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Notice

Every effort was made to ensure that the information in this document
was complete and accurate at the time of printing. However,
information is subject to change.

Warranty

Avaya Inc. provides alimited warranty on this product. Refer to your
saes agreement to establish the terms of the limited warranty. In
addition, Avaya's standard warranty language as well asinformation
regarding support for this product, while under warranty, is available
through the following Web site:

http://www.avaya.com/support

Preventing Toll Fraud

“Toll fraud” isthe unauthorized use of your telecommunications
system by an unauthorized party (for example, a person who isnot a
corporate employee, agent, subcontractor, or is not working on your
company's behalf). Be aware that there may be arisk of toll fraud
associated with your system and that, if toll fraud occurs, it can result
in substantial additional charges for your telecommunications
services.

Avaya Fraud Intervention

If you suspect that you are being victimized by toll fraud and you need
technical assistance or support, in the United States and Canada, call
the Technica Service Center's Toll Fraud Intervention Hotline at
1-800-643-2353.

How to Get Help

For additional support telephone numbers, go to the Avaya Web site:
http://www.avaya.com/support/

If you are:
» Within the United States, click Escalation Lists, which includes
escalation phone numbers within the USA.
» Outside the United States, click Escalation Lists then click Global
Escalation List, which includes phone numbers for the regional
Centers of Excellence.

Providing Telecommunications Secur ity

Telecommunications security (of voice, data, and/or video
communications) is the prevention of any type of intrusion to (that is,
either unauthorized or malicious access to or use of) your company's
telecommuni cations equipment by some party.

Your company's “telecommunications equipment” includes both this
Avaya product and any other voice/data/video equipment that could be
accessed via this Avaya product (that is, “ networked equipment”).

An “outside party” is anyone who is not a corporate employee, agent,
subcontractor, or is not working on your company's behalf. Whereas, a
“malicious party” isanyone (including someone who may be
otherwise authorized) who accesses your telecommunications
equipment with either malicious or mischievous intent.

Such intrusions may be either to/through synchronous (time-
multiplexed and/or circuit-based) or asynchronous (character-,
message-, or packet-based) equipment or interfaces for reasons of:
« Utilization (of capabilities special to the accessed equipment)
» Theft (such as, of intellectual property, financial assets, or toll
facility access)
» Eavesdropping (privacy invasionsto humans)
» Mischief (troubling, but apparently innocuous, tampering)

« Harm (such as harmful tampering, data loss or ateration,
regardless of motive or intent)

Be aware that there may be arisk of unauthorized intrusions
associated with your system and/or its networked equipment. Also
realize that, if such an intrusion should occur, it could result in a
variety of losses to your company (including but not limited to,
human/data privacy, intellectual property, material assets, financial
resources, labor costs, and/or legal costs).

Responsibility for Your Company’s Telecommunications Security

The final responsibility for securing both this system and its
networked equipment rests with you - Avaya's customer system
administrator, your telecommunications peers, and your managers.
Base the fulfillment of your responsibility on acquired knowledge and
resources from a variety of sources including but not limited to:

* Installation documents

« System administration documents

¢ Security documents

» Hardware-/software-based security tools

« Shared information between you and your peers

« Telecommunications security experts

To prevent intrusions to your telecommuni cations equipment, you and
your peers should carefully program and configure:
* Your Avaya-provided telecommunications systems and their
interfaces
* Your Avaya-provided software applications, as well as their
underlying hardware/software platforms and interfaces
« Any other equipment networked to your Avaya products

TCP/IP Facilities

Customers may experience differencesin product performance,
reliability and security depending upon network configurations/design
and topologies, even when the product performs as warranted.

Standar ds Compliance

Avayalnc. is not responsible for any radio or television interference
caused by unauthorized modifications of this equipment or the
substitution or attachment of connecting cables and equipment other
than those specified by Avaya Inc. The correction of interference
caused by such unauthorized modifications, substitution or attachment
will bethe responsibility of the user. Pursuant to Part 15 of the Federal
Communications Commission (FCC) Rules, the user is cautioned that
changes or modifications not expressly approved by Avaya Inc. could
void the user’s authority to operate this equipment.

Product Safety Standards

This product complies with and conforms to the following
internationa Product Safety standards as applicable:

Safety of Information Technology Equipment, IEC 60950, 3rd Edition
including all relevant national deviations as listed in Compliance with
IEC for Electrical Equipment (IECEE) CB-96A.

Safety of Information Technology Equipment, CAN/CSA-C22.2
No. 60950-00 / UL 60950, 3rd Edition

Safety Reguirements for Customer Equipment, ACA Technical
Standard (TS) 001 - 1997

One or more of the following Mexican nationa standards, as
applicable: NOM 001 SCFI 1993, NOM SCFI 016 1993, NOM 019
SCFI 1998


http://www.avaya.com/support
http://www.avaya.com/support/

The equipment described in this document may contain Class 1
LASER Device(s). These devices comply with the following
standards:

» EN 60825-1, Edition 1.1, 1998-01

» 21 CFR 1040.10 and CFR 1040.11.

The LASER devices operate within the following parameters:
* Maximum power output: -5 dBm to -8 dBm
» Center Wavelength: 1310 nm to 1360 nm

Luokan 1 Laserlaite
Klass 1 Laser Apparat

Use of controls or adjustments or performance of procedures other
than those specified herein may result in hazardous radiation
exposures. Contact your Avaya representative for more laser product
information.

Electromagnetic Compatibility (EM C) Standards

This product complies with and conforms to the following
international EMC standards and all relevant national deviations:

Limits and Methods of Measurement of Radio Interference of
Information Technology Equipment, CISPR 22:1997 and
EN55022:1998.

Information Technology Equipment — Immunity Characteristics —
Limits and Methods of Measurement, CISPR 24:1997 and
EN55024:1998, including:
* Electrostatic Discharge (ESD) IEC 61000-4-2
» Radiated Immunity |EC 61000-4-3
* Electrical Fast Transient |IEC 61000-4-4
Lightning Effects |EC 61000-4-5
Conducted Immunity |EC 61000-4-6
» Mains Frequency Magnetic Field IEC 61000-4-8
* Voltage Dips and Variations |[EC 61000-4-11
* Powerline Harmonics |EC 61000-3-2
* Voltage Fluctuations and Flicker |[EC 61000-3-3

Federal Communications Commission Statement

Part 15:
For MCC1, SCC1, G600, and CM C1 Media Gateways:

Note: Thisequipment has been tested and found to comply with
thelimitsfor a Class A digital device, pursuant to Part 15 of the
FCC Rules. These limits are designed to provide reasonable
protection against har mful interference when the equipment is
operated in a commercial environment. This equipment

gener ates, uses, and can radiate radio frequency energy and, if
not installed and used in accordance with the instruction manual,
may cause harmful interference to radio communications.
Operation of thisequipment in aresidential areaislikely to cause
harmful interference in which case the user will berequired to
correct theinterference at hisown expense.

For the G700 M edia Gateway:

Note: Thisequipment has been tested and found to comply with
thelimitsfor a Class B digital device, pursuant to Part 15 of the
FCC Rules. These limits are designed to provide reasonable
protection against harmful interferencein aresidential
installation. This equipment generates, uses, and can radiate
radio frequency energy and, if not installed and used in
accordance with theinstruction manual, may cause har mful
interference to radio communications. However, thereis no
guarantee that radio interference will not occur in a particular
installation. If this equipment does cause harmful interference to
radio or television reception, which can bedeter mined by turning
the equipment off and on, the user isencouraged to try to correct
theinterference by one or more of the following measures:
» Reorient or relocate thereceiving antenna.
* Increasethe separation between the equipment and receiver.
» Connect the equipment into an outlet on a circuit different
from that to which the receiver is connected.
» Consult thedealer or an experienced radio/TV technician for
help.

Part 68: Answer-Supervision Signaling. Allowing this equipment to
be operated in a manner that does not provide proper answer-
supervision signaling isin violation of Part 68 rules. This equipment
returns answer-supervision signals to the public switched network
when:

« answered by the called station,

« answered by the attendant, or

« routed to a recorded announcement that can be administered by

the customer premises equipment (CPE) user.

This equipment returns answer-supervision signals on all direct
inward dialed (DID) calls forwarded back to the public switched
telephone network. Permissible exceptions are:

* A cadll is unanswered.

¢ A busy toneisreceived.

A reorder toneis received.

Avaya attests that this registered equipment is capable of providing
usersaccessto interstate providers of operator servicesthrough the use
of access codes. Modification of this equipment by call aggregators to
block access dialing codes is aviolation of the Telephone Operator
Consumers Act of 1990.

For MCC1, SCC1, G600, and CM C1 Media Gateways:

This equipment complies with Part 68 of the FCC rules. On the rear of
this equipment is alabel that contains, among other information, the
FCC registration number and ringer equivalence number (REN) for
this equipment. If requested, this information must be provided to the
telephone company.

For the G700 M edia Gateway:

This equipment complies with Part 68 of the FCC rules and the
requirements adopted by the ACTA. Located prominently on this
equipment isalabel that contains, among other information, a product
identifier intheformat USAAAEQ##T XXX X. The digits represented
by ## are the ringer equivalence number (REN) without a decimal
point (for example, 03isaREN of 0.3). If requested, this number must
be provided to the telephone company.

The REN is used to determine the quantity of devices which may be
connected to the telephone line. Excessive RENs on the telephoneline
may result in devices not ringing in response to an incoming call. In
most, but not all areas, the sum of RENs should not exceed 5.0. To be
certain of the number of devices that may be connected to aline, as
determined by the total RENs, contact the local telephone company.

REN is not required for some types of analog or digital facilities.



Means of Connection

Connection of this equipment to the telephone network is shown in the
following tables.

For MCC1, SCC1, G600, and CMC1 Media Gateways:

Manufacturer’s Port FIC Code SOC/REN/ Network
Identifier A.S.Code Jacks
Off/On premises station OL13C 9.0F RJ2GX,
RJ21X,
RJ11C
DID trunk 02RV2-T 0.0B RX2GX,
RJ21X
CO trunk 02GS2 0.3A RJ21X
02Ls2 0.3A RJ21X
Tietrunk TL31M 9.0F RJI2GX
Basic Rate Interface 02I1S5 6.0F, 6.0Y RJM9C
1.544 digital interface 04DU9-BN  6.0F RJ8C,
RM8M
04DU9-IKN  6.0F RM8C,
RJM8M
04DU9-ISN  6.0F RM8C,
RM8M
120A3 channel serviceunit 04DU9-DN  6.0Y RM8C

For the G700 M edia Gateway:

Manufacturer’s Port FIC Code  SOC/REN/ Network
Identifier A.S.Code Jacks
Ground Start CO trunk 02GS2 0.5A RJ11C
DID trunk 02RV2-T ASO RJ11C
Loop Start CO trunk 02LS2 0.5A RJ11C
1.544 digital interface 04DU9-BN  6.0Y RM8C
04DU9-DN  6.0Y RM8C
04DUY-IKN  6.0Y RM8C
04DUY-ISN  6.0Y RM8C
Basic Rate Interface 02IS5 6.0F RJ49C

If the terminal equipment (for example, the media server or media
gateway) causes harm to the telephone network, the telephone
company will notify you in advance that temporary discontinuance of
service may be reguired. But if advance noticeis not practical, the
telephone company will notify the customer as soon as possible. Also,
you will be advised of your right to file a complaint with the FCC if
you believeit is necessary.

The telephone company may make changesin itsfacilities, equipment,
operations or procedures that could affect the operation of the
equipment. If this happens, the telephone company will provide
advance notice in order for you to make necessary modifications to
maintain uninterrupted service.

If trouble is experienced with this equipment, for repair or warranty
information, please contact the Technical Service Center at
1-800-242- 2121 or contact your local Avaya representative. If the
equipment is causing harm to the telephone network, the telephone
company may request that you disconnect the equipment until the
problem is resolved.

A plug and jack used to connect this equipment to the premises wiring
and telephone network must comply with the applicable FCC Part 68
rules and requirements adopted by the ACTA. A compliant telephone
cord and modular plug is provided with this product. It is designed to

be connected to a compatible modular jack that is also compliant. It is
recommended that repairs be performed by Avaya certified
technicians.

The equipment cannot be used on public coin phone service provided
by the telephone company. Connection to party line service is subject
to state tariffs. Contact the state public utility commission, public
service commission or corporation commission for information.

This equipment, if it uses atelephone receiver, is hearing aid
compatible.

Canadian Department of Communications (DOC) Interference
Information

For MCC1, SCC1, G600, and CM C1 Media Gateways:
This Class A digital apparatus complies with Canadian ICES-003.

Cet appareil numérique de laclasse A est conforme ala norme
NMB-003 du Canada.

For the G700 M edia Gateway:
This Class B digital apparatus complies with Canadian |CES-003.

Cet appareil numérique de laclasse B est conforme alanorme
NMB-003 du Canada.

This equipment meets the applicable Industry Canada Terminal
Equipment Technical Specifications. Thisis confirmed by the
registration number. The abbreviation, |C, before the registration
number signifies that registration was performed based on a
Declaration of Conformity indicating that Industry Canada technical
specifications were met. It does not imply that Industry Canada
approved the equipment.

DECLARATIONS OF CONFORMITY

United States FCC Part 68 Supplier’s Declaration of Confor mity
(SDoC)

Avayalnc. in the United States of America hereby certifies that the
equipment described in this document and bearing a TIA TSB-168
label identification number complies with the FCC’s Rules and
Regulations 47 CFR Part 68, and the Administrative Council on
Terminal Attachments (ACTA) adopted technical criteria

Avaya further asserts that Avaya handset-equipped terminal
equipment described in this document complies with Paragraph
68.316 of the FCC Rules and Regulations defining Hearing Aid
Compeatibility and is deemed compatible with hearing aids.

Copies of SDoCs signed by the Responsible Party in the U. S. can be
obtained by contacting your local sales representative and are
available on the following Web site:

http://www.avaya.com/support

All Avaya media servers and media gateways are compliant with FCC
Part 68, but many have been registered with the FCC before the SDoC
process was available. A list of al Avayaregistered products may be
found at:

http://www.part68.org/

by conducting a search using “ Avaya’ as manufacturer.


http://avaya.com/support
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European Union Declar ations of Confor mity

€S

Avaya Inc. declares that the equipment specified in this document
bearing the “CE” (Conformité Europeénne) mark conforms to the
European Union Radio and Telecommunications Terminal Equipment
Directive (1999/5/EC), including the Electromagnetic Compatibility
Directive (89/336/EEC) and Low Voltage Directive (73/23/EEC). This
equipment has been certified to meet CTR3 Basic Rate Interface (BRI)
and CTR4 Primary Rate Interface (PRI) and subsets thereof in CTR12
and CTR13, as applicable.

Copies of these Declarations of Conformity (DoCs) can be obtained
by contacting your local sales representative and are available on the
following Web site:

http://www.avaya.com/support/

Japan

For MCC1, SCC1, G600, and CMC1 Media Gateways:
ThisisaClass A product based on the standard of the Voluntary
Control Council for Interference by Information Technology
Equipment (VCCI). If this equipment is used in adomestic
environment, radio disturbance may occur, in which case, the user
may be required to take corrective actions.

ORI, FELEEESENEES B TREES (VCC 1) ok
\ZHAS 2 T A MEFRIEENER T, JOEBELFERETIEMRT L LB
BiEEgERITIENBY 2T, ZOBEICIHERE P EY T AT
HEOFERINGEDRBYET,

For the G700 M edia Gateway:

ThisisaClass B product based on the standard of the Voluntary
Control Council for Interference by Information Technology
Equipment (VCCI). If this equipment is used in adomestic
environment, radio disturbance may occur, in which case, the user
may be required to take corrective actions.

IOFEEN, FRMEREFEREEAENNES (VCCI) OER
WEIL ZTAL FRENEETT, JOEE. FERETHEATAIE
EHEE LTWETR, IOREENSVARTLEY s CREIGEELT
FERzhDE, BRESEIZEITIEFEHN T,

B R i TEL VR BN E LT T vy,

To order copiesof thisand other documents:

Call: Avaya Publications Center

Voice 1.800.457.1235 or 1.207.866.6701
FAX 1.800.457.1764 or 1.207.626.7269

Write: Globalware Solutions
200 Ward Hill Avenue
Haverhill, MA 01835 USA
Attention: Avaya Account Management

E-mail:  totalware@gwsmail.com
For the most current versions of documentation, go to the Avaya Web

site:
http://www.avaya.com/support/


http://www.avaya.com/support/
http://www.avaya.com/support/
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About this book

Overview

Avaya™ Communication Manager is the centerpiece of Avaya applications.
Running on avariety of Avaya Media Servers and DEFI NITY® Servers, and
providing control to Avaya Media Gateways and Avaya communications devices,
Communication Manager can be designed to operate in either a distributed or
networked call processing environment.

Communication Manager carries forward all of a customer’s current DEFINITY
capabilities, plus offers al the enhancements that enable them to take advantage
of new distributed technologies, increased scal ability, and redundancy.
Communication Manager evolved from DEFINITY software and delivers no-
compromise enterprise | P solutions.

Communication Manager is an open, scalable, highly reliable and secure
telephony application. The software provides user and system management
functionality, intelligent call routing, application integration and extensibility, and
enterprise communications networking.

This book describes the new and changed features and enhancements available
with the most recent release of Communication Manager (that is, release 1.3)
running on any of the following:

« AnAvayaDEFINITY Server.
»« An Avaya S8300 Media Server with an Avaya G700 Media Gateway.

« AnAvaya S8700 Media Server with either an Avaya G600 Media Gateway
(for 1P Connect configurations), or withan MCC1 or SCC1 Media
Gateway (for Multi-Connect configurations).

555-233-783 Issue2 May 2003 15



About this book

« AnAvayaS8700 Media Server configured to control aremote Avaya G700
Media Gateway. Typicaly, the G700 media gateway contains an Avaya
S8300 Media Server configured as a Local Survivable Processor.

This document also contains information about prior releases of Communication
Manager. In the first two chapters of this book, information about this and prior
releases of Communication Manager is divided by the release number as follows:

= Releasel.3
« Releasel.2
« Reeasel.1.2

Newer releases of Communication Manager contain all the features of prior
releases.

Intended audience

This document isintended for system administrators and managers, for users
interested in information about specific features, and Avaya personnel responsible
for planning, designing, configuring, selling, and supporting the system.

Contents

This document includes the following chapters:

» Highlights — presents short descriptions of each of the new features or
changes in the most recent releases of Communication Manager.

» Hardware — describes hardware that isintroduced or changed with the
most recent releases of Communication Manager.

« New and changed administration forms — providesinformation about new
administration forms, and changes to existing forms due to the most recent
releases of Communication Manager.

« New and changed commands — provides information about
non-administration commands (such as display, list, or status commands)
that are new or have changed for the most recent rel eases of
Communication Manager.

Trademarks

All trademarksidentified by ® or ™ are registered trademarks or trademarks,
respectively, of Avaya, Inc. All other trademarks are the property of their
respective owners.
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How to obtain Avaya books on the Web

How to obtain Avaya books on the
Web

If you have internet access, you can view and download the latest version of
Avaya documentation products. To view any book, you must have a copy of
Adobe Acrobat Reader.

=> NOTE:
If you don’'t have Acrobat Reader, you can get afree copy at
http://www.adobe.com.

For example, to access an electronic version of this book:

1. Access the Avaya Customer Support Web site at
http://www.avaya.com/support/.

2. Click PRODUCT DOCUMENTATION.

3. Tofind a specific book, type the document number (for example,
555-233-783 for this book) in the Search Product Documentation search
text box, and then click co.

4. Intheresulting list, locate the latest version of the document, and then click
the document title to view the latest version of the book.

How to order documentation

In addition to this book, other description, installation and test, maintenance, and
administration books are available.

Cal: Avaya Publications Center
Voice: 1-800-457-1235 or 1-207-866-6701
Fax: 1-800-457-1764 or 1-207-626-7269

=>» NOTE:
Customers outside the United States should use +1-410-568-3680 (voice)
and +1-410-891-0207 (fax).

Write: Globalware Solutions
Attn: Avaya Account Management
200 Ward Hill Ave
Haverhill, MA 01835 USA
E-mail: totalware@gwsmail.com

Order: Document No. 555-233-783, Issue 2, May 2003

555-233-783 Issue2 May 2003 17
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About this book

We can place you on a standing order list so that you will automatically receive
updated versions of this book. For more information on standing orders, or to be
put on alist to receive future issues of this book, please contact the Avaya
Publications Center.

How to comment on this document

Avaya welcomes your feedback. Contact us through:
« e-mail: document@avaya.com
« fax: 1-303-538-1741
« Contact your Avaya representative

Mention this document’s name and number, Highlights of Avaya™
Communication Manager, 555-233-783.

Your comments are of great value and help improve our documentation.

How to get help

If you suspect that you are being victimized by toll fraud and you need technical
assistance or support in the United States and Canada, call the Technical Service
Center’s Toll Fraud Intervention Hotline at 1-800-643-2353.

If you need additiona help, the following resources are available. You may need
to purchase an extended service agreement to use some of these resources. See
your Avaya representative for more information.

« |If you are within the United States, go to the Avaya Web site at
http://www.avaya.com/support/ for support telephone numbers. Click
Escalation Lists, which includes escalation phone numbers within specific
regions of the United States.

