TR-41.3.4/99-08-xx
Telecommunications Industry Association

(TIA)

SUBCOMMITTEE CONTRIBUTION

Technical Subcommittee TR-41.3.4

Source
:


Pingtel Corp.

Rich Schaaf, rschaaf@pingtel.com, (781) 938-5306

Dan Petrie, dpetrie@pingtel.com, (781) 938-5306

Title:
Performance and Interoperability Requirements for Voice-over-IP [VoIP] Telephones

Project:

PN-4462
Distribution:
TR-41.3.4 Attendees

PN-4462

Telecommunications

Telephone Terminal Equipment

Performance and Interoperability Requirements for Voice-over-IP [VoIP] Telephones

Version 1.2+

August 19, 1999
Formulated under the cognizance of TIA Engineering Committee TR-41,

User Premises Telecom Requirements

Revision History

Date
Version
Description

February 15, 1999
1.0
Initial Revision, Sarasota, Florida

April 19, 1999
1.1
Interim Meeting, Vancouver, BC

· Added MGCP requirements.

· Added Display and Keypad requirements.

· Modified introduction and scope.

· Added some definitions and abbreviations.

· Reorganized acoustic performance requirements.

· Changed Ethernet Requirements as per February meeting discussion and connector-type mailing list discussion.

· Changed Internet Protocol Requirements 
 for improved readability; UDP is required, TCP is optional.

· Rolled in Nortel Networks’ MGCP contribution.

· Made changes to bring the document in line with TIA style guidelines.

August 19, 1999
1.2+
Revised the SIP requirements section based on feedback from the Ottawa meeting.

Table of Contents

iiiRevision History

Table of Contents
1
Foreword
2
1
Introduction
3
2
Scope
4
3
Normative References
5
4
Definitions, Abbreviations and Acronyms
7
5
Technical Requirements
8
5.1
Display and Keypad Requirements
8
5.2
Acoustic Performance Requirements
8
5.3
Ethernet Requirements
8
5.4
Internet Protocol Requirements
8
5.5
Call Control Protocol Requirements
8
5.5.1
MGCP Requirements
8
5.5.2
H.323 Requirements
8
5.5.3
SIP Requirements
8

Foreword

1 Introduction

2 Scope

3 Normative References

[1] IETF RFC2543, SIP: Session Initiation Protocol
[2] IETF draft-ietf-mmusic-sip-cc-01.txt, SIP Call Control Services
[3] IETF draft-ietf-pint-protocol-01.txt, The PINT Service Protocol: Extensions to SIP and SDP for IP Access to Telephone Call Services
4 Definitions, Abbreviations and Acronyms

5 Technical Requirements

5.1 Display and Keypad Requirements

5.2 Acoustic Performance Requirements

5.3 Ethernet Requirements

5.4 Internet Protocol Requirements

5.5 Call Control Protocol Requirements

5.5.1 MGCP Requirements

5.5.2 H.323 Requirements

5.5.3 SIP Requirements

VoIP Telephones using SIP shall support the functionality defined in the section A.1 of the SIP RFC [4] for a Redirection Capable Client.  This level of functionality enables SIP Telephones to:

· Establish basic calls

· Forward calls

SIP Telephones should support the functionality defined in the section A.1 of the SIP RFC [4] for an Authentication Capable Client.  This level of functionality enables SIP Telephones to:

· Establish calls through firewalls (in conjunction with a firewall that either proxies the RTP streams or opens holes in the firewall for the RTP streams).

· Participate in terminal and media negotiation

· Establish calls to parties that require caller authentication

5.5.3.1 Required Features

Table 1 shows the telephone features that shall be supported and how those features will be implemented by SIP Telephones.

Table 1 Required SIP Telephone Features and their Implementation Methods

Feature Name
Implementation Method

Originate and Accept Calls
As specified in the SIP RFC [4].

Calling Party Number / Alias presentation
As specified in section 6.21 of the SIP RFC [4] using information in the “From” header field.

Calling Party Number / Alias Presentation Restriction
As specified in section 6.21 of the SIP RFC [4] with the additional requirement that a SIP Telephone shall use the display name “Anonymous” if the identity of the calling party is to remain hidden.

