PBX Telephony Features

	
	
	 
	 

	Program Manager
	 Danny Levin
	Last updated:
	 5/19/04

	Developers
	 Eugene Nonko, Pradipta Basu, Nikhil Bobde
	
	

	Testers
	 Prashanthi Chitre, Rakesh Tangirala
	
	

	Localization
	
	
	

	User Assistance
	
	
	

	Usability
	 
	
	

	PSS
	
	
	


Microsoft Confidential. © 2004 Microsoft Corporation. All rights reserved.
FOR DISCLOSURE UNDER NDA ONLY
These materials are confidential to and maintained as a trade secret by Microsoft Corporation. Information in these materials is restricted to Microsoft authorized recipients only. Any use, distribution or public discussion of, and any feedback to, these materials is subject to the terms of the attached license. By providing any feedback on these materials to Microsoft, you agree to the terms of that license. If the license agreement has been removed, review the terms at http://www.microsoft.com/licensing/specs/agrmt01.asp before using these materials.

Microsoft Corporation Technical Documentation License Agreement (Standard)

READ THIS! This is a legal agreement between Microsoft Corporation (“Microsoft”) and the recipient of these materials, whether an individual or an entity (“You”). BY ACCESSING, USING OR PROVIDING FEEDBACK ON THE ATTACHED MATERIALS (“Materials”), YOU AGREE TO THESE TERMS. 

1. These Materials are Microsoft confidential information under Your most recent non-disclosure agreement with Microsoft (“Your NDA”). However, You may use these Materials only as described in Paragraph 2 below. 

2. You may review these Materials only (a) as a reference to assist You in planning and designing Your product, service or technology (“Product”) to interface with a Microsoft Product as described in these Materials; and (b) to provide feedback on these Materials to Microsoft. All other rights are retained by Microsoft; this agreement does not give You rights under any Microsoft patents. You may not (i) duplicate any part of these Materials, (ii) remove this agreement or any notices from these Materials, or (iii) give any part of these Materials, or assign or otherwise provide Your rights under this agreement, to anyone else. 

3. These Materials may contain preliminary information or inaccuracies, and may not correctly represent any associated Microsoft Product as commercially released. All Materials are provided entirely “AS IS.” To the extent permitted by law, MICROSOFT MAKES NO WARRANTY OF ANY KIND, DISCLAIMS ALL EXPRESS, IMPLIED AND STATUTORY WARRANTIES, AND ASSUMES NO LIABILITY TO YOU FOR ANY DAMAGES OF ANY TYPE IN CONNECTION WITH THESE MATERIALS OR ANY INTELLECTUAL PROPERTY IN THEM. 

4. If You are an entity and (a) merge into another entity or (b) a controlling ownership interest in You changes, Your right to use these Materials automatically terminates and You must destroy them. 

5. You have no obligation to give Microsoft any suggestions, comments or other feedback (“Feedback”) relating to these Materials. However, any Feedback you voluntarily provide may be used in Microsoft Products and related specifications or other documentation (collectively, “Microsoft Offerings”) which in turn may be relied upon by other third parties to develop their own Products. Accordingly, if You do give Microsoft Feedback on any version of these Materials or the Microsoft Offerings to which they apply, You agree: (a) Microsoft may freely use, reproduce, license, distribute, and otherwise commercialize Your Feedback in any Microsoft Offering; (b) You also grant third parties, without charge, only those patent rights necessary to enable other Products to use or interface with any specific parts of a Microsoft Product that incorporate Your Feedback; and (c) You will not give Microsoft any Feedback (i) that You have reason to believe is subject to any patent, copyright or other intellectual property claim or right of any third party; or (ii) subject to license terms which seek to require any Microsoft Offering incorporating or derived from such Feedback, or other Microsoft intellectual property, to be licensed to or otherwise shared with any third party. 

6. Microsoft has no obligation to maintain confidentiality of any Microsoft Offering, but otherwise the confidentiality of Your Feedback, including Your identity as the source of such Feedback, is governed by Your NDA. 

7. This agreement is governed by the laws of the State of Washington. Any dispute involving it must be brought in the federal or state superior courts located in King County, Washington, and You waive any defenses allowing the dispute to be litigated elsewhere. If there is litigation, the losing party must pay the other party’s reasonable attorneys’ fees, costs and other expenses. If any part of this agreement is unenforceable, it will be considered modified to the extent necessary to make it enforceable, and the remainder shall continue in effect. This agreement is the entire agreement between You and Microsoft concerning these Materials; it may be changed only by a written document signed by both You and Microsoft.
41
Summary


42
Terminology


53
PBX Services


64
Detailed Design Section


64.1
Overview


74.2
Architecture


94.3
CSTA/ECMA-269


94.3.1
Device


104.3.1.1
Device ID


114.3.2
Call


124.3.3
Connection


144.4
SIP


144.4.1
SIP Headers


154.4.2
SIP Routing


164.4.3
SIP Session Timer


164.5
Authentication & Authorization


184.6
Remote Call Control Flows


184.6.1
Initialization (steps 1-25)


204.6.2
Run Time (steps 26 - 37)


214.6.3
End (steps 38 - 49)


214.7
Phone Addresses


224.8
PBX & Soft Phone Synchronization


234.9
PBX Phones Database


234.10
Performance (Use Model)


244.11
Scalability


244.12
Topology


244.13
Security


254.14
Use Case/Scenarios


254.14.1
Start/Stop Monitor Events


304.14.2
PBX Services


304.14.2.1
Request System Status


334.14.2.2
Get CSTA Features


364.14.2.3
Monitor Start


384.14.2.4
Monitor Stop


394.14.2.5
Make Call


434.14.2.6
Answer Call


454.14.2.7
Clear Connection


464.14.2.8
Deflect


484.14.2.9
Hold


514.14.2.10
Retrieve


534.14.2.11
Consultation


554.14.2.12
Single Step Transfer


574.14.2.13
Transfer


604.14.2.14
Conference Call


634.14.2.15
Alternate


654.14.2.16
Generate Digits (DTMF)


664.14.2.17
Set Forwarding


694.14.2.18
Set DND (Don’t Disturb)


724.14.2.19
Get Forwarding


734.14.2.20
Get DND (Don’t Disturb)


774.15
Annex A:  Call state machine


824.16
Annex B: Line State Machine


824.17
Annex C: Services (When Available)


854.18
Cuts


864.19
Related Links


864.20
Spec History




1 Summary

This document describes the telephony services that are supported by Istanbul application, using a PBX phone. It describes the functionality and flow. It does not describe the User Interface.
2 Terminology

· Soft phone application: a PC application which provides an interface to telephony services

· VoIP soft phone  : Terminates SIP VoIP calls on a PC

· PBX – Private Branch Exchange
· PBX Phone :  A Hard Phone (TDM or IP) that get telephony services from a PBX or IP PBX
· SIP Hard Phone : Terminates SIP VoIP calls on a dedicated hard platform
· SIP Phone – Terminates SIP VoIP calls
· PSTN Phone : A Hard Phone that is connected to PSTN cloud
· Voice device : Terminates voice calls
· SIP/PSTN Gateway : An application that converts SIP signaling and RTP/RTCP media/media control to PSTN signaling and media channels.
· PC TO PC : a call between VoIP soft phone to another VoIP soft phone
· PC TO PHONE : a call between VoIP soft phone to a PSTN phone via a SIP/PSTN gateway 
· Appearance : a receptor which is used to connect with at most a single call at the device.
· Line : An addressable logical device that is used to handle calls. A line may have multiple appearances
3 PBX Services
The following system level services must be supported:

	No.
	Requirement

	1
	Start Monitor 

	2
	Stop Monitor

	3
	Request System Status

	4
	Get CSTA Features 


The following telephony services should be supported
	No.
	Requirement

	1
	Make Call 

	2
	Answer Call  

	3
	Clear Connection 

	4
	Deflect Call 

	5
	Hold 

	6
	Retrieve Call

	7
	Consultation Call

	8
	Single Step Transfer

	9
	Conference 

	10
	Alternate Call 

	11
	Generate Digits (DTMF) 

	12
	Set Forwarding 

	13
	Set DND 

	14
	Get Forwarding 

	15
	Get DND


Telephony Features grouping and dependency
· Basic (Minimum set of features)

· Services: Start/Stop Monitor, Make Call, Answer Call and Clear Connection 

· Events: Connection Cleared, Failed, Originated, Delivered, Established

(Note: If the call is deflected, transferred or conferenced  directly from phone UI and Diverted, Transferred or Conferenced events are not supported than Connection Cleared should be notified when a connection is cleared as a result of these services)

· Hold 

· Services: Hold, Retrieve

· Events: Held, Retrieved (in addition to basic events)

· Alternate

· Services : Alternate

· Events: Held, Retrieved (in addition to basic events)

·  Deflect

· Services: Deflect

· Events: Diverted (in addition to basic events)

· Single Step Transfer

· Services: Single Step Transfer

· Events: Transferred (in addition to basic events)

· Advanced Call Control 

· Services: Consultation Call, Conference

· Events: Transferred, Conferenced (in addition to basic events)

· DTMF

· Services: Generate Digits 

· Events: none

· Device Control 

· Services: Set Forwarding, Set DND, Get Forwarding, Get DND

· Events: Forwarding, Do Not Disturb

Basic group is mandatory. 

Other groups are optional.

A group is supported only if all the features in the group are supported.

4 Detailed Design Section

4.1 Overview

ECMA-269 has been chosen to implement the application interface for telephony services. This interface enables a soft phone application (a computing application) to monitor and control a PBX Phone (a switching system). ECMA-323 defines the XML schema for those services. ECMA-269 addresses a very broad range of applications. The soft phone application implements a profile, which is a small subset of the overall scope. This profile shall be standardized by CSTA in the upcoming ECMA-269 edition. A uaCSTA (User Agent CSTA) ECMA technical report for this type of application shall be published as well.
SIP has been chosen to implement the network protocol. ECMA-323 XML messages are tunneled in SIP messages (INVITE and INFO) as described in this document  The soft phone application and the PBX ECMA front end, which terminate the defined interface,   are SIP UAs. As with any SIP architecture, the protocol primitives can traverse SIP proxies. As a result, these intermediates can act on behalf of the SIP UAs and inject any required policies, such as authentication. 

