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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

This clause is optional. If it exists, it is always the second unnumbered clause.

1
Scope

 The present document covers the enhancement required to support MCPTT.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 22.179: "Mission Critical Push To Talk (MCPTT) over LTE; Stage 1"
[3]
3GPP TR 26.952: " Codec for Enhanced Voice Services (EVS);Performance Characterization"
[4]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony;Media handling and interaction"
[5]
ITU-T Technical Paper - GSTP-GVBR, Performance of ITU-T G.718

3
Abbreviations
3.1
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

BC
Broadcast

MCPTT
Mission Critical Push-To-Talk

UC
Unicast

4
Reference Model
Figure 1 shows a reference model of MCPTT support over UC and BC. The GCS AS interacts with UE over GC1 interface for application signalling. The GCS AS determines whether to deliver the audio over UC or BC. GCS AS interacts with BM-SC over MB2 interface to deliver audio to BM-SC. The BM-SC delivers the audio over broadcast channel to the UE via SGi-mb interface. The GCS AS interacts with P-GW over SGi interface to deliver audio to the UE. The red line represents the audio delivered over UC channel. The green line represents the audio delivered over BC channel.

Note:  The UE interacts with the BM-SC using HTTP method via SGi interface for MBMS Associated Delivery Procedure. Whether the ADP procedure applies to the MCPTT is TBD.
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Figure 1: MCPTT support Reference Model
5
Key Issues for Supporting MCPTT
5.1
Key Issue#1: Codec for MCPTT
5.1.1
Review of Codec Alternatives and their Relative Perceptual Performance
5.1.1.1
Overview of the 3GPP Codec Comparison
The EVS Selection and Characterization Phase Test Results provided in the main body and Annex D of TR 26.952 [3] give a detailed assessment of the performance of the EVS Codec in realistic scenarios compared to both AMR and AMR-WB. A summary of this comparison is provided in the next two sub-clauses. 

In a final sub-clause the relative performance of different audio bandwidths coded with AMR, AMR-WB and EVS is provided showing that the SWB modes of EVS outperform the WB and NB Primary modes of EVS, AMR-WB and AMR.
5.1.1.2
Narrowband Comparison vs AMR
For Narrowband (NB) signals, four experiments were conducted in the EVS Selection and four in the EVS Characterization. Taken together, these results provide a complete picture of the performance of EVS with respect to AMR but the highlights are provided in Figures 2 to 6 below.

It can be seen that EVS always significantly out-performs AMR in terms of intrinsic audio quality for both speech and Mixed/Music signals. EVS is also significantly more robust to frame erasures; both randomly distributed or according to the Delay and Error profiles from TS 26.114 [4] using the EVS JBM.
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	(c)
	(d)

	Figure 2: EVS NB vs AMR – Speech - Random Frame Erasures - Selection
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	(c)
	(d)

	Figure 3: EVS NB vs AMR – Speech - Random Frame Erasures - Characterization
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	(a)
	(b)

	Figure 4: EVS NB vs AMR – Speech - TS 26.114 Delay & Error Profiles
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	(a)
	(b)

	Figure 5: EVS NB vs AMR – Music & Mixed Content - Random Frame Erasures
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	(a)
	(b)

	Figure 6: EVS NB vs AMR – Music & Mixed Content - TS 26.114 Delay & Error Profiles


5.1.1.3

Wideband Comparison vs AMR-WB

For Wideband (WB) signals, seven experiments were conducted during the EVS Selection and five experiments during Characterization; focused on determining the performance of the EVS Wideband Primary Modes of operation. Taken together these experiments provide unique information about the performance of EVS with respect to AMR-WB but the highlights are provided below in Figures 7 to 10.

As in the case of AMR and NB, it can be seen that EVS always significantly out-performs AMR-WB or AMR-WB/G.718IO in terms of intrinsic audio quality for both speech and Mixed/Music signals. EVS is also significantly more robust to input level and frame erasures; both randomly distributed or using the EVS JBM in conjunction with the packet delay and error profiles taken from either TS 26.114 or the new profiles defined for LTE. 

