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1.
Abstract
Bitstream interoperability with the existing AMR-WB codec was proposed as an essential requirement for a future EVS codec. Bitstream interoperability is defined as the ability for an EVS encoder to produce bitstreams decodable by an AMR-WB decoder (and vice-versa). During the last EVS SWG meeting it was requested to provide further input on that matter. This contribution addresses this request and provides detailed technical motivation from a service migration view point and related to the EVS use cases that are part of the present draft of the EVS TR.
2.
Introduction

According to the EVS use cases that are described in the present working draft of the EVS TR [1], the introduction of EPS can be assumed to happen gradually. Interoperation with pre-Rel-9 systems and terminal equipment not supporting the EVS is hence a likely use case still for many years to come. Consequently, the discussion in this document focuses on the migration period in which legacy AMR-WB capable equipment will co-exist with new equipment supporting the EVS. Addressed are aspects such as how to ensure a smooth and cost efficient migration path to the EVS as well as specific interoperation use cases in which cost efficiency and service quality are the priorities. With regards to the service quality aspect of interoperability this follows the premise made in the draft TR that reads: “Although multiple methods to achieve interoperation may exist, the selected method of interoperation should ensure the highest possible quality for the end user relative to other possible methods of interoperation”. 
3.
Codec migration

Whenever a new speech codec is deployed there are a number of different areas which are impacted. Concentrating on PS based systems, these areas include terminal support, access and transport network support and network based media functions (MGWs, application servers, MRFPs). Although the new codec often can utilize existing PS transport channels, it is still a significant task often connected with long deployment times and cost. 

In order to facilitate codec deployment, backward compatibility with already deployed codecs can be of great use. Backward compatibility on a codec bit-stream level is not the only requirement needed for such a smooth deployment, but it is a fundamental one. Bitstream interoperability as a feature is not new for 3GPP codecs and has in various earlier cases been adopted when introducing new speech and audio codecs into 3GPP. Examples are AAC ( E-AAC+, AMR-WB ( AMR-WB+ as well as EFR ( AMR. 
With regards to the proposed bitstream interoperability of the new EVS codec to AMR-WB, the benefits for the codec introduction would be that all existing AMR-WB MTSI implementations in the mobile system (UEs and network nodes) could claim ”baseline” EVS support. The specific timing when specifically to implement and use enhanced EVS features could though be aligned to the market needs and rather be an operator’s choice. 

For UEs there would be a smooth migration path such that new enhanced features over baseline EVS could be enabled as soon as the UE has a full EVS implementation. For network nodes such as MRFPs, gateways, application servers the benefit would be that legacy nodes only providing AMR-WB support would still interoperate with new EVS UEs. Network node upgrades could hence be made gradually depending on the demand. For access and transport networks the advantage would be that all existing optimizations for AMR-WB would still be valid for “baseline” EVS from day 1, hence providing increased performance and efficiency (capacity, coverage). Additional network optimizations for the EVS enhancements could be made successively when traffic with EVS enhancement data grows.
If, in contrast, bitstream interoperability is not given, the deployment is forced to be binary, forcing support in all affected nodes at the same time. If this feature is in place, the basis is set to enable an introduction of the new codec at a pace which can follow the actual market needs. Instead of having a binary, “on/off” introduction, there would hence be an evolutionary deployment path with much fewer economical risks and which secures existing deployments.
4 Use cases

4.1 PS to CS handovers
The most expected common scenario during an LTE (E-UTRAN) deployment is that LTE areas are included in a wider 3G/GSM (UTRAN/GERAN) coverage. Therefore, it is probable that mobile users having initiated MMTeL conversational services over LTE/PS will have to switch to CS. Given that, it is important that the ability to seamlessly handover from MMTeL voice over PS to a CS bearer over UTRAN/GERAN be efficiently supported by terminals and networks.

This feature of PS to CS handover is referred to as Single Radio voice Call continuity (SRVCC) in 3GPP (TS 23.216 (Rel-8)). SRVCC is based on the Session Continuity framework (TS 23.237 (Rel-8)).

Figure 1 gives a high level description of this scenario.
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Figure 1: PS to CS handovers

First, UE A and UE B are both camped on LTE (E-UTRAN) and have established a call using MMteL with the EVS codec. At some point, the E-UTRAN on UE A side detects from reported measurements that UE A will soon loose LTE coverage. The E-UTRAN triggers a PS to CS handover. The Packet core handles this handover request like an inter MSC handover and triggers the Session Continuity Procedures on the IMS. The HO is prepared on the MSS by inserting media gateway functions and on the IMS side by re-routing the SIP session to this media gateway with updated IP address and codecs. It is assumed here that AMR-WB is supported on the CS network and by the UEs. 