SIP establishes a transport channel and an association between the computing application and the switching system. The computing application is a soft phone application on behalf of a user and the switching system is a a PBX phone’s line. The logical name of the user is described in the SIP From header while the PBX phone’s line is described in the SIP To header. 

ECMA-323 uses a device ID to identify a specific line. This device ID is associated with the SIP  From and To headers via a provisioned database. Each line is provisioned with a SIP URI (used in the To header), a device ID (used in ECMA-323, when applicable in a service request) and an owner (used in the From header). 

For example a SIP From header is sip:alice@userdomain.com ,a SIP To header is sip:+14257777777@phonedomain.com;user=phone and a device ID is tel:+14257777777.  LCS home server authenticates Alice, using Alice’s LCS credentials while PBX SIP/ECMA Front End authorizes the ECMA-323 request,  using a provisioned database, that holds the association between a phone line (Tel URI), phone line’s SIP/ECMA front end address of record and phone line’s owner (SIP URI – LCS address).  
4.2 Architecture
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A soft phone application is a SIP UA which is hosted by the LCS home server. The application acts as an ECMA computing application which uses services from the ECMA switching system (PBX). The SIP/ECMA server implements a SIP UA which is hosted by a different (i.e. that of the PBX) SIP domain.  The interface between SIP/ECMA server and the PBX can be ECMA or any proprietary CTI protocol. The SIP interface between PBX domain and the LCS domain is secured by Mutual TLS. 
In a case that the PBX domain has several SIP/ECMA front end servers, a SIP proxy shall be used to host these entities. The SIP proxy is configured in LCS home server as the next hop for SIP traffic to PBX domain (in a case that there is no SIP proxy in the PBX domain the contact address of the SIP/ECMA server shall be configured in LCS home server as the next hop) . The address of record (AOR) of each SIP/ECMA front end is provisioned in database (ADAM). The host part of the SIP URI is used as a key in the static routing rule in each LCS home server.
4.3 CSTA/ECMA-269

CSTA: Computer Supported Telecommunication Applications

CSTA Application: A cooperative process between a switching function performed within a switching system network and a computing function performed within a computing network.

CSTA Abstract Model:

CSTA is independent of underlying signaling protocols (Analog, ISDN, SIP etc.). It uses the following objects:

· Service provider

· Device

· Call 

· Connection.
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The services operate within an application association (otherwise known as a CSTA association or association). This association can be either:

• an implicit association achieved via off-line agreement or

• an explicit association realized through the use of ACSE.

Once an association has been established, the switching function shall be prepared to receive CSTA services.

When using SIP as a transport for ECMA-323 the association is implicit.
4.3.1 Device
CSTA Devices can be either physical devices or logical devices. CSTA Devices have attributes that allow CSTA to monitor and manipulate them. Each device that can be observed and/or manipulated shall be referenced across the CSTA Service Boundary. To accomplish this, each device shall be identified using a Device Identifier.

A device identifier has a similar functionality as a SIP URI in a SIP network. In a legacy PBX phone numbers are used to identify phones and lines appearance. In a case of a SIP IP PBX, a SIP URI is used.

4.3.1.1 Device ID
Device ID that is used for soft phone application shall have a TEL URI format as defined in RFC 2806 with few extensions that are defined in this paragraph.
Whenever possible a device ID shall be in global E.164 format, such as tel:+14257777777. Otherwise a device ID shall have a local number format, such as tel:65000;phone context=Microsoft.com.   If the device is an extension than the extension parameter in TEL URI shall be used, such as 
tel:722217;phone context=pbx1.com;ext=722217. If the phone context is unknown than the device ID shall indicate it by using a proprietary DNS name “unknown” , such as tel:65000;phone context=unknown. 
TEL URI does not support a display name parameter. Therefore a proprietary parameter “DN”  that holds a string shall be used to describe a display name for a phone number, such as tel:65000;phone context=ms.com; dn=”customer support” . 
A display name shall be used to provide a caller ID name if the PBX has this information when a call is presented to a device via delivered event.

Notes:

· A device ID is globally unique

· There is only on device ID per a physical phone

· A device ID does NOT include “dial plan” digits.
For example:
1.  Prepend outside line (e.g. “9”), Strip “+” from the E.164 if necessary

2. Strip CC from E.164 if necessary

3. Strip NDC from E.164 if necessary

4. Add IDD code if necessary

5. Add Trunk Digit if necessary

6. Strip campus code if necessary
SIP/ECMA front end is responsible to add “dial plan” digits.
· Soft phone application is responsible to resolve caller ID.
Multiple Logical Elements

A multiple logical elements device configuration consists of a single physical element associated with multiple logical elements containing standard appearances. A multi-line telephone station could be modeled using this device configuration. 
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The following identify the attributes of this device configuration:

• Device’s element combination - physical and logical element combination (L1/P1)

• Other devices using the physical element - two devices (L2,L3)

• Other devices using the logical element - None

Please note that P1/L1 share the same identifier. In other words services that are addressed to the physical phone, such as microphone or buttons, and services that are addressed to line appearance L1, such as Make Call, use the same identifier.  For example a phone number 72931, which is globally unique in the switching sub domain.

Notes:

· In version one only one phone address shall be supported (P1/L1)

4.3.2 Call

Calls are communication relationships between one or more CSTA Devices. A call’s behavior can be observed and manipulated across the CSTA service boundary (also called service boundary in this Standard). During some call phases (e.g., establishment and release) the call is not completely formed and there may be only a single CSTA Device involved (for example, the CSTA Device on whose behalf the call was initiated). In some call control operations, such as a conference and transfer, one CSTA Device in a call is replaced with another CSTA Device, or two calls are merged into a single call.
A CSTA Call Identifier (also called Call Identifier) is a reference associated with a call whereby the call is known to the switching, computing and special resource functions through the call’s life. A Call Identifier shall be allocated to each call by the Switching Function, at the latest, when the call first becomes visible across a CSTA Service Boundary. It shall be unique within a switching sub-domain and shall be the same for all CSTA Devices in the call. A Call Identifier can be assigned to a call before the call is fully established. For example, an incoming call may be assigned a Call Identifier when the called CSTA Device is alerting and before the call has been answered. 

Call State

The term Call State means the collective set of Connection states for all the Connections comprising a call. Call state is returned only by the Snapshot Device Service for CSTA Devices that have calls.

4.3.3 Connection

CSTA call control services are applied to CSTA connections. A CSTA connection refers to a relationship between a call and a telephony endpoint. A CSTA connection is referenced via a CSTA connection identifier. A CSTA connection identifier consists of a call identifier and a device (endpoint) identifier. 
Each CSTA connection in a call is associated with a connection state. CSTA specifies a connection state model (see ECMA-269, Figure 6-19) that consists of the following connection states:

Alerting –Indicates an incoming call at an endpoint. Typically the connection may be ringing or it may be in a pre-alerting (e.g. offered) condition. 

Connected – Indicates that a connection is actively participating in a call. This connection state can be the result of an incoming or outgoing call.

Failed – Indicates that call progression has stalled. Typically this could represent that an outgoing call attempt that encountered a busy endpoint.

Held – Indicates that an endpoint is no longer actively participating in a call. For implementations that support multiple calls per endpoint (i.e. line), a connection could be Held while the line is used to place another call (consultation transfer on an analog line, for example).

Initiated – A transient state, usually indicating that the endpoint is initiating a service (e.g. dialtone).

Null – There is no relationship between the call and the endpoint.

Queued – Indicates that the call is temporarily suspended at a device (e.g. call has been parked, camped on).

Connection State Transitions for CSTA Calls
Incoming Call

The following figure illustrates the CSTA events for an incoming call. 

· Delivered Event (Alerting) – Indicates call is alerting. A CSTA Answer Call service can be used to answer the call. This results in an Established event.

· Established Event (Connected) – indicates call has been answered. Media path has been established. The CSTA Clear Connection service can be used to clear the call. A Connection Cleared event is generated as the result of the Clear Connection service.

· Connection Cleared Event (Null) – indicates connection has cleared. This can be the result of the Clear Connection service or as the result of any party clearing from the call.
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Outgoing Call

The following figure illustrates the CSTA events for an outgoing call. The connection state of the endpoint (originating connection) is indicated in parenthesis. This sequence could be the result of a CSTA Make Call service.

· Originated Event (Connected) – Indicates that the originating connection is connected. 

· Delivered Event (Connected) – Indicates the call is alerting the called party. 

· Established Event (Connected) – indicates the called party has answered the call. Media path has been established.

· Connection Cleared Event (Null) – indicates connection has cleared.
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Note: see Annex A for a complete connection and call states machines.

4.4 SIP 

4.4.1 SIP Headers
· Request URI  

A SIP URI of the PBX ECMA front end. Each line has a SIP/ECMA front end logical SIP UA, hence this address terminates a front end of one line, such as sip:+14257777777@phone1.com;user=phone 

Note: if the address is a phone number (a legacy phone or an IP phone that uses phone numbers) than SIP URI should use SIP phone number format as described in RFC 3261 (a TEL URI converted to SIP URI).