« For al international resources, contact your local Avaya authorized dealer
for any additional help and questions.
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Highlights

This chapter presents highlights of features and enhancements as part of the most
current release of Avaya™ Communication Manager running on Avaya
DEFINITY® Servers, aswell as the Avaya™ S8000 series Media Servers (with
associated Avaya Media Gateways).

The most current release of Communication Manager contains al the features of
prior releases. In this document, each Communication Manager feature or
enhancement is listed alphabetically by release number.

For amore complete overview of al the features of Communication Manager, see
the Overview for Avaya™ Communication Manager, 555-233-767.

For more information on how to administer any of these features, see the
Administrator’s Guide for Avaya™ Communication Manager, 555-233-506.

Release 1.3 features and enhancements

Avaya™ Communication Manager, Release 1.3, includes the following genera
telephony and system-wide features and enhancements.
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Agent-loginID skill pair increase

Sincethe LINUX platform supports 20,000 administered agent-loginl Ds, the
administered agent-loginl D skill pairs has been increased from 65,000 to 180,000.

With this enhancement, customers could administer an average of 9 skills per
agent for the 20,000 agent-loginl Ds (180,000/20,000). Customers could also
administer 9,000 agents with 20 skills each (180,000/20). The number of skill
pairsis administered on the DI SPLAY CAPACI TY SAT form using the

Adni ni stered Logi cal Agent-Skill Pairs fied.

=>» NOTE:
This capacity increase applies only to the S8700 Media Server and other
configurations that have the S8700 capacities.

Alphanumeric field designation

In addition to numeric designations for key system lists and groups of related
information, the system administrator can specify aphanumeric designations,
0-15 charactersin length, for the following:

« abbreviated dial lists

« abbreviated dial groups
« cal pickup groups

« cal routing patterns

Announcement sources for the G700 Media
Gateway

This feature provides an announcement source for each G700 Media Gateway
registered to either an S8300 or S8700 server.

With this feature, the S8700 Media Server supports 10 integrated announcement
boards (TN750, TN2501, CWY 1), plus an additional 250 G700 announcement
sources (for atotal of 260). The S8300 Media Server supports 50 G700
announcement sources.

The S8300 does not support standard port networks and TN-type boards. Also, the
software resources for integrated boards and G700 sources are separated. The
G700 announcement sources are counted separately towards its own limit of 50 on
the S8300, and 250 on the S8700.
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ARS/AAR dialing without FAC

The Automatic Route Selection (ARS) version of thisfeature allows usersto place
calls by dialing the full public-network numbers without first having to dial a
Feature Access Code (FAC) — such as the number “9” to access an outside line.
The system recognizesthe call asan ARS call and usesthe ARS digit analysis and
digit conversion tables to manipulate the digits to route the call.

The Automatic Alternate Routing (AAR) version of this feature is similar except

that the call is routed as an AAR call and therefore usesthe AAR digit analysis
and digit conversion tables.

AUDIX one-step recording

Users can record conversations by pressing a single button. This feature uses
AUDIX asthe recording device. This feature is not available with INTUITY
AUDIX through Mode Codes or remote AUDIX. Only one AUDIX recording is
alowed for each call.

=>» NOTE:
Certain countries, states, and localities have laws or regulations regarding
therecording of conversations. Such laws or regulations should be consulted
and understood before choosing options for the new “Apply Ready
Indication Tone To Which Parties In The Call” and “Interval For Applying
Periodic Alerting Tone” fields.

A feature button named audi x- r ec isused for this feature, and is added to the
St at i on form. The button is available for al stations that have administrable
feature buttons. When administered, the button also requires a hunt group
extension number (for the AUDIX extension number).

=—>» NOTE:

Attendant consoles do not have this button.

To record a conversation when acall isin process, press the audi x- r ec button.
When you push the button, the LED light for the feature button begins to flash.
After about 4-6 seconds, internal userswho are participating in the call will notice
that the tel ephone display changes to CONFERENCE. After afew seconds, the LED
light on the telephone that initiated the recording is illuminated steadily. This
indicates that the AUDIX recording facility is ready and begins to record the
conversation.

The internal users on the same switch with the display equipment can notice that
the number of partiesin the call increases by 1. At this point, depending on the
administration, aready indication tone will play to al the partiesin the call, the
initiator only, or none of the parties.
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After enough information has been recorded, the initiator can then stop the
recording by pressing theaudi x- r ec button asecond time when the LED light is
illuminated. The LED light for the feature button on the initiator’s station
extinguishes. The internal users with the display equipment can again notice that
the number of partiesin the call decreases by 1. The call remains active.

Thel nterval For Applying Periodic Alerting Tone fieldisusedto
alow the switch administrator to choose an interval to play an alerting toneto all
the parties on the call during recording. Values are 0—60, and the default is 15.
This means, if the default valueis used, that all parties on the call hear an alerting
tone every 15 seconds that indicates the conversation is being recorded. If the
value for thefield is 0, then no periodic toneis played during recording.

Avaya Extension to Cellular enhancements

The following enhancements to the Avaya™ Extension to Cellular feature require
Release 1.3 of Communication Manager.

Feature status button

Extension to Cellular users can activate, deactivate, and suspend Extension to
Cellular service by using an administered Extension to Cellular feature status
button. The Extension to Cellular button remains lit when service is enabled, off
when serviceis disabled, and flashes at the inverted wink rate when serviceis
suspended through the optional timer. The Extension to Cellular feature button is
avail able on telephones which support administrable feature buttons.

An optional timer can be included with an administered Extension to Cellular
feature button, allowing the user to temporarily disable Extension to Cellular
service for one hour.

The timer feature can only be administered from the station form. When
administered, it can be activated from the configured feature button on the desk
set. When activated, this feature disables incoming calls to the supported
cell/wireless device for 60 minutes. The user can enable and disable Extension to
Cellular service using the feature button on the desk set.
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The number of button pushes required depends upon whether the timer has been
administered.

If the timer is administered and if Extension to Cellular is currently
enabled, thefirst button push disables the Extension to Cellular feature, the
second button push changes the timer state, and the third button push
enables Extension to Cellular.

If timer is not administered and if Extension to Cellular is currently
enabled, thefirst button push disables the Extension to Cellular feature, and
the second button push enables Extension to Cellular.

Call classification

Extension to Cellular cal filtering uses the same criteriafor classifying acall as
externa or internal asthe call coverage feature.

Avaya Installation Wizard (AIW) enhancements

=—>» NOTE:

The Avaya Installation Wizard (AIW) is only supported with the S8300
Media Server.

Provide an electronic pre-installation worksheet to automate the task of
importing selected pre-installation data. This capability is focused on
importing |P address information.

Provide a customizable template to allow for the sel ective customization of
defaulted trandation data.

Support for Japan, United Kingdom, and France, including system and
trunk level parameters. May be extended to Australia and other countries
prior to the next release of Communication Manager.

Support configuration of the IA770 module.

Support the system level and trunk level parameters needed for usein the
targeted G-11 countries.

Support configuration of P trunks.
Support trunk diagnostics.

Support IP address configuration of distributed G700 Media Gateways
through the Gateway Installation Wizard (GIW).

Updates to AIW are available on the Web, and are not necessarily linked to any
software release of Communication Manager. The latest version of AIW can be
downloaded from http://support.avaya.com/avayaiw.

555-233-783
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Gateway Installation Wizard (GIW)
The Gateway Instalation Wizard (GIW) is a separate application that assistsin
installing and configuring G700 Media Gateways.

=>» NOTE:
The Gateway Installation Wizard (GIW) is only supported with the S8300
Media Server.
» Laptop-based application for configuring G700 Media Gateways.
« Configures IP information for Media Gateway components in a stack.
» Connectsto the serial console port.
Updates to GIW are available on the Web, and are not necessarily linked to any

software release of Communication Manager. The latest version of GIW can be
downloaded from http://support.avaya.com/avayaiw.

Call Detail Recording (CDR) display of physical
extension

For Expert Agent Selection (EAS) agent-originated calls, if theRecord Agent
I D on Qutgoi ng? field onthe CDR SYSTEM PARAMETERS formissettoy (the
default value), then the agent ID is used for outgoing calls.

If theRecord Agent 1D on Qutgoi ng? field onthe COR SYSTEM
PARAMETERS form is set to n, the physical extension is used.

Call redirection intervals

Communication Manager allows the system administrator to specify the number
of timesthat acall rings at each call coverage point before the call proceedsto the
next coverage point.

Center Stage Switch (CSS) separation

S8700 Media Serversin an AvayaMCC1 or SCC1 Media Gateway configuration,
with four or more Port Networks (PN), use a Center Stage Switch (CSS) to
interconnect the PNs.

The Center Stage Switch (CSS) separation feature alows for the physical
separation of redundant S8700 Media Servers, and their corresponding CSS, to
improve their survivability. Media Servers and the CSS can be separated up to
6.2 miles (10 km), providing backup and survivability for acommunications
network in one or more remote locations.
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Central Office (CO) support on G700 Media
Gateway — Russia

Communication Manager supports central office (CO) trunksin Russia using the
G700 Media Gateway.

Increased number of G700 Media Gateways
supported on an S8700 Media Server

With Communication Manager, an S8700 Media Server can support up to
250 G700 Media Gateways in an External Communication Controller (ECC)
configuration.

Increased tone detection capacity on G700

The G700 Media Gateway has increased tone detection capacity from twelve (12)
to fifteen (15) ports. This capability enhances call center applications.

This enhancement increases the total number of call center agents, within a
stacked G700 Media Gateway configuration served by an S8300 Media Server, to
450. Within a stacked G700 Media Gateway configuration served by an S8700
Media Server, the total number of call center agentsisincreased to 1200.

=>» NOTE:
The maximum number of call center agents for each G700 is thirty (30).

IP loss groups

A primary reason to accomplish aloss plan for voice communication systemsis
the desire to have the received speech and tone loudness at a comfortable listening
level. This should be accomplished so that users can listen to each other without
being concerned who or where the remote party is, or what kind of telephone
equipment each may be using.

A connection with an end-to-end loss (called an Overall Loudness Rating) of

10 dB — which approximates anormal conversation between atalker and listener
spaced one meter apart — provides a high degree of satisfaction for the mgjority
of users. Therefore, voice communication standards for end-to-end loss are based
on this number.
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Communication Manager has now defined two additional 1oss groups for
IP telephony. The purpose of these two loss groups is to set speech and tone
loudness separately for IP connections. These loss groups use country-specific
gateway loss plans.
Thetwo IP loss groups are:

» Loss Group 18: IPtrunk — loss group for IP trunks (1P Carrier Medium)

« Lossgroup 19: IPphone — loss group for 1P terminals (IP ports)
On an upgrade, if the default for an | P station loss plan is 2, and the I P trunk 1oss

planis 13, Communication Manager changes the defaultsto 19 and 18
respectively.

Leave Word Calling (LWC) — QSIG/DCS

The Leave Word Calling (LWC) feature is extended to enterprise networks with
QSIG asthe private network protocol, aswell as those with DCS.

For enterprise networks that are mixed or in transition from DCSto QSIG,
interworking of the LWC feature between the protocols can be provided. LWC
aso works within a single non-networked switch.

=>» NOTE:
A DCS+ signaling group is needed, but can only be used in networks with
4-digit or 5-digit dial plans.

Link Recovery

IP callsmust have an H.248 link between the Avaya G700 M edia Gateway and the
call controller. The H.248 link between an Avaya server running Communication
Manager and the Avaya Media Gateway provides the signaling protocol for:

« Call setup

« Call control (user actions such as Hold, Conference, or Transfer) while the
cal isin progress

=« Cadll tear-down

If thelink failsfor any reason, the Link Recovery feature preserves any existing
callsand attempts to re-establish the original link. If the gateway cannot reconnect
to the original server, then Link Recovery automatically attempts to connect with
aternate TN799DP (C-LAN) circuit packs within the original server’s
configuration, or to a Local Spare Processor (LSP).
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Link Recovery does not attempt to recover or overcome any network failure that
created the link outage. Link Recovery aso does not diagnose or repair the
network failure that caused the link outage.

Since there is no communication between the Media Gateway and call controller
during alink outage, button depressions are not recognized, feature access does
not work, nor does any other type of call handling. Essentially, the system is
unresponsive to stimulus until the H.248 link is restored. This might be the only
indication that link recovery isin process.

A CAUTION:
If an administrator attemptsto add a station (phone) to a gateway while that
gateway isin Link Recovery, that station is not put into service when the
gateway comes back. To complete the addition of the station if this happens,
performabusyout / r el ease command on that station when the gateway
comes back into service.

Local announcements on the G700 Media
Gateway

G700 local announcements — also known as virtual voice announcements over
LAN (or virtual VAL) — alows twenty minutes total announcement time with
fifteen playback channels with Communication Manager.

Avaya voice announcement over LAN (VAL) Manager is used to manage local
announcements on the G700 Media Gateway.

Local Survivable Processor (LSP)
enhancements

LSP supports up to fifty G700 Media Gateways

Communication Manager allows for asingle L SP to support up to fifty (50) G700
Media Gatewaysin an S8700 Media Server Externa Communication Controller
(ECC) configuration.

Support for ten LSPs on S8300 Media Servers
On SB8300 Media Server configurations, Communication Manager supports up to
ten (10) L SPs.

Support for up to fifty LSPs
Customers (clients) can have up to fifty (50) LSPsin their system configuration.
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Media Encryption

Media Encryption isthe encryption of the audio (voice) portion of aVVoice Over |IP
(VolP) call. Media Encryption can be used to provide enhanced privacy for VolP
communications that involve exchange of sensitive information. Media
Encryption is provided between Avaya media gateways and media servers.

Digitally encrypting the audio (voice) portion of aVolP call can reduce the risk of
electronic eavesdropping. | P packet monitors, sometimes called sniffers, are to
VoIP calls what wiretaps are to circuit-switched (TDM) calls. One exception is
that an IP packet monitor can watch for and capture unencrypted | P packets, and
can play back the conversation in real-time or storeit for later playback.

Communication Manager encrypts | P packets before they traverse the | P network.
An encrypted conversation sounds like white noise or static when played through
an 1P monitor. End users do not know that a call is encrypted because there are:

« Novisua or audible indicators to indicate that the call is encrypted.

« No appreciable voice quality differences between encrypted calls and
non-encrypted calls.

A SECURITY ALERT:
Be sure that you understand these important media encryption limitations:

« Any call that involves a circuit-switched (TDM) endpoint such as a
DCP or analog phone is vulnerable to conventional wire-tapping
techniques.

« Any call that involves an IP endpoint or gateway that does not
support encryption can be a potential target for 1P monitoring. A
common example of thisisare IP trunks to 3rd-party vendor
switches.

= Any party that is not encrypting an |P conference call exposes all
parties on the IP call between the unencrypted party and its
supporting media processor to monitoring, even though the other 1P
links are encrypting.
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Media Encryption requirements

The following table lists the supported hardware, software, and firmware
requirements for Media Encryption.

=>» NOTE:

Your server must be running Communication Manager, Release 1.3 or |ater.

Hardware Minimum Software or Firmware
Avaya IP phones Firmware version 1.8 or later
« 4606
» 4612
» 4620
« 4624
» 4630
|P Softphone Software R4V 1 with service
pack 1 or later
|P SoftConsole™ Software release 1.5 or |ater
TN2302AP IP Media Processor Firmware version 47 or later
circuit pack

The following equipment is not supported, meaning that Media Encryption does
not work with these devices:

555-233-783

Avaya S8300 Media Server
Avaya G700 Media Gateway
Avaya 4602 IP Telephone
Avaya R300 Remote Office

Any gateway or | P endpoint that cannot support the Avaya encryption
algorithm

Any wired circuit-switched (TDM) telephone (digital or analog) or trunk
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License file requirements

Media Encryption does not work unless the server has avalid License File with
Media Encryption enabled. To determine whether Media Encryption isenabled in
the current License File:

1. Atthe SAT typedisplay system-parameters customer-options and
press ENTER to display the OPTI ONAL FEATURES form.

2. Scroll to page 3 and ensure that the Medi a Encrypti on Over | Pfieldis
y (Screen 1).

ﬁspl ay system paraneters customer-options Page 3 of 10\
OPTI ONAL FEATURES

| SDN Feature Pl us?

| SDN Network Call Redirection?
| SDN- BRI Trunks?

| SDN- PRI ?

Energency Access to Attendant? y

Enabl e ' dadmin’ Login? y

Enhanced Conferenci ng? n

Enhanced EC5007? y
Ext ended Cvg/ Fwd Admin? y Local Spare Processor?
Ext ernal Device Al arm Admi n? y Malicious Call Trace?
Five Port Networks Max Per MCC? y Medi a Encryption Over |P?
y
y
y
y
y
y

KKK oK

Fl exible Billing? Mode Code for Centralized Voice Mil?

Forced Entry of Account Codes?
d obal Call Cdassification?
Hospitality (Basic)?

Hospitality (G3V3 Enhancenents)?
I P Trunks?

Mul tifrequency Signaling?

Mul tinedi a Appl. Server Interface (MASI)?
Mil tinedia Call Handling (Basic)?

Mil tinedia Call Handling (Enhanced)?

Mul tiple Locations?

| P Attendant Consol es? Personal Station Access (PSA)?

\ I P Stations?

Screen 1. Media encryption field on the Optional Features form, page 3

<K<K oo oX<

<<

/

Message Sequence Tracer (MST) enhancements

In the past, it has been difficult to trace messages through the Message Sequence
Tracer (MST) tool pertaining to a particular socket because there wasno tagin
each message distinguishing it from other sockets.

Now, new message formats for outgoing and incoming data includes the socket
number/identifier. These new formats use new Type identifiers of 05 and 06. A
pair of new formats 07 and 08 have aso been created for outgoing and incoming
socket control messages on the PROCR ip-interface.

By creating new format types for these new formats, the task of decoding these
messagesis easier.
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The following enhancement was made to the Message Sequence Tracer (MST):

« Signaling messages between Communication Manager and the TN799
CLAN can now be traced for better diagnostics during network outages.

— Add processor TN799 CLAN socket information to the MST trace
in order to help developers debug socket problems.

— Enhance M ST to include the socket number in socket data.

— Add TN799 CLAN board ID to CLAN MST |P socket trace
messages.

NAT with shuffling

Communication Manager allows IP endpoints to shuffle if they are behind a
Network Address Trandation (NAT) devicein an IP network. Communication
Manager supports | P direct cals (acall that has been shuffled) between two
endpoints that are translated through a NAT device.

“Shuffling” means rerouting the audio channel connecting two | P endpoints. After
shuffling, the audio which previously was carried in a mixed connection of 1P
signaling and TDM bus signaling, goes directly through the LAN or WAN
between the two I P endpoints. Shuffling also can mean reversing this processif an
endpoint requests a resource to support afeature, such as conferencing that
requires the TDM bus.

=>» NOTE:
Network Address Translation (NAT) is amethod to address the shortage of
IP V4 addresses by allowing globally registered | P addresses to be reused by
native networks.

This enhancement works with static one-to-one NAT. It does not facilitate Port

Address Trandlation (PAT), also known as Network Address Port Trandation
(NAPT). This enhancement does not work with many-to-one NAT.
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Network Call Redirection (NCR) 2-B channel
transfer

This enhancement adds support for the 2-B Channel Transfer PSTN network
transfer protocols to the Network Call Redirection (NCR) feature. The protocols
that are supported are;

« TelcordiaTBCT (offered by local and inter-exchange PSTNs with Lucent
5Ess or Nortel DM S100 switchesin US or Canada)

= 1998 ANSI Explicit Call Transfer (ECT) for future use.
Another form of network transfer is where the PBX sets up the second leg of the

call, and asks the network to merge the incoming call with the outgoing call (the
2B- channels) and drops the trunks to the PBX.

No hold conference

Thisfeature allows a user to automatically add another party to a conference call
while continuing the conversation of the existing call. The new party is
automatically entered into the conversation as soon asthe call is answered. An
optiona tone can be provided prior to the party being added to the call.

=—>» NOTE:
An emergency call is not allowed to be transferred or merged into the
traditional conference. The EMRG_CALL FAC was deleted from the
allowable FAC list of the no hold conference feature.

After dialing is complete, if the No Hold Conference is not answered within the

time specified in an administered “timeout” field, the No Hold Conference cal is
deactivated.

Parsing capabilities for the History report

The history report provides details about every data command. You can use
parsing options to limit the data returned in this report. The following table
identifies the parsing options that are available.

=> NOTE:
You can display these options by entering the command list history, then
clicking HELP or pressing F5.
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Option Description

date Specify the month (MM) or day (MM/DD) for which to display
history data.

time Specify the hour (HH) or minute (HH:MM) for which to
display history data.

login Specify the login for which you wish to display history data.

action Specify the command action (the first word of the command

string) for which you wish to display history data. Y ou can
view the list of available command actions by clicking HELP
or pressing F5 at the command line.

object Specify the command object for which you wish to display
history data.

qualifier Specify the command qualifier for which you wish to display
history data.

To limit the data displayed in the history report, enter the command list history
followed by a space and the appropriate parser and, if applicable, format. Only the
datafor the specified parsers will appear in the report.

You can include multiple parsers, but only a single instance of any parser (for
example, you may parsefor date, time, and login, but not for date, time, and two
different logins).