The interruption time experienced by user A will depend on the time to switch from PS to CS, the time to possibly switch codecs and the time to establish the new routing on B side.

Case 1) without bit-stream interoperability

In that case:

- Once CS is re-established, the UE A must switch codec from EVS to AMR-WB before frames can be encoded/transmitted and received/decoded.

- Either an EVS-AMR-WB transcoding function is inserted in the gateway, affecting quality OR, a re-negotiation of codec on the B side is triggered to end up with AMR-WB on both sides, making the switching time longer. 

Case 2) with bit-stream interoperability

In that case:

- Once CS is re-established, the UE A can keep using bitstream interoperable modes of EVS with no need to switch to AMR-WB. This reduces the switching time compared to case 1).

- UE B doesn’t need to switch codec when receiving RE-INVITE from SCC. It can immediately send/receive bitstream interoperable packets. This reduces switching time compared to case 1).

- No transcoding function is required which means neither quality degradation, nor added complexity.

Note that in this case where no renegotiation of codecs is necessary; an optimizations of SRVCC consists in using a proxy to remove the need to re-negociate IP@ with UE B via RE-INVITE. The switching on UE A side is then seamless for UE B.

Based on this analysis, case 2 with bitstream interoperability is favorable in that it reduces switching time to only the PS to CS radio switch and the routing switch in the packet core, removes the need for transcoding complexity and quality degradation and the need to renegociate and switch codecs.
4.2 High-quality conferencing
Multi-Party conferencing is an important use case for the EVS. There are at least two ways for realizing multi-party conferencing, namely in a configuration with a central mixing unit (Multipoint Conferencing Unit, MCU) and one without. While central mixing may be inevitable for conferences with a large number of participants, the most frequently occurring case of 3-party conferences (at least for non-enterprise use) can more efficiently be realized without MCU. This provides cost advantages since a central processing node is avoided. The avoidance of mixing in a central MCU is furthermore beneficial in terms of signal quality as it avoids the need for tandem coding, i.e. re-encoding of the mixed signal. 
One important assumption that has to be made in order to enable multi-party conferencing without MCU is that each UE is able to receive and decode signals simultaneously from all other UEs while it distributes its encoded send-side signal to all other UEs. Whereas it would be difficult to require for a UE to run several simultaneous encodings due to complexity reasons, executing several instances of a speech decoder that generally is much less complex than the encoder does not constitute specific complexity problems. The seeming disadvantage of using extra transmission resource for distributing several streams to each UE is mitigated if DTX is employed since then typically only the active speech signal of the active speaker UE needs to be transmitted besides the little amount for comfort noise parameters for the other passive speaker UEs.

The considered conferencing scenario is depicted in figure 2. UE A and UE B support the EVS codec while UE C is a legacy terminal supporting AMR-WB only. It is further assumed that parties A and B start off from a two-party communication and decide to involve user C. Corresponding to the capabilities of UE A and UE B the initial two-party communications employs the EVS codec. Two cases will now be considered. Case 1 assuming that the EVS codec is not bitstream interoperable with AMR-WB and case 2 assuming that bitstream interoperability is given.
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Figure 2: MCU free high quality conferencing
Case 1: EVS not bitstream interoperable with AMR-WB

The establishment of the 3-party conference involves the following elementary steps: 
· SIP/SDP negotiation between UE A and UE C yielding AMR-WB as supported codec by both terminals
· SIP/SDP negotiation between UE B and UE C yielding AMR-WB as supported codec by both terminals
· UE A and UE B detect the conflict between the EVS codec used for the existing connection and the new connections to UE C

· The conflict is resolved by terminating the connection and codec SIP/SDP re-negotiation between UE A and UE B now leading to AMR-WB
· Establishment of the 3-party conference with AMR-WB as codec
The consequences of the described procedure are that the connection between UE A and UE B is affected and forced to operate at downgraded service quality. Given the intended substantial quality benefits enabled by the EVS, this degradation will be clearly noticeable by the users. Also inevitable is an interruption between these UEs due to the re-negotiation between UE A and UE B.  

