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1 Introduction
The work item “Encoding formats, transport formats and media description signaling for interworking, QoE and other enhancements to MTSI-MHI (MTSI_eMHI), [1], was approved at SA#40. One of the goals listed in the work item is to improve the media handling when inter-working with other systems (access types). This contribution discusses the background and includes a few proposals for how to improve inter-working for voice.
2 Inter-working with other systems
2.1 General IMS requirements
3GPP/SA1 has defined a set of requirements for interconnection in TS 22.228, [2]. The requirements are summarized below:
· Section 8 describes that 3GPP IMS shall support the capability for interoperability with PLMN CS, PSTN/ISDN, Packet Cable, Internet and other non-3GPP networks that provide IP Multimedia sessions.
· Section 10 describes that if two IMS domains do not support a common codec for voice services then the network shall be capable to provide transcoding.

· Section 10 also describes that IMS shall support codec negotiation across interconnects to minimize transcoding, and preferably avoid it, to provide the highest quality service to the user.

The optimum solution is of course to select a common codec end-to-end. These requirements mean that is should be possible to build a system where inter-connection is possible even if no common codec can be found.
2.2 High-level architecture for inter-working

In an interconnection scenario between, for example, two cellular access networks, at least one and probably even two or even three media gateways will be included in the path. Figure 1 shows an example where two access networks are interconnected through a third network. Note that the MGW terminology is here used in a broad sense and may in reality also involve MRFC, MRFP, MGCFs, SBGs, etc.
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Figure 1.
Principal architecture for inter-connecting two access networks through an inter-connecting network.
Depending on how the networks are configured, transcoding can either be done in the initiating network, in the terminating network or even in the inter-connecting network. Hence, when no common codec can be found then transcoding is either performed in MGW1, in MGW2 or in MGWi. Transcoding may also be done in several MGWs, if/when required.
Operators may also use Session Border Gateways (SBG) at the network-to-network inter-connection point. The SBGs may or may not have transcoding capabilities.

Which MGW that is actually used for transcoding may also depend on the session setup procedure. Here there are two possibilities:
1. If MGWs add the codecs that they support to the list of codecs included in the SDP offer in the SIP INVITE then the transcoding will probably be performed in the first MGW that supports the required codec(s).
2. If MGWs do not add codecs that they support to the list of codecs included in the SDP offer in the SIP INVITE but instead engage transcoding resources if/when the session invitation is rejected by the answerer then transcoding will probably be performed in the last MGW that supports the required codec(s).
It is likely that different implementations of the systems will be configured differently which makes it virtually impossible to guarantee proper inter-working functionality unless the different networks support the same codec(s).
In the case that the two access networks cannot agree on a common codec it might happen that the inter-connecting network provides transcoding via a third codec. This should, of course, be avoided, since triple-coding will degrade the speech quality quite significantly.

2.3 Codecs supported in different networks

To evaluate whether inter-working between systems can work without transcoding or not, one need to analyze what codecs other systems support. The codecs supported in a few different access and/or network technologies has been analyzed and the codecs that each access/network technology supports is shown in Table 1 for narrow-band speech and in Table 2 for wide-band speech. Other codecs than those listed in the tables may also be supported in other systems.
Table 1. Narrow-band codecs supported in different systems (when narrow-band speech is supported)
	Codec
	3GPP
[3], [4], [5], [6]
	PSTN/ISDN
[7]
	TISPAN
[8]
	3GPP2
[9]
	Packet Cable
[10]
	VoIP clients for Internet

	G.711/PCM
	Mandatory for inter-connection to PSTN
	Mandatory
	Mandatory
	?
	Optional
	Supported by all known clients

	AMR
	Mandatory for UTRAN, GERAN Iu mode, MTSI and PSC
Optional for GERAN A/Gb mode
	
	Recommended
	
	Optional
	Supported by some clients

	GSM-EFR
	Mandatory for GERAN Iu mode

Optional for GERAN A/Gb mode,
	
	
	
	
	Supported by some clients

	GSM-FR
	Mandatory for GERAN A/Gb mode
	
	
	
	
	Supported by many older clients

	GSM-HR
	Optional for GERAN
	
	
	
	
	

	G.729
	
	
	Recommended
	
	Optional
	Supported by many clients

	EVRC
	
	
	Recommended
	Mandatory
	Optional
	

	SMV
	
	
	
	Optional
	Optional
	

	BV@16
	
	
	
	
	Optional
	

	Proprietary codecs
	
	
	
	
	Optional
	Frequently used


Table 2. Wide-band codecs supported in different systems (when wide-band speech is supported)
	Codec
	3GPP
	PSTN/ISDN
	TISPAN
	3GPP2
	Packet Cable
	VoIP clients for Internet

	AMR-WB
	Mandatory for UTRAN, GERAN, MTSI and PSC
	
	Recommended
	
	Optional
	

	G.722
	
	Mandatory for ISDN
	Recommended
	
	Optional
	

	G.729.1
	
	
	Recommended
	
	
	

	EVRC-WB
	
	
	Recommended
	Mandatory
	
	

	VMR-WB
	
	
	
	Optional
	Optional
	

	BV@32
	
	
	
	
	Optional
	

	Proprietary codecs
	
	
	
	
	
	Sometimes used


In addition to the narrow-band and wide-band codecs, Packet Cable has also listed codecs for super-wideband speech, 32 kHz sampling frequency or higher.