· To  

Same as Request URI

· From:

SIP URI of soft phone application

· Require:

MUST include a CSTA tag 

· Content:

A new mime type, application/csta+xml, has been defined 

Examples:

INVITE sip:+14257777777@phones.rtcdev.nttest.microsoft.com SIP/2.0

Via: SIP/2.0/TCP 157.56.66.156:16714

Max-Forwards: 70

From: <sip:alice@microsoft.com>;tag=0d9280080ada4a1ea504f7d78d434336;epid=5fc880096d

To: <sip:+14257777777@phones.microsoft.com>

Call-ID: fdbcb6a6184a4e92a5f001865f84a2c6@157.56.66.156

CSeq: 1 INVITE

Contact:<sip:alice@microsoft.com:16714

User-Agent: RTC/1.2

Content-Type: application/csta+xml

   Content-Disposition: signal; handling=required 

Content-Length: n

<?xml version="1.0" encoding=”UTF-8”?>

<XXX xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

</XXX>
INFO sip:+14257777777@phones.microsoft.com SIP/2.0

Via: SIP/2.0/TCP 157.56.66.156:16714

Max-Forwards: 70

From: <sip:alice@microsoft.com>;tag=0d9280080ada4a1ea504f7d78d434336;epid=5fc880096d

To: <sip:+14257777777@phones.microsoft.com;tag=3f181801fc9d4fabb27ef7d89bd28f9f

Call-ID: fdbcb6a6184a4e92a5f001865f84a2c6@157.56.66.156

CSeq: 2 INFO

Contact: <sip:alice@microsoft.com:16714

User-Agent: RTC/1.2

Content-Type: application/csta+xml

Content-Disposition: signal; handling=required
Content-Length: 189

<?xml version="1.0" encoding=”UTF-8”?>
<MakeCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

    <callingDevice>tel:+14257777777</callingDevice>

    <calledDirectoryNumber>tel:65000;phone context=microsoft.com</calledDirectoryNumber>

</MakeCall>

4.4.2 SIP Routing
Soft phone application and SIP/ECMA front end are SIP UA. a SIP dialog is established from soft phone application to SIP/ECMA front end per each controlled line. The SIP dialog is established always from the soft phone application towards SIP/ECMA front end, hence SIP routing is done in one direction only (soft phone application to SIP/ECMA front end).
Soft phone application gets the SIP/ECMA front end SIP Address Of Record from a phone line’s store (see ‎4.9). The SIP URI has a phone address format, such as sip:+14257777777@phones.ms.com;user=phone . This address is generated from a TEL URI which describes the line in ECMA-323, such as tel:+14257777777.
Note: the SIP URI of a line is globally unique. 
SIP Request URI and To headers are populated with SIP line’s AOR (as described above). An INVITE message is sent from a soft phone application to its LCS home server. The LCS home server forwards this message based on a static routing rule (after it checks that this address is not an LCS account). The static routing rule is provisioned in each LCS home server (or a pool of LCS servers). 
For example the address above is forwarded based on a static routing rule for the host address phones.ms.com to a next hop which is described as a FQDN. If the host address (phones.ms.com) is hosted by a SIP proxy than the next hop is the FQDN of the proxy. Otherwise it is a FQDN of the SIP/ECMA front end application. (Note: in a case that the next hop is non LCS server than there is a need to provision this link in LCS home server as a secured link).
The SIP INVITE message is received by a SIP proxy, which forwards it based on its routing logic, or by the SIP/ECMA front end application. After a SIP dialog is established all SIP messages are routed through the same path (in both directions).

 Note:  LCS home server is not aware that the INVITE message is used to establish a dialog for a remote call control purpose.
4.4.3 SIP Session Timer

The soft phone application shall set a timer (default 1 hour) in the INVITE message and refresh it via RE-INVITE message. The ECMA PBX front end and LCS Telephony server (in a case that it keeps a dialog state) shall delete the SIP dialog when the timer is expired. 
Note: The current LCS Proxy server does not support a “long life dialog”. Therefore the soft application shall open a new dialog with the same device before the dialog is expired in LCS Proxy (regardless session timer) and close the existing dialog with this device (which is about to expire). The soft application will ensure that events are not lost during the transition.

4.5 Authentication & Authorization
LCS and PBX ECMA Front End (or its SIP proxy) are trusted servers that use Mutual TLS for SIP traffic. LCS Home Server authenticates the user who runs the soft phone application while the SIP/ECMA Front End authorizes service requests that it receives from the soft phone application. 
If authentication and/or authorization are failed than the result is given to soft phone application via a SIP response message with the appropriate error code (4xx). If the authorization is failed for the INVITE message, which tunnels ECMA-323 System Request Status request, than the SIP dialog is not established. If the authorization is failed for an INFO message with any ECMA-323 service request than only this service is declined.
Authorization process:

SIP/ECMA front end uses the following fields for authorization: SIP (From and To) headers and ECMA-323 device ID if exist (Note: there are few service requests such as Request System Status and Get CSTA Features which don’t include a device ID). 

The algorithm for authorization is as follows:

1. Query line’s provisioned DB, using SIP To: header as a key (using LDAP)

2. Check if SIP From header matches line’s owner SIP URI.

3. If No match Reject (exit)

4. Check if “target device ID” exist and matches device ID in line’s record

5. If exist and no match Reject (exit)

6. Approve

Database access via LDAP is authenticated by AD/ADAM (see ‎4.9).
Note: SIP/ECMA front end should have a secured link with the PBX.
4.6 Remote Call Control Flows
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4.6.1 Initialization (steps 1-25)
· Steps 1-2: Application “finds”  user’s controlled lines
Application access PBX lines store (ADAM) using LDAP. Store (ADAM) address is provisioned in each application.  The key that is used to find user’s lines is user’s LCS identity (SIP URI, such as sip:alice@miceosoft.com). If the database is already cashed by the application than it uses the cashed store instead. 
· Steps 3-13: Application Service Association
The soft phone application sends a SIP INVITE message to each controlled phone’s line that includes a Content-Disposition header indicating “signal” and "handling=required" to mandate support for the application/csta+xml MIME type. An ECMA-323 Request System Status service request is included in the SIP INVITE body with the Content-Type application/csta+xml.

A SIP 200 OK response, that includes ECMA-323 Request System Status response, is sent back.
If the PBX SIP/ECMA front end does not support this MIME type, it must provide a 415 (Unsupported Media Type) response.
A SIP dialog can be rejected due to other failure conditions, such as authorization (see below). In this case an appropriate SIP response error message is sent instead of 200 OK
The soft phone application continues only if it receives a SIP 200 OK with a Request System Status response equal “Normal”. Otherwise it closes the SIP dialog and notifies the user that the line can’t be accessed.

Steps 6-7: Authorization
The PBX ECMA front end authorizes this request, using the algorithm in ‎4.5. It should access the lines database via LDAP or used its cashed database.

If the authorization passes than it process the request and send a SIP 200 OK response with an encapsulated ECMA-323. Otherwise it sends a SIP 403 .  
· Steps 14-19: Soft phone application checks phone line’s Capabilities
The soft phone application sends a SIP INFO message with an encapsulated ECMA-323 “Get CSTA Features”.

The PBX ECMA front end sends a SIP 200 OK response with an encapsulated ECMA-323 CSTA features (list of supported services and events) response. 

SIP INFO message is routed within a dialog that has been established by SIP INVITE (steps 3-13). It is routed in the same path (all messages within the dialog traverse through LCS home server) and authenticated by LCS home server.
· Steps 20-25: Soft phone application starts monitor 

The soft phone application sends a SIP INFO message with an encapsulated ECMA “start monitor” request. The SIP/ECMA FE authorizes this request (as described in the previous paragraph) and sends a SIP 200 OK  response with an encapsulated ECMA-323 response. The Start Monitor request is sent per a specific line (described by device ID in ECMA-323 – see Start Monitor service description below). After Start Monitor response the switching system starts sending line notifications (events).
4.6.2 Run Time (steps 26 - 37)
Steps 26 – 37: Run Time
· Monitor events (for example Steps 32-37 – “originated” event)
The PBX ECMA front end reports events that match the subscription request (“monitor start”) via SIP INFO messages. On the other side of the interface, the soft phone application processes the events and responds to each one with a SIP 200 OK.

· Service Request/Response (for example steps 26-31 – “make call” service)
The soft phone application sends requests for services based on application logic. On the other side of the interface the PBX ECMA front end processes these requests and sends responses. These requests may trigger new events that are reported as described above (see examples in chapter ‎4.14)

4.6.3 End (steps 38 - 49)
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Each side (PBX ECMA front end or soft phone application) can gracefully tear down the dialog that is used for sending requests and responses by sending a SIP BYE message. The soft phone application shall send a Stop Monitor request, using INFO message, before closing the SIP dialog.

4.7 Phone Addresses

Phone address is used for the following purposes:

· Identify a controlled line

A controlled line is a PBX line, which is owned by the user. It has a format of TEL URI and provisioned in Phones Database (see ‎4.9).
Whenever possible this address should have a global E.164 format with an extension and a display name parameters, such as tel:+14257777777;extension=77777;DN=”Alice’s phone (425) 7777777 ext:77777”

If a global E.164 format is not available than a local number with a phone context, extension and display name parameters shall be used, such as 
tel:77777;phone context=pbx1.ms;extension=77777;DN=”Alice’s phone ext:77777”

If a display name is unknown than DN shall be populated with a null string

· Identify called device in outgoing call (including transferred To and deflected to)

A called device can reside inside or outside the PBX domain. It has a format of TEL URI and is taken from a contact database, such as GAL or from soft application UI, such as dial pad. This address should have the same format has a controlled line except the following rules:
1. If the phone context is unknown than phone context=unknown shall be used.

2. Extension parameter is optional

3. DN parameter is optional

Note: The number does not include “dial plan” digits, such as 9 to get an outside line. (dial plan digits are added by the SIP/ECMA front end).

· Identify caller device in incoming call

A caller device has the same format as a called device. SIP/ECMA front end should provide the optional parameters when available.
4.8 PBX & Soft Phone Synchronization

PBX may operate independently of soft phone application. As a result a line is not necessarily in a idle state when the soft application starts. In addition the set of PBX features is a superset of the available features via a remote call control protocol. As a result a call state transition is not notified always to the soft phone application.

The main goal is to verify that the soft application is not stuck in any call state. In other words after a “state IN” transition the application expects a “state OUT” transition.

