Network Interface
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
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12
Inter-working

12.7
Inter-working with other IMS and non-IMS IP networks
12.7.2
Speech

12.7.2.2
Speech codecs and formats
MTSI MGWs offering speech communication between an MTSI client in a terminal and a client in another IP network through a Network-to-Network Interface (NNI) shall support the same codecs and codec modes as defined for GERAN/UTRAN CS inter-working for narrow-band and wide-band speech respectively, see clause 12.3.
Such MTSI MGWs offering speech communication shall also support:

· G.711, both A-law and -law PCM; and:

· Linear 16 bit PCM (L16) at 8 kHz sampling frequency.
When such MTSI MGWs also offer wide-band speech communication then the following shall be supported:

· G.722 (SB-ADPCM) at 64 kbps; and:

· Linear 16 bit PCM (L16) at 16 kHz sampling frequency.

12.7.2.3
Codec preference order for session negotiation
It is important to optimize the quality-bandwidth compromise, even though the NNI uses a fixed IP network. For this reason, the following preference order should be used by MTSI MGWs unless another preference order is defined in bilateral agreements between the operators:

· The best option is if a codec can be used end-to-end. Therefore, AMR and AMR-WB should be used end-to-end, for narrow-band and wide-band speech respectively, whenever possible.
· The second best solution is to use G.711 and G.722 as inter-connection codecs, for narrow-band and wide-band speech respectively, since these codecs offer a good quality while keeping a reasonable bit rate.

· The linear 16 bit PCM format should only be used as the last resort, when none of the above solutions are possible.
If a wide-band speech session is possible, then fall-back to narrow-band speech should be avoided whenever possible.
NOTE:
There may be circumstances, for example bit rate constraints, when a fall-back to narrow-band speech is acceptable since the alternative would be a session setup failure.
12.7.2.5
RTP payload formats
The payload format to be used for AMR and AMR-WB encoded media is defined in Clause 7.4.2.

The payload format to be used for G.711 encoded media is defined in RFC 3551, [10], for both A -law (PCMU) and -law (PCMA).

The payload format to be used for G.722 encoded media is defined in RFC 3551, [10].

The payload format to be used for linear 16 bit PCM is the L16 format defined in RFC 3551, [10]. When this format is used for narrow-band speech then the rate (sampling frequency) indicated on the a=rtpmap line shall be 8000. When this format is used for wide-band speech then the rate (sampling frequency) indicated on the a=rtpmap line shall be 16000.
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