Personalized labels for the Abbreviated Dialing
(AD) System list

An administrator can type personalized labels for the Abbreviated Dialing (AD)
System list entries. Whenever a 2420 DCP telephone, a 4620 | P telephone, or a
4630 | P telephone, has a feature button that is administered as an entry in the AD
System list, the feature button label that is downloaded to the telephone set is the
personalized label.

These personalized |abels can be administered in the standard supported
languages (English, French, Italian, Spanish, and a user-defined language). If a
personalized label has not been administered for the AD system list entry, the
feature button label that is downloaded to the phone is ADnn, where nn isthe
abbreviated dialing number.

=>» NOTE:
This enhancement applies only to the AD System list.
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Posted messages

In most situations, after afew rings when no one answers acall, the calling party
usually hears an announcement saying that the called party is not available and to
please |eave a message. At this point, the calling party has no clue when the called
party would return the call.

The posted messages feature provides Communication Manager users with the
capability of indicating the reason of their unavailability to calling parties. The
system provides 30 messages for a user to choose from, such as “on vacation,” or
“at lunch.” Of the 30 messages, 15 messages are fixed system messages, and the
remaining 15 messages are administrable (custom messages). After a user has
chosen one of the messages and thus activated the feature, the message is
immediately sent to calling parties who have terminal displays.

The system provides two ways to activate/deactivate this feature: using button
pushes and feature access codes. The system allows usersto use the feature access
codes from their own display telephone, from another station/attendant, or from a
remote access trunk.

Resource Reservation Protocol (RSVP)

Resource Reservation Protocol (RSVP) isa QoS signaling protocol. RSVP
provides a means of specifying the requirements of IP packet flow, and
determining if the intervening network can provide the resources to protect that
flow through a process called “admission control.”

RSV P protection of Vol P audio streams on WANSs and other links that are
susceptible to congestion can safeguard the quality of Vol P callsaready in
progress.

« [P phones or gateways request the network routers to reserve bandwidth.

« Therouters act upon the request to alocate bandwidth according to the
QoS request.

«  When the bandwidthisreserved, the call is protected against other network
traffic in aloaded or congested network, thereby ensuring good voice
quality.

Administrators can now configure RSV P settings in Communication Manager.
Whenthe RSVP enabl e fieldinthel P NETWORK REGQ ONformissetto‘y’, the
RSVP Reservation Paranet ers appear.
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Separation of Bearer and Signaling (SBS)

The Separation of Bearer and Signaling (SBS) feature provides alow cost virtual
private network with high voice quality for customers who cannot afford private
leased lines. SBS provides aDCS+ VPN replacement for customers needing Dial
Plan Expansion (DPE) functionality.

=—>» NOTE:
DCS does not work with six-digit or seven-digit dia plans. Although QSIG
does work with six-digit and seven-digit dial plans, QSIG does not work
over VPNs.

The SBS feature supports:
« QSIG private networking signaling over alow cost | P network.
« Voice (bearer) calls over the public switched network.

« Association between QSIG feature signaling information and each voice
call.

You must always use AAR/ARS/UDP to originate an SBS call. You cannot use a
Trunk Access Code/ Dial Access Code to originate an SBS call.

Proper administration and configuration is required for SBS calls to work
correctly. Thisincludes:

= New fieldsin the SYSTEM PARAMETERS FEATURES form, anew field on
the TRUNK GROUP form, and anew St at i on type called an SBS
Ext ensi on (an extension number without hardware assigned to it that is
used to associate the separate bearer and signaling calls).

« Customers must allocate a sufficient number of SBS extensions based on
expected SBS traffic volume. The same appliesto SBS trunk group
members.

« Each administered SBS extension must correspond to a DID/DDI number
obtained from a Local Service Provider (LSP).

=>» NOTE:
Obtaining a DID/DDI number for each SBS extension is not
necessary if the Feature Plus Pseudo DID feature is available. The
remainder of this document assumes the use of real (service-provider
obtained) DID/DDI numbers for the SBS extensions.
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« Inremote office configurations or other remote gateway configurations
with limited direct network access, these DID/DDI numbers should be
obtained from a service provider that is local to the controlling gateway
server, not local to the remote office/gateway. This eliminates excessive
traffic through the remote office/gateway to its controlling gateway server.

« Thel SDN PUBLI C- UNKNOAN NUMBERI NG form must be correctly
administered to map every SBS extension to the corresponding national
public network complete number (the DID/DDI number). This public form
is used to devel op the complete number even if the incoming SBS trunk
group numbering format is administered for private numbering.

Support for the Hewlett Packard DL380G2
server

Communication Manager is now supported on Hewlett Packard (HP) DL380G2
serversin an S8700 I P-connect system configuration (an S8700 Media Server
with a G600 Media Gateway).

Timed automatic disconnect for outgoing trunk
calls

Thisfeature provides the capability to automatically disconnect an outgoing trunk
call after an administrable amount of time. The amount of time that can elapse
before the trunk is dropped can be specified, and can vary between 2 and 999
minutes. If thetimer field is blank (the default value), the feature is disabled and
the trunk will not be automatically disconnected.

Timed call disconnection appliesto all outgoing trunk callsinitiated by a party
belonging to a specified Class of Restriction (COR).

The outgoing trunk disconnect timer only affects outgoing public network trunks
(CO, DIOD, FX, WATS, and ISDN public-network).

=>» NOTE:
The outgoing trunk disconnect timer should be administered to avalue large
enough to provide users with adequate response time.

The outgoing trunk disconnect timer does not apply to outgoing trunk calls that
are emergency or service cals. Specifically, the outgoing trunk disconnect timer
does not apply to callswith ARS call typesal rt , ener, nsvc, op, svcl , svfl,
svct,orsvft.
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The outgoing trunk disconnect timer starts after the outgoing trunk call is
answered. The outgoing trunk call is considered answered if:

« the network provides an answer supervision line signal
« anISDN CONNect message is received
« the Answer Supervision Timeout timer expires
» thecall classifier classifies the call as answered
« the Outgoing End of Dial Timer expires
Prior to disconnecting the trunk, warning tones are applied to all parties on the

call. Thefirst warning tone occurs when one minute remains on the call. The
second warning tone occurs when 30 seconds remain on the call.

Tripwire security

Tripwire is an security program provided on S8300 and S8700 Media Servers
running Communication Manager. The specific list of filesthat Tripwire monitors
needs to be determined during design once all administration and configuration
files have been identified.

When security violations are detected, Tripwire reports its findingsto the security
log. These events generate an alarm.

=>» NOTE:
Tripwire normally reports security violations through e-mail. However, by
reporting events to the security log, security violations can be immediately
acted upon.

Release 1.2 features and enhancements

Avaya™ Communication Manager, Release 1.2, includes the following general
telephony and system-wide features and enhancements.

Avaya call center features supported on the
Avaya G700 Media Gateway

Full Avaya Call Center functionality is now supported on the G700 Media
Gateway with Communication Manager, with either an S8300 Media Server or an
Avaya™ S8700 Media Server.
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The Avaya S8300 Media Server or S8700 Media Server with the Avaya G700
Media Gateway provides Avaya™ Call Center “Basic” software (included with
the Communication Manager) capability and optional Computer Telephony
Integration (CTI) as alower-cost call center solution for small or branch offices.
For the latest capacities of supported number of agents and media gateways,
please see the capacities document available at http://www.avaya.com/support.
See “Capacity changes’ on page 53 for instructions on how to locate the
capacities document.

The Avaya G700 Media Gateway with the Avaya S8300 Media Server supports
more robust call center capabilitiesincluding Avaya™ Call Center “Deluxe,”
which supports Avaya Best Service Routing and optional Avaya Virtual Routing,
and Avaya™ Call Center “Elite,” which features Avaya Expert Agent Selection
and services as the foundational software for the optional Avaya Business
Advocate and Avaya Dynamic Advocate software.

The call center capabilities found in either optional software package (Deluxe or
Elite) allow Avaya Call Center customers to enhance their customer service, help
desk, travel, and other operations by providing powerful, integrated call routing
via*“call vectoring” and resources selection.

Avaya Communication Manager on an S8100
Media Server

The S8100 Media Server now includes the full feature set of Communication
Manager. A new optional feature on the S8100 Media Server is the co-resident
LAN Gateway for CTI connectivity.

Avaya Extension to Cellular enhancements

New features with Extension to Cellular (requires Release 1.2 or |ater of
Communication Manager) include:

Call Filtering

Thisfeature allows customers to manage cellular phone costs by limiting the calls
extended to the cellular network for Extension to Cellular users. Customers can
choose to deliver, on a per-user basis, only external calls (from a customer), only
internal calls, all calls, or no calls. This feature allows administrators to better
manage cell phone recurring expense.

Call Detail Recording (CDR)
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Customers can now choose whether or not to keep unique Call Detail Records for
Extension to Cellular calls.
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Scheduler

Thisfunction (integrated with Avaya Unified Communication Center Release 1.0)
provides rules-based Time of Day and Day of Week enable/disable of the
Extension to Cellular feature accessible from PDA or PC.

Loopback Trunk Elimination

Special loopback tie trunks used to relay XMOBILE callsto a public network
trunk. This required two trunks per Extension to Cellular calls. Loopback Trunk
Elimination reduces the need for the DS1 and 1P loopback configuration as
required in earlier releases.

Now ARS and AAR routing of Extension to Cellular calls requiring only one
trunk instead of the previous two. Callsto an XM OBILE station can be extended
out of the PBX directly over an ISDN trunk connected to the public network. This
change simplifies the administration of Extension to Cellular. The end-user
functionality is unchanged. Theregular ARS or AAR routing tables are used to
select the trunk for the Extension to Cellular call.

Avaya IA770 INTUITY Audix Messaging
Application
(embedded INTUITY 5.1 messaging—Linux)

The |A770 application enhances communications and information exchange
within enterprises, helping customers be more successful with call answering and
messaging. The IA770 application enables customers to see messages on their
PCs, add a voice mail component to an e-mail, and listen to e-mail using voice
mail.

|A770 uses the Linux operating system, making it consistent with the G700 Media
Gateway’s operating system. The distributed architecture is designed for
reliability and survivability and is centrally managed for simplicity, efficiency and
quick response to help ensure business recovery.

The lA770 application consists of license file-activated software residing on the
S8300 Media Server, and asmall card that can be installed and upgraded in the
field.
ThelA770 application is available in two configurations:

= 4 ports, 100 users

« 8 ports, 300 users
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ThelA770 application includesthe new release of INTUITY ™ Message Manager
Release 5.0. While the system provides text-to-speech capability in U.S. English
only, there is no additional charge for initial implementation of any of the

35 available languages for prompts.

IA770 supports INTUITY digital (TCP/IP) and AMIS networking protocols.
More extensive networking can be provided with the Avaya™ Interchange.

Using the Web interface, the administrator can perform a system backup and
restore of all administered data— announcements, recorded names, greetings —
and approximately 50 hours of messages over the local area network (LAN).

The forms are easier to understand and more intuitive, which should cut
installation time and lessen the need for training and experience. The IA770
system uses smart defaults rather than requiring every field to be addressed.

For more information on the 1A 770 messaging application, see the S8300 and
S8700 Library CD, 555-233-825.

Avaya Installation Wizard (AIW)
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The Avaya™ Installation Wizard (AIW) is atool with Communication Manager
for usein new installations (not upgrades) to help reduce complexity,
time-to-install, and the cost of installation.

A CAUTION:
The Avaya Installation Wizard (AIW) and the web installation that is
accessible from the Avaya maintenance Web pages should not be run at the
same time. Make sure you compl ete one process before you start the other
process.

The Avaya Installation Wizard delivers the following installation advantages:
« Intuitive user interface with on-line help
« Auto-discovery, where appropriate
» No assumption of externa internet connectivity
« Ease of updating to newest software & firmware
« Ability to import customized name & number list
« Complete record of al settings

» Guided process from beginning to end

Issue2 May 2003 555-233-783



Release 1.2 features and enhancements

The Avaya Installation Wizard can guide installers through:

Licensefile and password file setup

Media server & media gateway configuration

Telephony, trunk, and endpoint configuration and installation
Installation Log File Summary creation

There are several enhancements to the Avaya Installation Wizard (AIW) for
Communication Manager:

The Avaya Installation Wizard now supports a stack of up to 10 G700
Media Gateways. Previoudly, it supported a stack up to 5 G700 Media
Gateways.

Technicians are now ableto load updated MediaModule firmware versions
from their laptop as part of the Avaya Installation Wizard process.
Previoudly, the new firmware had to be preloaded on the FTP boot
directory of the S8300 Media Server for the wizard to facilitate the
upgrade.

Installation of the new BRI Media Moduleis supported.

The Avaya Installation Wizard now supports installation of a G700 Media
Gateway with aLocal Survivable Processor (LSP).

Remote G700s without an |CC Media Module can be configured using the
Avaya Installation Wizard by temporarily installing a spare ICC Media
Module in the G700 until the end of the installation process.

For additional information, including a hands-on prototype of the Avaya
Installation Wizard, see http://support.avaya.com/avayaiw.

Call forwarding of 18-digits

Communication Manager has increased the number of available input digits to
forward a call from sixteen to eighteen digits.

If you need to include afeature access code (fac) or dial access code (dac), then
those digits count against the total. Any special characters, like pause characters,
also count against the total.

555-233-783
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Co-resident DLG

In simplest terms, the DEFINITY Local Area Network (LAN) gateway, or DLG,
is an application that enables communications between TCP/IP clients and
Communication Manager call processing. In more technical terms, the DLG
application is software that both routes internetwork messages from one protocol
to another (ISDN to TCP/IP) and bridges all ASAI message traffic by way of a
TCP/IP tunnel protocoal.

In previous configurations, aDEFINITY LAN gateway (DL G) was connected
externally on a separate TN801 MAPD circuit pack. The DLG application is
packaged internally where it co-resides with the Communication Manager. The
internally packaged DL G isreferred to as the co-resident DLG.

Co-resident DLG isonly available with the S8300 Media Server, while the S8100
Media Server can have either a co-resident DLG or a DLG connected externally
on aseparate TN801 MAPD circuit pack. The co-resident DLG isnot available on
the S8700 Media Server, or DEFINITY ServersR, Sl, or CSl.

Co-resident DL G provides the functionality of the Adjunct/Switch Application
Interface (ASALI) using an ethernet transport instead of a Basic Rate Interface
(BRI) transport. In the S8300 Media Server, connectivity is provided through the
processor’s ethernet.

For more information on co-resident DL G and the G700 M edia Gateway, see
chapters “DEFINITY LAN Gateway and ASAI-Ethernet,” and “Installation and
Test for CallVisor ASAI,” in the Avaya MultiVantage CallVisor ASAI Technical
Reference, 555-230-220.

Also see the following documents:

« DEFINITY Enterprise Communications Server CallVisor ASAI
Applications Over MAPD, 555-230-136

« Installation for Adjuncts and Peripheralsfor Avaya™ Communication
Manager, 555-233-116.

Increased distance between multiple
S8700 Media Servers

Thisfeature allows the user to geographically separate their S8700 Redundant
Media Servers by up to 6.2 miles (10 kilometers), thereby providing improved
survivability. The maximum distance of 6.2 miles (10km) separation isdictated by
the maximum distance that the transceivers on the DAJ-1 board will allow for the
fiber extension without using any repeaters or boosters.

42 Issue2 May 2003 555-233-783



Release 1.2 features and enhancements

Thisfeature is applicable to S8700 with an MCC1 or SCC1 Media Server (also
called “Multi-Connect”), aswell as |P Connect systems.

=> NOTE:
This feature does not provide for separation of duplicated CSS-PNC or
duplicated ATM-PNC in acritical reliability system. However, separation of
duplicated ATM switches (ATM-PNC) is aready widely deployed in the
field. Both CSS-PNC and ATM-PNC require that their respective duplicated
El boards (TN570 and TN2238) be housed in the same cabinet.

Katakana character set

Communication Manager supports the katakana character set (Japan) on 4620 IP
telephones only. This nine-point character font was designed to alow the 4620 IP
telephone to display katakana charactersin the user interface aswell asin
switch-generated messages.

This feature requires 4620 firmware version 1.72 or later to work. You can obtain
the latest version of 4620 firmware at no charge by going to the Avaya Web site at
http://www.avaya.com/support/.

Local announcements on the G700 Media
Gateway

G700 local announcements — also known as Virtual Voice Announcements over
LAN (or Virtual VAL) — alows twenty minutes total announcement time with
fifteen playback channels with Communication Manager.

=>» NOTE:
Avaya Voice Announcement over LAN (VAL) Manager, an application in
the Avaya VisAbility Management Suite, is used to manage local
announcements on the G700 Media Gateway.

Local music-on-hold

The music on hold feature is now supported on the G700 Media Gateway with
Communication Manager. The music sourceis connected to aport on the MM 711
analog media module. Local music-on-hold is part of the call center functionality
on the S8300 Media Server.

Local music-on-hold allows one music source. However, if you purchase the

multiple music-on-hold (tenant partitioning) feature, you can have up to 100
MUSIC SOUrces.
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For more information, see the Installation for Adjuncts and Peripherals for
Avaya™ Communication Manager, 555-233-116. Also see the Administrator’s
Guide for Avaya™ Communication Manager, 555-233-506.

Migrations of DEFINITY Server Sl and DEFINITY
Server R Direct Connect to S8700 Media Server
with G600 Media Gateway

You can now migrate your system from a DEFINITY Server Sl or aDEFINITY
Server R Direct Connect to an S8700 Media Server with G600 Media Gateway
(also called “IP Connect”).

Thisis not an upgrade to your existing system, but rather a migration to an S8700
Media Server with G600 Media Gateway. Cabinets cannot be reused in this
migration, but most circuit packs can be reused. For more information, contact
your local Avaya representative.

Multiple music sources

On an MCC1, SCC1, CMC1, or G600 Media Gateway, this feature allows the
customer to provide multiple distinct music sources for use with the call vectoring
features, calls placed on hole, calls awaiting pickup, and so on. By purchasing the
multiple music-on-hold (also called tenant partitioning) feature, you can have up
to 100 music sources.

MultiTech gateway support

Communication Manager supports avoice over |P (VolP) gateway from
MultiTech, athird-party vendor. Any system running Communication Manager
can connect and run a MultiTech gateway.

With a 2-port, 4-port, or 8-port MultiTech gateway, Communication Manager
offers a cost-effective and survivable Vol P gateway solution within the
Communication Manager environment for a client’s branch or remote office with
fewer then ten stations.

Connecting a MultiTech gateway to your system isjust like connecting any H.323

generic IP endpoint -- similar to connecting an I P telephone. Once connected, a
customer could then connect analog stations and trunks to the Multi Tech gateway.
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Punctuation on station displays

On digital telephone displays, Communication Manager can display punctuation
to make reading a 6-digit or 7-digit extension easier. The number of digits plus
punctuation that can be displayed cannot exceed eight characters.
Punctuation marks that are allowed include:

« hyphen (for example, xxx- xxxx)

« period (for example, xxx. xxxx)

= Space (for example, xx xx XX)
Formats for displaying numbers with punctuation are on the dial plan parameter
form.

« thedefault 6-digit extension display format isxx. xx. xx

» thedefault 7-digit extension display format is xxx- xxxx

For more information on the dial plan parameter form, see the Administrator’s
Guide for Avaya™ Communication Manager, 555-233-506.

S8100 Media Server embedded INTUITY AUDIX

This application provides voice, fax, and text messaging, along with
text-to-speech and message manager functionality in a single processor
mezzanine board on the S8100 Media Server.

Included are Avaya Directory Enabled Management (DEM) and Fax Extended
Dialing (FED).

« ADEM providesrea time directory-based access to Communication
Manager and INTUITY AUDIX.

« FED alows the customer to specify restrictions on the destination
numbers, as well as eliminate the need to administer fax number ranges as
remote AMI S networking machines. Additionally, FED addresses the entry
of international destination numbers by allowing up to 23 digits for fax
endpoints.

The INTUITY AUDIX mezzanine card aso provides the necessary DSP

resources for messaging. This hardware eliminates the need for the INTUITY
Map 5P adjunct, usually required for this functionality.
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Selective conference mute

Sel ective conference mute allows a conference call participant, who has a display
station, to mute a noisy trunk line. Selective conference muteis also known as far
end mute.

Examples of noisy trunk lines that might need to be muted during a conference
call are:

» cell phones
» phonesthat utilize the Music-On-Hold feature

= phones with no mute capabilities

Selective conference mute only applies to trunk lines on the conference call, and
not to stations. Only one trunk line on the conference call can be selectively muted
at atime. This enhanced conferencing feature can be activated from any display
station with a“conf-dsp” button and an “fe-mute”’ button.

The selective conference mute feature works with any conference established
through Communication Manager, either atraditional 3 or 6 party conference, or a
Meet-Me conference.

=>» NOTE:
This feature requires that the enhanced conferencing feature be set to Y on
the sYSTEM-PARAMETERS CUSTOMER-OPTIONS form. For more information on
the sYSTEM-PARAMETERS CUSTOMER-OPTIONS form, see the Administrator’s
Guide for Avaya™ Communication Manager, 555-233-506.

Activating selective conference mute

While on a conference call, adisplay station user repeatedly presses the
“conf-dsp” button to display the noisy trunk line. While the trunk line information
isdisplayed, the display station user then presses the “fe-mute” button to mute the
noisy trunk. The conference display is updated to indicate the endpoint is muted.

