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Based on discussions and decisions at the EVS sessions during SA1#40, the following changes are proposed to TR22.813.

********** start of text proposal **************

5
Use cases

[Editor's note: this work will be done by TSG SA1 experts]
5.1
High quality audio conferencing over heterogeneous networks and with different terminals

5.1.1
Motivation
Among the different use cases related to voice services, the high quality audio conferencing scenario over heterogeneous networks and with different terminals, described more in details in 5..1.2, is a relevant scenario considered for this study item for the following reasons:

- It is one of the most demanding for enhanced quality of service and high voice quality because of longer duration of conference calls. 

- It requires interoperability and flexibility since audio conferencing service may interconnect different users connected from different access networks and devices.

5.1.2
Description
The use case describes the scenario of a multipoint audio conferencing session with N participants over EPS. 

The participants are connected over heterogeneous access networks that include 3GPP access (e.g. E-UTRAN, ) and non-3GPP access networks, like WiMAX, WLAN, cdma2000®, PSTN…, with different QoS (bit rate, delay, packet loss, and jitter). They are also supposed to be in a situation of mobility between different access networks. They are participating using different types of terminals and in different environments (home, office, car, train…). Such terminals have different capabilities in terms of:

- Supported codecs: new terminals support the EPS's codec(s) but old terminals can still participate in the conference even with only 3GPP pre-EPS codec(s).

The following examples are some possibilities illustrating the diversity of the participation environment conditions: 

- User A with PC terminal connected to WLAN.

- User B with a laptop terminal working outside and connected to its home network (e.g. non 3GPP defined).

- User C with a 3G/EPS hand held terminal in car connected through the LTE access network. This participant is supposed to continue seamlessly the participation in the conference call when arriving to his office but using e.g. WLAN connection.

- User D with 2G or 3G terminal in train connected through GSM/GPRS/EDGE or UMTS with noisy background.

5.2
Two-party communication
The most typical and most important use case, where the end-user has high expectations regarding the perceived audio quality, is conversational voice communication between two parties (e.g. Multimedia telephony). 

Within the scope of 3GPP systems, the most likely case is that at least one of the involved terminals is a mobile terminal. Mobile terminals can in many cases be assumed to be used in mobile environments with certain ambient noise level. Also, it is likely that the mobile terminals will be used in hand-held mode using the built-in microphones and loudspeakers, or with a monaural mobile handsfree set. It is however notable that there is a technology trend significantly enhancing the acoustic front-ends of mobile terminals. It can hence be assumed that there are an increasing number of cases in which the mobile terminal provides fullband and stereo (or multi-channel) capabilities. Furthermore, such cases can be regarded typical for fixed line, PC, or IPTV terminals. To optimize the end-user experience, during the codec negotiation a wideband codec shall be prioritized over a narrowband codec. The network operator policy can override the codec negotiation.
Generally speaking only narrow band quality should be mandated, with higher bandwidths being optional.  Prior to setting requirements for super wideband (SWB), full band, stereo, or multi-channel, feasibility studies are needed to ensure that super wideband (SWB), full band, stereo, or multi-channel in fact provide some perceptually relevant benefit to the end user.  Such feasibility studies were conducted prior to wideband standardization in 3GPP, and are equally (if not more) justified for these cases.
Note: In the case of eUTRAN, these feasibility studies would be conducted with 3GPP.  In the case of non-3GPP access such as WiMAX, these studies are outside the scope of 3GPP, but should be done by liaison with 3GPP.
5.3
Interoperability with pre-Rel-9 3GPP systems

Today, 3GPP systems have a subscriber base counting in billions. The introduction of EPS can hence only be gradual and interoperation with pre-Rel-9 systems and terminal equipment as well with Rel-9 equipment not supporting EPS is a likely use case still for many years to come. Interoperability can be achieved in one of three ways:

1. Transcoding

2. Codec negotiation to select a previously defined codec from among those mutually available on the EPS terminal and the pre-Rel-9 terminal

3. Codec negotiation, to select a codec from among those available on the EPS terminal, such that the selected codec, new for Rel-9, is also bitstream interoperable with those codecs available on the pre-release-9 UE terminal. 

