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Introduction

The BARS work item is meant to collect together operator requirements. However the concepts of what is easy to implement, deploy, operate and maintain have tended to be lost in the shouts of “TrFO is an existing standard”. This is unfortunate because TrFO appears to break one of 3GPP’s guiding principles, namely being able to implement services without having to modify the handling of the bearer.
Answer: The introduction of every new service, e.g. a new speech codec type, requires modifications in all nodes that have to handle this new service, on call control plane (MSCs, protocols)  or on the user plane (MGW). There is no way around this. But this does not mean that the bearer is modified: it is maybe used in a different way (other payload formats etc), but that is unavoidable.

Examples 

a) examination of TS 23.153 shows detailed explanations of how standardised supplementary services (eg CFNRy) and network features (eg handover, DTMF) are handled. In general, it seems that every supplementary service and network feature requires detailed analysis.
Answer: for most supplementary services the interaction with the payload in TrFO is well defined and simple: only MGWs that have knowledge and capabilities to encode/decode the payload stream are authorized to access and manipulate the payload. 
Tones and Announcements, for example, can still be stored in PCM format (G.711), but they are then within the MGW encoded into the right, agreed payload format before insertion – WITHOUT changing the bandwidth efficiency in the network. In future Tones and Announcements should be stored in either 16kHz sampling or directly in AMR-WB encoded format to bring the benefits of AMR-WB quality also into this area.

DTMF tones are a legacy method for inband signalling, which is NOT compatible with any GSM or UMTS speech compression algorithm. This fact is known since the beginning of GSM standards and already at that time out-of-band methods have been introduced in uplink on the radio interface. It is only naturally to continue this track now within the BICN, when compression is also introduced here.
Conclusion: OoBTC/TrFO does just the necessary consequent steps to provide high quality and high efficiency together.

Conversely with TFO/eTFO, the user plane can self adapt to changes imposed by network features and supplementary services.
Answer: Unfortunately TFO/eTFO has other problems with traditional network setup. Traditional network development has lead to a number of vaguely specified "Voice Enhancement Devices" (VED), like network echo cancellers, noise suppressors and the more, that are spread into the speech path at various – unspecified – places and these in general hinder TFO to establish. But once TFO is established, every insertion of Tones, Announcements, DTMF and more does destroy the TFO path for their duration. The major disadvantage of this effects is that the bandwidth efficiency of (some versions of)  eTFO is thrown back to PCM64k.
This negative effect could not be repaired in TFO due to strong (and reasonable) requirements to keep it backward compatible.
TrFO did not have these restrictions and behaves substantially better in that respect.

b)
Unsurprisingly, TS 23.153 contains no descriptions of how TrFO interacts with non-standardised features and other services that may well be widely deployed by network operators. 
Answer: Are there any proposals to describe the interaction with a non-standardised feature?
This leaves operators with (millenium-style) concerns about ‘what existing services might be impacted’ and then, whether or not TrFO can support these services without bespoke MSC software adaptation. 
Again TFO/eTFO avoids these concerns.
Answer: See above: TFO suffers most from exactly these unspecified network intruders.

c) 
some years ago a Scandinavian (fixed) network offered “free calls if you listened to 5 seconds of advertising every minute”. How would such a service be provided with TrFO? 
Answer: Very easy, that is described: the interaction with the application can take place at every MGW that understands the coding of the payload.
With TFO/eTFO it is obvious that any break in the TFO protocol link causes rapid reversion to the use of transcoders.
Answer: Yes, with in general higher DSP load and slower stepl back into bandwidth efficiency. TrFO does basically the same, but well under control of the control plane and only in one direction and only for exactly the necessary time.

d)
one of the [German] GSM operators offers a service on their GSM network where the B party can choose the ringing tone that the A party will hear. What MSC adaptations are required to migrate this service to TrFO?
Answer: instead of playing the tone directly into the PCM plane, the tones are now inserted by a MGW, see above. They can still be stored in PCM format - then an Encoder is necessary for a short while to convert the PCM into coded domain -  or they are directly stored in the coded domain.
The latter has especially advantages, when using AMR-WB on the user plane and when WB-announcements and WB-tones/melodies are nice.

Again, with TFO/eTFO the user plane link just self-adapts.
Answer: yes, with all the drawbacks listed above. The insertion of WB-Announcements in TFO would/will also require a change in the MSCs (MGWs), otherwise only narrowband insertions are possible.

Proposal

It is proposed that the following text is added to the TR 23.977 to reflect the need to be able to develop and deploy services without interaction with the bearer control protocols.
Answer: according to the above discussion this specific addition does not seem fully appropriate. It neither reflects the current status of the standards, nor does it address the issues correctly. BICC/OoBTC provides a strict separation of "Bearer" and "Application". It is more the opposite: the frequent intermingle in legacy networks of bearer and payload has mislead many to break the separation (if it was every strictly given). This becomes now visible with the introduction of this strict separation in BICC/TrFO.

But the discussion also shows that common understanding, how TrFO works in all these supplementary services, is not fully given. Maybe some additional explanations (sub-sections) within the BARS TR could be helpful to provide better understanding.

_____________________________________________________________________

6
General Requirements for Architectural Solutions

· Work between PLMNs (where agreements and intervening networks permit).

· Interworking fully defined with existing 3GPP standards (e.g. TrFO, TFO)

· Support for Interworking with IMS

· Backward compatible with existing GSM (R99) Radio Access networks.

· Backward compatible with existing terminals

· Does not require implementation of non-standard interfaces on the Media Gateway (e.g. Ater).

· Support for Local Lawful Intercept requirements

· Provide service and bearer separation for the development of standardised services.
 _____________________________________________________________________

/*next modified section */
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11
Conclusions

Editor’s Note: 
The study has not yet been completed, so the text in this section reflects a partial conclusion and further work is required before a final conclusion can be reached.

The full set of scenarios provided in this Technical Report has enabled a detailed examination of the requirements identified within the report. These scenarios have gone beyond the existing basic set of scenarios provided in the current stage 2 documents e.g. 3GPP TS 23.153 [2].  This Technical Report has also identified that architectural solutions exist for the common interworking scenarios of mobile to mobile/PSTN calls:

· which avoid or minimise the degradation of speech quality,

· provide the necessary resource savings,

· provide effective bandwidth savings.

· 
· of course need changes on application level, when new services are to be introduced.
This TR has also shown that the standardisation of additional codec framing especially for EFR-SID over the Nb interface is of real benefit for the maintenance of quality of speech for the GSM – UMTS cases.