=>» NOTE:
The person who has the noisy trunk line does not know that the line has been
muted.

There are two ways to unmute the line;

« The person whose trunk line was muted can press the # key on the
telephone keypad.

« Thedisplay station user can repeatedly press the “ conf-dsp” button to
display the muted party, then press the “fe-mute” button to unmute the line.
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SNMP agents on S8700 and S8300 Media
Servers

The S8300 and S8700 Media Servers each include a Simple Network
Management Protocol (SNMP) agent. The SNMP agents work with a
standards-based customer network management system (NMS) to deliver traps
(alarms) and set/retrieve variables defined in the Communication Manager
Management Information Base (MIB).

=> NOTE:
Alarms continue to be separately forwarded to the Initialization and
Administration System (INADS) for analysis by automated tools and Avaya
services personnel. An alarm sub-agent exists to package switch alarms as
SNMP traps and forward them to INADS.

VDN override for ASAI messages

Thisfeature providesa VDN option to override the called number in certain ASAI
messages for ISDN calls. This appliesto CTI applications that require the active
VDN extension instead of the called number. Thisis anew field on page 2 of the
VDN form - “VDN Override for ISDN Trunk ASA| Messages (default isn).

For callsto VDNs with the option set to y(es), the called number provided will
correspond to the active VDN for call instead of the original called number
provided in the incoming ISDN SETUP message. This appliesto the ASAI
call-offered, alerting, queued and connect event messages and the adjunct
route-request message.

Release 1.1.2 features and enhancements

Avaya™ Communication Manager, Release 1.1.2, includes the following general
telephony and system-wide features and enhancements.

Analog busy automatic callback without flash

Thisis afeature with Communication Manager for analog stations supporting
automatic callback without the user flashing the hook. It will be applied only
when the called station is busy and no other coverage path (or call forwarding) has
been specified for it. The caller can then enable the automatic callback without
flashing the hook or entering the feature access code.
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With Analog Busy Automatic Callback without Flash, when callers place calls
through an analog station, and the called station is busy and has no coverage path
or forwarding, callers hear announcements presenting them with a set of options.
Depending on the callers' selection from the announced options list, their callsare
then queued to Automatic Callback, routed to an extension, or dropped.

Avaya Extension to Cellular

The Avaya™ Extension to Cellular feature offers users the freedom to work
anywhere, anytime, using any type of cellular or wireless phone. With Extension
to Cellular, calls to an office number are extended to a cell phone, allowing users
to receive work-related calls wherever they are and whenever they need to.
Additionally, the cell phone can be administered so that when a user calsinto the
office, the user’s name and office tel ephone number appear in the caller ID
display of the phone being called. When the Extension to Cellular cell phoneis
administered to send office caller ID, the user also has the option of picking up an
ongoing Extension to Cellular cell phone call on the office phone.

The Extension to Cellular cell phone user receives the same features and
capabilitiesfor incoming calls as a caller |D-enabled tel ephone connected directly
to any Avayamedia server or DEFINITY Server. Extension to Cellular provides
this capability, regardless of the cell phone’s Cellular Service Provider or the
cellular standard in use.

CLAN QoS and CIDR support

The TN799 Control-LAN (CLAN) circuit pack support for both Classless
Inter-Domain Routing (CIDR) and Variable Length Subnet Mask (VLSM)
provides enhanced flexibility in IP addressing and routing, as well as ensuring
customer-network compatibility.

CLAN support for multiple network regions

48

A CLAN circuit pack now supports multiple IP network regions, providing a
lower-cost implementation of Vol P to customers with severa |1P networks. IP
telephones may be registered to any of the network regions the CLAN supports.
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Conferencel/transfer enhancements

Feature enhancements to telephones for the conference, transfer, and hold are
easier to use. The enhancements include:

M eet-me Conference allows up to six parties to be conferenced together
with other parties. The Meet-me Conference feature is aspecial VDN
given to end users and is secured through an access code. This provides
users their own personal bridge for use at any time, and does not incur
conferencing expenses to service providers.

New display prompts based on users' class of restriction (COR). These
display prompts vary depending on the activation of certain conferencing
features. Many phrases were added to the Language Translations form in
Release 10 of Avaya DEFINITY software (and in later releases) to reflect
the enhancements to Conference/Transfer/Hold.

The ability for acaller to toggle or swap connections to multiple
conference parties (alternately placing each called party on soft hold) with
the new Toggle/Swap button. The caller can still press the Conference
button to conference with all the called parties, or can press Transfer to
drop his’her own connection, thereby conferencing only the others (called
parties).

Selective conference party display and drop (or forced release on the
attendant console). Repeated presses of the Conference Display button
cycle through the display of the names and numbers (if available) of all
parties on the call. The caller may drop each party from the conference.

For more information, see the Administrator’s Guide for Avaya™ Communication
Manager, 555-233-506.

Dial Plan Expansion (DPE)

Communication Manager allows you to expand your dia plan to 6 or 7 digits
(from 4-digit or 5-digit dia plans). This affects all extensions, including stations,
data modules, agent login IDs, vectors, and so on.

This change increases the total number of extensions that can exist in any dial
plan. It also allows Avaya servers to participate in networks that already use
6-digit or 7-digit dial plans— for example, a network of switches made by other
vendors.

555-233-783
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Customers upgrading to Communication Manager can choose to migrate to the
6-digit or 7-digit dial plan or not. Customers who choose not to migrate now may
convert their dial plansat alater date.

=> NOTE:
Distributed Communications System (DCS) islimited to adia plan of 4 or 5
digits, so if your dial plan requires 6 or 7 digits, QSIG — which isthe
generic name for afamily of signaling protocols— is required.

Enhanced abbreviated dialing list increase

The S8700 Media Server now supports 20,000 entries within the enhanced
abbreviated dialing system list. This second enhanced abbreviated dialing list
doubles the capacity to from 10,000 entries to 20,000 entries.

Future increases to the enhanced abbreviated dialing list can be performed easily

by increasing the number of lists. Increasing the number of lists increases the
overall capacity by multiples of 10,000 entries.

France 25% trunk alarming

The France 25% Trunk Alarming feature changes what is generally amajor alarm
to awarning alarm. When this feature is activated and 25% or more of the system
trunks are out of service, awarning alarm is generated instead of a major alarm.

H.248 Media Gateway control

New support with Communication Manager for the H.248 standard of call-control
signaling enables atrue client/server architecture between Avaya media servers
and Avaya G700 Media Gateways. Among the supported data are signals, events,
statistics and properties.

IP serviceability enhancements

CLAN supports hew maintenance commands with Communication Manager,
which enhance | P serviceability and extend IP administration capabilities.
Administrators can now diagnose possible problems with duplicate | P addresses,
aswell asrestore an original IP routing table on a CLAN circuit pack without any
service disruption. See Chapter 4, **New and changed commands”’ for more
information.
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Location by region

L ocation by region provides away to administer location by |P network region
with Communication Manager. This allows for the correct date and time
information and trunk routing based on the I P network region. Correctly
interpreting this regional information is crucial to correctly handling and routing
users calls.

L ocation by region offers the capability to have an |P phone registered anywhere,
and have that | P phone display the correct time and date worldwide. The | P phone
can be registered in one network region, but then the IP phone's calls can route
over trunkslocal to the phone. It allows | P telephone users the ability to move
from location to location and always have correct display information. Remote
users are identified in a network region and location that routes them to correct
services or notifies them via announcements, with information appropriate to this
jurisdiction remote to that of the Avaya server to which they are registered.

For example, location by region tries to overcome alimitation in the emergency
response system. 911 call handling for some I P telephones has had a limitation
because there has been no way to pop up screens on the IP phones to let users
know why their 911 calls were blocked and advise them on what to do.

Now, you can choose to dedicate one location to handle such “roaming” IP
telephones. That special location could have corresponding ARS routing tables
that route all 911 calls to a repeating announcement, saying something like “You
are too far away from the switch for the [name of the home location]’s public
safety office to be able to help you. Please call 911 from alocal circuit-switched
phone.”

Support for Russia DATS/ISDN network

This feature with Communication Manager supports ISDN/DATS trunk networks
when the tone generator field is set to 15 (Russia) on the SYSTEM PARAMETERS
COUNTRY- OPTI ONS form. When the feature is activated, the overlap sending
delay and ISDN T302 and T304 timers are modified to support the Russian trunk
network.
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Time of day clock synchronization

The time of day clock synchronization feature provides users with the capability
of synchronizing their Avaya DEFINITY Server or S8000-series Media Server
clock(s) with Internet serversthat provide Coordinated Universal Time (UTC).

Time of day clock synchronization enables an Avaya server to synchronize its
internal clock to UTC time provided by Internet time servers. The Linux or
Windows 2000 platforms, running NTP or SNTP software, poll the time servers
for the UTC time. UTC time is then converted to the local time of the switch. The
platform system clock then provides the synchronized time to the Avaya server.

For more information, see the Administrator’s Guide for Avaya™ Communication
Manager, 555-233-506, plus the documentation or online help for the software
products comprising Avaya VisAbility™ Management Suite.

Voice mail retrieval button
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Avaya™ Communication Manager supports the voice mail retrieval feature asa
fixed feature button on the 2420 DCP and the 4602 | P tel ephone.

A field, “voice-mail Number: " appears on page 3 of the STATI ONform
for stations of type 2420 and 4602. The alowed vaues for thisfield are identical
to the values allowed for an auto dial feature button number. Thefield isafixed
field allowing entry of up to 16 digits that are auto-dialed to access the user's
voice mail system.

« |f the number field is blank, the voice mail retrieval button istreated like
the “ Transfer to Voice Mail” button. If the number field is not blank, the
voice mail retrieval button istreated like an auto dial button.
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Capacity changes

System capacities have been expanded for these products:

» S8700 Media Servers with G700 Media Gateways in standard or Local
Spare Processor (LSP) Configuration

« S8300 Media Server with G700 Media Gateways in standard or Loca
Spare Processor Configuration

« Number of supported users and trunks on G700

=>» NOTE:
If the link between the remote media gateway and the main server (S8700 or
S8300) is broken, the LSP will activate and take over for those endpoints
and media gateways that are connected to the main processing server. A
software license for each LSP is required to activate the L SP feature.

Please see the capacities document for the entire list of updated capacities. The
most up-to-date system capacity information is not listed in Communication
Manager documentation. Instead, thisinformation is available online at
http://www.avaya.com/support.

To view the system capacity limits:

1. Typetheword capaci ty inthe Keywords text box, and then click
Search.

2. Locatethe latest version of the system capacities table document, and then
click thetitle to download the information.
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This chapter presents highlights of any hardware as part of the most current
releases of Avaya™ Communication Manager running on Avaya DEFINITY®
Servers, aswell asthe Avaya™ S8000 series Media Servers (with associated
Avaya Media Gateways).

Release 1.3 hardware additions

Avaya™ Communication Manager, Release 1.3, includes the following general
hardware additions.

3606 wireless VoIP telephone

The 3606 wireless Vol P telephone solution is an |EEE 802.11b standards-based,
2.4 GHz wireless LAN telephone system. Using voice over |P (Vol P) technology,
the 3606 wirel ess Vol P telephone solution provides high quality mobile voice
communications throughout the workplace.

The 3606 wireless Vol P tel ephone sol ution requires one DCP port per handset and
emulates an 8410D desk telephone.

=>» NOTE:
When setting up thistelephone, it should be aliased as a 4606 | P telephone.
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The 3606 wireless Vol P tel ephone solution requires four components:
« 3606 wireless telephones
= aSpectraLink Voice Priority (SVP) server
« telephony gateways

an 802.11b wireless LAN with SV P-enabled access points (such as the
Avaya™ AP-1, AP-2, or AP-3 SVP-enabled access point).

4620SW and 4630SW telephones

Similar to the 4620 and 4630 | P telephones, respectively, both of these two model
revisions include the following:

« Support IEEE powering

« Includeaninterna ethernet switch (indicated by the“ SW” at the end of the
model humber)

«» CSIPR ClassB
All features associated with the 4620 I P telephone also apply to the 4620SW 1P
telephone. All features associated with the 4630 1P tel ephone also apply to the
4630SW 1P telephone.

Avaya IP softphone for pocket PC

Avaya™ |P softphone for pocket PC extends the level of Communication
Manager services. This feature turns a hand-held personal digital assistant (PDA)
into an advanced telephone. Users can place calls, take calls, and handle multiple
calls on their PDAS.
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Release 1.2 hardware additions

Avaya™ Communication Manager, Release 1.2, includes the following general
hardware additions.

3410 wireless telephone

The 3410 wireless telephone solution consists of the 3410 handsets, line-powered
four-channel wireless base stations, and a Master Control Unit (MCU). The 3410
wireless telephone solution requires one DCP port per handset, has up to six line
appearances and twelve feature buttons, and emulates an 8410D desk tel ephone.

Then MCU has two scalable configurations:

Link 3000  Link 150

Wireless phones 3200 64
Base stations 1000 16
Simultaneous calls 1600 32
Coverage (in million sq. ft.) 100 15

The 3410 wireless telephone solution uses 902-928 MHz spread spectrum
frequency hopping radio technology with a high level of integration with
enterprise telephone switching to provide an advanced wirel ess tel ephone system.

International analog media module

Media modules alow for traditional interfacing of service provider network
access solutions such as TI/EL, International ISDN BRI, Loop Start/Ground Start
Trunks, as well as connections to TDM-based endpoints such as DCP digital
phones, analog phones, and tip/ring devices.

Media modules are optional components that can be mixed in any combination
inside G700 Media Gateway devices. All media modules plug into the front of a
G700 Media Gateway.

The MM 711 analog media module is used only with the G700 Media Gateway.
The MM 711 analog media modul e supports eight anal og interfaces allowing the
connectivity of Loop Start, Ground Start, Analog DID trunks, and 2-wire analog
Outgoing CAMA E911 trunks for connectivity to the PSTN. Aswell, the analog
combo media modul e allows connectivity of analog tip/ring devices such assingle
line telephones, modems, or group 3 fax machines. Each port may be configured
as either atrunk interface or a station interface.
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Also included is support for caller ID signaling, ring voltage generation for a
variety of international frequencies and cadences, telephone presence detection,
and administrable line termination styles.

BRI media module

The MM 720 BRI media module is used only with the G700 Media Gateway. The
MM 720 international 1ISDN BRI media module contains 8 BRI portsthat interface
to the central office at the ISDN T reference point. Information is communicated
through two 64 Kb/s channels known as B1 and B2 and over a 16K b/s channel
called the D channel. The D channel isused for signaling. Channel B1 and B2 can
be circuit switched simultaneously. The D channels are circuit switched from the
PPE to the NCE through concentration highway B, and then routed to the TDM
bus occupying onetimeslot for all 8 D channels. The circuit switched connections
have an m-law or A-law option for voice operation, and operate as 64K b/s clear
channels when in the data mode.

Although it may be desirable to switch both B channels together as a 128 Kb/s
wide-band channel, the S/T interface transceiver does not support this. Both B
channels may be circuit switched at the same time, but they are separate channels
and no byte-ordering rel ationship between them is guaranteed. This mediamodule
does not support wide-band channels.

=>» NOTE:
The BRI media module does not support BRI stations, only BRI trunks.

Five EPN maximum in MCC1 Media Gateways

=>» NOTE:
Thisfeatureisfor MCC1 Media Gateways when used with an S8700 Media
Server or DEFINITY® Server R configurations only.

This optional software feature allows customers that require high calling traffic
capacities to have from two to five expansion port networks (EPN) in asingle
MCC1 Media Gateway. Until now, only two port networks (PN) were available
unless a specialized cable was purchased from Avaya and workarounds were
performed in software administration to make additional carriers function as
EPNs.

When this feature is activated, Communication Manager enables administration
of up tofive carriers as EPNs and no custom cables are necessary. This meansthat
the full bandwidth of the TDM busis available to each carrier while still enabling
the customer to have the footprint of an MCC1 Media Gateway. Thisis especially
appealing to call centers without IPSI/PNC duplication, where systems can be
quite large and heavily utilized.
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The hardware limitation of the MCC1 Media Gateway is five port carriers. All
five can be expansion port carriers, although traffic considerations may dictate
some humber less than that which is optimum. For example, a customer may
choose to have three EPN carriers and two standard port carriers.

Thereis only one maintenance board, whichisplaced in carrier A. Thisisthe only
maintenance board in the cabinet.

=>» NOTE:
Only two PNsare physically supported in S8700 Media Server | PS|-enabled
systems when high/critical reliability options are desired. Only two PNs are
physically supported in DEFINITY Server R systems when critica/ATM
Network Duplication reliability is desired.

The following table shows the number of port networks allowed in an MCC1
Media Gateway.

Number of Port Networks allowed in an MCC1 Media Gateway

S8700 Media Server
DEFINITY Server R (all IPSI-enabled PNs)
ATM
Net
Std High Critical Dup Duplex High Critical

1PN Yes Yes Yes Yes Yes Yes Yes
2 PN Yes Yes Yes Yes Yes Yes Yes
3 PN Yes Yes No No Yes No No
4 PN Yes Yes No No Yes No No
5PN Yes Yes No No Yes No No

For more information on this feature, see your local Avaya representative.
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Release 1.1.2 hardware additions

Avaya™ Communication Manager, Release 1.1.2, includes the following general
hardware additions.

Avaya Media Servers and Media Gateways

The following hardware products are new components of Communication
Manager:

« Avaya™ SB8300 Media Server with an Avaya™ G700 Media Gateway
« Avaya™ SB8700 Media Server for IP Connect Configurations
« Avaya™ S8700 Media Server for Multi-Connect Configurations

« Avaya™ S8700 Media Server controlling a remote G700 media gateway
(with or without an Avaya™ S8300 Media Server configured as an LSP).

Avaya S8300 Media Server and Avaya G700
Media Gateway

The following hardware products are new components with Communication
Manager:

« Avaya™ S8300 Media Server with an Avaya™ G700 Media Gateway,
or

« AnAvaya™ G700 Media Gateway (sold separately).

Avaya S8300 Media Server

The Avaya S8300 Media Server and G700 Media Gateway combination
seamlessly delivers a business's voice, fax, and messaging capabilities over an

I P network. This unique combination converges the power of the Communication
Manager feature set with the power of distributed switching from the Avaya
Cajun™ P330 line of network switches.

Several elements comprise an S8300 Media Server and G700 Media Gateway
combination:

« A G700 Media Gateway is always required. It can host an S8300 Media
Server or various other media modules depending on the telephony needs
at aparticular location. Key components include the Cajun stack processor,
Media Gateway Processor (M GP), and Voice over IP (VolP) engine on the
MGP board.
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« The S8300 Media Server isaspecial type of mediamodule. It supports the
Communication Manager that provides call-processing capabilities for the
system. The S8300 Media Server can be configured as the primary call
controller, or asaLocal Survivable Processor (L SP) standby server for
either an S8700 Media Server or for another S8300 Media Server in the
configuration.

« Communication Manager provides the call processing and telephony
features. It resides on the S8300 Media Server, or on aremote S8700
Media Server if the G700 Media Gateway does not contain an S8300
Media Server.

Each of these components must be correctly configured in order to bring a new
system into service. The different components al so heed ongoing administration
and maintenance in order to upgrade or to expand the system, or to diagnose
problemsif they arise.

Avaya S8700 Media Server configurations

The following hardware products are new components of Communication
Manager:

« Avaya™ S8700 Media Server for IP Connect Configurations comprises an
Avaya™ S8700 Media Server with an Avaya™ G600 Media Gateway.

« Avaya™ S8700 MediaServer for Multi-Connect Configurations comprises
an Avaya S8700 Media Server with an MCC1 or SCC1 Media Gateway.
The single-carrier cabinets and multi-carrier cabinets are existing Avaya
products enhanced for use in these configurations for the new media
servers.

« Avaya™ S8700 Media Server also may be configured to control aremote
Avaya™ G700 Media Gateway. This configuration also typically features
an Avaya™ S8300 Media Server in the G700 Media Gateway, with the
S8300 serving as Local Survivable Processor (L SP), rather than primary
call controller.

S8700 Media Server with G600 Media Gateway

The S8700 Media Server with G600 Media Gateway (called “1P Connect”)
configurationsis an al-I1P, 19 inch datarack component. The S8700 IP Connect is
always comprised of two duplicated S8700 Media Servers running the Linux
operating system, at least one Ethernet switch within the customer’s own local
areanetwork (LAN) or one provided by Avayafor the customer’s LAN, and up to
64 Port Networks (PN) using G600 Media Gateways.

Each server is backed-up by duplicated Uninterruptible Power Supplies (UPS). It
is strongly recommended that the Ethernet switch is also backed up by a UPS.
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This duplex reliability schemeis the only supported configuration. Also note that
mixing of G600 Media Gateways with traditional Expansion Port Network
cabinets, CMC1, SCC1 and MCC1, is not supported.

The S8700 IP Connect provides the advantage of | P connectivity between PNs.
Utilizing customer’s existing I P infrastructure, the S8700 Media Server for IP
Connect configuration saves customers the cost of building a separate tel ephony
network. As an al-I1P configuration, traditional forms of bearer network direct
connect, Center Stage Switch (CSS) connect, and ATM PN connectivity are not
supported. Also, traditional survivability options are not supported such as the
Survivable Remote Processor or the ATM WAN Spare Processor.

