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Foreword

This Technical Specification 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

1
Scope

The present document …

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".

3
Definitions 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].

active user: An Affiliated User who is participating in the particular MCPTT service that he has been authorised for.

affiliated user: An Authorised User who has expressed interest in participating in the particular MCPTT service that he has been authorised for.

authorised user: An MCPTT User who has been authorised to participate in a particular MCPTT service. 
floor control: This is the arbitration system in a PTT service that determines who has the authority to transmit (talk) at a point in time. This functionality is used in PTT One-to-one Calls and PTT Group Calls.
MCPTT user: A user who has the capability to partipate in MCPTT services
PTT request: The action taken by a MCPTT user to request the right to transmit voice on a PTT Session.
PTT session: A PTT Session is an audio communication session established between MCPTT users.
3.2
Abbreviations

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

<ACRONYM>
<Explanation>

4
Push-to-Talk

The main text of the document should start here, after the above clauses have been added.

The following styles and editing techniques are aimed to help in the formatting of the document using the 3GPP Template: 3GPP_70.dot, available from the 3GPP FTP site (ftp://ftp.3gpp.org/Information).

4.1
Overview
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4.2
Floor Control

The Floor Control functionality in a PTT service shall determine at a point in time which participant(s) are allowed to transmit to other participant(s).
An authorized participant shall be able to request to transmit to a PTT Group or an individual participant.
Following a request to transmit, a participant that is allowed to transmit shall be given an indication that they are able to transmit to the PTT Group or an individual participant.
Following a request to transmit, a participant that is not allowed to transmit shall be given an indication that the request to transmit was rejected or queued.
Editor’s Note: De-queuing requirements are FFS 
Receiving participant(s) shall receive the audio from one transmitting participant. 

The PTT service shall provide a mechanism for participants, participant types, urgent transmissions (e.g., Distress Call) to override an active PTT transmission of a transmitting participant.
When an authorized participant overrides a PTT transmission, the PTT service shall provide a means of notifying the overridden talker(s) that the transmission has been overridden.  
The PTT service shall indicate whether the overridden participant may continue to transmit or should become a receiving participant.
PTT administrators shall have the capability to create a hierarchy for what participants, participant types, and urgent transmission can override an active PTT transmission.
When an authorized participant overrides a PTT Group transmission, it shall be possible for authorized participants to listen to both the overriding and overridden PTT Group transmissions dependent on configuration.

When an authorized participant overrides a PTT transmission, a PTT administrator shall be able to configure which PTT Group transmission a participant(s) receives, overriding and/or overridden.

The floor control functionality shall ensure that there is a single transmitting participant when there are simultaneous requests to transmit within the same call. 
The transmitting participant shall be determined by the relative floor control priorities of the participants and call types.
A transmitting participant can indicate to the PTT service that they no longer want to transmit and therefore audio will stop being transmitted to the receiver participant(s) until an authorized participant sends a subsequent request to transmit.

The floor cControl functionality shall have a configurable limit for the length of time that a participant can transmit from a single request to transmit.
Editor’s Note: Call set up and termination criteria requirements are FFS
4.3
General Group Call

The PTT Service shall provide a mechanism by which a UE can make a 1-to- many PTT transmission to any PTT Group(s) for which it is authorized.

The PTT Service shall provide a mechanism by which a PTT UE can determine the currently defined PTT Groups for which it is authorized.

The PTT Service shall provide a mechanism by which a PTT UE can determine the PTT Groups which are currently transmitting for which it is authorized.

The PTT Service shall provide a mechanism by which a PTT UE can determine what PTT Groups have at least one active receiving member, as authorized.

The PTT Service shall provide a mechanism by which a PTT UE can determine that a number (N1) of receiving members are present for a PTT group, as authorized.

The PTT Service shall provide a mechanism by which a PTT UE can determine that a particular receiving member(s) is present for a PTT group, as authorized.

