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Introduction
This is a proposal to add a two definitions and a new chapter to the MCPTT TS with the title “Audio PTT Call performance”. The suggested chapter has two subchapters; “PTT Access time and Mouth-to-ear latency” and “Late Call Entry performance”.
Proposal

It is suggested to include the text below into the next version of the document.

*************   Suggested change to the Definition chapter *****

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [x] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [x].
PTT Session: 
A PTT Session is an audio communication session established between MCPTT users. 
PTT Request: The action taken by a MCPTT user to request the right to transmit voice on a PTT Session.
*************   end of change  ****
*************   Suggested new chapter *****

Y.
Audio PTT Call performance

Y.1
PTT Access time and Mouth-to-ear latency

Y.1.1 

General
For MCPTT subscribers, one of the most important performance criteria is the PTT Access time (KPI 1). The PTT Access time is defined as the time between when a PTT user request to speak (normally by pressing the PTT control on the UE) and when this user gets a signal to start speaking. This time does not include confirmations from receiving users.
The PTT Access time (KPI 1) does not include any PTT Session establishment procedure. This is the common scenario within Public Safety, meaning that PTT Sessions are long lived sessions during several working hours. The End-to-end PTT Access time (KPI 2) is defined as the time between when a PTT user request to speak (normally by pressing the PTT control on the UE) and when this user gets a signal to start speaking, including PTT Session establishment and acknowledgement from first receiving user before voice can be transmitted.  A typical case for the End-to-end PTT Access time is a one-to-one PTT session request where the receiving user’s client accepts the call automatically.
The mouth-to-ear latency (KPI 3) is time between an utterance by the transmitting user, and the playback of the utterance at the receiving user’s speaker. Figure Z1 illustrates the PTT Access setup time and Mouth-to-ear latency.
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Figure Z1: Illustration of PTT Access time and Mouth-to-ear latency

Y.1.2 

Requirements

The MCPTT Service shall provide the PTT Access time and Mouth-to-ear latency specified in this section to all members of a PTT Session regardless of group size and/or user density.  This is to ensure the all users experience the same performance regardless of e.g. the audio is transferred over unicast or multicast delivery.
The KPIs defined in this section shall apply in a LTE network under traffic load not exceeding 70% of each network nodes capacity.

The MCPTT service shall provide a PTT Access time (KPI 1) less than [300] ms for [95]% of all PTT request.

For emergency calls and imminent peril calls the MCPTT service shall provide a PTT Access time (KPI 1) less than [300] ms for [99]% of all PTT request.

The MCPTT service shall provide a End-to-end PTT Access time (KPI2) less than[1000] ms when the PTT session has not been established prior the initiation of the PTT request.
Editor’s Note: Actual KPI values may require reconsideration. 

The MCPTT service shall provide a Mouth-to-ear latency (KPI 3) that is less than [300] ms for [95}% of all voice burst.  

There shall be no (0 ms) initial lost audio at receiving user. 

Note: In the case of Late Call Entry initial loss of audio is acceptable see section Y.2.1.
There shall be no (0 ms) trailing lost audio at the end of the voice burst at receiving user. 

Y.2
Late Call Entry performance

Y.2.1 General 

A MCPTT user must be able to join or leave already ongoing PTT sessions. Late Call Entry is the activity when a user joins a PTT Session in which other users are already active. The Late Call Entry time (KPI 4) is the time to enter an ongoing PTT Session measured from the timethat the user decides to monitor such a PTT Session, to the time when the UE’s speaker starts to play the audio. The performance requirements for Late Call Entry time only applies to when there is ongoing voice transmitted at the time the user makes the Late Call Entry. 

Editors Note: Late call entry requirements for encrypted calls is FFS.
In a Late Call Entry there might be an initial lost audio of the voice burst sent to the new receiving user. Figure Z2 illustrates the Late Call Entry time
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Figure 2-2: Illustration of Late Call Entry time

Y.2.2 Requirements 
The KPIs defined in this section shall apply in a LTE network under traffic load not exceeding [70]% of each network nodes capacity.

The maximum Late Call Entry time (KPI 4) shall be less than [400] ms for[95] % of all Late Call Entry request.

For Late Call Entry, a period of Initial lost audio may be acceptable. 
Editor’s Note: Actual KPI values may require reconsideration. 

*************   end  *****