S8700 1P Connect supports as many as 12,000 | P endpoints and 4,000 traditional
endpoints such as DCP, Analog and ISDN. However, DMI Mode 2, Data
Modules, and Mode 3 data or BX.25 links are not supported.

Thetwo S8700 Media Servers, commercial serverswith Intel Pentium 11
processors, can be located anywhere in the network and can be physically
separated by up to 100 meters of cable distance.

The IP Connect control network is comprised of the customer LAN, and the IP
Server interface connectivity viaan IP Switch Interface (1PSI) board. The IPS
(TN2312) provides control network connectivity and Tone Clock/Global Call
Classifier functionality.
Highlights of the S8700 IP Connect are:
« An S8700 Media Server (always duplicated)
« A G600 Media Gateway
— Asmany as four G600 Media Gateways per PN
— A maximum of 64 PNs
« Scalable to as many as 12,000 I P endpoints
« Scalable to as many as 4,000 traditional stations and trunks
« 2 UPSs (one per Server)
« Avaya™ Communication Manager
« Utilization of any customer’s | P network
« Leveraging of existing assets such as circuit packs and endpoints.

For more information about the high-level capabilities of S8700 IP Connect, refer
to the Avaya MultiVantage™ Solutions Hardware Guide.
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S8700 Media Server with MCC1 or SCC1 Media
Gateway

The Avaya™ S8700 Media Server with MCC1 or SCC1 Media Gateway (called
“Multi-Connect”) configurations uses a standard microprocessor engine with an
Intel processor on acommercial server. It provides the building block for a
flexible, highly reliable configuration that meets a variety of customer telephony
needs.

The S8700 Multi-Connect converges voice, data, and video and routesit using
high-speed connections between analog and digital trunks, data lines connected to
host computers, data-entry terminals, personal computers (PCs), and internet
addresses. The servers are duplicated in a S8700 Multi-Connect configuration.

The S8700 Multi-Connect uses aLinux platform on an Intel server. It is derived
from the current Avaya DEFINITY ® processor, has fewer physical components,
and provides most of the same features and functionality with increased capacity.
The S8700 Multi-Connect separates call control from the bearer network and uses
adedicated local area network (LAN) for transport of the control data.

=>» NOTE:
The call control network MUST be on a dedicated network.

For more information about the high-level capabilities of S8700 Multi-Connect,
refer to the Avaya MultiVantage™ Solutions Hardware Guide.

Avaya telephones

The following telephones are new components of Communication Manager:
« Avaya™ 2420 DCP telephone
« Avaya™ 4602 | P telephone
= Avaya™ 4620 |P telephone

2420 DCP telephone

The 2420 isanew digital phone with an optional feature expansion module and
downloadable information for its call appearance/feature buttons, eliminating the
need for paper labels. The button information appears on a screen on the phone.
The firmware for the 2420 can be changed viathe digital connection to the server
running Communication Manager. The 2420 usesicons to indicate the status of
call appearances, bridge call appearances and features. The phone maintains a call
log with calling party information. The 2420 has a button for headset on/off. The
button label information for the 2420 is automatically downloaded to the phone
when alink is established between the switch and the phone.
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The speakerphone options are 2-way and group listen. The 2420 has a Drop
button, aredial button, and a voice mail retrieval button. Eurofont and K atakana
arethe available fonts for this phone. Labels for the 2420 may be downloaded in
English, French, Italian, Spanish and user-defined sets. The 2420 does not support
soft keys or dedicated buttons for Next, Previous, or Menu. The 2420 has 24
administrable call appearance/feature buttons, a 7-line by 24-character display,
and a headset jack.

For more information, see the Phone Feature description section of the
Administrator’s Guide for Avaya™ Communication Manager, 555-233-506, plus
the 2420 DCP telephone-rel ated documents on the Avaya Web site at
http://www.avaya.com/support/.

For more information, see administration documents phone feature descriptions.

4602 IP telephone

The 4602 isanew |P telephone with two call appearance buttons, a Drop button, a
listen-only Speaker button, aredial button, and a button for retrieving voice mail.

The 4602 1P telephone has separate LEDs to indicate the on/off status of the
speaker and mute buttons. The 4602 has a 2-line by 24-character display. The
4602 has no administrable feature buttons, 2 fixed call appearance buttons, a
one-way speaker or no speaker option, afixed Drop button, and afixed voice mail
retrieval button.

For more information, see the Phone Feature description section of the
Administrator’s Guide for Avaya™ Communication Manager, 555-233-506, plus
the 4602 | P telephone-rel ated documents on the Avaya Web site at
http://www.avaya.com/support/.
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4620 IP telephone

The 4620 is a new |IP telephone with an optional feature expansion module,
downloadable call appearance/feature button information, and built-in features
such as speed dial, call 1og, and Web browsing using the Wireless Markup
Language (WML). The 4620 IP phone does not need paper labels. The button
information appears on a screen on the phone.

The 4620 ‘ uses icons to indicate the status of call appearances, bridge call
appearances and features. The phone maintains a call log with calling party and
called party information. The 4620 has alocal button for headset on/off. The
button label information for the 4620 is automatically downloaded to the phone
when alink is established between the switch and the phone. There are three
speakerphone options on the 4620: none, 1-way and 2-way. L abels on the 4620
can be downloaded in English, French, Italian, Spanish, and user-defined
languages.

For more information, see the Phone Feature description section of the
Administrator’s Guide for Avaya™ Communication Manager, 555-233-506, plus
the 4620 | P telephone-rel ated documents on the Avaya Web site at
http://www.avaya.com/support/.
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New and changed administration
forms

This chapter displays the new and changed administration forms for Avaya™
Communication Manager.

New forms

2420 DCP telephone

There are two new forms for the 2420 DCP telephone:
« TFTP-Server
« Display-Messages Button-L abels (language translations)

TFTP Server Configuration

Thisform allows specification of the TFTP server the Avaya Call
Processing engine uses to get download files.
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/ohange tftp-server Page 1 of 1\
TFTP Server nfiguration

TFTP Server Node Name:
TFTP Server Port: 69
File to Retrieve:

Filenanme in Menory:

-

Local Node Nane:

File Status:
File S ze:

Form 2. TFTP server configuration form

68

Local Node Name

The local node name must be avalid entry from thel P NODE NAMES form. The
node must be assigned to a CLAN ip-interface or pr ocr (processor CLAN).

Valid entries Usage

1-15characters ~ Node name of the CLAN circuit pack.
procr Processor module for the S8300 or S8700 Media Servers.

TFTP Server Node Name

The TFTP server node name must be avalid entry from the | P NODE NAMES
form.

Valid entries Usage

1-15 Node name of the TFTP server.
characters

TFTP Server Port

Valid entries Usage

1- 64, 500 Type anumber for the remote TCP port.

File to Retrieve

Valid entries Usage

Type the name of thefile you are going to retrieve using up
to 32 apha-numeric, case sensitive, characters for
identification.
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File Status

A display-only field showing Download In Progress, Download Failed, File Not
Found, or Download Completed.

File Size

A display-only field showing the number of bytes transferred.

Filename in Memory

A display-only field showing the name of the file currently in ACP memory.

display-messages button-labels (language
translations)

This multi-page form allows you to define language trand ations for both the
4620 | P telephone and the 2420 DCP telephone feature buttons. For more
information, see the “ Screen Reference” chapter in the Administrator’s Guide for
Avaya™ Communication Manager, 555-233-506.

=>» NOTE:
Theitems on this multi-page form are listed in alphabetical order (your form
may be different from the form shown in the Administrator’s Guide).

4620 IP telephone

Thereis one new form for the 4620 IP telephone:

display-messages button-labels (language
translations)

This multi-page form allows you to define language trand ations for both the
4620 | P telephone and the 2420 DCP telephone feature buttons. For more
information, see the “ Screen Reference” chapter in the Administrator’s Guide for
Avaya™ Communication Manager, 555-233-506.

=>» NOTE:
The items on this multi-page form are listed in a phabetical order (your form
may be different from the form shown in the Administrator’s Guide).
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Administering and Enabling IPSI

For IP server interface (IPSI) administration, two new forms were added.

A CAUTION:
The following procedure must be executed on all configurations. This
includes configurations that are translated using a bulk provisioning tool
such as Avaya Site Administration or ProVision. When Communication
Manager isfirst initialized, it does not know the primary and secondary
control subnet addresses. Submitting the following form causes
Communication Manager to read thisinformation fromthe media server and
update itself correctly.

1. Typechange system-parameters ipserver-interface and press ENTER.

@nge system paraneters i pserver-interface Page 1 of}

| P SERVER | NTERFACE (I PSI') SYSTEM PARAMETERS

SERVER | NFORNVATI ON

I PSI Host Name Prefix: vodka
Primary Control Subnet Address: 198.152.254.

0 *
Secondary Control Subnet Address: 198.152.255. 0 *

OPTI ONS

Switch Identifier: A

k I PSI Control of Port Networks: disabled j

2. VeifythatthePri mary Control Subnet Address and (if equipped)
Secondary Control Subnet Address fieldsarecorrect. The subnetin
these fields should match the most significant 3 octets of the Server | P
address on control network entry from the Pre-Installation Network
Worksheet. If there is an asterisk (*) to the right of the Subnet Addr ess
fields, it means that the call processing software does not contain the
subnet information displayed. After verifying the displayed information,
submitting this form causes the Communication Manager to be updated
with the displayed subnet information.

=—>» NOTE:
If the information displayed inthe Pri mary Control Subnet
Addr ess and Secondary Control Subnet Address fieldsis
not correct, it must be changed on the servers. Use the Configure
Server entry on the S8700 Media Server Web interface to change the
server configuration. Then return here to perform this step.
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3. Verify that the Switch Identifier is set correctly for thisinstallation.

A CAUTION:

It iscritical that the correct Switch |dentifier is entered here before
TN2312 IPS circuit packs are administered in the next procedure.

4. PressENTER to submit the form.

Add IPSI translations to Communication
Manager

=>» NOTE:
Adding IPSI trandationsis only required if bulk translations, including the
IPSI trand ations, were not entered earlier. However, it is recommended that
connectivity to the IPSIs be tested no matter how the translations were
entered. See " Test connectivity to IPS| circuit packs” on page 72.

1. Typeadd ipserver-interface <Port Network>.

@j i pserver-interface 8 Page 1 of}

| P SERVER | NTERFACE (I PSI) ADM NI STRATI ON - PORT NETWORK 8

PRI MARY | PSI QS Paraneters
Locati on: 8AXX Call Control 802.1p: 6
Host: i psi-AO8a Call Control DiffServ: 46

DHCP I D: i psi-A08a

SECONDARY | PSI

Location: 8AXX
Host: i psi-AO8a

DHCP I D: i psi-A08a j

2. Verify that the fields associated withthe Pri mary |1 PSI and Secondary
I PSI (if equipped) are populated with default data. The Host and DHCP
| Dfields are set by the DHCP server.

3. PressEnTER to submit the form.

4. Repeattheadd i pserver-interface <Port Network>foreach|PS|
controlled Port Network.
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Test connectivity to IPSI circuit packs

The following procedure is performed from both ASA and the S8700 Media
Server Web Interface while connected to the active media server.

1. From ASA typeli st ipserver-interface and pressenTer
« Verify that all ISPI circuit packs are translated.

2. From the S8700 Media Server Web Interface under Di agnost i cs click
Execute Pingall.Select&x her Server(s),All |PSls,Ethernet
swi t ches and click Execut e Pi ngal | .

« Verify that all endpoints respond correctly.

Verify IPSI circuit pack version

1. From the S8700 Media Server Web |nterface under I nstallation and
Upgradesclick Vi ew | PSI Ver si on. Select Query Al | and click the
Vi ew | PSI Ver si on button.

« Verify the firmware release for each TN2312AP IPSI. If upgradeis
required, refer to the upgrade procedures in documentation.

Enable control of IPSI

=>» NOTE:
The next procedure will enable the IPSI circuit packs and alow them to
control the port networks.

1. Typechange system paraneters ipserver-interface and press
ENTER.

@ange system paranmeters ipserver-interface Page 1 of 1\
I P SERVER | NTERFACE (| PS') SYSTEM PARAVETERS
SERVER | NFCRVATI ON
I PSI Host Name Prefix: vodka
Primary Gontrol Subnet Address: 198.152 254. 0
Secondary ontrol Subnet Address: 198.152 255 0
CPTI ONS

Svitch Identifier: A
I PSI Control of Port Networks: enabled

J

2. Setthel PSI Control of Port Networks fieldtoenabl ed

3. PressENTER to effect the change.
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Co-resident DLG

cti-link

The cti-link commands are available only if, on the SYSTEM PARAMETERS
CUSTOVER- OPTI ONS form, either the ASAlI Li nk Cor e Capabilities and/or
the Conput er Tel ephony Adj unct Li nks fiedisy.

Field descriptions for page 1

add cti-link next Page 1 of 2 \
CTI LINK
Crl Link: 1
Ext ension: 40001
Type: ASAl
Port: 1C0501 COR: 1

Name: ASAlI CTl Link 1

BR OPTI ONS
XID? y Fi xed TEI? n
M M Support? n
CRV Length: 2

N J

Form 3. CTI Link form when Type field is ASAl or ADJLK

add cti-link next Page 1 of 2 \
CTl LI NK

Crl Link: 1
Ext ension: 40001
Type: ASAlI-IP
COR 1
Name: ASAl CTl Link 1

N J

Form 4. CTI Link form when Type field is ASAI-IP or ADJ-IP
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CTI Link
A display-only field indicating the CTI link number.

Valid entries Usage

1-8 S8100 Media Server withaCMC1
Avaya™ Communication Manager on aDEFINITY CSI
DEFINITY G3i

1- 16 S8300 Media Server

Avaya™ Communication Manager on aDEFINITY R
S8700 Multi-Connect

Extension

Thisfield displays the extension for this link.

Type
For each link that you want to add to your system, you must specify the CTI link
type.

Valid entries Usage

ADJLK For ASAI links not used by co-resident DLG.

ADJ- | P For ASAI adjunct links used by co-Resident DLG.
ASA| For ASAI adjunct links not used by co-resident DLG.
ASAl -1 P For ASAI links used by co-Resident DLG.

Port

Appears when the Type field is ASAI or ADJLK. Either type 7 charactersto
specify aport, or type an x.

Valid entries Usage

01 through 44 First and second numbers are the cabinet number
(DEFINITY R)

01 through 03

(DEFINITY 9I)

Athrough E Third character isthe carrier
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Valid entries Usage

01 through 20 Fourth and fifth characters are the slot number

01 through 32 Sixth and seventh characters are the circuit number

X Indicates that there is no hardware associated with the

port assignment. Use for AWOH.

Name

Type a hame associated with this CTI link.

COR
Type a Class of Restriction (COR) humber to select the desired restriction.

BRI options

XID

Appears when the Type field isASAI or ADJLK. Used to identify Layer 2 XID
testing capability.

MIM Support

Management Information Message Support. A display-only field that appears
when the Type field iSASAI or ADJLK.

Fixed TEI

Appears when the Type field iSASAI or ADJLK. It indicates that the endpoint has
afixed Termina Endpoint Identifier (TEI).

The TEI identifies a unique access point within a service. You must administer
TElsfor fixed TEl terminals. However, for terminals with the automatic TEI
capability, the system dynamically assignsthe TEI.

Valid entries Usage

y/n Entering y displaysthe TEI field.
For ASAI, typey.

CRV Length

Appearswhen the Type field iSASAI or ADJLK. Type1 or 2 to indicate the length
of CRV for each interface.
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Field descriptions for page 2

add cti-link next Page 2 of 2 \

N

FEATURE OPTI ONS

Event Mnim zation? n Special Character for Restricted Nunmber? n

CTlI LI NK

J

Form 5. CTI-Link form when Type field is ASAI-IP or ADJ-IP

76

Event Minimization

May be used when event reports normally would be sent on multiple associations,
but the adjunct does not need to see more than one. Typically, these event reports
areidentical except for the association they are sent over (for example, call
control, domain control, or active notification). Some applications discard
duplicate events, so in this case, there is no point in sending them acrossthe ASAI
CTI link.

When enabled, this option alows only asingle such event to be sent. The
selection of the association on which the event will be sent is based on association
precedence as follows: active notification (if enabled), call control (if enabled), or
domain control (if enabled). Use the STATI ON form to change this option. The
new option settings take effect the next time the ASAI link is activated.

Valid entries Usage

y/n Typey to control the behavior for that particular link.

Special Character for Restricted Number

Enables an ASAI CTI link to indicate the calling number restricted presentation
within an event report. For further information, see DEFINITY® Enterprise
Communications Server CallVisor® ASAI Technical Reference.

Valid entries Usage

y/n When set toy and a calling number received in a SETUP
message has the presentation indicator set (octet 3ain the
calling number), then an “*” is appended to the calling party
number in the ASAI message.
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DLG administration

Thisform appearsif, on the STATI ONform, the Ser vi ce Type fieldisDLG. This
form includes all clients that are allowed to connect to the virtual DEFINITY
LAN Gateway (DLG).

Field descriptions for page 1

The following form appearsif the Ser vi ce Type fieldisDLGand is
administered. Thisform includes al clients that are allowed to connect to the
co-resident DEFINITY LAN Gateway (DLG). This pageis aways the last page
onthel P SERVI CES form.

/

-

DLG Admi ni stration Page X of Y \
CTl _-Link Enabl ed Client Nanme Client Link Client Status
1 y clientl 1 in use
3 y client2 1 ide
4 y clientl 2 ide

J

Form 6.

DLG Administration

Client Link

The client name on the CTI switch side identifies the logical connection on the
client side (1P address and host name) for multiple links and for the corresponding
client (CTI link number/client name) that are connected to you.

Valid entries Usage

1- X or blank Type the number between 1 and the number of CTI
links allowed on the system (for instance, 8 or 16).

Client Name

Type the node name of the client adjunct requesting service for the specified CTI
link.

Client Status

A display-only field indicating i dl e (currently there is no active connection) or
i n use (currently there is an active connection for this client link).

CTI Link

A display-only field indicating the link number.
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Enabled

Controls whether the co-resident DL G will allow connections for the
corresponding client.

Valid entries Usage

y Typey to access DLG.

n Will refuse connections for that Client Name/Client
Link pair.

Dial plan expansion (DPE)

This development changes significantly the way you administer the Dial Plan and
the Uniform Dial Plan. In previous releases, you used the DI AL PLAN RECORD,
the SECOND DI G T TABLE, and the UNI FORM DI AL PLANform. In
Communication Manager and future releases, you usethe DI AL PLAN

ANALYSI S TABLE, theDl AL PLAN PARAMETERS form, and the UNI FORM DI AL
PLAN TABLE for these tasks.

Dial Plan Analysis Table

TheDl AL PLAN ANALYSI S TABLE isanew form that replaces both a DI AL
PLAN RECORD form and the SECOND DI G T TABLE. Thisform allows you to
determine the beginning digits and total length for each type of call that your
switch needs to interpret.

6ange di al pl an anal ysi s Page 1 of 3 SPE ﬁ

DIAL PLAN ANALYSIS TABLE

Percent Full: 9

Di al ed Tot al Cal | Di al ed Tot al Cal | Di al ed Tot al Cal |
String Length Type String Length Type String Length Type

0 1 attd

1 3 dac

20 5 ext

21 2 fac

3 6 ext

4 4 ext

4 7 ext

5 7 ext

6 5 ext

8 1 fac

9 5 ext

* 3 fac

# 3 fac

N J

Form 7. Dial Plan Analysis Table
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Percent Full

Displays the percentage (0 to 100) of the system’s memory resources that have
been allocated for the dial plan that are currently being used.

Dialed String

The dialed string contains the digits that the switch will analyze to determine how
to process the call.

Valid
entries Usage

0-9,*,&#  Typeupto 2 charactersfor each call type. * and # can only be
thefirst digit in a string.

=> NOTE:
For cal type attd, if the total length is 2, the Dialed
String must be 2 digits long.

Total Length

Valid entries Usage

1-2 for attd  Type the number of digitsfor this call type. The allowed length
1-4 fordac  variesby call type. This must be greater than or equal to the

1-4forfac  number of digitsin the Dialed String.
1-7 for ext
2-6 for pext

Call Type

Valid entries Usage

attd Attendant — Defines how users call an attendant. Attendant
access numbers can start with any number from 0— 9 and contain
1or 2 digits. If atelephone’ s COR restricts the user from
originating calls, this user cannot access the attendant using this
code.
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80

Valid entries Usage

dac

ext

fac

Issue2 May 2003

Dial access code — Allowsyou to use trunk access codes (TAC)
and feature access codes (FAC) in the same range. Dial access
codes can start with any number from 0-9, * or # and can contain
up to 4 digits.

The system requires that a DAC have the longest total length for
agiven Dialed String.

Y ou can use the DAC to activate or deactivate a switch feature or
to seize atrunk from atrunk group, or both. In the first case, the
DAC functionsasa FAC, in the second asa TAC. For example,
you can define the group 300-399 for dial access codes, and
alow both FAC and TAC in that range.

Y ou can use 4-digit DACsfor ordinary trunk access, but they do
not work for attendant control of trunk groups, trunk-1D buttons,
or DCS, and only the last 3 digits of the codes can be recorded in
CDR records. A DAC must be the last item entered in arow
when mixed station numbering is used.