The PTT Service shall provide a mechanism by which a PTT Administrator, from any location, may define the membership of a PTT Group.

The PTT Service shall allow the PTT Administrator to designate specific PTT Groups to be inaccessible to other users, including dispatchers or supervisors.

PTT Groups shall be able to be limited to a number of PTT Group members selected by the PTT Administrator.

The PTT Service shall present users with alphanumeric identifiers (with a minimum length of N3) (aka Alias ID) for the users of the UEs or for the PTT Groups.

The PTT Service shall provide a notification, for example audio and/or visual, to a user that there are no members on a PTT Group being used/monitored by the user and that the user is the only user affiliated to that PTT Group.

The PTT Service shall provide, upon request, the list of affiliated members on a PTT Group to an authorized User regardless of the user’s affiliation.

The PTT Service shall provide, upon request, the list of affiliated members on a PTT Group to an authorized UE.

The PTT Service shall provide, upon request, the complete list of members of a PTT Group to an authorized user.

The PTT Service shall provide, upon request, the complete list of members of a PTT Group to an authorized UE regardless of the UE’s membership.

Editor’s Note: It is for further study (FFS) to reconsider the above four requirements.
The PTT Service shall provide a mechanism to prioritize, dynamically and in real-time, PTT Groups in relation to other PTT Groups (with respect to transport and presentation).

The PTT Service shall provide a mechanism to prioritize, dynamically and in real-time, PTT Groups in relation to other traffic (with respect to transport and presentation).

The PTT Service shall provide a mechanism to organize PTT Groups into a hierarchy(ies). 

The PTT Service shall provide a mechanism to prioritize PTT Group calls based on the priorities associated with elements of call (e.g., service type, requesting identity, and target identity).
4.3.1
Announcement Group Call

4.3.2
Late Call Entry

The PTT Service shall support late call entry.

The PTT Service shall provide the Talker ID, Alias ID, PTT Group and, if available, Public Safety Entity Name of the user who is talking (i.e., whose UE is transmitting) to UEs that enter the call late.

The PTT Service shall provide the Talker location information to UEs that are late entering a call in progress.
4.3.3
Dynamic Group Management

4.3.4
Call Monitoring

The PTT Service shall allow a UE to be receiving or transmitting in one PTT Group while simultaneously monitoring additional PTT Groups.

The PTT Service shall provide a mechanism for an authorized UE to prioritize the order in which multiple PTT Groups are monitored by the UE.

The PTT Service should provide a mechanism for a PTT Administrator and/or authorized user to prioritize the order in which multiple PTT Groups are monitored by the UE.

The PTT Service shall, provide multiple Talker IDs for display on UEs when multiple PTT Groups are monitored.

The PTT Service should provide a mechanism for a PTT Administrator and/or authorized user to order the PTT Groups being monitored by the UE.

The PTT Service shall provide a mechanism to configure the number (N4) of calls to be simultaneously received by a UE, authorized by a PTT Administrator and/or authorized user.

The PTT Service shall provide a mechanism for a PTT Administrator to limit the total number (N5) of PTT Group transmissions that a UE can simultaneously receive.

The PTT Service shall provide a mechanism for a PTT Administrator to receive PTT Group transmissions from any member(s) within their authority without noticeable impact or knowledge of the user.

The PTT Service shall provide a mechanism for a PTT Administrator and/or authorized user to cause a UE to initiate a PTT call and begin transmitting (unit monitoring (UM)) for UEs within their authority.  This action may occur with or without any notification to the UE or user of the UE.

The PTT Service shall provide a mechanism for a Public Safety Entity to record all PTT Group transmissions (including call audio, talker ID, talkpath ID, location of initiating party, and potentially other META data) by their organization.

The PTT Service shall provide a mechanism to deliver encrypted PTT Group transmissions to a recording interface.
4.4
Private (individual; 1-to-1; 1:1) Call

The PTT Service shall provide a means by which a UE can make a 1-to-1 PTT transmission to any user for which it is authorized.