Calling Party Name Identification
As specified in section 6.21 of the SIP RFC [4] using information in the “From” header field.

Call Transfer
Using the “Also” and “Requested-By” header fields as specified in section 4.1 of the SIP Call Control Services document [31].

Call Diversion

· Call Forwarding on all calls

· Call Forwarding on no reply

-
Call Forwarding on Busy
As specified in the SIP RFC [4], the various forms of Call Diversion are handled by returning a Redirection status in response to an INVITE request.  Depending on which forms of call diversion have been enabled, the SIP Telephone returns a Redirection status in response to all INVITE requests, if a call is not picked up or if the SIP Telephone is busy.

A SIP Telephone shall support the Call Diversion feature directly on the phone.  Note: In a system that contains SIP proxy or redirect servers, the proxy or redirect servers may also support Call Diversion.  In such systems, the proxy or redirect servers decide whether to redirect or put a call through to the SIP Telephone.  For those calls that are put through to the SIP Telephone, the telephone then decides whether to redirect or accept the call.

Call Hold
Vendors may implement Call Hold as either Near-end Call Hold or Remote-end Call Hold.

For Near-end Call Hold, no SIP messaging is involved. The telephone keeps the RTP session alive and either sends or indicates silence to the far end of the connection.  Incoming audio for the call from the far end of the connection is discarded while the call is on hold.

Remote-end Call Hold is implemented as specified in appendix B.5 of the SIP RFC [4].

Message Waiting
A standard implementation method for message waiting does not yet exist for SIP. However, the IETF PINT working group is defining a SUBSCRIBE/NOTIFY extension to SIP [32] that could be used to implement Message Waiting.  The SUBSCRIBE/NOTIFY mechanism could be used as follows:

On initialization, the SIP telephone SUBSCRIBEs for the voice mail state for its user's SIP URL (e.g., the phone extension) with the relevant subscription server.  The voice mail server and the subscription server may be distinct entities.  The server sends the current state of the user's voice mail account (i.e., N new messages, where N is 0 or more) in a NOTIFY message.  The server sends additional NOTIFY messages as the state changes (e.g., 0 new messages after the user listens to voice mail).

Note: A Message Waiting Subscription Server is a system prerequisite for supporting this feature.

Three Party Conference
Vendors may choose to set up a three-way conference as either a bridged or fully-meshed conference call.

In a bridged call, the SIP telephone setting up the conference acts as a conference bridge, mixing the audio media for the call.  The other telephones in the call are either added directly or joined via consultative calls on the bridging phone. Note: The conference bridge functionality is handled locally on the SIP Telephone and does not require any SIP protocol capabilities in addition to normal two-party call setup.

In a fully-meshed conference call, each phone in the call sends and receives audio media from all of the other phones in the call. A standard implementation method for setting up fully-meshed conference calls does not yet exist for SIP. One possibility that is being considered by the IETF involves adding support for the “Also” header field as specified in [31].

5.5.3.2 Recommended Features

Table 2 shows the telephone capabilities that should be supported and, if supported, how those capabilities will be implemented by SIP Telephones.

Table 2 Recommended SIP Telephone Features and their Implementation Methods

Feature Name
Implementation Method

Call Transfer with Consultation
Using the “Also” and “Requested-By” header fields as specified in section 4.1 of the SIP Call Control Services document [31].

Call Pickup
Supported under the SIP RFC [4] as follows.

Call Pickup for Station

A phone is ringing.  A user at another phone indicates the desire to pickup the ringing call at a specific phone.  As specified in section 4.2.6 of the SIP RFC [4], the user’s phone REGISTERs using the ringing phone's SIP URL (e.g., extension). The EXPIRES field of the REGISTER message is set to 0 to indicate that the directed call pickup applies only to calls that are currently ringing. The registry server (if different from the proxy server) notifies the proxy server for the ringing phone of the registration.  The proxy server forks (or cancels the INVITE to the ringing phone) and INVITEs the user's phone to the call.