For example:

a transition from a call Null state to any other call state is defined as “state IN” while the transition from any call state to Null is defined as “state OUT”.
a transition from connected to HOLD state is defined as  “state IN” while transition from HOLD to connected state is defined as “state OUT”. 
If an event that transitions to  “state OUT” is not supported than the SIP/ECMA front end must generate an alternative event. 
For example if “transferred” event is not supported than “connection cleared” event shall be notified instead.
If event that transitions out is lost than the soft application should be able to transition out by clearing the call (as a result of user intervention)
If the soft phone application is not aware of the line state and tries to invoke a service in a wrong state, such as Make Call while the line is not idle, than the SIP/ECMA front end should send an appropriate error code in the service response message and the soft application should present it to the user.
When the soft application starts it should ignore all events for existing calls. When a new call is constructed (outgoing or incoming) the application shall monitor all the subsequent events for this call. 
4.9 PBX Phones Database
Phones database holds information that is used by soft application to find user’s controlled lines and by SIP/ECMA server to authorize services for these lines. The database is secured and accessed via LDAP. Each line holds the following data:
· Device ID (TEL URI) – see ‎4.3.1.1
· SIP Remote Call Control AOR (SIP URI) – see ‎4.4.1
· Owner ID – LCS Identity (SIP URI)

In addition Phone database shall include a separate table which includes a list of administrators with a privilege to control any phone line.
4.10 Performance (Use Model)

· Initialization

Each instance of Istanbul application establishes a SIP dialog, using INVITE transaction, per each phone’s line which it controls. In a typical environment each user runs one instance of Istanbul application, which controls one line, hence the number of transactions is about the same as the number of users. Each LCS home server routes the traffic of the users that are hosted by this server. The worst case scenario is that all users start their application at the same time. A realistic burst of INVITE messages that hit one LCS home server is T.B.D.

· Run Time
Average case scenario:

An average call establishment and tear down “consumes” 8 SIP INFO transactions (all together). In a typical environment 10% of users are on the phone, talking with external users. An average  phone call is 3 minutes (one call establishment and one tear down).  Therefore the number of calls (in transition) per second is the number of users / (10 * 180 sec.). The number of SIP INFO transactions is about the number of users divided by 180. 

Worst case scenario: 

10 times the typical scenario (all users are on the phone…)
4.11 Scalability

The maximum number of Istanbul users in an enterprise is 75000
The maximum number of Istanbul instances in an enterprise is 100000

The maximum number of phone lines in an enterprise is 100000
(Note: check LCS numbers)

4.12 Topology

See LCS Topologies, Document xxx
4.13 Security

4.14 Use Case/Scenarios
4.14.1 Start/Stop Monitor Events

The soft phone application observes the PBX phone by sending a “start monitor” service request. As a result events that match this request are reported from the PBX. The association between a request and the response is done via monitorCrossRefID field. The events are notified regardless of the trigger that causes them. For example the soft phone application receives an originate event when the user dials from the phone itself

The following events are supported by the soft phone application:

Note: only mandatory parameters are supported.

· Connection Cleared – Indicates that a line has disconnected from a call.
<?xml version="1.0" encoding="UTF-8"?>

<ConnectionClearedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<droppedConnection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</droppedConnection>

<releasingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</releasingDevice>

<cause>normal</cause>

</ConnectionClearedEvent>

· Delivered – Indicates that a call is alerting a line.
<?xml version="1.0" encoding="UTF-8"?>

<DeliveredEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<connection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</connection>

<alertingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</alertingDevice>

<callingDevice>

<deviceIdentifier>tel:+14256666666</deviceIdentifier>

</callingDevice>

<calledDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</calledDevice>

<lastRedirectionDevice><notRequired/></lastRedirectionDevice>

<localConnectionInfo>alerting</localConnectionInfo>

<cause>normal</cause>
</DeliveredEvent>

· Established – Indicates that a line has answered or been connected to a call. 
<?xml version="1.0" encoding="UTF-8"?>

<EstablishedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<establishedConnection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</establishedConnection>

<answeringDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</answeringDevice>

<callingDevice>

<deviceIdentifier>tel:+14256666666</deviceIdentifier>

</callingDevice>

<calledDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</calledDevice>

<lastRedirectionDevice><notRequired/></lastRedirectionDevice>

<localConnectionInfo>connected</localConnectionInfo>

<cause>normal</cause>

</EstablishedEvent>

· Diverted – Indicates that the line has redirected a call to another line and is no longer involved with the call.
<?xml version="1.0" encoding="UTF-8"?>

<DivertedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<connection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</connection>

<divertingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</divertingDevice>

<newDestination>

<deviceIdentifier>tel:+14258888888</deviceIdentifier>

</newDestination>

<callingDevice>

<deviceIdentifier>tel:+14256666666</deviceIdentifier>

/callingDevice>

<calledDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</calledDevice>

<lastRedirectionDevice><notRequired/></lastRedirectionDevice>

<cause>normal</cause>

</DivertedEvent>

Note: Calling and Called device  identifiers are mandatory only if the event is notified because of an immediate forwarding . In addition the callID stays the same unlike Transferred
· Failed – Indicates that a call cannot be completed (e.g. call has encountered a busy line).
<?xml version="1.0" encoding="UTF-8"?>

<FailedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<failedConnection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</failedConnection>

<failingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</faiingDevice>

<callingDevice>

<deviceIdentifier>tel:+14256666666</deviceIdentifier>

</callingDevice>

<calledDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</calledDevice>

<lastRedirectionDevice><notRequired/></lastRedirectionDevice>

<cause>busy</cause>

</FailedEvent>

· Held – Indicates that a call at the line is on hold.
<?xml version="1.0" encoding="UTF-8"?>

<HeldEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<heldConnection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</heldConnection>

<holdingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</holdingDevice>

<cause>normal</cause>

</HeldEvent>

· Retrieved – Indicates that a call at the line has been retrieved.

<?xml version="1.0" encoding="UTF-8"?>

<RetrievedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<retrievedConnection>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</retrievedConnection>

<retrievingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</retrievingDevice>

<cause>normal</cause>

</RetrievedEvent>

· Transferred – Indicates that a call at the line has been transferred to another location.

<?xml version="1.0" encoding="UTF-8"?>

<TransferredEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<primaryOldCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</primaryOldCall>

<transferirngDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</transferrringDevice>

<transferiredToDevice>

<deviceIdentifier>tel:+14258888888</deviceIdentifier>

</transferrredToDevice>

<transferredConnections>

<callID>2468</callID>

<deviceID>tel:+14258888888</deviceID>

</transferredConnections>

<cause>normal</cause>

</TransferredEvent>

Originated – Indicates that a call is being attempted from a device. It implies that input activity for the call is complete and that a call has been requested

<?xml version="1.0" encoding="UTF-8"?>

<OriginatedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<originatedConnection>

<callID>2468</callID>

<deviceID>tel:+14257777777</deviceID>

</originatedConnection>

<callingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</callingDevice>

<calledDevice>

<deviceIdentifier>tel:+14258888888</deviceIdentifier>

</calledDevice>

<localConnectionInfo>connected</localConnectionInfo>

<cause>normal</cause>

</OriginatedEvent>

· Conferenced – Indicates that a conference call has been created at a line.

<?xml version="1.0" encoding="UTF-8"?>

<ConferencedEvent xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<primaryOldCall>

<callID>13578</callID>

<deviceID>tel:+14257777777</deviceID>

</primaryOldCall>

<conferencingDevice>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</conferencingDevice>

<addedParty>

<deviceIdentifier>tel:+14258888888</deviceIdentifier>

</addedParty>
<conferenceConnections> 

<connectionListItem> 

<newConnection> 

<callID>13579</callID> 

<deviceID>tel:+14257777777</deviceID> 

</newConnection> 

<endpoint> 

<deviceID>tel:+14257777777</deviceID> 

</endpoint> 

</connectionListItem> 

<connectionListItem> 

<newConnection> 

<callID>13579</callID> 

<deviceID>tel:+14256666666</deviceID> 

</newConnection> 

<endpoint> 

<deviceID>tel:+14256666666</deviceID> 

</endpoint> 

</connectionListItem> 

<connectionListItem> 

<newConnection> 

<callID>13579</callID> 

<deviceID>tel:+14258888888</deviceID> 

</newConnection> 

<endpoint> 

<deviceID>tel:+14258888888</deviceID> 

</endpoint>

             </connectionListItem> 

</conferenceConnection>

<cause>normal</cause>

</ConferencedEvent>

· Do Not Disturb – Indicates that the DND feature status has changed at a line device.

<?xml version="1.0" encoding="UTF-8"?>

< DoNotDisturbEventxmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<Device>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</Device>

<DoNotDisturbOn>>true</DoNotDisturbOn>

</DoNotDisturbEvent>

· Forwarding – Indicates that the forwarding feature status has changed at a line device

<?xml version="1.0" encoding="UTF-8"?>

< ForwardingEventxmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorCrossRefID>1</monitorCrossRefID>

<Device>

<deviceIdentifier>tel:+14257777777</deviceIdentifier>

</Device>

<ForwadingStatus>>true</ForwadingStatus>

</ForwardingEvent>

4.14.2 PBX Services
4.14.2.1 Request System Status
4.14.2.1.1 Description

The Request System Status service is used to obtain the system status of the switching function.
(This service can be used by the switching system to obtain the status of the computing function but it is not supported by soft phone application)
4.14.2.1.2 Call Flow for Expected Outcome
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· mandatory elements are:
None


For example: 

<?xml version="1.0" encoding="UTF-8"?>

<RequestSystemStatus xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

</RequestSystemStatus>

4.14.2.1.3 Expected Outcome

· A positive response with System Status
<?xml version="1.0" encoding="UTF-8"?>

<RequestSystemStatusResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<systemStatus>normal</systemStatus>

</RequestSystemStatusResponse>


Note: Soft application shall check only for a Normal status. All other enumerations shall be considered as Not Normal and as a result the application shall close the SIP communication channel with this device (send BYE message).

· Mandatory events are:

None

· Optional events are:

None

4.14.2.1.4 Error Conditions

· A negative response for the request 
· Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service
Other error codes shall be accepted as a generic error.
· Time Out

4.14.2.2 Get CSTA Features
4.14.2.2.1 Description

This service obtains the list of supported CSTA features (CSTA Services and Events).

This is a system level (i.e. CSTA switching function level) request. 