Some organizations have also defined other requirements that are important for the codec negotiation at session setup. For example, TISPAN has defined that NGN shall allow end-to-end negotiation of any codec between end-points, including both terminals and network elements.

It is almost impossible to know what codecs VoIP clients/services for the Internet support because these are often proprietary solutions.
An important observation is that few codecs are supported by two or more systems. One exception is G.711/PCM which is mandatory for almost all systems. One can also assume that this codec is implemented in all networks since inter-working with PSTN is almost always required.
2.4 Quality impacts of transcoding
As described in Section 2.2, inter-connections between terminals using different access types can result in:

· single coding, if both access networks support the same codec; or:
· tandem coding, if at least one of the MGWs in the access network support transcoding to the encoding format used by the other access network; or:

· triple coding, if neither of the two access networks support any codec supported by the other access network but when the inter-connecting network supports transcoding; or:

· fall-back to narrow-band speech, if the session was initiated to use a wide-band codec but where no common wide-band codec could be found; or:

· complete session setup failure, if no common codec can be found.

The bullet list above also represents the preferred order, for example: single coding is preferred over tandem coding; tandem coding is preferred over triple coding; and fall-back to narrow-band speech is still better than complete session setup failure.
Depending on the codecs performance, tandem and triple coding may introduce more or less distortions. The general rule is that tandem coding will in most cases be noticeable, at least when performing a formal subjective test, but still good enough so that the users will not be annoyed. Triple coding should in most combinations give a noticeable quality degradation which is large enough to make at least some persons annoyed.
Fall-back to narrow-band speech is judged as being clearly audible, in all scenarios, and most users that expect wide-band speech will be annoyed if/when fall-back to narrow-band occurs. Fall-back to narrow-band speech should therefore be avoided as far as possible.
2.5 Conclusion
No major problems are foreseen for narrow-band interconnection. The reason is that G.711/PCM is supported almost everywhere. G.711/PCM is also necessary for inter-working to/from PSTN. One can therefore assume that all networks will have such transcoding capabilities, even if such requirements do not exist in the corresponding system specifications. With G.711/PCM, one can conclude that successful session setup is guaranteed and that G.711/PCM can also work as an “interconnection format” in the case that the access networks do not support the same codec(s).

For wide-band speech, the situation is quite different. As the analysis above shows, there is no codec that is mandatory for all systems. Here one can foresee problems when interconnecting different access technologies. One can also foresee that fall-back to narrow-band speech will be quite frequently, unless some major improvements are made.
For super-wide-band and full bandwidth speech, the situation is even more unclear since few systems have defined such codecs.
3 Solution outline
To solve the expected inter-working problems for wide-band, and also for future super-wideband services, it is proposed that SA4 defines a format for inter-connection between networks. There are many possibilities but it is Ericsson’s opinion that simplicity and minimum quality degradations are the most important properties for such a format. It is therefore proposed to use a 16 bit linear PCM format.

The main benefits with this format are:

· All modern speech codecs have support for this format internally before and after the actual codec processing.

· No additional encoding/decoding is needed. Triple-coding and quality degradations can thereby be avoided.

· The complexity is virtually zero.

· IETF has already defined an RTP payload format for this, L16 in RFC 3551 [11], which supports the required sampling frequencies.
Note that the intention is to only use this format in fixed backbone networks, when inter-connecting different networks, and not over the air interface. This format could also be used internally within one operator’s network.
4 Proposal
To improve inter-working with systems that do not support the 3GPP codecs, it is proposed that SA4 defines a format for inter-connections to other networks. A few requirements on such a format are outlined below:

· The format shall support at least narrow-band speech and wide-band speech, 8 and 16 kHz sampling respectively, and should be extendable to higher sampling frequencies.
· The format should give minimum quality loss, preferably none. Fall-back to narrow-band speech gives a large quality degradation and must be avoided whenever possible.
· The format shall be simple.

The format is intended to be used for inter-connection between networks and/or between systems but is not intended to be used over the wireless interface. A suitable format would be linear 16 bit PCM, for example the L16 format which is defined in RFC 3551.

It is still beneficial if a common codec can be used end-to-end. The intention with the format is therefore not to remove the need for service layer agreements between operators but rather to provide a mechanism that operators can use if/when a common codec cannot be selected. The format should therefore be used as the last option in the codec negotiation in order to avoid session setup failures just because a common codec cannot be found.
It is foreseen that liaising with other standardization groups will be necessary.
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