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Executive summary 

This contribution supports the proposal made in [2] to define a default format for voice inter-working between IP networks (both IMS and non-IMS) in case interworking cannot be provided with a common codec or transcoding.
In addition to AMR and AMR-WB, it is proposed that MTSI media gateways support  the following codecs as mandatory for inter-connection with other IP networks:

· ITU-T G.711 for narrow-band inter-working;

· ITU-T G.722 for wide-band inter-working;

· A 16 bit linear PCM inter-connection format (ICF) for both narrow-band and wide-band inter-working when no other codec can be agreed.

No changes are proposed for MTSI clients in terminals.

To allow end-points to adapt to their respective operating conditions, it is also proposed that MTSI MGWs should support the packetization time used by end-points. Therefore, it is proposed that MTSI MGWs shall support a packetization containing 20, 40, 60 and 80 ms of speech in RTP packets, 20 ms being the default packetization time. Other packetization formats, including application layer redundancy, are proposed to be optional.
1. Introduction

This contribution discusses the issue of voice inter-working between 3GPP IMS networks and other networks, both IMS and non-IMS IP networks, and makes some proposal to improve this inter-working for both narrow band and wideband voice services.

2. Background: Inter-working with other systems
Improvement of voice inter-working is one of the important possible enhancements for multimedia services over IP and topic to be addressed in MTSI-eMHI [1]. Contribution Tdoc S4-080356 [2] gives a very good overview of the background for this topic.

Especially, TS 22.228, [3] specifies that IMS shall support codec negotiation across interconnects to minimize transcoding, and preferably avoid it, to provide the highest quality of service to the user which is possible only of common codec can be found.

Considering that other networks than 3GPP do support other codecs either with a mandatory status or just with recommended or optional status and that IMS and VoIP technologies may allow the negotiation of any codec between end user equipment (including proprietary ones) , it cannot consequently be guaranteed that a common codec can be found. In that case, the only way to ensure voice inter-working and avoid session setup failure is to implement transcoding operations in media gateways either in the initiating network, or in the terminating network or at the network-to-network inter-connection point.

Transcoding operations generate additional costs in networks, voice quality degradations and add latency. The following section discusses how to guarantee and optimize this interoperability in order to limit the network costs and ensure the desired level of quality. 

Especially, multiple tandemings resulting in strong quality degradation with respect to non transcoded calls must be avoided. This contribution consequently enforces and supports the proposal made in [2] to define a default format for inter-connection between networks with characteristics to be as simple as possible and of very limited quality degradation.

Such default format would apply only if no bilateral agreement between operators is defined or if no common codec can be agreed.
3GPP has currently specified voice codecs for narrow band voice services and for wideband voice services. Both cases are consequently discussed and addressed in this contribution.
3. Discussion on voice interworking issue 

3.1 Narrow Band (NB)  voice interworking

As stated in section 2.5 of Tdoc S4-080356 [2], G.711/PCM is supported almost everywhere and necessary for inter-working with PSTN networks that still support a huge part of the voice calls all over the world. So, one can assume that all networks already have and will keep such transcoding capabilities even if nothing requires it from a normative perspective.

However, although G.711 support and transcoding capability can be considered as a "de facto" standard it is much preferable to explicitly specify it in a normative specification as done by TISPAN in ETSI TS181005 [4] stating in clause 6:

In order to enable interworking between the NGN and other networks (including the PSTN, mobile networks and other NGNs) the NGN must be capable of receiving and presenting G.711 coded speech when interconnected with another network.
3.2 Wide Band (WB) voice interworking

WB voice offers a significant quality of service improvement for customers with much more natural sound, improved sensation of presence, intelligibility and listening comfort. In most systems WB voice capability is optional , although some codecs are defined with conditional mandatory support like G.722 for DECT New Generation system and AMR-WB for 3GPP mobile systems.

Due to this optional status of WB voice capability and the possible use of incompatible WB codecs in different networks, the risk that no common WB codec and no WB transcoding capability be supported is much higher for WB than for NB with the consequence of a possible fall back to NB to avoid voice service establishment failure.

Fall back from WB to NB would represent a strong quality degradation considering that subjective tests mixing narrow band and wideband voice show a subjective quality gap around 0.7 to 1 MOS between NB and WB  Fall back to NB may have a very negative impact on customers used to high wideband quality and should be consequently avoided as much as possible. WB transcoding would be much preferable since the quality degradation introduced by transcoding between high quality WB codecs (e.g. G.722 – AMR-WB transcoding) is known to be much more limited (typically around 0,3 to 0,4 MOS).

3.3 ITU-T G.722 as WB voice interworking format 
ITU-T G.722 [5] is a worldwide standard defined in 1988 by ITU-T for WB speech coding

within 64 kbit/s It has been designed and used for applications such as conferencing, commentary channels for broadcasting, and wideband telephone for ISDN. The related RTP payload specified in IETF RFC 3551.
G.722 (at 64 kbit/s) is the WB counterpart of ITU-T G.711. It fits in the same physical links as G.711, and therefore it is very well suited to most networks already dimensioned for G.711, which is a key cost factor for operators. Just like G.711, G.722 has very good quality, low delay, low complexity and it is royalty-free. Even though G.722 is not as widespread as G.711 (for legacy reasons), it is now widely deployed in wideband voice services. Therefore, in any case, support of G.722 in MGWs is very likely to be required for WB interworking between mobile and fixed IP networks. 
In the same way as ITU-T G.711 is proposed as mandatory codec for NB voice inter-working, it is proposed to specify ITU-T G.722 at 64 kbit/s as mandatory codec for WB voice inter-working. This proposal is further justified in Annex for the sake of completeness.
3.4 Linear 16 bit PCM format

The L16 PCM format as defined in RFC 3551 was proposed in Tdoc S4-080356, Voice inter-working in MTSI-eMHI, Source Telefon AB LM Ericsson [2] as voice inter-working format to use when no common codec can be found.