Note that this is a “lightweight” CSTA Capability Exchange service. Other CSTA services can be used to obtain additional information about a specific UA (device). This service was added in ECMA-323 edition 3.
4.14.2.2.2 Call Flow for Expected Outcome
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· mandatory elements are:
None

For example: 

<?xml version="1.0" encoding="UTF-8"?>

<GetCSTAFeatures xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

</ GetCSTAFeatures>
4.14.2.2.3 Expected Outcome

· A positive response with CSTA Features (Services and Events)
· supportedServices – this mandatory element specifies a list of the supported CSTA services. organized by categories. If the service is not included in the list it is not supported.

· supportedEvents  – this mandatory element specifies a list of the supported CSTA events. The events are organized by categories. If the event is not included in the list it is not supported.

In this example, the following services and events are supported
<?xml version="1.0" encoding="UTF-8"?>
<GetCSTAFeaturesResponse xmlns="http://www.ecma-international.org/standards/ecma-323/csta/ed3" xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance">

<supportedServices>


<systemStatServList>



<requestSystemStatus/>


</systemStatServList>


<monitoringServList>



<monitorStart/>



<monitorStop/>


</monitoringServList>


<callControlServList>



<answerCall/>



<clearConnection/>



<deflectCall/>



<holdCall/>



<makeCall/>



<retrieveCall/>


</callControlServList>

</supportedServices>

<supportedEvents>


<callControlEvtsList>



<connectionCleared/>



<delivered/>



<diverted/>



<established/>



<failed/>



<held/>



<retrieved/>



<serviceInitiated/>



<transferred/>


</callControlEvtsList>

</supportedEvents>
</GetCSTAFeaturesResponse>
· Mandatory events are:

None

· Optional events are:

None

4.14.2.2.4 Error Conditions

· A negative response for the request 
The CSTAErrorCode message indicates a negative response.

· operation (serviceNotSupported) 
<?xml version="1.0" encoding="UTF-8"?>
<CSTAErrorCode xmlns="www.ecma-international.org/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>
</CSTAErrorCode>
· Time Out

4.14.2.3 Monitor Start
4.14.2.3.1 Description

The Monitor Start service initiates event reports (otherwise known as events) for a call, device, or for one or more calls involving a device. The server starts a monitor, allocates a Monitor Cross Reference Identifier that uniquely identifies the monitor, and then positively acknowledges the request. All activities satisfying the filter provided (for example: call, feature, agent, private) trigger events which are delivered as a stream of event reports to the server. Each event contains the Monitor Cross Reference Identifier that correlates the event back to the Monitor Start service that established the monitor.
Note: soft application monitors only devices (not calls).
4.14.2.3.2 Call Flow for Expected Outcome
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· mandatory elements are:
MonitorObject   (Device ID)

For example: 

<?xml version="1.0" encoding="UTF-8"?>

<MonitorStart xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<monitorObject>

<deviceObject>tel:+14257777777</deviceObject>

</monitorObject>

</MonitorStart>

4.14.2.3.3 Expected Outcome

· A positive response 
<?xml version="1.0" encoding="UTF-8"?>

<MonitorStartResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3 ">

< crossRefIdentifier >1</ crossRefIdentifier >

</MonitorStartResponse>

crossRefIdentifier is unique within the association for the duration of the monitor and that can be used to relate subsequent events to the monitor request that initiated them. It shall also allow correlating Monitor Stop and subsequent Change Monitor Filter services with the original Monitor Start service on which they act.

· Mandatory events are:

None

· Optional events are:

None

4.14.2.3.4 Error Conditions

· A negative response for the request 
· Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service
· operation (invalidMonitorObjectType)
· operation (invalidCrossReferenceIdentifier)
Other error codes shall be accepted as a generic error.
· Time Out

4.14.2.4 Monitor Stop
4.14.2.4.1 Description

The Monitor Stop service is used to cancel a previously initiated Monitor Start service.
4.14.2.4.2 Call Flow for Expected Outcome
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· mandatory elements are:
crossRefIdentifier


For example: 

<?xml version="1.0" encoding="UTF-8"?>

<MonitorStop xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">
<crossRefIdentifier>1</crossRefIdentifier>

</MonitorStop>

4.14.2.4.3 Expected Outcome

· A positive response 
<?xml version="1.0" encoding="UTF-8"?>

<MonitorStopResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3 ">

</MonitorStopResponse>

· Mandatory events are:

None

· Optional events are:

None

4.14.2.4.4 Error Conditions

· A negative response for the request 
· Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service
· operation (invalidMonitorObjectType)
· operation (invalidCrossReferenceIdentifier)
Other error codes shall be accepted as a generic error.
· Time Out

4.14.2.5 Make Call
4.14.2.5.1 Description

The Make Call service allows the soft phone application to set up a call between the PBX phone’s line, which is owned by the user, to a called voice device (usually another phone). The service creates a new call and establishes an initiated or connected connection with the calling device. The Make Call service assigns a ConnectionID to the calling device and returns it in the positive acknowledgment
4.14.2.5.2 Call Flow for Expected Outcome


[image: image13.emf]Alice App.

200 OK (Make Call Response)

INFO (Originated -Proceeding)

PBX FE

INFO (Delivered  -Alerting)

INFO (Established  -Connect)

INFO (Make Call)

200 OK

200 OK

200 OK


· Make Call mandatory elements are:
• Calling Device

• calledDevice

• autoOriginate – doNotPrompt  (Hands free)

· Make Call optional elements are:
• userData – this optional element specifies user data that is is to be sent to parties in the call. Note that the application should verify that the sending of user data can be supported by the device and by the underlying transport.


For example: 

<?xml version="1.0" encoding="UTF-8"?>

<MakeCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callingDevice>tel:+14257777777</callingDevice>

<calledDirectoryNumber>tel:+14256666666</calledDirectoryNumber>

<autoOriginate>doNotPrompt</autoOriginate>

</MakeCall>

4.14.2.5.3 Expected Outcome

· A positive response includes callingDevice connection identifier
For example:

<?xml version="1.0" encoding="UTF-8"?>

<MakeCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callingDevice>

<callID>123456789</callID>

<deviceID>>tel:+14257777777</deviceID>

</callingDevice>

</MakeCallResponse>

· Mandatory events are:

· Originated

· Established

· Optional events are:

· Delivered (on remote side)

4.14.2.5.4 Error Conditions

· A negative response for the request 
· Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service
· operation (invalidCallingDeviceIdentifier) – the connection identifier in the request is not valid
· operation (invalidCalledDeviceIdentifier) – the connection identifier in the request is not valid
· availability (resourceBusy) – the device is not in a state where it can accept a Make Call request.
Other error codes shall be accepted as a generic error.
· This example shows a negative response because the device cannot accept a Make Call request because it is busy.
     <?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<availability>resourceBusy</availability>

</CSTAErrorCode>
· Time Out
4.14.2.6 Answer Call

4.14.2.6.1 Description

The soft phone application is notified about an incoming call and answers it. The speaker phone is turned on automatically and the PBX phone is connected.
4.14.2.6.2 Call Flow for Expected Outcome
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· Answer Call mandatory elements are:
· callToBeAnswered 
For example:

<AnswerCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callToBeAnswered>

<callID>123456789</callID>

<deviceID>tel:+14255555555</deviceID>
</callToBeAnswered>
</AnswerCall>

· Mandatory events are:

· Delivered 

· Established

4.14.2.6.3 Expected Outcome

· A positive response for the request 

<?xml version="1.0" encoding="UTF-8"?>

<AnswerCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.6.4 Error Conditions

· A negative response for the request
Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the answer call service
· stateIncompatibility (noCallToAnswer) - There is no call active for the connection identifier specified as the callToBeAnswered.
· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid
· stateIncompatibility (invalidConnectionState) – call is not in the alerting state.
Other error codes shall be accepted as a generic error.
For  example:

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<stateIncompatibility>invalidConnectionState</stateIncompatibility>

</CSTAErrorCode>

· Time Out

4.14.2.7 Clear Connection

4.14.2.7.1 Description

The soft phone application releases a specific device from a call. In the case of a two-party call, this may result in the call being torn down. In the case of a conference call, this results in the specific party being removed from the conference. 

4.14.2.7.2 Call Flow for Expected Outcome
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· Clear Connection mandatory elements are:
· connectionToBeCleared 
For example:

<?xml version="1.0" encoding="UTF-8"?>

<ClearConnection xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<connectionToBeCleared>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</connectionToBeCleared>

</ClearConnection>

· Mandatory events are:

· Connection Cleared

4.14.2.7.3 Expected Outcome

· A positive response for the request and a notification that the device has been released from the call.

<?xml version="1.0" encoding="UTF-8"?>

<ClearConnectionResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.7.4 Error Conditions

· A negative response for the request
Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid
· state incompatibility  (noConnectionToClear) - There is no connection for the connection identifier specified as the connectionToBeCleared.

Other error codes shall be accepted as a generic error.
This example shows a negative response because the Clear Connection Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time out

4.14.2.8 Deflect

4.14.2.8.1 Description

The soft phone application diverts a call to another destination that may be inside or

outside the switching sub-domain.
4.14.2.8.2 Call Flow for Expected Outcome


[image: image16.emf]Alice App.

200 OK (Deflect Response)

INFO (Diverted)

PBX FE

INFO (Deflect)

200 OK


· Deflect mandatory elements are:
CallToBeDiverted

NewDestination
For example:

<DeflectCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callToBeDiverted>

<callID>13579</callID>

<deviceID>tel:+14256666666</deviceID>

</callToBeDiverted>

<newDestination>tel:+14258888888<//newDestination>

</DeflectCall>

· Mandatory events are:

· None  (Diverted may not be notified because the switching network does not get this event).

4.14.2.8.3 Expected Outcome

· A positive response for the request and a notification when the call has been diverted. 