Primary extension — Defines extension ranges that can be used
on your system. Extension can have afirst digit of O through 9
and can be 1 —7 digitsin length. Extension cannot have the same
first digit asthe ARS or AAR feature access code (FAC).

Feature access code only — A FAC can be any number from 1-9
and contain up to 4 digits. You can use * or #, but only as afirst
digit.

It is recommended that a FAC have the longest total length for a
given dialed string when using mixed numbering. Otherwise,
problems may occur when, for example, 3-digit FACsand 4-digit
extensions begin with the same first digit and the FAC isan
abbreviated dialing list access code.

However, if theentry inthedia plan that definesthe FAC isused
to define the AAR or ARS access code, then it must have the
longest total length in the dial plan.
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Valid entries Usage

pext Prefixed extension — Is made up of a prefix (first digit) that can
be a0-9 (* and # not allowed) and an extension number of up to
5digitsin length. The maximum length of a prefix and extension
combinationis 6 digits. Y ou cannot administer adial access code
with the same first digit as a prefixed extension.

The purpose of the prefix isto identify the call type asan
extension. After digit collection, the prefix digit isremoved from
the string of dialed digits. The remaining digits (extension
number) are then processed. A prefixed extension allows the use
of extensions numbers with any dialed string (the extension
length must be specified on the table). The “prefixed extension”
cannot have the same dialed string as the ARS or AAR facility
access code (FAC).

When adia plan has mixed station numbering, extensions of
various lengths (al with the same first digit) are mapped on the
Dia Plan Analysistable. The system then employs an inter-digit
time-out to ensure that all dialed digits are collected. The
inter-digit time-out may add several secondsto the dial time. An
aternative to the delay required in the time-out mechanism at the
expense of dialing an extradigit is to use prefixed extensionsin
thedia plan.

Dial plan parameters

The Dl AL PLAN PARAMETERS form workswith the DI AL PLAN ANALYSI S
TABLE to define your system’s dial plan.

ﬁange di al pl an paraneters Page 1 of}

D AL PLAN PARAVETERS

Local Node Nunber:
ETA Node Number :
ETA Routing Pattern:
UDP Extensi on Search Order: |ocal-extensions-first

N J

Form 8. Dial Plan Parameters form

2

Local Node Number

Type a number to identify a specific node in a switch network. This entry must
match the DCS switch node number and the CDR node number if they are
specified.
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Valid entries Usage

1-63 Type the number of a specific node in a network.
blank The field may be left blank if automatic restoration, DCS,
and CDR are not used.

ETA Node Number

Type the number of the destination switch for Extended Trunk Access (ETA)
calls. ETA calls are unrecognized numbers you can send to another switch for
analysis and routing. Such numbers can be Facility Access Codes, Trunk Access
Codes, or extensions that are not in the UDP table.

Valid entries Usage

1 - 999 Type the number of a destination switch.

ETA Routing Pattern
Type the number of the routing pattern to reach the destination switch.

Valid entries Usage

1 - 254 Type the number of the ETA routing pattern

UDP Extension Search Order

Specifiesthefirst table to search to match a dialed extension.

Valid entries Usage

| ocal - ext ensi ons-first Search the loca Dia Plan first to match a
dialed extension.

udp-tabl e-first Search the UDP tables for an off-switch
(UDP) conversion.

Uniform Dial Plan Table

82

TheUni form Di al i ng Pl an field must bey on the SYSTEM PARAMVETERS
CUSTQOVER- OPTI ONS form before you can administer this table.

The UDP provides a common 3-digit to 7-digit dia plan length— or a
combination of extension lengths — that can be shared among a group of
switches. Additionally, UDP can be used alone to provide uniform dialing
between two or more private switching systems without ETN, DCS, or
Main/Satellite/Tributary configurations.
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change uni formdial plan 0 Page 1 of 2
UNI FORM DI AL PLAN TABLE
Percent FRull: 2
Mat chi ng I nsert Node Mat chi ng I nsert Node
Pattern Len Del Digits Net Gnv Num Pattern Len Del Digits Net Conv Num
2 4 0 817  aar n — —_ o — e —
4 5 1 334  aar n — - - e =
43659 5 1 928  aar y — - —_ - = =
623 3 3 5380 aar n — _ —_ o — e —
73012 5 1 _ en n 31 - N
74100 5 0 81 ars y — - —_ - = =
8 5 0 — et n — - - e =
911 3 0 — ars n — _ —_ o — e —
\ )
N e

Form 9. Uniform Dial Plan Table

Percent Full

Displays the percentage (0 to 100) of the memory resources allocated for the
uniform dial plan data that are currently being used.

Matching Pattern

Valid entries

Usage

0-9
(1to 7 digits)

Len

Valid entries

Type the number you want the switch to match to dialed
numbers.

Usage

3-7

555-233-783

Type the number of user-dialed digits the system
collects to match to this Matching Pattern. This number
must be greater than or equal to the number entered in
the Mat chi ng Patt ern field.
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Del

Valid entries Usage

0-3 Type the number of digitsto delete before routing the
call. This number must be less than or equal to the
number entered in the Len field.

Insert Digits

Valid entries Usage

0-9 Type the digits that replace the deleted portion of the

(1to 4 digits) diaIegI _number. Leave thisfield blank to simply delete
the digits.

Net

Type the switch network used to analyze the converted number.

Valid entries Usage
aar, ars, enp, The converted digit-string will be routed either as an
ext extension number or viaits converted AAR address, its

converted ARS address, or its ENP node number.

If you type enp, you must type the ENP node number in
the Node Numfield. Thel nsert Digits field must
be blank, and Conv must be n.

Conv

Valid entries Usage

y/n Typey to alow additional digit conversion
Node Num

Thisisthe ENP (Extension Number Portability) Node Number.

Valid entries Usage

1-999 Type the ENP node number.
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Posted Messages

display-messages posted-messages

The user-defined language trandations for the system messages, as well as the
English, Italian, French, Spanish, and user-defined language translations for the
custom messages, are accessed though the di spl ay- messages

post ed- nessages form.

The next six forms show the detailed layout for the posted messages.
» Page 1 showsthe 15 system messages.
« Page 2 showsroom for 15 additional custom posted messages in English.
» Pages 3-6 show room for 15 additional custom posted messages for Italian,
French, Spanish, and user-defined language translations.

=>» NOTE:
The entered English trandations for the custom messages are automatically

populated on the left side of pages 3-6. This makes it easy to keep message
administration consistent.

mange di spl ay- nessages post ed- messages Page 1 of 6\
SYSTEM POSTED MESSAGES

USER DEFI NED LANGUAGE TRANSLATI ONS

Message English Message Translation
Nunber Nunber
1. In 'Vbetlng l khkkkhkkhkkhkhkkhkhkhkhkhkhkhkhhkhkhkdhkhhhkkhxkx

LR R R R R R R R R R

Qut To Lunch
Away From Desk

2 2
3 3
4. Do Not Disturb 4.
5. Qut All Day 5. khkkkhkhkhkhh kR Ak kkkhhhhkkhhkhk*
6 6
7 7
8 8

LR R R R R R R R R

khkkkkkhhkhkhhhkhhhhhhhhhhkhkkk

LR R R R R R R R R R

On Vacation
Gone For The Day

khkkkkkhhkhkhhhkhhhhkhhhhhhkhkkk

. Qut Sick . hhkkkkkkkhkkhhkkkkkkkkkk ok k k&
9. On Business Trip 9. dek ok ok ok ok kK ok ok ok ok kK ok ok ok ok kK K ok ok ok ok ok
10. Wth (:' | ent 10. khkkkhkkhkkhkhkkhkhkdkhkhkhkhkhhkhhkhkhkhhhkkhxkx
11. Wor ki ng From Hone 11. Kokkkkkkhhh kX Ak hhkkkkkkkkkkk*
12. On Leave 12. dek ok ok ok ok ok ok ok ok ok ok ok ok ok ok ok ok kK ok ok ok ok ok
13. Back In 5 M nutes 13. kkkhkhkkhkhhhkhhkhkhhkhhkkhkkkk k&
14. Back In 30 M nutes 14. dok ok ok ok ok ok ok ok ok ok ok ok ok ok ok ok ok kK ok ok ok ok ok

Q‘S_ Back In 1 Hour 15. khkhkhkhkhkhhhhhhhhhhhhhkhkkhkhkkkkx J

Form 10. SYSTEM POSTED MESSAGES form, page 1
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mange di spl ay- nessages post ed- messages

Message
Nunber
16.
17.
18.
19.
20.
Send Custom Messages Through QSIG? n 21.
22.
23.
24.
25.
26.
27.
28.
29.

K 30.

Page 2 of

CUSTOM POSTED MESSAGES
ENGLI SH TRANSLATI ONS

Transl ation

khkkkkkhkhkhkhkhkhhhhhhhhhhkhkkk
EIE R R R R R R R R S R R R R
khkkkkkhhkhkhkhkhhhhhhhhhhkhdkkk
khkkkkkhhkhkhkhkhhhhhhhhhhkhkkk
LR R R R R R R R R R R R
khkkkkkhkhkhkhhhkhhhhhhhhhhkhdkkk
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhkkk
LR R R R R R R R R R R
LR R R R R R R R R R R
khkkkkkhkhkhkhhkhkhhhhkhhhhhhkhkkk
LR R R R R R R R R R R
LR R R R R R R R R R
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhdkkk
LR R R R R R R R R R R R R

LR R R R R R R R R R R R

Form 11.

SYSTEM POSTED MESSAGES form, page 2

ﬁange di spl ay- nessages post ed- nessages

Q). 30.

Page 3 of

Transl ati on

LR R R S R R R R R R
khkkkkkhkhkhkhkhkhhhhkhkhhhhkhdkkk
khkkkkkhhkhkhhhkhhhhkhhhhhhkhdkhk
LR R R R R R R S R R R R R
khkkkkkhkhkhkhkhkhhhhhhhhhhkhdkkk
khkkkkkhkhkhkhhhkhhhhkhhhhhhkhdkkk
LR R R R R R R R R R R R
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhdkkk
khkkkkkhkhkhkhhkhkhhhhhhhhhhkhkkk
LR R R R R R R
khkkkkkhhkhkhhhkhhhhhhhhhhkhkhk
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhkkk
LR R R R R R R R R R R R

khkkkkkhkhkhkhhhkhhhhkhhhhhhkhkkk

CUSTOM POSTED MESSAGES
| TALI AN TRANSLATI ONS

Message English Message
Nunber Nunber

16. 16.

17. 17.

18. 18.

19. 19.

20. 20.

21. 21.

22. 22.

23. 23.

24. 24,

25. 25.

26. 26.

27. 27.

28. 28.

29. 29.

khkkkkkhkhkhkhhhkhhhkhhhhhhkhdkkk

Form 12. SYSTEM POSTED MESSAGES form, page 3
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mange di spl ay- nessages post ed- messages

(O.

Page 4 of

Transl ation

khkkkkkhkhkhkhkhkhhhhhhhhhhkhkkk
LR R R R R R R S R R R
khkkkkkhhkhkhhhkhhhhhhhhhhkhdkkk
khkkkkkhhkhkhhkhkhhhhkhhhhhhkhdkkk
LR R R R R R R S R R R
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhdkkk
khkkkkkhhkhkhkhkhhhhhhhhhhkhdkkk
LR R R R R R R R R
LR R R S R R R R R R R R
khkkkkkhkhkhkhhhkhhhhkhhhhhhkhkkk
LR R R R R R R R R
LR R R R R R R R R R R R R
khkkkkkhhkhkhhhkhhhhkhhhhhhkhkkk
LR R R R R R R S S R R R

LR R R R R R R R R R R R

CUSTOM POSTED MESSAGES
FRENCH TRANSLATI ONS

Message English Message
Nunber Nunber
16. 16.
17. 17.
18. 18.
19. 19.
20. 20.
21. 21.
22. 22.
23. 23.
24. 24.
25. 25.
26. 26.
27. 27.
28. 28.
29. 29.

30.

Form 13. SYSTEM POSTED MESSAGES form, page 4

ﬁange di spl ay- nessages post ed- nessages

Q).

Page 5 of

Transl ati on

LR R R R R R R
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhdkkk
khkkkkkhkhkhkhkhkhhhhhhhhhhkhdkkk
LR R R R R R R R R R R
khkkkkkhkhkhkhhhkhhhhkhhhhhhkhdkkk
khkkkkkhkhkhkhkhkhhhhhhhhhhkhdkkk
LR R R R R R R R R R
khkkkkkhkhkhkhkhkhhhhhhhhhhkhdkkk
khkkkkkhkhkhkhhkhkhhhhhhhhhhkhdkkk
LR R R R R R R R R R
khkkkkkhkhkhkhkhkhhhhkhhhhhhkhkkk
khkkkkkhkhkhkhhhkhhhhkhhhhhhkhdkhk
LR R R R R R R R R R

khkkkkkhkhkhkhhhkhhhkhhhhhhdhkkk

CUSTOM POSTED MESSAGES
SPANI SH TRANSLATI ONS

Message English Message
Nunber Nunber
16. 16.
17. 17.
18. 18.
19. 19.
20. 20.
21. 21.
22. 22.
23. 23.
24. 24,
25. 25.
26. 26.
27. 27.
28. 28.
29. 29.

30.

khkkkkkhkhkhkhhhkhhhhhhhhhhkhdkkk

Form 14. SYSTEM POSTED MESSAGES form, page 5
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mange di spl ay- nessages post ed- messages Page 6 of 6\
CUSTOM POSTED MESSAGES
USER DEFI NED LANGUAGE TRANSLATI ONS

Message English Message Transl ation

Nunber Nunber

16 16 khkkhkkhkkhkhkkhkhkdkhkhkhkhkhhkhhkhhkhhhkkhxkx
17 17 EIE R R R R R R R R S R R R R
18 18 khkkhkkhkkhkhkkhhkdkhkhkhkhkhkhkhhkhhkhhhkkhxkx
19 19 khkkhkkhkhkkhkhkkhkhkhkhkhkhkhkhkhkhhkhhkhhhkkhxkx
20 20 LR R R R R R R R R R R R
21 21 khkkhkkhkkhkhkkhkhkdkhkhkhkhkhkhkhhkhhkhhhkkhxkx
22 22 khkkhkkhkkhkhkkhkhkdhkhkhkhkhhkhhkhhkhhhkkhxkx
23 23 LR R R R R R R R R R R
24 24 LR R R R R R R R R R R
25 25 khkkkhkkhkkhkhkkhhkdhkhkhkhkhkhkhhkhkhkhkhhkhxkx
26 26 LR R R R R R R R R R R
27 27 LR R R R R R R R R R
28 28 khkkhkkhkkhkhkkhkhkdkhkhkhkhkhhkhhkhkhkhhhkkhkkx
29 29 LR R R R R R R R R R R R R

(O 30 LR R R R R R R R R R R R J

Form 15. SYSTEM POSTED MESSAGES form, page 6

Time of Day clock synchronization

For time of day (TOD) clock synchronization of new and enhanced
Communication Manager, the new/changed forms are within the Avaya
VisAhility™ Management Suite. Please see the documentation and online help for
the suite’s software products for more information about forms.
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Changed forms

=>» NOTE:
Only the formsthat have changed appear in this chapter. Only the fields that
have changed or have been added on these forms are described. For more
complete information on specific form changes, see the Administrator’s
Guide for Avaya™ Communication Manager, 555-233-506.

2420 DCP telephone

Several forms changed to accommodate the 2420 phone and firmware download:
« Abbreviated Dialing System list form
» Feature Access Code form
» [Feature-Related System Parameters form
«  Stationform
» Terminal Parameters form
» list usage node-name

« list usageip-address

Abbreviated Dialing System list

This form implements a system abbreviated-dialing list. Only one system list can
be assigned and is administered by the System Administrator. The list can be
accessed by usersto place local, long-distance, and international calls; to
activate/deactivate features; or to access remote computer equipment.

555-233-783 Issue2 May 2003 89



New and changed administration forms

Size (nul ti ple of 5):

\ 25:

~——

@d abbr evi at ed-di ali ng system

ABBREVI ATED DI ALI NG LI ST

100

SYSTEM LI ST

Privileged? n

Page

1 of 7

Label Language: engli sh

LABELS FOR 2420/ 4620 STATI ONS

s kkkkkkkkkkk kK
sk kkkkkkkk ok kkk
s kkkkkkkkkkkkk
sk kkkkkkkk ok ok kk
s kkkkkkkkhkkkkkk
sk kkkkkkkk ok ok kk
s kkkkkkkkkkk kK
sk kkkkkkkk ok ok kk
s kkkkkkkkhkkkk kK
sk kkkkkkkk ok ok kk
sk kkkkkkhkk ok kkk
s kkkkkkkkhkkkk kK
sk kkkkkkhkk ok kkk
s kkkkkkkkkkkkk

sk kkkkkkhkk ok kkk

\

Form 16. Abbreviated Dialing System List screen

DIAL CODE

Enter the number you want the system to dial when users enter thisdial code.
While the system iswaiting, a call progress tone receiver istied up, and, since
there are alimited number of receiversin the system, outgoing calling capability
may be impaired.

Only 1 through 5 display initially. If you enter anumber greater than 5 in the Size
field, the system increases the number of dia codes to the number you specified.

Vector Directory Number extension may also be assigned.

Valid entries Usage

Digits0to 9 Up to 24 characters

* (star) Part of FAC

# (pound) Part of FAC

~p Pause 1.5 seconds

~W Wait for dial tone

~m Change to outpulse DTMF digits at the end-to-end rate
~s Start suppressing display of the digits being outpul sed
~W Wait indefinitely for dial tone. Use thisonly if network

90 Issue2 May 2003
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Label Language

Thisfield provides administration of personalized labels on the 2420/4620/4630
telephone sets. If thisfield is changed to another language, all administered labels
in the original language are saved and the labels for the new language areread in
and displayed.

Valid entries Usage

English, Italian,
French, Spanish,
user-defined

Privileged

Valid entries Usage

y Enter y if the originating party’s class of restriction (COR) is
never checked and any number in thelist can be diaed.
n Enter n if the COR isto be checked to determine if the

number can be dialed.

Size (multiple of 5)

Enter the number of abbreviated dialing numbers you want to assign in multiples
of 5, up to 100.

Form 17 shows the last page of the ABBREVI ATED DI ALI NG SYSTEMsScreen
when, on the SYSTEM PARAMETERS CUSTOMER- OPTI ONS screen, the A/ D
G p/Sys List Dialing Start at 01 fiedisn.

@d abbrevi at ed-di ali ng system Page 7 of 7 \

ABBREVI ATED DI ALI NG LI ST

SYSTEM LI ST
Label Language:english
DI AL CODE LABELS FOR 2420/ 4620 STATI NS

01: QL: ***kk k% kk kokx %
02: 02: F*** X kK kk kK kK
03: 03 F*** Xk Kk kk kKKK
04: Q4 : * % *k k% % kk k ok % %
05: Q5 * % *k k% % kk k ok % %
06: 0B : * % ** % k% xk x k%%
07: Q7 : % **k k%% kk kk %%
08: OF: * % *k k% % kk k ok % %
09: 0Q: * % *k % kK kk kK Kk Kk
10: QO: ¥ HFFEF KK KX Kk ok x

N J

Form 17. Abbreviated Dialing System List screen
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Form 18 shows the last page of the ABBREVI ATED DI ALI NG SYSTEMsScreen
when, on the SYSTEM- PARAMETERS CUSTOMER- OPTI ONS screen, the A/ D
G p/Sys List Dialing Start at 01fieldisy.

@d abbrevi at ed-di ali ng system Page 7 of 7 o
ABBREVI ATED DI ALI NG LI ST
SYSTEM LI ST
Label Language:english
DI AL CODE LABELS FOR 2420/ 4620 STATI ONS
gl. 91:*************
92 92:*************
93. 93:*************
94 94:*************
95. 95:*************
96 96:*************
97. 97:*************
98 98:*************
99. 99:*************
00 00:*************

\

Form 18. Abbreviated Dialing System List screen

~— e

Feature Access Code

Thereisanew St ati on Fi rmvare Downl oad Access Code field on the
FEATURE ACCESS CODE form.

/ change f eat ure-access-code Page x of A

FEATURE ACCESS COCE ( FAC)
Priority Calling Access Code:
Program Access Code:
Refresh Termnal Paraneters Access Code:
Renpte Send All Cal |l s Activation:
Sel f Station Display Activation:
S ation Firmvare Downl oad Access Code:
Station Security Code Change Access Code:
Sation User Adnin of FBI Assign:

- J

Form 19. Feature Access Code form

Station Firmware Download Access Code
Thisfield specifies the feature access code used for 2420 DCP station downloads.