This is an attractive format due to its low computational complexity, simplicity and quality transparency (since it is already supported by all codecs as internal input/output sample format)  and its flexibility since it can be applied to any future higher sampling frequencies than NB (8 kHz) and WB (16 kHz).

The main drawback with this format is the high bit rate of 128 kbit/s for NB voice, 256 kbit/s for WB voice  and even higher for higher sampling frequencies.

3.5 Preference order

It is proposed that the linear 16 bit PCM format should be used as the last resort to maintain the service, when no other codec can be agreed. The preference order should therefore be to:

1. Use the same codec end-to-end, i.e. no transcoding in the MGWs;

2. Use transcoding in an MGW in either one of the networks, if such transcoding is supported;

3. Use G.711 or G.722 as an inter-connection codec for narrow-band and wide-band respectively;

4. Use the linear 16 bit PCM format as an inter-connection format, where the transcoding is shared between the MGWs in the respective networks.

3.6 Packetization time
Packetization time needs to be defined as well to ensure voice inter-working. It is proposed to specify a packetization time of 20, 40, 60 and 80 ms to be supported as mandatory and 20 ms should be used by default if no other packetization size is agreed by bilateral arrangement and/or at session setup.

Redundancy, with packetization up to 240 ms, including both the primary and the redundant parts, is proposed to be an optional feature.

Furthermore, the MTSI-MGW should preserve packetization to allow the end-points to adapt frame aggregation and redundancy, if supported and if used.

The MTSI-MGW shall be transparent to the packetization when no transcoding is performed.

4. Proposal

In order to guarantee and optimize both narrow-band and –wide-band voice services interoperability between 3GPP systems and other networks at better quality and reduced network costs it is proposed:

· That 3GPP/SA4 specifies an inter-working format (linear 16 bit PCM), with mandatory support for MTSI-MGWs, that should only be used if no other bilateral agreement between operators is established or if no common codec can be agreed at session setup.

· That 3GPP/SA4 specifies ITU-T G.711, with mandatory support for MTSI-MGWs, for NB voice inter-working.

· That 3GPP/SA4 specifies ITU-T G.722 at 64 kbit/s, with mandatory support for MTSI-MGWs, for WB voice inter-working.

· For both narrow-band and wide-band, 20, 40, 60 and 80 ms packetization support to be mandatory for MTSI-MGWs with 20 ms being the default option and other packetization formats and redundancy support optional.

· That 3GPP/SA4 update TS 26.114 accordingly.

5. References
	[1]
	SP-080443, WID on “Encoding formats, transport formats and media description signalling for interworking, QoE, and other enhancements to MTSI-MHI (MTSI_eMHI)”

	[2]
	Tdoc S4-080356, Voice inter-working in MTSI-eMHI, Source Telefon AB LM Ericsson

	[3]
	3GPP TS 22.228 “Service requirements for the Internet Protocol (IP) multimedia core network subsystem”.

	[4]
	ETSI TS 181 005 “TISPAN Service and Capability Requirements”

	[5]
	ITU-T G.722 "7 kHz audio-coding within 64 kbit/s "

	[6]
	ETSI TS 102 527-1 "Digital Enhanced Cordless Telecommunications (DECT); New Generation DECT;  Part 1: Wideband speech"


Annex: Justification for G.722 as WB interworking format
The specification of G.722 at 64 kbit/s as default WB inter-working format follows the same logic as G.711 for NB. G.722 is indeed a natural solution for WB voice inter-working for the following reasons:

· Just like G.711, G.722 is a low-cost codec with no license cost and reduced complexity (one of the simplest WB codecs to implement). G.722 can be easily supported by all networks and devices already supporting other codecs. It should be noted that low complexity is a very important property since MGWs are typically required to handle thousands of calls, in some cases even tens of thousands of calls.

· G.722 and AMR-WB are the two only codecs already specified by ETSI as mandatory codec for WB terminals: G.722 has been specified as mandatory wideband codec for New Generation DECT (AMR-WB for 3GPP WB mobile terminals).  The wideband speech service profile based on G.722 at 64 kbit/s is specified in ETSI TS 102 527-1, [6]. It has been defined as recommended in TISPAN and optional in PacketCable. Therefore, using G.722, WB interworking between 3GPP and NG-DECT, TISPAN and PacketCable is feasible.
· G.722 is the only WB standard already widely deployed (for fixed residential WB VoIP services).
· The quality of G.722 at 64 kbit/s is very good. It is good trade off between reduced bit rate requiring more complex and costly codecs and/or with risks of some quality degradations and high bit rate with very basic encoding in Linear PCM.

· G.722 is a sample based codec. As a consequence the algorithmic delay introduced by this codec is almost negligible (1.625ms) and additional latency when transcoding to and from G.722 would then be minimized.

· G.722 encoding is based on sub-band ADPCM technology and does not rely on very specific speech model. As a consequence G.722 offers a very good robustness to any types of signals (speech, music, mixed).
· G.722 at 64 kbit/s is very well suited to most networks already dimensioned for G.711
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