<?xml version="1.0" encoding="UTF-8"?>

<DeflectCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.8.4 Error Conditions

· A negative response for the request
Soft phone application supports the following errors:
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidDestination)

· operation  (invalidDestinationDeviceObject) - The value supplied for newDestination in a or one of its components is not of the proper type.
· Operation (invalidDivertingDeviceIdentifier)
Other error codes shall be accepted as a generic error.
This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>
· Time Out

4.14.2.9 Hold

4.14.2.9.1 Description

The PC application puts an active call on hold. 
4.14.2.9.2 Call Flow for Expected Outcome
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· Hold mandatory elements are:
CallToBeHeld

For example:

<HoldCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callToBeHeld>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</callToBeHeld>

</HoldCall>

· Mandatory events are:

· Held

4.14.2.9.3 Expected Outcome

· A positive response for the request and an “held” notification. 

<?xml version="1.0" encoding="UTF-8"?>

<HoldCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.9.4 Error Conditions

· A negative response for the request
Soft phone application supports the following errors:
· operation (serviceNotSupported) – device does not support the Hold Call service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidHeldDeviceIdentifier)
· stateIncompatibility (invalidConnectionState) – call is not in the connected state.

· stateIncompatibility (invalidHeldDeviceState)

· stateIncompatability (NoHeldCall)

Other error codes shall be accepted as a generic error.
This example shows a negative response because there is no connected call at the device.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<stateIncompatibility>invalidConnectionState</stateIncompatibility>

</CSTAErrorCode>

· Time out

4.14.2.10 Retrieve

4.14.2.10.1 Description

The soft phone application connects a specified held connection. 
4.14.2.10.2 Call Flow for Expected Outcome
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· Retrieve mandatory elements are:
CallToBeRetrived
For example:

<RetrieveCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<callToBeRetrieved>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</callToBeRetrieved>

</RetrieveCall>

· Mandatory events are:

· Retrieved

4.14.2.10.3 Expected Outcome

· A positive response for the request and a retrieved notification. 

<?xml version="1.0" encoding="UTF-8"?>

<RetrievedCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.10.4 Error Conditions

· A negative response for the request
Soft phone application supports the following errors:
see Hold.
This example shows a negative response because there is no held call at the device.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<stateIncompatibility>invalidConnectionState</stateIncompatibility>

</CSTAErrorCode>

· Time out

4.14.2.11 Consultation

4.14.2.11.1 Description

The soft phone application places an existing active call at a device on hold and initiates a new call from the same device. The existing active call may include two or more device.
4.14.2.11.2 Call Flow for Expected Outcome
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· mandatory elements are:
existingCall

consultedDevice

Note: if the application knows that the consultation is used for transfer or conference than it is recommended that it should provide this information, using consultOptions parameter
For example:

<?xml version="1.0" encoding="UTF-8"?>

<ConsultationCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<existingCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</existingCall>

<consultedDevice>tel:+14256666666</consultedDevice>
<consultOptions>transferOnly</consultOptions>
</ConsultationCall>

· Mandatory events are:

Held

Originated

Established

4.14.2.11.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<consultationCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<initiatedCall>

<callID>123456789</callID>

<deviceID>>tel:+14257777777</deviceID>

</initiatedCall>

</consultationCallResponse>

4.14.2.11.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidDestination)

· operation  (invalidDestinationDeviceObject) - The value supplied for newDestination in a or one of its components is not of the proper type.
Other error codes shall be accepted as a generic error.
This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time out

4.14.2.12 Single Step Transfer

4.14.2.12.1 Description

The soft phone application transfers an existing connection at a device to another device. This transfer is performed in a single-step, that is the device doing the transfer does not have to place the existing call on hold before issuing the Single Step Transfer Call service.

4.14.2.12.2 Call Flow for Expected Outcome
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· Single Step Transfer mandatory elements are:
ActiveCall

TrabsferredTo 
For example:

<SingleStepTransferCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<ActiveCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</ActiveCall>

<TransferrredTo>tel:+14257777777<//TransferredTo>

</SingleStepTransfer>

· Mandatory events are:

· Transferred

4.14.2.12.3 Expected Outcome

· A positive response for the request and a notification when the call has been transferred. Note the transferred notification is when the transferring device is disconnected from the call and not when the transferredTo device answers the call. 

· A positive response for the request

<SingleStepTransferResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<transferredCall>

<callID>13579</callID>

<deviceID>tel:+14256666666</deviceID>

</transferredCall>

</SingleStepTransferResponse>

4.14.2.12.4 Error Conditions
· A negative response for the request
· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidDestination)

· operation  (invalidDestinationDeviceObject) - The value supplied for newDestination in a or one of its components is not of the proper type.
Other error codes shall be accepted as a generic error.
This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time Out

4.14.2.13 Transfer

4.14.2.13.1 Description

The Transfer Call service transfers a call held at a device to an active call at the same device. The held and active calls at the transferring device shall be merged into a new call. Also, the Connections of the held and active calls at the transferring device shall become Null and their ConnectionIDs shall be released (i.e., the transferring device is no longer involved with the call).
4.14.2.13.2 Call Flow for Expected Outcome
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· mandatory elements are:
heldCall

activeCall

For example:

<?xml version="1.0" encoding="UTF-8"?>

<TransferCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<heldCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</heldCall>

<activeCall>

<callID>13578</callID>

<deviceID>tel:+14257777777</deviceID>

</activeCall>

</TransferCall>

· Mandatory events are:

Transferred

4.14.2.13.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<transferCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<transferredCall>

<callID>123456789</callID>

<deviceID>>tel:+14256666666</deviceID>

</transferredCall>

</transferCallResponse>

4.14.2.13.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidDestination)

· operation  (invalidDestinationDeviceObject) - The value supplied for newDestination in a or one of its components is not of the proper type.
Other error codes shall be accepted as a generic error.
This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time out

4.14.2.14 Conference Call
4.14.2.14.1 Description

The Conference Call service provides a conference of an existing held call and another active call at a conferencing device. The two calls are merged into a single call and the two connections at the conferencing device are resolved into a single connection. The Connection IDs formerly associated with the conference connections are released and a new Connection ID for the resulting connection is created.
4.14.2.14.2 Call Flow for Expected Outcome
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· Forward mandatory elements are:
heldCall

activeCall

For example:

<?xml version="1.0" encoding="UTF-8"?>

<ConferenceCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">
<heldCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</heldCall>

<activeCall>

<callID>13578</callID>

<deviceID>tel:+14257777777</deviceID>

</activeCall>
</ ConferenceCall >

· Mandatory events are:

· Conferenced
4.14.2.14.3 Expected Outcome

· A positive response for the request.

<?xml version="1.0" encoding="UTF-8"?>

<ConferenceCallResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<conferenceCall>

<callID>13599</callID>

<deviceID>>tel:+14257777777</deviceID>

</conferenceCall>

</ConferenceCallResponse>

· A notification that a device has been conferenced to an existing call   

4.14.2.14.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidDestination)

· operation  (invalidDestinationDeviceObject) - The value supplied for newDestination in a or one of its components is not of the proper type.
Other error codes shall be accepted as a generic error.
· Time out

4.14.2.15 Alternate

4.14.2.15.1 Description

The soft phone application places an existing active call on hold and then retrieves a previously held call. Note that the held call can be a call that has not been accepted (call waiting). (Note: The PBX put the new incoming call on hold when the line is not idle)
4.14.2.15.2 Call Flow for Expected Outcome
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· mandatory elements are:
Held Call

Active Call

For example:

<?xml version="1.0" encoding="UTF-8"?>

<AlternateCall xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<heldCall>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</heldCall>

<activeCall>

<callID>13579</callID>

<deviceID>tel:+14256666666</deviceID>

</activeCall>
</AlternateCall>

· Mandatory events are:

Held

Retrieved

4.14.2.15.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<AlternateResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.15.4 Error Conditions

· A negative response for the request
See Hold
This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time out

4.14.2.16  Generate Digits (DTMF)

4.14.2.16.1 Description

The soft phone application sends a series of digits on behalf of a connection in a call. The digits are in the form of DTMF tones. 

This service is used for generating end-to-end information that is to be sent to a device in a call (i.e., not to address/ select a device). This service does not affect the state or progress of a call.
4.14.2.16.2 Call Flow for Expected Outcome
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· Retrieve mandatory elements are:
connectionToSendDigits

charactersToSend
For example:

<?xml version="1.0" encoding="UTF-8"?>

<GenerateDigits xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<connectionToSendDigits>

<callID>13579</callID>

<deviceID>tel:+14257777777</deviceID>

</connectionToSendDigits >

<charactersToSend>1</charactersToSend>

</GenerateDigits>

· Mandatory events are:

· None  (open issue : do we need “generated digits” event?)

4.14.2.16.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<GenerateDigitsResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.16.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· operation (invalidConnectionIdentifier) – the connection identifier in the request is not valid

· operation (invalidParameterValue) – the characterersToSend value in the request is not valid

· stateIncompatibility (invalidConnectionState) – call is not in the connected state.

This example shows a negative response because the Deflect Call service is not supported.

<?xml version="1.0" encoding="UTF-8"?>

<CSTAErrorCode xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<operation>serviceNotSupported</operation>

</CSTAErrorCode>

· Time out

4.14.2.17 Set Forwarding
4.14.2.17.1 Description

The soft phone application sets a forwarding rule on a line that will redirect incoming calls to another device based on a specific condition. The following are the types of conditions that would trigger the redirection, or forwarding of the incoming call:

1. Immediate - This condition indicates that if a call arrives at a device, it is immediately redirected to another

device.

2. Busy - This condition indicates that if a call arrives at a device, and the device is busy with another call, then

the incoming call will be redirected to another device.

3. No Answer - This condition indicates that if a call arrives at a device, and the call is not answered within a

certain number of rings or within a specific amount of time, then the incoming call will be redirected to

another device.

4. Do Not Disturb (DND) - This condition indicates that if a call arrives at a device, and the device has the Do

Not Disturb feature active at the device, then the incoming call will be redirected to another device. Note that

the Do Not Disturb feature does not necessarily imply that incoming calls are forwarded.

5. Type of Call Origination - This condition indicates that if a call arrives at a device, and the originating device

is a specific class (i.e., external, such as a device that is outside the switching sub-domain, or internal, such as a

device that is within the switching sub-domain), then the incoming call will be redirected to another device.