What is less clear from the frame erasure plots is that AMR-WB, in its basic form, performs significantly less well than these curves would suggest. Work in ITU-T as part of the G.718 exercise led to significant improvements to the packet loss concealment of AMR-WB (G.722.2) and these improvements are shown in Figures 11 & 12 (FER and BFER); taken from the Characterization Report of Recommendation ITU-T G.718 [5]. The enhancements achieved during the development of G.718 formed part of the justification of the EVS work item and thus it can be assumed that EVS will perform even better than suggested by Figures 8, 9 and 10.
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	(a)
	(b)

	Figure 7: EVS WB vs AMR-WB – Speech – Clean Channel & Levels
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	(a)
	(b)

	Figure 8: EVS WB vs AMR-WB – Speech - Random Frame Erasures
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	(a)
	(b)

	Figure 9: EVS WB vs AMR-WB – Speech - TS 26.114 Delay & Error Profiles
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	(a)
	(b)

	Figure 10: EVS WB vs AMR-WB – Speech – New EVS JBM Delay & Error Profiles
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	Figure 11: AMR-WB (G.722.2) vs G.718IO – Speech (American English) Figure 27 of [3]
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	Figure 12: AMR-WB (G.722.2) vs G.718IO – Speech (French) Figure 28 of [3]


5.1.1.4
Super-wideband EVS and Relationships to Other Bandwidths
Three mixed bandwidth tests were performed during the EVS Characterization and the results are shown in Figure 13. 

It is clear from Figure 13 that the Super-wideband (SWB) modes of EVS outperform the WB modes, which themselves outperform the NB modes. On the whole it is clear that these trends hold across input types and bit rates. The EVS codec can also be seen to scale well with bit rate within each bandwidth and asymptotically approaches the Direct Source (DS) in the case of SWB and progressively lower value in the cases of the reduced bandwidth signals; WB and NB.

These mixed bandwidth test results also reinforce the performance advantages of EVS compared to AMR and AMR-WB.
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	(b) Car Noise
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	(c) Music & Mixed Content - Chinese
	(d) Music & Mixed Content - US English

	Figure 13: EVS vs AMR and AMR-WB – Bandwidth and Bitrate Differences


5.1.2
Recommended requirements

[It is recommended that the AMR Codec be the mandatory codec for MCPTT and the EVS Codec be recommended.]
It is recommended that a codec that is important for MCPTT communications be mandated for MCPTT terminals.

It is recommended that a codec that has features that are only “nice to have”, but not essential, for MCPTT communications be recommended for MCPTT terminals. The network transcoding functions have to support this codec if the codec is to be used between terminals in MCPTT sessions.

5.1.3
GAP Analysis and Evaluation
5.1.3.1
Common Codec Constraints of MCPTT
MCPTT has the following scenarios/use cases that impact the use of mandatory/recommended codecs:

·    The group communication can be off-network using the D2D physical layer, in which case a transcoding function is not available.  The lack of transcoding requires that the codec selected has to be supported by all terminals in the session.  Furthermore, the D2D physical layer for group call uses a broadcast channel that is received by the group members.  This also requires that the codec selected has to be supported by all terminals in the session.

·    The group communication can be on-network using a broadcast bearer.  This also requires that the codec selected has to be supported by all terminals in the session.

The need to use a common codec among all the participants impacts the ability to use any recommended codecs due to the following:

1.    If one of the participants does not support the recommended codec then the call set-up will fail or require codec re-negotiation.  This raises the following issues:

a. Codec renegotiation delays the call set-up and may not be acceptable in all scenarios, especially for mission-critical communications.

b. Codec re-negotiation for MCPTT is more cumbersome than for typical point-to-point calls due to the following:

i.    The responses to the session initiator regarding its selected recommended codec can come at different times from the other participants.  If some terminals are in poor radio conditions their responses may be lost or delayed due to transport layer retransmissions.  Thus the need to re-negotiate the codec may not be known until later into the call.  If the initiator waits for confirmation from all participants before sending media then the media start could be very delayed.  If the initiator starts sending media immediately, it will mean that some terminals (the ones unable to use the codec) will still experience much delay before being able to render media to the user.  The others will be interrupted when the codec is re-negotiated, likely down to a lower quality codec, thus causing a poor user experience.

ii.    If the initiating terminal does not get any additional information about the other session participants (aside from a call rejection), then the initiator may have to try different recommended codecs multiple times before selecting one that all the terminals can use.

iii.    If the initiating terminal receives additional codec capability information from the session participants in response to its proposed codec, this requires transmission of more information (e.g., codec capabilities/profile of the terminal) to the initiator in the reverse direction.  This will require more time to send the additional information from multiple participants and require that the initiator wait even longer before deciding on what to include in the codec renegotiation proposal, thus delaying the transmission of media.