Case 2: EVS embedded bitstream interoperable with AMR-WB

The establishment of the 3-party conference now involves the following elementary steps: 
· SIP/SDP negotiation between UE A and UE C yielding AMR-WB as supported codec by both terminals
· SIP/SDP negotiation between UE B and UE C yielding AMR-WB as supported codec by both terminals

· The connection between UE A – UE B is unaffected and the codec remains EVS

· Establishment of the 3-party conference using the embedded AMR-WB bitstream of the EVS bitstream for the connections from UE A to UE C and UE B and UE C. 
The consequence of the described procedure is that the connection between UE A and UE B remains at maximum EVS quality as during initial two-party call. No disturbing interruption in connection between UE A and UE B occurs.
It is concluded that embedded bitstream interoperability of the EVS codec with AMR-WB is a required feature for conference use cases without MCU in order to avoid any kind of quality degradation and in order to operate the conferences always at maximum possible, i.e. EVS service quality. This advantage comes at virtually no extra cost in terms of complexity and does not require any additional transmission resource. 
4.3 Voice mail service

Voice mail is a frequently used service providing an answering machine function for cases when a user is unable to answer an incoming call. It provides the possibility to the caller to leave a message that later can be retrieved by the user. 

For the discussion in this document it is assumed that network equipment cost is a decisive factor and that consequently it provides benefits if the need for transcoding functionality in a voice mail application server or MRFP can be minimized. Furthermore service quality is assumed to be important and that the highest possible quality should be offered when ever possible. Quality degradations due to potential transcoding should be avoided according to the EVS system and service requirements in the present working draft of the EVS TR [1].
The considered scenario is as follows. UE A supports the EVS codec while UE B is a legacy terminal supporting AMR-WB only. UE A leaves voice message for user B. The voice mail application server is unaware of the capabilities of UE B. Consequently and in order to provide the option to retrieve the message in the best possible quality it is stored in EVS codec format. Subsequently, UE B connects to the voice mail system in order to retrieve the message. Two cases will now be considered. Case 1 assuming that the EVS codec is not bitstream interoperable with AMR-WB and case 2 assuming that bitstream interoperability is given. 
Case 1: EVS not bitstream interoperable with AMR-WB
The retrieval of the voice message involves the following steps. 

· Upon SIP/SDP negotiation between UE B and the voice mail application server a conflict of codec formats is detected between the EVS format of the message and the AMR-WB codec supported by UE B.

· A connection to some transcoding gateway (MRFP) is established that carries out transcoding from EVS codec format to AMR-WB.

· The voice mail message is streamed to UE B in AMR-WB format

The consequence of the described procedure is that UE B has only access to the voice message in worse than native AMR-WB quality due to the impairments caused by the transcoding. With regards to cost efficiency this solution is less desirable as it requires network nodes carrying out transcoding functionality.
Case 2: EVS embedded bitstream interoperable with AMR-WB
The retrieval of the voice message involves the following steps. 
· Upon SIP/SDP negotiation between UE B and the voice mail application server a conflict of codec formats is detected between the EVS format of the message and the AMR-WB codec supported by UE B.

· Sub-case a: EVS payload format compatible with AMR-WB format

· Voice mail message is streamed to UE B as if it was EVS-capable

· UE B discards/ignores EVS extra information on top of AMR-WB embedded part
· Sub-case b: EVS payload format not compatible with AMR-WB format

· The voice mail application server performs a (light-weight) payload format conversion from EVS to AMR-WB by discarding EVS extra information and retaining AMR-WB bitstream.
· Voice mail message is streamed to UE B in AMR-WB format
The consequence of the described procedure is that UE B has access to the voice message in native AMR-WB quality. Any kind of degradation as result of transcoding is avoided. This solution is also most cost efficient as it avoids the provisioning of a network node carrying out transcoding functionality.
It is concluded that embedded bitstream interoperability of the EVS codec with AMR-WB is a required feature in order to guarantee cost efficient implementation of the voice mail service with a minimum network resource function needs. It is also evident that this feature is required in order to ensure maximum voice message quality without transcoding degradations. 

4.
Summary and conclusion
It is concluded that AMR-WB bitstream interoperability of the EVS codec is a decisive advantage for the EVS. It enables a smooth ‘evolutionary’ migration path towards the EVS. It further provides clear benefits over interoperability through mere codec negotiation on SIP/SDP level. Various use case examples were given where bitstream interoperability with AMR-WB is required for optimal service quality and minimal network resource function needs. 

In fact, interoperability through bitstream interoperability is a stronger criterion than interoperability through codec negotiation. It enables optimal service quality through transcoding-free interoperation of the EVS codec with AMR-WB and maximized voice-call continuity even in cases when the codec to be used for the service cannot be negotiated or needs to be re-negotiated. 
It is suggested to make bitstream interoperability with AMR-WB a design requirement for the EVS codec. 
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