This condition can be used in combination with the others to create a compound condition. For example, if

busy with another call and the calling device is outside the switching sub-domain, then redirect the call to

another device.

This service allows only one user-specified setting (forwarding type/forward-destination combination) to be changed per service invocation. If multiple user-specified settings need to be set and if activation of multiple settings is supported by the switching function (as indicated through the capabilities exchange services), multiple Set Forwarding service requests can be used to activate multiple settings for the same device.

If the forwarding type is specified and the forward destination is not specified, the switching function uses a default forward destination.

Note: in first version only Forwarding Immediate shall be supported
4.14.2.17.2 Call Flow for Expected Outcome
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· Forward mandatory elements are:
device

forwardingType

activateForward

forwardDN
For example:

<?xml version="1.0" encoding="UTF-8"?>

<SetForwarding xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<device>tel:+14257777777</device>

<forwardingType>forwardNoAns</forwardingType>

<activateForward>true</activateForward>

<forwardDN>tel:+14256666666</forwardDN>

<ringCount>5</ringCount>

</SetForwarding>

· Mandatory events are:

· Forwarding (this event is notified whenever the forwarding conditions are changed. Note that when a call is forwarded a diverted event is notified) 
4.14.2.17.3 Expected Outcome

· A positive response for the request.
<?xml version="1.0" encoding="UTF-8"?>

<setForwardingResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.17.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

· Operation (invalidForwardingDestination)
Other error codes shall be accepted as a generic error.
· Time out

4.14.2.18 Set DND (Don’t Disturb)
4.14.2.18.1 Description

The soft phone application controls the do not disturb feature at a specified

device. The do not disturb feature is used to prevent a specified device from being alerted.
4.14.2.18.2 Call Flow for Expected Outcome
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· Set Don’t Disturb mandatory elements are:
device

doNotDisturbOn
For example:

<?xml version="1.0" encoding="UTF-8"?>

<SetDoNotDisturb xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<device>tel:+14257777777</device>

<doNotDisturbOn>true</doNotDisturbOn>

</SetDoNotDisturb>

· Mandatory events are:

· None  
4.14.2.18.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<SetDoNotDisturbResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3"/>

4.14.2.18.4 Error Conditions

· A negative response for the request
· operation (serviceNotSupported) – endpoint does not support the service

Other error codes shall be accepted as a generic error.
· Time out

4.14.2.19 Get Forwarding
4.14.2.19.1 Description
The Get Forwarding service provides the forwarding feature status at a specified device. The status returned may consist of one or more forwarding types that are active at the specified device based on user defined conditions. The forwarding feature is used to redirect calls that arrive at a specified device to an alternate destination.
4.14.2.19.2 Call Flow for Expected Outcome
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· Forward mandatory elements are:
device

For example:

<?xml version="1.0" encoding="UTF-8"?>

<GetForwarding xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<device>tel:+14257777777</device>

</GetForwarding>

· Mandatory events are:

· None  
4.14.2.19.3 Expected Outcome

· A positive response for the request. 
· forwardingList – this mandatory element specifies a list of forwardListItem elements that contain:
· forwardingType – this mandatory element indicates the forwarding types. Some of the
common forwarding types are: forwardImmediate, forwardBusy, dorwardDND, and forwardNoAns
· forwardStatus – this mandatory element indicates the forwarding status of false (the

forwarding type is not active) or true (the forwarding type is active).

o forwardDN – this mandatory element specifies the destination to which calls are forwarded.

o ringCount – this mandatory element specifies the number of ring cycles prior to

forwardNoAns.

In this example, the phone indicates that the phone is set to forward all incoming calls to +14256666666.

<?xml version="1.0" encoding="UTF-8"?>

<GetForwardingResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<forwardingList>

<forwardListItem>

<forwardingType>forwardImmediate</forwardingType>

<forwardStatus>true</forwardStatus>

<forwardDN>tel:+14256666666</forwardDN>

</forwardListItem>

</forwardingList>

</GetForwardingResponse>
4.14.2.19.4 Error Conditions

· A negative response for the request
· Time out

4.14.2.20 Get DND (Don’t Disturb)
4.14.2.20.1 Description

The Get Do Not Disturb service provides the do not disturb feature status at a specified device.
4.14.2.20.2 Call Flow for Expected Outcome
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· Set Don’t Disturb mandatory elements are:
device
For example:

<?xml version="1.0" encoding="UTF-8"?>

<GetDoNotDisturb xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<device>tel:+14257777777</device>

</GetDoNotDisturb>

· Mandatory events are:

· None  
4.14.2.20.3 Expected Outcome

· A positive response for the request. 

<?xml version="1.0" encoding="UTF-8"?>

<GetDoNotDisturbResponse xmlns="http://www.ecma.ch/standards/ecma-323/csta/ed3">

<doNotDisturbOn>true</doNotDisturbOn>
</GetDoNotDisturbResponse>

4.14.2.20.4 Error Conditions

· A negative response for the request
· Time out
4.15 Annex A:  Call state machine
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	Event
	Local Conn. (Before)
(1)
	Remote Conn. (Before)
(2)
	Call State (Before)
	Local Conn. (After)
(1)
	Remote Conn. (After)
(2)
	Call State (After)

	Originated (1)
	Null
	Null
	Null
	Connected
	Null
	Originated-Terminated


	Delivered  (1)
	Null
	Null
	Null
	Alerting
	Connected

	Received

	Conferenced
	Null
	Null
	Null
	Event content
	Event content
	Event Content

	Transferred
	Null
	Null
	Null
	Event content
	Event content
	Event Content

	Failed (1)
	Null
	Null
	Null
	Failed
	Null
	Blocked

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Connected
	Null
	Originated-Terminated
	Null
	Null
	Null

	Failed (1)
	Connected
	Null
	Originated-Terminated
	Failed
	Null
	Blocked

	Failed (2)
	Connected
	Null
	Originated-Terminated
	Connected
	Failed
	Failed

	Delivered (2)
	Connected
	Null
	Originated-Terminated
	Connected
	Alerting
	Delivered

	Established (2)
	Connected
	Null
	Originated-Terminated
	Connected
	Connected
	Established

	Diverted (2)
	Connected
	Null
	Originated-Terminated
	Connected
	Null
	Originated-Terminated

	Transferred
	Connected
	Null
	Originated-Terminated
	Null
	Null
	Null

	Held (1)
	Connected
	Null
	Originated-Terminated
	Hold
	Null
	Originated-Held

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Connected
	Alerting
	Delivered
	Null
	Null
	Null

	Connection Cleared (2)
	Connected
	Alerting
	Delivered
	Connected
	Null
	Originated-Terminated

	Failed (1)
	Connected
	Alerting
	Delivered
	Failed
	Null
	Blocked

	Failed (2)
	Connected
	Alerting
	Delivered
	Connected
	Failed
	Failed

	Established (2)
	Connected
	Alerting
	Delivered
	Connected
	Connected
	Established

	Held (1)
	Connected
	Alerting
	Delivered
	Hold
	Alerting
	Delivered-Held

	Diverted (2)
	Connected
	Alerting
	Delivered
	Connected
	Null
	Originated-Terminated

	Transferred
	Connected
	Alerting
	Delivered
	Null
	Null
	Null

	Conferenced
	Connected
	Alerting
	Delivered
	Null


	Null
	Null

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Connected
	Connected
	Established
	Null
	Null
	Null

	Connection Cleared (2)
	Connected
	Connected
	Established
	Connected
	Null
	Originated-Terminated

	Failed (1)
	Connected
	Connected
	Established
	Failed
	Null
	Blocked

	Failed (2)
	Connected
	Connected
	Established
	Connected
	Failed
	Failed

	Transferred
	Connected
	Connected
	Established
	Null
	Null
	Null

	Conferenced
	Connected
	Connected
	Established
	Null
	Null
	Null

	Held (1)
	Connected
	Connected
	Established
	Hold
	Connected
	Established-Held

	Held (2)
	Connected
	Connected
	Established
	Connected
	Hold
	Established on hold

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Connected
	Hold
	Established on hold
	Null
	Null
	Null

	Connection Cleared (2)
	Connected
	Hold
	Established on hold
	Connected
	Null
	Originated-Terminated

	Failed (1)
	Connected
	Hold
	Established on hold
	Failed
	Null
	Blocked

	Failed (2)
	Connected
	Hold
	Established on hold
	Connected
	Failed
	Failed

	Transferred
	Connected
	Hold
	Established on hold
	Null


	Null
	Null

	Conferenced
	Connected
	Hold
	Established on hold
	Null


	Null
	Null

	Held (1)
	Connected
	Hold
	Established on hold
	Hold
	Hold
	Held

	Retrieved (2)
	Connected
	Hold
	Established on hold
	Connected
	Connected
	Established

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Connected
	Failed
	Failed
	Null
	Null
	Null

	Connection Cleared (2)
	Connected
	Failed
	Failed
	Connected
	Null
	Originated-Terminated

	Failed (1)
	Connected
	Failed
	Failed
	Failed
	Null
	Blocked

	Transferred
	Connected
	Failed
	Failed
	Null


	Null
	Null

	Held (1)
	Connected
	Failed
	Failed
	Hold
	Failed
	Failed-Held

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Hold
	Hold
	Held
	Null
	Null
	Null

	Connection Cleared (2)
	Hold
	Hold
	Held
	Hold
	Null
	Failed

	Failed (1)
	Hold
	Hold
	Held
	Failed
	Null
	Blocked

	Failed (2)
	Hold
	Hold
	Held
	Hold
	Failed
	Failed

	Transferred
	Hold
	Hold
	Held
	Null


	Null
	Null

	Conferenced
	Hold
	Hold
	Held
	Null
	Null
	Null

	Retrieved (1)
	Hold
	Hold
	Held
	Connected
	Hold
	Established on hold

	Retrieved (2)
	Hold
	Hold
	Held
	Hold
	Connected
	Established-held

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Hold
	Alerting
	Delivered-Held
	Null
	Null
	Null