2.   To avoid setting up a session that might require codec re-negotiation the terminal can resort to the following:

a. Not use any recommended codecs and only use a mandatory codec

b. Attempt to determine out-of-band and beforehand, the codec capabilities of all the terminals it wishes to add to the call

i.    This could be done by pre-provisioning the terminals with a profile that is shared among a group of callers, i.e., the Rennes Police Department; the members of the MBS SWG.

ii.    Or this could be obtained through some capabilities exchange performed out-of-band which may be application- or lower-layer based.

3.    Even when all the terminals in a session can support the selected recommended codec, this still places constraints or impacts performance if the group wants to add another caller to the existing session.  This raises the following issues:

a. The participants would have to know beforehand that the new caller can support the codec they are using.  How can this be easily done in a user-friendly way?

b. If the above is not known, there is a chance they would have to renegotiate their codec and “dumb-down” their media to match that of the new caller. 

c. If there is a re-negotiation to another codec there will be disruption in the call and the existing callers will most likely notice a degradation in call quality, e.g., going from SWB to WB, or from WB to NB audio.  This results in a very poor user experience.

5.1.3.2

Requirements on Transcoding Functions in the Network
In on-network point-to-point communications which allow use of a transcoder function, there are some challenges that need to be considered when attempting to use a recommended codec for MCPTT.

1.    There needs to be a transcoder function to support use of recommended codecs.  How does the terminal know that there is a transcoder function in the network?

2.    The transcoder function has to support the recommended codec in order for the terminal to be able to use the codec, even if all the other terminals in the call support the recommended codec. An MRFC cannot allow a recommended codec that its MRFP does not support to be included in the SDP Offers relayed to the called participants.  If some of the participants answer using the recommended codec while others do not, the MRFP will not have the proper codecs to support the session.

Therefore, for a MCPTT group to be able to use a recommended codec for its on-network sessions without codec-renegotiation requires that the network transcoding function support the recommended codec.  This becomes complicated to ensure when the MCPTT group is not closely coordinated with the MNO who owns and operates the transcoder function in the network.  For example, how does the MBS SWG user group ask/guarantee that the Orange network in Rennes supports EVS transcoding?

5.1.4
Assumptions

5.1.5
Solution
5.2
Key Issue#2: User Experience
5.2.1
Description

A building in the business area, which is covered by cellular network, is on fire, an MCPTT group call is set up and fire fighters involved in the mission join this MCPTT group. Most MCPTT group members, who stay inside of building, receive the MCPTT group call over broadcast channel, some fire fighters, who stay outside of building, receive the MCPTT group call over unicast channel. All fire fighters have the same experience of mouth-to-ear latency and floor control regardless the audio is transferred over unicast or broadcast delivery. A fire fighter carrying an injured person moves out of building and waits the ambulance in a safe zone. After the injured person is transferred away, he reports this information to the MCPTT group while he is moving back into the building and helps other wounded people. He notices that the fire in the room will be out of control; he immediately reports this information to the MCPTT group and starts to move the wounded person away from this area. After several hours of hard work, the fire in the building is finally put out and the MCPTT group is dismissed.

5.2.2
Recommended requirements

The following recommended requirements are derived from the uses case.
· For on-network mode case, it is recommended that the service interruption is minimized when the MCPTT UE moves into/out of MBMS coverage.
· For on-network mode case, it is recommended that all MCPTT users will have the same experience, e.g. access delay regardless the MCPTT call is transferred over UC or BC.
· For on-network mode case, it is recommended that the difference of Mouth-to-ear of latency of audio payload between MCPTT users using unicast delivery method and MCPTT users using broadcast delivery method is minimized.
Note:  In TS22.179, the user experience related requirement is also copied below:
“[R-6.15.3.2-002] The MCPTT Service shall provide the MCPTT Access time and Mouth-to-ear latency specified in this subclause to all MCPTT Users related to an MCPTT call regardless of call type (e.g., group, Private Call), group size and/or user density.

NOTE:
This ensures that all MCPTT Users experience the same performance regardless of whether the audio is transferred over unicast or multicast delivery.”

5.2.3
GAP Analysis and Evaluation

5.2.4
Assumptions

The following list of working assumptions is derived from the uses case.
· For on-network mode case, an MCPTT user’s service experience is not interrupted by the movement of the MCPTT UE and the change of delivery method of audio.
· For on-network mode case, the MCPTT service is able to grant the floor control regardless of the MCPTT UE’s reception mode (unicast reception, broadcast reception).
5.2.5
Solution
Annex <A>:
<Annex title>
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