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X
Potential Supplementary Services to support Enterprise IP-PBX

X.1
General

This clause provides the description of the potential supplementary services applicable to voice services for the support of Enterprise IP-PBX.
For each supplementary service, the following is provided:

· a short service definition;

· a description of the normal operation with successful outcome.

And when applicable also:

· a description of exceptional operation or unsuccessful outcome;

· descriptions on interaction with other supplementary services applicable to IMS Multimedia Telephony service; 

· consideration for interworking with fixed services.

X.2
Enterprise Dial Plan and Calling Policy 
X.2.1
Definition

A Dial Plan is a set of rules for translating dialled digits into E.164 – compliant telephone numbers. Dial Plans are typically associated with sites or areas within a site (e.g., a floor of a building). Generally, the dial plan is responsible for instructing the call processing function of PBX how to route calls. 

Calling Policies are used to specify the capabilities of individual users within the Enterprise.  

X.2.2
Description

Dial plans are typically used to allow “short cut” dialling.  This derives from the historic practice of calling between stations served by the same PBX by entering only the extension number of the called party.  By defining a dial plan that maps Enterprise-specific dial strings to E.164 numbers, this convenience is extended beyond the reach of a single PBX or Enterprise Location.

Calling Policies are used to specify the capabilities of the Enterprise user.  For example they may define the group to which the user belongs, for purposes of Call Pickup, and what types of numbers they can dial.  Individual policies can be set to “automatic” in order for the user to inherit default policies, e.g., those associated with the site at which he is currently located or the policies can be customized for each user.
X.3
Enterprise Music On Hold
X.3.1
Definition

Music on Hold (MOH) is played to the party whose line has been placed on hold.
X.3.2
Description
The Music on Hold (MOH) feature allows users to place on-net and off-net users on hold with music that is streamed from a streaming source. In an Enterprise MOH is often used to provide information rather than music.  The caller may interact with the MOH capability using simple key sequences, e.g., “enter *0 to hear about our sales, or *1 to disable this announcement”.  The announcement may be customized based e.g., on the number dialled.  The media is typically streamed from a Music on Hold Server, which may or may not be considered part of the PBX. 
X.4
Call Transfer (Blind,  Attended & Early Attended)
X.4.1
Definition

These are variants of Explicit Communications Transfer (ECT) that leverage capabilities of the PBX.
X.4.2
Description
In a Blind Call Transfer, an ongoing call is transferred to a 3rd party by one of the parties (called the transferring party) without checking the status of the 3rd party.

In an attended call transfer (sometimes called Supervised Call Transfer) the ongoing call is placed on hold by the transferring party, another call is established between the transferring party and the party to whom the call is proposed to be transferred, and then the call is (or may be, depending on the result of that discussion) transferred to that party.

In an Early Attended Call Transfer the ongoing call is placed on hold and the transferring party waits to hear the 3rd party’s phone ring.  Once the transferring party hears ring tone, he transfers the call.  

X.5
Multi-party Ad-hoc Conference with Rosters
X.5.1
Definition

Multi-party and Conference Calls provide communications between multiple users.  Such calls may or may not be arranged in advance.  Multi-party calls not arranged in advance are termed “ad hoc”.
X.5.2
Description
Conference calls generally involve multiple parties, so the terms multi-party call and conference call are in some senses synonymous.  Conventionally, the term conference call refers to a call that is arranged in advance by a moderator or host who has special privileges (e.g., can mute and un-mute other participants), with logistics communicated e.g., through email or a calendar system.  To participate in a conference call one typically calls a number associated with a conferencing server.

An Ad Hoc Multi-party call is usually not pre-arranged and participants are generally all “equal” (they can mute and un-mute themselves).  There may or may not be a conferencing server involved.

The list of participants in a multi-party / conference call is known as the roster.  The PBX may have the ability to supply the roster to a user’s device, in various formats (e.g., audio or text).

X.6
Call Park
X.6.1
Definition

The Call Park feature allows a party involved in a call to place that call on hold on one device and resume it from another.
X.6.2
Description
Traditionally Call Park has been activated using a special button (the “call park” button) or key sequence.  The call is at that point transferred to an idle extension, and is said to be “parked on” that extension.  The PBX may provide some means of “paging” the desired party, e.g., through a public address system or via some form of messaging.  The call can be resumed from any PBX line, by providing the extension number on which it is “parked”.

X.7
Call Pickup/Group Pickup
X.7.1
Definition

Call Pickup allows a user to answer on one line or device, an incoming call directed to another line or device.  Lines or devices may be assigned to groups, in which case call pickup is restricted to lines or devices in the same group.  That is known as Group Pickup.
X.7.2
Description

Imagine a large room with many phones and few people.  One of the phones, on the far side of the room, starts to ring.  Rather than walking across the room, a user can press a special button or key sequence on his own phone to transfer that call to his phone.  That is Call Pickup.

In a distributed environment it may not be possible for the user to hear the other phone ringing, so an alternative alerting mechanism may be used.  For example a text message could alert a user on his mobile that his office or home phone was ringing.
X.8
Call Forwarding
X.8.1
Definition

Call Forwarding, or Communications Diversion, is defined in TS 22.173.  Call Forwarding Activation is an action on the part of the user to change the call forwarding behaviour of his device; e.g., by activating or deactivating forwarding to a pre-designated number, or changing the forwarded to number.
X.8.2
Description
X.9
Single Number Reach (SNR)
X.9.1
Definition

The Single Number Reach (SNR) capability allows calls to a PBX extension to be picked up on or transferred to, alternate devices such as a home phone or mobile phone.
X.9.2
Description

In the case of a call incoming to the number associated with the PBX extension, the PBX will normally ring that line first.  If it is unanswered, the PBX will ring one or more alternate numbers.