Valid entries Usage

1-4 digit number; *  Type the code you want to use for station firmware
and# can beusedfor downloads.
thefirst digit.
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Changed forms

Feature-related system parameters
There are two new fields on thisform:
« Date Format on 607/2420/4600/6400 terminals
= On-hook Dial on607/2420/4600/6400/8400 terminals

ﬁange system paranmeters features Page 9 of 10 \
FEATURE- RELATED SYSTEM PARAMETERS

Pull Transfer:
Out pul se W thout Tone?
M soperation Alerting?
All ow Gonference via H ash?
Vector Di sconnect Timer (mn): Networ k Feedback During Tone Detection? y
Hear Zip Tone Fol lowi ng VOA? y System Updates Tine On Station Displays? n
Intercept Treatment On Failed Trunk Transfers? n
S ation Tone Forward Di sconnect: silence
Level Of Tone Detection: precise
Charge Di spl ay Wdate Frequency (seconds): 30
Date Format on 607/ 2420/ 4600/ 6400 Term nals: nmmdd/yy
On- hook D al on 607/ 2420/ 4600/ 6400/ 8400 Term nals? n
RECALL TI M NG
Fl ashhook | nterval? y Upper Bound (nsec): 1000
Lower Bound (nsec): 200
Forward Di sconnect Timer (msec): 600

Wdate Transferred R ng Pattern? n
Wait Answer Supervision Timer?
Repetitive Call Wiiting Tone? n

=}

n
y
n
y

I TALI AN DCS PROTOCOL
Italian Protocol Enabl ed? n

N J

Date Format on 607/2420/4600/6400 Terminals

Valid entries Usage

mm/dd/yy Defines how the date is formatted on the display for
dd/mmiyy 607, 2420, 4600-series, and 6400-series phones.
yy/mm/dd

On-hook Dial on 607/2420/4600/6400/8400 Terminals

Valid entries Usage

y/n Typey to alow on-hook dialing for 607, 2420,
4600-series, 6400-series, and 8400-series phones.

555-233-783 Issue2 May 2003 93



New and changed administration forms

Station

Thereisanew entry (2420) for the Type field on the STATI ON form.

ﬂdd stati on 4005 Page 1 of 4\

STATI ON
Ext ension: 4005 Lock Messages? n BCC: 0
Type: 2420 Security Code: __ ™: 1
Port: Qoverage Path 1: _ OR 1
Narre: Qoverage Path 2: __ as: 1

Hunt - t o- St ati on:

STATI ON OPTI ONS

Loss Group: _ Personal i zed Ringing Pattern: 3

Data Option? n Message Lanp Ext: 1014
Speaker phone: 2-way Mit e button enabled? y
Di spl ay Language? English Expansi on Modul e? n

Medi a Conpl ex Ext:
| P Sof t phone?
Renot e Of fi ce Phone:

N J

Form 20. Station form

S S

Page 2 of the STATI ON form is unchanged in Communication Manager.

On the 2420DCP telephone, page 3 of the STATI ON form has an additional field:
voi ce-mai | Number. For more information on thisfield, see “ Voice mail
retrieval button” on page 52.

Examples of the third, fourth and fifth pages (if applicable) follow.

@d station 4005 Page 3 of ﬁ

STATI ON
S| TE DATA:
Room Headset? n
Jack: Speaker? n
Cabl e: Mounting: d
Fl oor: Cord Length: O
Bui | di ng: Set Col or:

ABBREVI ATED DI ALI NG
List1: Li st2: Li st3:

BUTTON ASSI GNMENTS
1: call-appr
2: call-appr

voi ce-nmai | Nunber:

N J
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Changed forms

ﬂdd stati on 4005 Page 4 of 4\
STATI ON

FEATURE BUTTON ASSI GNMENTS

\ J

If the Expansi on Mbodul e fieldisy on the first page, then afifth page appears.

ﬂdd stati on 4005 Page 5 of 5\
STATI ON

EXPANSI ON MCDULE BUTTON ASS GNMENTS

OCO~NOUTAWNRE
[
~
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New and changed administration forms

Type

For each station that you want to add to your system, you must specify the type of
telephone in the Type field. Thisishow you distinguish between the many
different types of telephones.

The following table lists the telephones, virtual phones, and personal computers
that you can administer on AvayaMedia Servers or DEFINITY Servers. To
administer telephones that are not in the table, usethe ALI AS STATI ON form.

=>» NOTE:
You cannot change an analog phone administered with hardware to a virtual
extension if TTl isy on the FEATURE- RELATED SYSTEM PARAMETERS
CUSTOVER OPTI ONS form. Contact your Avaya representative for more

information.
Table 1. telephones
Telephone type Model Administer as
Multiappearance digital 2420 2420
6402 6402
6408 6408

Terminal Parameters

The command for accessing this form has changed to include 2420 phones. The
full command isnhow change terminal parameters 6400/607A1/4600/2420. The
title on the form now also includes the 2420. The fields on the form did not
change.
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Changed forms

usage-node-name

Usage of the node name tftp-local is displayed as Local Node if it is administered
asthe Local Node Name on the TFTP-Server form.

ﬂ st usage node-nanme tftp-local \

LI ST USAGE REPORT

Used By
Processor Channel Channel Nunber 4 Desti nati on Node
TFTP Server Local Node

" J

Thenode namet f t pser v isdisplayed as Server Node Nameiif it is administered
asthe TFTP Server Node Name on the TFTP- SERVER form.

ﬂst usage node-nane tftpserv \

LI ST USAGE REPORT

Used By
TFTP Server Server Node Nane

N\ J

usage-ip-address

The list usage ip-address command may also be used. Output is similar to forms
displayed by the list usage node-name command.
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New and changed administration forms

4602 IP telephone

Station

Thereisanew entry (4602) in the Type field on the STATI ONform.

ﬂdd stati on next Page 1 of 3\
STATI ON

Ext ension: 4005 Lock Messages? n BQC: 0
Type: 4602 Security de: __ ™: 1
Port: IP Coverage Path 1: _ CR 1
Nare: B dg D RmH11l Cover age Path 2: _ Cas: 1

Hunt -t o- St ati on:

STATI ON OPTI ONS

Loss Group: _ Personal i zed Ri nging Pattern:
Message Lanp Ext:

Seaker phone: 1-way Miute button enabl ed?

Di splay Language? Engli sh Medi a Conplex Ext:

IP Soft phone? y

ﬂdd station next Page 2 of 3\

STATI ON
FEATURE OPTI ONS

LW Reception: mnsa-spe Aut o Sel ect Any |dl e Appearance? n

LWC Activation? y verage Msg Retrieva ? y
LWC Log External Calls? n Aut o Ansnwer: none

CDR Privacy? n Data Restriction? n
Redi rect Notification? n I dl e Appear ance Preference? n
n
n
s

Per Button R ng Gntrol ?

Bridged Call Alerting? Restrict Last Appearance? n

Active Station R nging: single
H. 320 Conversion? n Per Station CPN - Send Calling Nunber?
Service Link Mode: as-needed
Mul ti media Mode: basi ¢ Audi bl e Message Wi ting? n
MN Served User Type: Di splay Client Redirection? n
AUDI X Nane: Sel ect Last Used Appearance? n
Messagi ng Server Nane: Coverage After Forwarding? n
Aut omat i c Moves: n Mil tinedia Early Answer? n
| P Energency Cal ls: Direct |PIP Audio Connections? y
Erer gency Location Ext: I P Audi 0 Hai rpi nning? vy J
=>» NOTE:

NoticetheRestri ct Last Appear ance field defaultsto n.
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Changed forms

On the 4602 1P telephone, page 3 of the STATI ONform has an additional field:
voi ce-mai | Nunber. For moreinformation on thisfield, see “Voice mail

retrieval button” on page 52.

@d station next Page 3 of ﬁ

STATI ON
S| TE DATA:
Room Headset? n
Jack: Speaker? n
Cabl e: Mounting: d
Fl oor: Cord Length: O
Bui | di ng: Set Col or:
ABBREVI ATED DI ALI NG
List1: Li st 2: Li st 3:
BUTTON ASSI GNMENTS
1: call-appr
2: call-appr
voice-mail Number:

N J

Type

For each station that you want to add to your system, you must specify the type of
telephonein the Type field. Thisis how you distinguish between the many
different types of telephones.

The following table lists telephones, virtual phones, and personal computers that
you can administer on an Avaya DEFINITY Server or S8000-series Media Server.
To administer telephones that are not in the table, use the ALI AS STATI ONform.

=—>» NOTE:

You cannot change an analog phone administered with hardware to a virtual
extension if TTl isy on the FEATURE- RELATED SYSTEM PARAMETERS
form. Contact your Avaya representative for more information.
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Table 2. telephones

Telephone type
IP Telephone

Wireless Telephone

Model
4602
4602SW
4606
4612
4620
4624
4630
4630SW
3606

Administer as

4602
4602
4606
4612
4620
4624
4630
4630
4606

4620 IP telephone

Abbreviated Dialing System list
Thisisthe same as the Abbreviated Dialing System list for the 2420 DCP

telephone. See “Abbreviated Dialing System list” on page 89.

Station

100

Thereisanew entry in the Type field on the STATI ON form. Page 2 of the
STATI ON form isthe same. However, pages 3 through 5 look different for 4620

telephone.
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Changed forms

add station 1014

Page 3 of X \

STATI ON
SI TE DATA
Room Headset ? n
Jack: __ Speaker? n
Gable: __ Mounting: d
Hoor: __ Cord Length: O_
Building: __ Set @lor:
ABBREVI ATED DI ALl NG
List2: _ Li st2: o List3:
BUTTON ASS GNVENTS - SCREEN 1
1: call-appr 5
2: call-appr 6:
3: call -appr v
(: o 8 J
add station 4005 Page 4 of 4\
STATI ON
FEATURE BUTTON ASSI GNMENTS
9:
10:
11
12:
13:
14:
15:
16:
17:
18:
19:
20:
21:
22:
23

If the Expansion Module field isy, afifth page appears.

555-233-783
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ﬂdd stati on 4005 Page 5 of 5\
STATI ON

EXPANSI ON M(DULE BUTTON ASS GNMENTS

1: 13:
2: 14:
3: 15:
4: 16:
5: 17:
6: 18:
7. 19:
8: 20:
9: 21:
10: 22:
11 23:
12 24:

Type

For each station that you want to add to your system, you must specify the type of
telephonein the Type field. Thisis how you distinguish between the many
different types of telephones.

The following table lists telephones, virtual phones, and personal computers that
you can administer on an Avaya DEFINITY Server or S8000-series Media Server.
To administer telephones that are not in the table, usethe ALI AS STATI ON form.

Table 3. telephones

Telephone type Model Administer as
IP Telephone 4602 4602

4602SW 4602

4606 4606

4612 4612

4620 4620

4624 4624

4630 4630

4630SW 4630
Wireless Telephone 3606 4606
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Changed forms

Analog busy automatic callback without
flash

This section shows changes to existing forms and new options for existing fields
associated with this development item. The introduction explains why the

administrator uses the form, and the table describes the use of each new field or
option on the form.

Appears only if, on the Feature-Related System Parameters form, the W t hout
Fl ash fieldisy. Thisfield then defaultsto y for all analog phones that allow
Analog Automatic Callback.

Valid entries Usage

y/n Typey to provide automatic callback for a calling analog station
without flashing the hook.

Feature-related system parameters

Field descriptions for page 6

@nge system parameters features (page 6) \
FEATWRE- RELATED SYSTEM PARAMETERS

CONFERENCE/ TRANSFER

Abort Transfer? n No Di al Tone Conferencing? n
Transfer Upon Hang-Up? n Sel ect Li ne Appear ance Conferenci ng? n
Abort nference Upon Hang- Up? n Unhol d? n

No Hold Gonference Timeout: 60

ANALOG BUSY AUTO CALLBACK
Wt hout Flash? Announcenent :
K Voice Mail Hunt Group Ext:

J

Form 21. Feature-Related System Parameters form

Without Flash

Provides automatic callback for analog stations without flashing the hook. It is
applied only when the called station is busy and has no other coverage path or call

forwarding. The caller can enable the automatic callback without flashing the
hook or entering the feature access code.

Valid entries Usage

y/n Typey to provide automatic callback for acalling analog station
without flashing the hook.
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Announcement
Appearsonly if the Without Flash field isy.

Valid entries Usage

Type avaid announcement extension. Thisfield cannot be |eft
blank.

Voice Mail Hunt Group Ext
Appears only if the Without Flash field isyy.

Valid entries Usage

y/n Type avoice mail hunt group extension.
Station
G&nge stati on 75001 Page 2 of X\
STATI N
FEATURE CPTI ONS
LMC Recepti on? nsa- spe Auto Sdect Any Idl e Appearance? n
LW Activation? y Qoverage Msg Retrieval ? y
LMC Log External Cal Is? n Auto Answer: none
R Rivacy? n Deta Restriction? n
Redirect Notification? y Id e Appearance R eference? n
Per Button Rng @ntrd ? n
Bridged GAI Aerting? n Restrict Last Appearance? y
Active Sation Rnging: single
H 320 Gonversi on? n Per Sation PN - Send Cal ling Nunber? _
Service Link Mode: as-needed Busy Auto Call back Wthout H ash? n

Mil ti nedia Mbde: basic
MV Served Wser Type:
Aut omat i ¢ Moves:

Dsplay Aient Redirection? n

AD X Nane: Select Last Wsed Appearance? n

Messagi ng Server Nane: Qverage After Forwardi ng? _
Recal| Potary Digit? n Mul ti media Early Answer? n

| P Energency CGal Is: extension Drect IP-1P Audi o Gonnections? n
BErer gency Location Bxt: 75001 IP Aud o Ha rpinning? n

\ J

Form 22. Station form
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AUDIX one-step recording

The changes in the following forms allow for the AUDIX one-step recording
feature to be administered.

Station
@ange station 001 Page 3 of 4 \
STATI ON
SI TE DATA
Room Headset? n
Jack: Speaker? n
Cabl e: Mounti ng? d
Fl oor: Cord Length: 0
Bui | di ng: Set Col or:
ABBREVI ATED DI ALI NG
List1: Li st 2: Li st 3:
BUTTON ASSI GNMENTS
1. call-appr 6:
2. call-appr 7:
3. call-appr 8:
4. 9:
5. audix-rec Ext: 4000 10:

\_ J

Form 23. STATION form, page 3

Button assignments

For the audi x- r ec button assignment, type avalid hunt group extension in the
Ext fied.
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display-messages view-buttons

ﬁlange di spl ay- messages vi ew buttons Page 9 of 9 \
LANGUAGE TRANSLATI ONS
English Transl ation
1. Stati on Lock D, KRk ok k ok ok ok kK kK Kk ok kK K Kk
2. Li cense Error D Ak k KKk Ak KKK Ak KK KA A KKK KK
3. Conf erence D|5p| ay Q. Kkkkkkkkkkkkkkkkkkkk Ak kk kK
4. Conf/ Tr ans Togg| E-SV\Bp [, KA KKK Kk kK k Kk kKK Kk kK kK kK
5. Far End Mute G, Akkkkk kA kkk ok Ak k Kk KAk kKK kK
6. Audi X Recordi ng B, kR ok kR ok ok ok ok ok ok ok ok ok ok kR kK ok Kk ko
~ _

Form 24. LANGUAGE TRANSLATIONS form, page 9

system-parameters features

mange system paraneters features Page 6 of 12
FEATURE- RELATED SYSTEM PARAMETERS

CONFERENCE/ TRANSFER

Abort Transfer? n No Di al Tone Conferencing? n
Transfer Upon Hang-Up? n Sel ect Line Appearance Conferencing? n
Abort Conference Upon Hang-up? n Unhol d? n

ANALOG BUSY AUTO CALLBACK
W t hout Fl ash? n

AUDI X ONE- STEP RECORDI NG
Apply Ready Indication Tone To Which Parties In The Call? all
Interval For Applying Periodic Alerting Tone (seconds): 15

- J

Form 25. FEATURE-RELATED SYSTEM PARAMETERS form, page 6 (default settings)
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Apply Ready Indication Tone To Which Parties In The Call?

Valid entries Usage

al | Default value. All members on the call hear an dert tone
to indicate that the call is being recorded. See the “Note”
below for a further explanation.

initiator Only the initiator of the call hears an alert tone.
none No one on the call hears an alert tone.
=—>» NOTE:

When the default answer al | is chosen for the Appl y Ready

I ndi cation Tone To Wiich Parties In The Call ?field, the
Interval For Applying Periodic Alerting Tone (seconds)
field becomes visible.

Ifinitiator ornone ischosen for the Appl y Ready | ndication
Tone To Wiich Parties In The Call ?field, thel nterval For
Appl ying Periodic Alerting Tone (seconds) field doesnot

appear.

Interval For Applying Periodic Alerting Tone (seconds)

Valid entries Usage

0- 60 Type anumber from 0 to 60, indicating the interval that an
alert tone will sound to all members on the call. For
example, by typing 30, an alert tonewill be sounded every
thirty seconds to indicate to the participantsthe call is
being recorded. The default valueis 15. A value of 0
disables the tone.

555-233-783 Issue2 May 2003 107



New and changed administration forms

display-messages button-labels

ﬁange di spl ay- nessages button-1abels
LANGUAGE TRANSLATI ONS

Transl ation

NGO~ ®WNE

kkkkkkkkkkkkkk %

*kkkkkkkkkkkkkkk

kkkkkkkkkkkk

kkkkkkkkkkkkkk %

kkkkkkkkkkkkkk %

khkkkkkkkkkkkkkk

kkkkkkkkkkkkkk%

kkkkkkkkkkkkkkk

khkkkkkkkkkkkkkk

*kkkkk k%

*kkkkkkkkkkk %

khkkkkkkkhkkkkkkk

kkkkkkkkkkkkkk %

*kkkkk k%

* ok ok kK

Page 2 of 10

J

English
1. Alternate FRL
2. ANl Request
3. Assist
4, ASWN Hal t
5. AttQeueCall
6. AttQeueTi ne
7. Audi x Record
8. Auto Callback
9. Auto Ckt Halt
10. AutolC
11. Auto In
12.  Aut oWakeAl arm
13. Auto Wakeup
14.  AuxWork
Kls. Busy
Form 26.
example).
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LANGUAGE TRANSLATIONS form, page 2

The button label for 2420 DCP tel ephones and for 4620 | P telephones for the new
feature button can be user defined. Entries on this page are listed in al phabetical
order (your LANGUAGE TRANSLATI ONS form may look different from this
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Call Detail Recording (CDR) display of
physical extension

system-parameters cdr

ﬁspl ay system paraneters cdr
CDR SYSTEM PARAMETERS

Page 1 of A

Node Nunber (Local PBX ID): CDR Date Format: nonth/day

Primary Qutput Fornmat:
Secondary Cut put Format:
Use | SDN Layouts? n

Use Enhanced Formats? n Condition Code 'T' For Redirected Calls? n
Modified Circuit ID Display? n Rermove # From Cal | ed Nunmber? n
Record Qutgoing Calls Only? n Intra-switch CDR? n

Suppress CDR for Ineffective Call Attenpts? y Qutg Trk Call Splitting? y
Di sconnect Information in Place of FRL? n Qutg Attd Call Record? y
Interworking Feat-flag? n

Force Entry of Acct Code for Calls Marked on Toll Analysis Forn? n
Calls to Hunt Group - Record: nenber-ext

Record Called Vector Directory Nunber Instead of Goup or Menber? n
Record Agent 1D on Incom ng? n Record Agent |1 D on Qutgoing? n

Inc Trk Call Splitting? n Inc Attd Call Record? n

Record Non-Cal | -Assoc TSC? n

Record Call - Assoc TSC? n Digits to Record for Qutgoing Calls: dialed

inacy - Digits to Hide: 0 CDR Account Code Length: 15

/

Form 27. CDR SYSTEM PARAMETERS form, page 1

Record Agent ID on Incoming? field

Valid entries Usage

y Typey to display the agent ID on the CDR input.

n Type n to display the physical extension on the CDR inpui.

Record Agent ID on Outgoing? field

Valid entries Usage

y Typey to display the agent ID on the CDR output.
n Type n to display the physical extension on the CDR output.
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New and changed administration forms

CLAN QoS and CIDR support

This section shows changes to existing IP administration forms, including new
fields/values and new options for existing fields associated with these | P
enhancements.

It is now possible to administer some features through other administration
interfaces than Avaya call-processing forms. In particular, the S8300 Media
Server with a G700 Media Gateway can be administered through its Linux
operating system.

Windows Operating System

Whether the TN799 Control-LAN circuit pack tags frames with VLAN and
user-priority values is administered on the P Network Region form.

Linux Operating System

Whether the TN799 Control-LAN circuit pack tags frameswith VLAN and
user-priority valuesis administered on the IP Network Region form. The IP
Network Region form and the bash command under the Linux operating system
both set the same entriesin a configuration file. There is no difference between
setting them through one user interface versus the other.

Tagging is administered through the bash command line as follows:

vlanconfig -c -d device -v vlan_id [-i ip_address] [-g gw_address] [-m netmask]
[-e on|off] [-f]

vlanconfig -r -d device -v vlan_id [-nf]

vlanconfig -q [-d device] [-v vlan_id]

-C will create/change an interface
-r will remove an interface
-q will query an interface

-d device create/change, remove, or query this device
(valid with the -c, -r, and -q options)

-eon|off enable or disable the interface
(valid only with the -c option)

-f force the command to execute
(valid only with the -c and -r options)
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Changed forms

IP-routing

To support Classless Inter-Domain Routing (CIDR) and the Variable Length

Subnet Mask (VLSM), two new inter-related fields appear on the IP Routing

form:

= Network Bits
= Subnet Mask

Field descriptions

6ange ip-route 1 Page 1 of 1 \

| P ROUTING
Rout e Nunber:
Destinati on Node:
Net work Bits: Subnet Mask:
Gt eway':
Board:
Metric:
Form 28. IP Routing form

Network Bits/Subnet Mask

There is one-to-one mapping between the Net wor k Bi t s and the Subnet Mask
fields; entering avaluein one field uniquely determines the other field. Refer to
more detailed information contained in networking documentation for Avaya
products.