Call Pickup for Group

For the group case, the user's phone REGISTERs the group name (as opposed to the user/extension name for the call at the ringing phone).  The registry and/or proxy server must understand the mapping (through configuration or other means) from group name to user name in the SIP URL.  The rest of the call setup is the same as for the ringing station case.

Note: A SIP registry server and a SIP proxy server are system prerequisites for supporting this feature.

Call Park
A standard implementation method for Call Park does not yet exist for SIP. However, the IETF PINT working group is defining a SUBSCRIBE/NOTIFY extension to SIP [32] that can be used as follows to implement Call Park:

A call is already set up on a phone.  The user wishes to park the call. The first step is to put the call on hold. Another entity (i.e., phone or server) which is interested in receiving parked call notifications for that phone, SUBSCRIBEs to the phone.  As a result, that entity will receive notifications of current or future parked call states.  As a call is currently parked at the phone the subscribing entity(s) is sent a NOTIFY message containing CallId, To, From information and call state for the parked call.

Retrieving a call parked for a specific address

When a user retrieves a call parked for a specific SIP URL (e.g., extension), the user’s phone SUBSCRIBEs for calls parked at the designated URL.  The user’s phone receives a NOTIFY message  containing the data (CallId, To, From, etc.) from the parked call.  The user’s phone then sends an INVITE to the phone with the parked call using the same CallId, as the parked call. The call control extension field “Replaces” [31] is used to indicate that the user’s phone should be added to the call and the phone with the parked call should be dropped from the call.

Retrieving a call parked for a group

For the group case, the user requests a parked call retrieval from any one of a group of phones that may contain the parked call. This case requires that an entity (park service) aggregate the NOTIFY messages for parked calls and works as follows:

1. On startup, the park service subscribes to all of the phones in the park group.

2. To retrieve a parked call in a group, the user’s phone SUBSCRIBEs with the park service for the relevant group. The park service responds to the subscription request with the CallId, To and From fields for all of the calls that are currently parked for the group. The user’s phone selects one of these calls and then uses the “Retrieving a call parked for a specific address” procedure (detailed above) to retrieve that call.
Note: A Call Park Subscription Server is a system prerequisite for supporting the ability to retrieve a call parked for a group.

Call Waiting Indication
When already engaged in a call, a SIP Telephone can receive additional INVITE requests for new incoming calls. The details of how additional incoming calls are brought to the attention of the user, how many waiting calls a SIP Telephone can support, and how multiple waiting calls are managed on the SIP Telephone pose no interoperability issues and are left to vendor discretion.

Redial
For SIP Telephones, the telephone should store the last number that was dialed. Since the Redial feature does not require any non-local information, there are no interoperability issues and the details of the implementation of this feature are left to vendor discretion.

Personal Speed Dial
For SIP Telephones, a set of personal speed dial numbers should be stored in the telephone. Since the Personal Speed Dial feature does not require any non-local information, there are no interoperability issues and the details of the implementation of this feature are left to vendor discretion.

Privacy (Media Encryption)
<To be added / for further study >

Authentication
<To be added / for further study >.

<Once this feature is better defined, it will be possible to determine what level of support is available using SIP>

Multiple Call Appearance
When already engaged in a call, a SIP Telephone can receive additional INVITE requests for new incoming calls and can also originate new outgoing calls. The details of how additional incoming calls are brought to the attention of the user, how many call appearances a SIP Telephone can support, and how multiple call appearances are managed on the SIP Telephone pose no interoperability issues and are left to vendor discretion.

Multiple Line Appearance
As described in section 4.2.6 of the SIP RFC [4], the REGISTER method is used by a SIP Telephone to register the addresses that “appear” on the phone.  Multiple line appearances are implemented by registering multiple addresses for the same SIP Telephone.

Note: A SIP registry server is a system prerequisite for supporting this feature.

Multiple Station Appearance
The Multiple Station Appearance feature is implemented by registering the same address for multiple SIP Telephones and configuring the system to use parallel search and a forking proxy server as described in section 12.4 of the SIP RFC [4].  An incoming INVITE request will cause all of the SIP Telephones that have registered that address to “ring”.

Note: A SIP registry server and a SIP proxy server that supports parallel searches are system prerequisites for supporting this feature.
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