An in-progress call may be “pushed to” a pre-configured alternate device by pressing a special button or key sequence on the device with which the PBX extension number is associated.  Similarly it can be “pulled back” to that device.
X.10
Do Not Disturb (DND)
X.10.1
Definition

The Do Not Disturb (DND) function prevents calls from being terminated to an extension for which DND is activated.
X.10.2
Description

Calls to an extension for which DND is activated may be directed to a pre-assigned extension (e.g., a secretary), receive a busy signal, or receive an indication that the called party is busy.  In some PBXs the call may be allowed through to the extension but displayed differently (e.g., with a visual indication, but without ringing).  It may be possible to circumvent the called party’s DND status by policy  (e.g., the called party’s boss can “get through”) or by entering a circumvention code.

X.11
Immediate Divert (to messaging system)
X.11.1
Definition

The Immediate Divert function allows a call to be connected to a messaging system (typically a voice mail system).  The call may be active, on hold or in the process of being established.  The messaging system may be associated with the party invoking the Immediate Divert function, or (if they differ) with the original called party.
X.11.2
Description
Immediate Divert is invoked by a special key, softkey or key sequence depending on the capability of the device.  The PBX typically informs the diverted party that the call has been diverted, and to whose messaging system the diverted party is now speaking.

X.12
Shared-line Features (remote-in-use, call-Barge)
X.12.1
Definition

A shared line is a telephone number associated with multiple devices at the same time.  A set of devices sharing the same number is called a Shared Line Group.  The Call Barge function allows a user to join an in-progress call in which it and one of the currently participating devices are members of the same Shared Line Group.  
X.12.2
Description
Call Barge is only possible from device ‘A’ if at least one device in the same Shared Line Group as ‘A’ has a call in progress.  This status may be indicated to the user of device ‘A’ by the PBX.

X.13
Callback
X.13.1
Definition

The Callback function notifies a user when the party to whom a call was previously attempted, becomes available.
X.13.2
Description
If PBX user ‘A’ attempts to call PBX user ‘B’ but the call fails, e.g., because user B’s line was busy or the call was unanswered, user ‘A’ may invoke the Callback function.  Doing so causes the PBX to monitor B’s status, and notify user A when user B becomes available.  For example if B’s line was previously off hook, he will be deemed available when he next goes on hook.

X.15
Connected Name and Number Display
X.15.1
Definition

This feature allows the device to display the name and/or telephone number of both current parties on a 2-party call.
X.15.2
Description

This feature uses the Connected Line ID Presentation (COLP/COLR) and Connected Name Presentation (CONP/CONR) services to allow or restrict presentation of this information on a call by call basis.
X.17
Multiline Hunting (MLH)
X.17.1
Definition

Multiline Hunting is a form of call forwarding in which incoming calls are distributed across a pre-defined set of ‘lines’ (conventionally, PBX extensions) according to some algorithm.  Such a set of lines is known as a “hunt group”. 
X.17.2
Description

The algorithm to select the line to which the incoming call is forward is normally selectable by the operator from a set supported by the PBX.  Typical options include:

· first non-busy: the lowest-numbered non-busy line is selected.

· round robin: the ‘hunt’ for a non-busy line begins with the one after the line most recently selected, circling back to the first line when the end of the list is reached.

· longest-idle: the line that has been idle the longest is selected.
X.18
Automated Attendant (aka Auto Attendant or Virtual Receptionist)
X.18.1
Definition

The Automated Attendant (AA) determines the disposition of incoming calls (e.g., the “extension” to which to connect the caller) without intervention of a human operator.
X.18.2
Description

The AA is a simple Interactive Voice Response (IVR) system that performs many of the functions of a human receptionist.  Typically it presents the caller with a menu of options, and determines the disposition of the call based on the caller’s actions (“press 1 for sales, press 2 for …”).  The AA may offer a directory from which the caller may select, e.g., by pressing keys corresponding to the called party’s last name.  It may support a variety of more advanced capabilities, such as distribution of calls across a group of extensions (a hunt group) and consideration of time of day / day of week.

X.19 Call Whisper

X.19.1
Definition
Call Whisper identifies to the called party, information about the caller (e.g., the caller ID, and the telephone number the caller dialled) while the caller continues to hear ringing.  This information allows the called party to know how to greet the caller, and/or whether to accept the call.  
X.19.2
Description
This capability is often used when multiple non-geographic numbers (e.g., toll free numbers) are used to route calls to the same directory number.  For example a call center may take calls for many companies, and the receptionists need to greet the caller differently based on the company to which the call is related.  It can also be used in a FMC scenario where e.g., a call to either the fixed or the mobile device will cause both to ring. The implementation will typically translate the called number into a some pre-defined phrase (e.g., “this call is for Acme Rockets” or “this call is for your mobile”).  The format of the “whisper” may vary (e.g., audio vs. visual presentation) depending on the capabilities of the device.
9
Conclusion

This Technical Report conducted the following:
-
Analysed related standards in the industry such as ETSI TISPAN, and concluded that the Business trunking standards are outside the scope of this study.

-
Analysed Enterprise-based service control and identified the gaps.

-
Developed a reference model for this study.

-
Analysed use cases for various aspects of CS and IMS voice interworking between mobile operator and Enterprise networks.

-
Developed potential requirements for input into TS 22.228.
-
Identified supplementary services for support of Enterprise IP-PBX for input into TS 22.173 or other TS.
-
Determined that no additional requirements or functionalities need to be defined to support CS voice interworking with an Enterprise IP-PBX.

The conclusion of the study is that the use cases considered are valid and within the scope of 3GPP.
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