	Connection Cleared (2)
	Hold
	Alerting
	Delivered-Held
	Hold
	Null
	Originated-Held

	Failed (1)
	Hold
	Alerting
	Delivered-Held
	Failed
	Null
	Blocked

	Failed (2)
	Hold
	Alerting
	Delivered-Held
	Hold
	Failed
	Failed-Held

	Established (2)
	Hold
	Alerting
	Delivered-Held
	Hold
	Connected
	Established-Held

	Retrieved (1)
	Hold
	Alerting
	Delivered-Held
	Connected
	Alerting
	Delivered

	Diverted (2)
	Hold
	Alerting
	Delivered-Held
	Hold
	Null
	Originated-Held

	Transferred
	Hold
	Alerting
	Delivered-Held
	Null
	Null
	Null

	Conferenced
	Hold
	Alerting
	Delivered-Held
	Null


	Null
	Null

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Hold
	Null
	Originated-Held
	Null
	Null
	Null

	Failed (1)
	Hold
	Null
	Originated-Held
	Failed
	Null
	Blocked

	Failed (2)
	Hold
	Null
	Originated-Held
	Hold
	Failed
	Failed-Held

	Delivered (2)
	Hold
	Null
	Originated-Held
	Hold
	Alerting
	Delivered-Held

	Established (2)
	Hold
	Null
	Originated-Held
	Hold
	Connected
	Established-Held

	Diverted (2)
	Hold
	Null
	Originated-Held
	Hold
	Null
	Originated-Held

	Retrieved (1)
	Hold
	Null
	Originated-Held
	Connected
	Null
	Originated-Terminated

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Hold
	Connected
	Established-Held
	Null
	Null
	Null

	Connection Cleared (2)
	Hold
	Connected
	Established-Held
	Hold
	Null
	Failed

	Failed (1)
	Hold
	Connected
	Established-Held
	Failed
	Null
	Blocked

	Failed (2)
	Hold
	Connected
	Established-Held
	Hold
	Failed
	Failed

	Transferred
	Hold
	Connected
	Established-Held
	Null


	Null
	Null

	Conferenced
	Hold
	Connected
	Established-Held
	Null


	Null
	Null

	Held (2)
	Hold
	Connected
	Established-Held
	Hold
	Hold
	Held

	Retrieved (1)
	Hold
	Connected
	Established-Held
	Connected
	Connected
	Established

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Hold
	Failed
	Failed-Held
	Null
	Null
	Null

	Connection Cleared (2)
	Hold
	Failed
	Failed-Held
	Hold
	Null
	Originated-Held

	Failed (1)
	Hold
	Failed
	Failed-Held
	Failed
	Null
	Blocked

	Diverted (2)
	Hold
	Failed
	Failed-Held
	Hold
	Null
	Originated-Held

	Transferred
	Hold
	Failed
	Failed-Held
	Null
	Null
	Null

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Alerting
	Hold
	Received on hold
	Null
	Null
	Null

	Connection Cleared (2)
	Alerting
	Hold
	Received on hold
	Failed
	Null
	Blocked

	Failed (1)
	Alerting
	Hold
	Received on hold
	Failed
	Null
	Blocked

	Failed (2)
	Alerting
	Hold
	Received on hold
	Failed
	Null
	Blocked

	Transferred
	Alerting
	Hold
	Received on hold
	Null


	Null
	Null

	Conferenced
	Alerting
	Hold
	Received on hold
	Null


	Null
	Null

	Diverted
	Alerting
	Hold
	Received on hold
	Null
	Null
	Null

	Retrieved (2)
	Alerting
	Hold
	Received on hold
	Alerting
	Connected
	Received

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Alerting
	Connected
	Received
	Null
	Null
	Null

	Connection Cleared (2)
	Alerting
	Connected
	Received
	Failed
	Null
	Blocked

	Failed (1)
	Alerting
	Connected
	Received
	Failed
	Null
	Blocked

	Failed (2)
	Alerting
	Connected
	Received
	Failed
	Null
	Blocked

	Transferred
	Alerting
	Connected
	Received
	Null


	Null
	Null

	Conferenced
	Alerting
	Connected
	Received
	Null


	Null
	Null

	Held (2)
	Alerting
	Connected
	Received
	Alerting
	Hold
	Received on hold

	Diverted
	Alerting
	Connected
	Received
	Null
	Null
	Null

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	Connection Cleared (1)
	Failed
	Null
	Blocked
	Null
	Null
	Null


4.16 Annex B: Line State Machine
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4.17 Annex C: Services (When Available)
Notes: 

· The List of Optional Services is limited to a simple UX operation (for example a consultation call is possible in Single Call – Originated Terminated state is optional in theory but not listed)
· “Events” list includes events that are triggered directly as a result of the service. Additional events may occur, depends on system status (for example Originated event is triggered as a result of Make Call. Delivered and Established events can follow afterwards depends of the status of destination device).
	Line State
	Call State
	Optional Services 
	Events 

	Idle
	Null 
(Null-Null)
	Make Call
	Originated

	
	
	
	

	
	
	
	

	
	
	
	

	Single Call 
	Originated-Terminated (Connected-Null)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Delivered 

(Connected-Alerting)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	
	
	

	
	Established

(Connected-Connected)
	Clear Connection
	Connection Cleared

	
	
	Consultation Call
	Originated, Held

	
	
	Hold
	Held

	
	
	Single Step Transfer
	Transferred

	
	
	Dial Digits
	None

	
	
	
	

	
	
	
	

	
	Established on hold

(Connected-Hold)
	Clear Connection
	Connection Cleared

	
	
	Consultation Call
	Originated, Held

	
	
	Hold
	Held

	
	
	Single Step Transfer
	Transferred

	
	
	
	

	
	
	
	

	
	Failed

(Connected-Failed)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Held

(Hold-Hold)
	Clear Connection
	Connection Cleared

	
	
	Consultation Call
	Originated, Held

	
	
	Retrieve
	Retrieved

	
	
	Single Step Transfer
	Transferred

	
	
	
	

	
	
	
	

	
	Delivered-Held

(Hold-Alerting)
	Clear Connection
	Connection Cleared

	
	
	Retrieve
	Retrieved

	
	
	
	

	
	
	
	

	
	Originated-Held

(Hold-Null)
	Clear Connection
	Connection Cleared

	
	
	Retrieve
	Retrieved

	
	
	
	

	
	
	
	

	
	Established-Held

(Hold-Connected)
	Clear Connection
	Connection Cleared

	
	
	Consultation Call
	Originated, Held

	
	
	Retrieve
	Retrieved

	
	
	Single Step Transfer
	Transferred

	
	
	
	

	
	
	
	

	
	Failed-Held

(Hold-Failed)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	
	
	

	
	
	
	

	
	Received on hold

(Alerting-Hold)
	Clear Connection
	Connection Cleared

	
	
	Answer Call
	Established

	
	
	Deflect Call
	Diverted

	
	
	
	

	
	
	
	

	
	Received

(Alerting-Connected)
	Clear Connection
	Connection Cleared

	
	
	Answer Call
	Established

	
	
	Deflect Call
	Diverted

	
	
	
	

	
	
	
	

	
	Blocked
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	
	
	

	Multi Calls
	Originated-Terminated (Connected-Null)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Delivered 

(Connected-Alerting)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Established

(Connected-Connected)
	Clear Connection
	Connection Cleared

	
	
	Single Step Transfer
	Transferred

	
	
	Dial Digits
	None

	
	
	Consultation Call
	Originated, Held

	
	
	Alternate
	Held, Retrieved

	
	
	Conference 
	Conferenced

	
	
	
	

	
	
	
	

	
	Established on hold

(Connected-Hold)
	Clear Connection
	Connection Cleared

	
	
	Single Step Transfer
	Transferred

	
	
	Consultation Call
	Originated, Held

	
	
	Alternate
	Held, Retrieved

	
	
	Conference 
	Conferenced

	
	
	
	

	
	
	
	

	
	Failed

(Connected-Failed)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Held

(Hold-Hold)
	Clear Connection
	Connection Cleared

	
	
	Single Step Transfer
	Transferred

	
	
	Consultation Call
	Originated, Held

	
	
	Alternate
	Held, Retrieved

	
	
	Conference 
	Conferenced

	
	
	
	

	
	
	
	

	
	Delivered-Held

(Hold-Alerting)
	Clear Connection
	Connection Cleared

	
	
	Alternate Call
	Held, Retreived

	
	
	
	

	
	
	
	

	
	Originated-Held

(Hold-Null)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Established-Held

(Hold-Connected)
	Clear Connection
	Connection Cleared

	
	
	Single Step Transfer
	Transferred

	
	
	Consultation Call
	Originated, Held

	
	
	Alternate
	Held, Retrieved 

	
	
	
	

	
	
	
	

	
	Failed-Held

(Hold-Failed)
	Clear Connection
	Connection Cleared

	
	
	
	

	
	
	
	

	
	Received on hold  
(Alerting-Hold)
	Clear Connection
	Connection Cleared

	
	
	Deflect Call
	Diverted

	
	
	Alternate (call waiting)
	Held, Established

	
	
	
	

	
	
	
	

	
	Received 
(Alerting-Connected)
	Clear Connection
	Connection Cleared

	
	
	Deflect Call
	Diverted

	
	
	Alternate (call waiting)
	Held, Established

	
	
	
	

	
	Blocked
	Clear Connection
	Connection Cleared


4.18 Cuts

· Multiple lines
More than one phone address on one physical phone
· Shared (Bridged) lines
One line that is shared by two phones (A typical Boss–Secretary setting).
·  Control a call which already started, using a snapshot device service.
If the call started before the soft phone application has started than the application will ignore the events from this call and not let the application to send requests for this call.
· Transfer (two steps)
· Single Step Conference
· Forwarding on Busy, No Answer and Don’t Disturb
Only Set Forwarding immediate shall be supported.

· Device Control (such Speaker Phone on/off, Hook switch and Volume)
· Assistant Agent for “smart” routing and handling missed calls.
4.19 Related Links

http://officenet/teams/<yourteamnamehere>
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