In order to guarantee the highest level of service quality when inter-operating with pre-Release-9 3GPP systems, methods 2 and 3 are preferred over transcoding (method 1).

either through the use of existing codecs previously defined for narrowband (AMR-NB) and wideband (AMR-WB) voice services, or through bitstream interoperability with one or more of these codecs when a new codec is defined. Since the overwhelming majority of the existing subscriber base has terminals supporting AMR narrowband, precedence should be given to supporting this codec (through either method 2 or method 3 above) over all other previously defined codecs to minimize the probability of requiring transcoding.
5.4
Mobility scenarios

By their nature mobile terminals are likely to move during a session. Together with the fact that EPS will not have 100% coverage from its first roll-out this means that there is a high likelihood for handovers between cells with EPS support and cells without. Cells without are cells with only CS or legacy pre-Rel-9 PS access type. This scenario is likely to happen both with mobiles participating in two-party as well as in multi-party communication use cases.

For mobile terminals which camps in EPS the services continuity as described in TS 22.278 [2] applies.

5.5
Call Hold and (Explicit) Call transfer

These are supplementary services defined in [2],[3]. The call hold service allows a served mobile subscriber (subscriber A) to interrupt communication on an existing active call (with subscriber B), to place another call (with subscriber C) and, if desired, to re-establish the original communication. 

The ECT supplementary service enables the served mobile subscriber (subscriber A) who has two calls, each of which can be an incoming or outgoing call, to connect the other parties in the two calls (subscribers B and C) and release the served mobile subscribers own connection. 

In both of these supplementary services it is possible scenario that one of the calls established with subscriber A is an enhanced EPS voice service while the other is a legacy 3GPP wideband or narrowband voice service.

5.6
Voice-mail service

A typical use case of voice mail service is that a first user A establishes a call to a voice-mail server and leaves a message for some other user B. Later user B connects to the server and listens to the message. One likely case is that the terminals of both users are of different capabilities.

5.7
Access to network media server content

An increasing number of conversational services between two or multiple parties include access to media servers which put requirements on music and mixed content (speech + music) quality. This use case involves server-based media access like:

· Calling participants of a conference call are listening music on hold waiting for the conference call organizer to open the bridge.
· User is provided with a mixed content (speech + music) message (informative or advertising) from a multimedia server while waiting for the end user to answer.

5.X
Multi-access call 
EPS is characterized by multiple accesses to EPC supporting multiple RATs. Mixed access interfaces introduce the need for codec interoperability.  In particular, in order to interoperate with the largest possible base of deployed 3GPP terminals on HSPA, UMTS, and GSM, AMR-NB interoperability is required.  For interoperability with legacy 3GPP2 terminals, requiring EVRC-WB will provide interoperability with both EVRC-WB and EVRC-B narrowband.  Since the legacy air interfaces may introduce capacity bottlenecks, codecs offering bit-rate efficiency are required, preferably with minimal impact on quality.

5.X 
In-call music

At present, music while on hold offers little more to the user than providing an indication that the call has not dropped. ePS is an opportunity to provide music on hold, of comparable quality to multimedia streaming, to improve user experience.  This will require coding and decoding of music within the delay constraints of a conversational codec.  
5.X
 Economy calling plans  /  Placing calls on congested networks 

In one scenario, an operator wishes to offer its customers unlimited voice calls for a fixed price.  The high capacity of ePS, together with a very bandwidth efficient voice codec technology, enables the operator to offer very competitive "all you can eat" voice calling plans.  In another scenario, calling plans are offered to consumers at a very low cost.  New codecs require new development and testing across chip vendors, handset manufacturers, and infrastructure vendors.  Economical handsets and infrastructure will require continued use of already deployed and tested codecs.  Therefore, interoperation with these legacy terminals is essential.

Since delay is inversely related to capacity, the ePS codec should minimize delay and offer high capacity modes of both NB and WB speech.  Furthermore, congested networks will have worse channel degradations.  Therefore, the ePS codec should provide strong robustness to these conditions.

5.E
Placing calls with better-than-landline quality

Mobile systems offer many advantages over fixed networks. However, voice calls within fixed networks are generally of higher quality and cheaper than current GSM/UMTS networks. ePS is an opportunity for voice calls to be at least as good as fixed networks in this respect.  ePS should offer subscribers the possibility of eliminating the need for fixed-line service for those who kept it for the superior quality it offers.  To achieve this, wideband quality and robustness to PS channel degradations characteristic of PS air interfaces are required