The PTT Service shall provide a mechanism for a PTT Administrator/Supervisor to configure which users, within their authority, can place a PTT Private Call.

The PTT Service shall provide a mechanism for a PTT Administrator/Supervisor to configure which UEs, within their authority, can place a PTT Private Call.

The PTT Service shall provide a mechanism for a PTT Administrator to configure for a particular authorized UE, a set of UEs under the same authority to which a PTT private call can be made. 
The PTT Service shall provide a mechanism for a PTT Administrator to configure for a particular authorized participant, a set of participants under the same authority to which a PTT private call can be made.

Editor’s Note: The relationship between the authorizations of UEs vs. User is FFS.

The PTT Service should provide a mechanism to query whether a particular UE is present on the network.

The PTT Service should provide a mechanism to query whether a particular UE is capable of participating in a PTT Private Call.

The PTT Service should provide a mechanism to query whether a particular User is capable of participating in a PTT Private Call.

Editor’s Note: Potential privacy issues should be considered FFS.

The PTT Service shall provide a mechanism (aka callback request) for the calling party of a PTT Private Call to request that the called party (at earliest convenience) is to place a call to the calling party.

The PTT Service shall provide a UE receiving a PTT Private Call callback request with an indication of which user called and when.

Editor’ Note: Private call set up modes requirements are FFS.

Editor’ Note: Discrete listening requirements are FFS.

Editor’ Note: Call override capabilities are FFS.

Editor’ Note: Performance specifications are FFS.
4.5
Audio PTT Call performance

4.5.1
PTT Access time and Mouth-to-ear latency

4.5.1.1
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 4.5.1.1-1 illustrates the PTT Access setup time and Mouth-to-ear latency.
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Figure 4.5.1.1-1: Illustration of PTT Access time and Mouth-to-ear latency

4.5.1.2 
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 an 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 4.5.2.1.

There shall be no (0 ms) trailing lost audio at the end of the voice burst at receiving user. 

4.5.2
Late Call Entry performance

4.5.2.1 General 

An 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 time that 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. 

Editor’s 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 4.5.2.1-1 illustrates the Late Call Entry time
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Figure 4.5.2.1-1: Illustration of Late Call Entry time

4.5.2.2 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.
4.6
PTT Priority Requirements

4.6.1
Call types based on Priorities

4.6.1.1
Emergency Call

4.6.1.2
Imminent Peril Call

4.7
Talker ID

The PTT Service shall provide Talker IDs to participants on a dedicated basis.

The PTT Service shall provide a mechanism for the Talker ID of a user to be associated with that user’s authentication.

The PTT Service shall provide a mechanism such that each PTT participant has a globally unique Talker ID.

The PTT Service shall ensure that each Talker ID has an alphanumeric identifier (with a minimum length of N3) (aka Alias ID) assigned by a PTT Administrator and/or authorized user.

The PTT Service shall provide a mechanism for a PTT Administrator to configure the Alias IDs.

The PTT Service shall provide the Talker ID, Alias ID, PTT Group, and, if available, Public Safety Entity name for display by the UE.

All UEs shall provide a configurable capability to display the Talker ID, Alias ID, PTT Group, and Public Safety Entity name.
4.8
Personality Management

4.9
Location

4.10
Security

4.11
Operational

4.12
Deployment

4.13
Other
4.13.1 Interactions between PTT Group and PTT Private

The PTT Service shall allow a PTT UE to be receiving or transmitting in one PTT Group call while simultaneously receiving transmissions from a PTT private call.

The PTT Service shall allow a PTT UE to be receiving or transmitting in one PTT private call while simultaneously receiving transmissions from other PTT group calls.

The PTT Service shall provide a mechanism to prioritize, dynamically and in real-time, the call presentation of PTT Groups in relation to Private PTT calls.
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