=—>» NOTE:
For the Net wor k Bi t s and Subnet Mask fields, if you put avalueinto
either field and then press ENTER Or TAB to move the cursor to another field,
the other field gets populated automatically with a value corresponding to
the one you just entered.

Network Bits

Thisfield isa32-bit binary number that divides the network ID and the host ID in
an |P address.

Valid entries Usage

0- 32 To set the size of the network portion of the subnet mask. Default
is24.
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Subnet Mask

The subnet mask is a 32-bit binary number that divides the network 1D and the
host ID inan IP address.

Valid entries Usage

First 4 octets:  Identifies the subnet mask associated with the |P address for
255 this IP interface.

254

252 Default is 255.255.255.0.

248

240

224

192

128

0

Board

Valid entries Usage

1to44 cabinet
AtoE carrier
0to20 slot

1to 44 gateway
V1to V9 module
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Changed forms

IP-network-region

Field descriptions for page 1

(change i p- net wor k-regi on 3 Page 1 of 2 \
I P Net wor k Regi on
Regi on: 3 Name: North
Locati on:
Intra-region IP-1P Direct Audio? transl ated(NAT)
AUDI O PARAVETERS Inter-region IP-1P Direct Audio? native (NAT)
Codec Set: 2 | P Audi o Hai rpi nni ng? y
Location: 1
UPD Port Range RTCP Reporting Enabl ed? y
M n: 2048_ RTCP MONI TOR SERVER PARAMETERS
Max: 3028 Use Default Server Paraneters? n
Server |P Address: 1 .2 .3 .4
DI FFSERV/ TCS PARAMETERS Server Port: 5005
Call Control PHB Val ue: 34_ RTCP Report Period(secs): 5
Audi o PHB Val ue: 46
BBE PHB Val ue: 43 Resource Reservation Paraneters
RSVP Enabl ed? y
RSVP Refresh Rate(secs): 15
Call Control 802.1p Priority: 7 Retry upon RSVP Failure Enabled? y
Audi o 802.1p Priority: 6 RSVP Profile: guaranteed-service

J

Form 29. IP Network Region form

Region
A display-only field indicating the number of the region being administered.

Name

Description of the region.

Valid entries Usage

Up to 20 characters  Describes the region.

AUDIO PARAMETERS

Codec Set
Specifies the codec assigned to the region.

Valid entries Usage

1-7 Enter the number for the codec set for the region.
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114

Intra-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints within a region.

Valid entries Usage

y/n Enter y to save on bandwidth resources and improve
sound quality of voice over IP transmissions.

native(NAT) Enter native(NAT) if the IP address from which audio is

to be received for direct |P-to-1 P connections within the
region isthat of the telephone itself (without being
translated by NAT).

translated(NAT) Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
within the region is to be the one with which aNAT
device replaces the native address.

Inter-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints in different regions.

Valid entries Usage

y/n Enter y to save on bandwidth resources and improve
sound quality of voice over |P transmissions.

native(NAT) Enter native(NAT) if the IP address from which audio is

to be received for direct | P-to-1P connections between
regionsisthat of the telephoneitself (without being
translated by NAT).

translated(NAT) Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
between regionsisto be the one with which aNAT
device replaces the native address.

IP Audio Hairpinning

Allows I P endpoints to be connected through the I P circuit pack on the switch.

Valid entries Usage

y/n Enter y to allow 1P endpoints to be connected through the IP
circuit pack on the switch in IP format, without going
through the DEFINITY TDM bus.

Issue2 May 2003 555-233-783



Changed forms

Location

Specifies the location by 1P network region allowing correct date and time
information and trunk routing based on I P network region.

Valid entries

Usage

1-44

1-64

blank

(For DEFINITY R, CSl, Sl only.) Enter the number for the
location for the IP network region. The IP endpoint uses
this as itslocation number. This applies to I P telephones
and softphones.

(For Avaya S8300 Media Server, Avaya S8700
Multi-Connect, and Avaya S8700 | P-Connect only.) Enter
the number for the location for the IP network region. The
I P endpoint usesthis asitslocation number. Thisappliesto
I P telephones and softphones.

The location is obtained from the cabinet containing the
CLAN that the endpoint registered through or the media
gateway containing the Internal Call Controller or Local
Spare Processor on an Avaya S8300 Media Server that the
endpoint registered through. This appliesto IP telephones
and softphones. Traditiona cabinets, Remote Offices, and
the Avaya S8300 Media Server al have their locations
administered on their corresponding screens.

RTCP Reporting Enabled

Valid entries

Usage

y/n

UDP Port Range

Specifies whether you want to enable RTCP reporting.
If thisfield is set to y, then the RTCP Monitor Server
Parameters fields appear.

UPD Port Range Max

Specifies the maximum range of the UDP port number used for audio transport.

Valid entries

Usage

3-65535

555-233-783

Enter the highest UDP port number to be used for audio
transport.
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UPD Port Range Min

Specifies the minimum range of the UDP port number used for audio transport.

Valid entries Usage
2-65534 Enter the lowest UDP port number to be used for audio
transport.

RTCP MONITOR SERVER PARAMETERS

RTCP Report Period (secs)

Thisfield only appears when the Use Default Server Parametersfield isset to n
and the RTCP Reporting Enabled field isset toy.

Valid entries Usage
5-30 Enter the report period for the RTCP Monitor server in
seconds.

Server IP Address

Thisfield only appears when the Use Default Server Parametersfield isset ton
and the and the RTCP Enabled field isset to y

Valid entries Usage

0-255in Enter the | P address for the RTCP Monitor server.
nnN.nNN.NNN.NNN

format

Server Port

Thisfield only appears when the Use Default Server Parametersfield isset to n
and the and the RTCP Enabled field isset to y.

Valid entries Usage

1-65535 Enter the port for the RTCP Monitor server.
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Use Default Server Parameters
Thisfield only appears when the RTCP Reporting Enabled field isset to y.

Valid entries Usage

y Enter y to use the default RTCP Monitor server
parameters as defined on the IP Options System
Parameters screen. If set toy, you must complete the
Default Server IP Address field on the IP Options
System Parameters screen.

n If you enter n, you need to complete the Server IP
Address, Server Port, and RTCP Report Period fields
that appear.

DIFFSERVE/TOS PARAMETERS

BBE PHB Value
Thisfield contains the Better than Best Effort (BBE) PHB value.

Valid entries Usage
0-63 Enter the decimal equivalent of the DiffServ BBE PHB
value.

Call Control 802.1p Priority
Provides Layer 2 priority for Layer 2 switches.

Valid entries  Usage

0-7 Specifies the 802.1p priority value.

Call Control Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Usethe IP TOS field to support the DiffServ codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the Call Control PHB
value.
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Audio 802.1p Priority
Provides Lay 2 priority for Layer 2 switches.

Valid entries Usage

0-7 Specifies the Audio 802.1p priority value.
Audio PHB Value

Provides scalable service discrimination in the Internet without per-flow state and
signaling at every hop. Use the IP TOS field to support the Audio PHB codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the DiffServ Audio
PHB value.

AUDIO RESOURCE RESERVATION
PARAMETERS

118

Retry upon RSVP Failure Enabled
Thisfield only appearsif the RSVP Enabled fieldisset toy.

Valid entries Usage
yIn Specifies whether to enable retries when RSV P fails.

RSVP Enabled

Controls the appearance of the other fields in this section.

Valid entries  Usage

y/n Specifies whether or not you want to enable RSVP.

RSVP Profile

Thisfield only appearsif the RSVP Enabled field isset to y. You set thisfield to
what you have configured on your network.

Valid entries Usage

guaranteed-service

controlled-load
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RSVP Refresh Rate (secs)
Thisfield only appearsif the RSVP Enabled fieldisset toy.

Valid entries Usage

1-99 Enter the RSV P refresh rate in seconds.

Co-Resident DLG

Call vector

These forms program a series of commands that specify how to handle calls
directed to a Vector Directory Number (VDN). See the Avaya™ Communication
Manager Call Center Software Call Vectoring and Expert Agent Selection (EAS)
Guide for additional information.

Field descriptions for page 1

/change vect or 129 Page 1 of ’EN

CALL VECTOR
Nunber: 129 Nare:
Mil tinedia? n Attendant Vectoring? n Meet-nme Conf ? y Lock? n
Basic? y EAS? n @&3V4 Enhanced? y ANI/11-Digits? y ASAl Routing? n
Prompting? y LAI? n G3V4 Adv Route? y CINFO? y BSR? n Holi days? n

N J

Form 30. Call Vector form 1 of 3
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Field descriptions for page 2

ﬂhange vector 129 Page 2 of 3\

CALL VECTR

Form 31. Call Vector form 2 of 3

Field descriptions for page 3

change vector 129 Page 3 of 3\
CALL VECTOR

Form 32. Call Vector form 3 of 3

01 through XX

Type vector commands as required (up to the maximum allowed in your
configuration). For more information, see the Avaya™ Communication Manager
Call Center Software Call Vectoring and Expert Agent Selection (EAS) Guide.

Valid entries Usage

adj unct Causes a message to be sent to an adjunct requesting
routing instructions based on the CTI link number.

announcenent Provides the caller with arecorded announcement.

busy Givesthe caller abusy signal and causes termination of
Vector processing.
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Valid entries

Usage

check

col | ect

consi der

converse-on

di sconnect

goto

messagi ng

queue-to

repl y- best

route-to

st op

wait-tinme

555-233-783

Checks the status of a split (skill) for possible termination
of the call to that split (skill).

Allows the user to type up to 16 digits from a touch-tone
phone, or allows the vector to retrieve Caller Information
Forwarding (CINFO) digits from the network.

Defines the resource (split, skill, or location) that is
checked as part of aBest Service Routing (BSR) consider
series and obtains the data BSR uses to compare resources.

Deliversacall to a converse split (skill) and activates a
Vvoice response script that is housed within aVoice
Response Unit (VRU).

Ends treatment of a call and removes the call from the
switch. Also alowsthe optional assignment of an
announcement that will play immediately before the
disconnect.

Allows conditional or unconditional movement
(branching) to a preceding or subsequent step in the
vector.

Allows the caller to leave a message for the specified
extension or the active or latest VDN extension.

Unconditionally queues acall to asplit or skill and assigns
aqueueing priority level to the call in case al agents are

busy.
Used only in status poll vectorsin multi-site Best Service

Routing applications, where it “returns’ best datafor its
location to the primary vector on the origin switch.

Routes calls either to a destination that is specified by
digits collected from the caller or an adjunct (route-to
digits), or routes calls to the destination specified by the
administered digit string (route-to number).

Halts the processing of any subsequent vector steps.

Delaysthe processing of the next vector step if a specified
delay timeisincluded in the command’ s syntax. Also
provides feedback (in the form of silence, ringback, or
music) to the caller while the call advancesin queue.
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Hunt group

Allows callsto be answered by users (agents) at a predefined group of telephones
or devices.

Thisform creates a hunt group that isidentified by a hunt group humber. Users
assigned to a hunt group are identified by their extension number.

Thisform can be used to implement a hunt group and its associated features such
as Automatic Call Distribution (ACD) and Hunt Group Queuing. Look at the
various hunt group forms and choose the forms that can be used to implement
your hunt group requirements.

Thetotal number of pages vary depending on your System configuration. See the
Avaya™ MultiVantage Solutions Hardware Guide for the maximum number of
hunt groups supported by each configuration.

The System checks for the busy or idle status of extension numbers in the hunt
group when answering calls. A Uniform Call Distribution (UCD) type hunt group
selectsthe “most idle” extension in the group when answering anew call. A
Direct Department Calling (DDC) type hunt group selects the first available
extension (in the administered sequence) when answering a new call.

Expert Agent Distribution (EAD), used only with Expert Agent Selection (EAS),
selects the “most idle” agent or the “least occupied” agent with the highest skill
level for the call’s skill.

Vector controlled splits/skills can be called directly viathe split/skill extension
(instead of calling aVDN mapped to a vector that will terminate the call to a
vector controlled split/skill); however, the calls will not receive any
announcements, be forwarded, redirect to coverage, or intraflow/interflow to
another hunt group.

Field description for page 2

Page 2 of the HUNT GROUP form appears only when the ACD field on page lisy.
If the ACD field isn, page 3 becomes page 2 and all subsequent page numbersare
decreased by one.

TheTi med ACW I nterval field appearsonly if, onthe SYSTEM PARAMETERS
CUSTOMER- OPTI ON form, the Ti ned ACWfield on page 3isy.
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\

change hunt-group 4 Page 2 of X
HUNT GROUP
Skill? _ Expected Call Hand ing Tine (sec): _
AAS? _
Measured: __

Supervi sor Extension: _
Priority on Intraflow? _

Control ling Adjunct: __

Timed ACWInterval (sec): __
Mul tiple Gl Handling:

Redirect on No Answer (rings): __
Redirect to VDN

K Forced Entry of Sroke Counts or Call Work Codes? _ J

Form 33. Hunt Group form when ACD is y and Queue and Vector are n

change hunt-group x Page 2 of X
HUNT GROUP
Skill? _ Expected Call Handling Time (sec): __
AAS? Accept able Service Level (sec):

Measur ed: i nternal
Super vi sor Ext ensi on:

Controlling Adjunct:

VuSt at s Obj ecti ve:
Timed ACW Interva (sec):
Mul tiple Gl l Handling:

Redirect on No Answer (rings): __
Redirect to VDN

K Forced Entry of Sroke Counts or Call Work Codes? _ J

Form 34. Hunt Group form when Queue and Vector are y

Controlling Adjunct

Appearsonly if the ACDfield isy. If the controlling adjunct isa CONVERSANT
voice system (requires an ASAI link), then type asai in thisfield. (On the
SYSTEM PARAMETERS CUSTOMER- OPTI ONform, the ASAI Li nk Core
Capabi liti es and Conput er Tel ephony Adj unct Links fieldsmust bey
for CallVisor ASAI capability and for an entry other than none.)
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Valid entries

Usage

none

asai

adj 1 k
asai-ip

adj-ip

IP services

Indicates that members of the split/skill or hunt group are
not controlled by an adjunct processor.

All agent logins are controlled by an associated adjunct
and logged-in agents can only use their data terminal
keyboards to perform phone functions (for example,
change work state).

Computer Telephony Adjunct Links

Indicates ASAI links administered without hardware and
used by the Co-Resident DL G application. Y ou cannot
use this selection unless, on the SYSTEM PARAMETERS
CUSTOMER- OPTI ONS form, the Co- Res DEFI NI TY
LAN Gat eway fieldisy.

Indicates ASAI adjunct links administered without
hardware and used by the Co-Resident DL G application.
Y ou cannot use this selection unless, on the

SYSTEM PARAMETERS CUSTOVER- CPTI ONS form, the
Co- Res DEFI NI TY LAN Gat eway fieldisy.

(hange i p-services

Page 1 of ﬁ

| P SERVI CES
Service Enabl ed Local Local Renpt e Renot e
Type Node Port Node Por t

> clanl0 5678
DG cl an2 5678
> cl an3 5678
DG cl an4 5678

_______ cl an5 5678
> cl an6 5678
DG cl an7 5678
> clanl 5678

Q
[y
@
[ N N N N N R S A 0

Form 35. IP Services form
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Enabled

Whenthe Ser vi ce Type field isDLG, thisfield controls whether the co-resident
DL G application listens to the interface to which it is bound.

Valid entries Usage

y Typey to enable this IP service.
n Does not listen over the interface.
Local Node

Specify the node name for the port. When the Ser vi ce Type field isDLG, there
can be only one entry on thisform with aSer vi ce Type field of DLGand the
same Local Node.

Valid entries Usage

Node names as If the link is administered for services over the
defined on the NODE C-LAN circuit pack, type a node name defined on
NANMES form. the NODE NAME form. See Administration for

Network Connectivity for Avaya™ Communication
Manager for information on how to administer node
names.

pr ocessor Processor isonly available for S8100 Media Server
and S8300 Media Server.

Local Port

Specify the originating port number. When the Ser vi ce Type field isDLG, this
field becomes 5678 and is read-only.

Valid entries Usage
5000 t0 9999 5111-5117 for SAT applications
5678 for ASAI
0 For client applications, this defaults to zero.

Remote Node

Specify the switch at the far end of the link for SAT. The remote node should not
be defined asalink onthel P | NTERFACE or DATA MODULE forms. When the
Servi ce Type fieldisDLG, thisfield is cleared and read-only.
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Valid entries Usage

Node name as defined For SAT, use a node name to provide added
on the NODE NAMES security.

form

any Use any available node.

Remote Port

Specify the port number of the destination. When the Ser vi ce Type fieldis
DLG, thisfield is cleared and read-only.

Valid entries Usage

5000 to 64500 Useif this serviceis aclient application, such as
CDR or PMS. This must match the port
administered on the adjunct, PC or terminal server
that is at the remote end of this connection.

0 Default for System Management applications.

Service Type

Defines the service provided.

Valid entries Usage

ALARML, ALARM2 Available only on DEFINITY R. Usethisto
connect send alarms over a TCP/IP link.

cbc Type cbc to reserve the trunk for outgoing use
only to enhance Network Call Redirection.

CDR1, CDR2 Use thisto connect either the primary or
secondary CDR device over aTCP/IP link.

DAPI Available only on DEFINITY R, CSl, SI, S8300

Media Server, S8700 | P-Connect, S8700
Multi-Connect.
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Valid entries

Usage

DLG

PVB
PMS_J OURNAL

PMS_LOG

SAT

SYS_PRI NT

For S8300 Media Server and S8100 Media
Server only.

Can be entered only if, on the

SYSTEM PARAMETERS CUSTOMVER- OPTI ONS
form, the Co- Res DEFI NI TY LAN Gat eway
fiddisy.

Use this service type for co-resident DEFINITY
LAN Gateway. For more information, see the
Avaya™ Communication Manager CallVisor®
ASAI Technical Reference.

=>» NOTE:
If DLG is selected, another form displays.
See “DLG administration” on page 77.

Use this to connect the PM S journal printer over
aTCP/IPlink.

Use this to connect the PM S log printer over a
TCP/IPlink.

System administration terminal. Not available on
S8100 Media Server withaCMCL.

Use this to connect the system printer over a
TCP/IPlink.

IP Services form (Session Layer Timers page)

Use thisform to enable reliable protocol for TCP/IP links, and to establish other
session-layer parameters. Thisform only appearsif you type CDR1, CDR2, PM5_
JOURNAL, or PMS_LOGinthe Servi ce Type field on page 1 or 2.

change ip-services

Servi ce Rel i able
Type Prot ocol
CDRL y

Page 3 of 3

SESSI ON LAYER TIMERS

Packet Resp
Ti ner
3

Sessi on Connect SPDU Connectivity
Message Cntr Cntr Ti mer
1 1 1

Form 36. IP Services form (Session Layer Timer page)

555-233-783
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Connectivity Timer

Valid entries Usage

1-255 Indicates the amount of time (in seconds) that the
link can be idle before the switch sends a
connectivity message to ensure thelink is still up.

Packet Resp Timer

Valid entries Usage

1-255 Determines the number of secondsto wait from
the time a packet is sent until aresponse
(acknowledgement) is received from the far-end,
before trying to resend the packet.

Reliable Protocol

Indicates whether you want to use reliable protocol over thislink.

Valid entries Usage

y/n Userdiable protocal if the adjunct on the far end
of the link supportsit.

Service Type
A display-only field that identifies the service type for which you are establishing

parameters.

Valid entries Usage

CDR1, CDR2 Used to connect either the primary or secondary
CDR device over aTCF/IPlink.

PMS_J OURNAL Used to connect the PM S journal printer over a
TCP/IPlink.

PM5S_LOG Used to connect the PM Slog printer over a
TCP/IPlink.

Session Connect Message Cntr

Valid entries Usage

1-5 The Session Connect Message counter indicates
the number of times the switch triesto establish a
connection with the far-end adjunct.
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SPDU Cntr
Valid entries Usage
1-5 The Session Protocol Data Unit counter indicates

the number of times the switch transmits aunit of
protocol data before generating an error.

Conferencel/transfer enhancements

Changes were made to administration forms and field values for the conference
enhancements. This section describes those changes.

Changes to existing forms and new options for existing fields are shown if they
are associated with this development item. The introduction explains why the
administrator uses the form, and the table describes the use of each new field or
option on the form.

New feature buttons for stations and consoles
There following buttons are new for the conference enhancements:
« togle-swap

This button allows a user to toggle between two called parties before
completing a conference or atransfer. This button can be assigned to
stations (add/ change st ati on XX) but not to an attendant console. The
attendant console aready has this function using the Split Swap button.

To use this new button, on the System-Parameters Customer-Options form,
the G3 Version field must be set to V11 or higher (see ‘' System-parameters

customer-options’).

« conf-dsp

This button allows a user to display information about each party of a
conference call. Thisbutton can be assigned to both stations (add/ change
st ati on XX) and attendant consoles (add/ change att endant XX).

To use this new button, on the System-Parameters Customer-Options form,
the G3 Version field must be set to V11 or higher and the Enhanced
Conferencing option must bey (see ‘‘ System-parameters
customer-options”).
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System-parameters customer-options

To enable the Conference Enhancements, the G3 Ver si on field must be set to
V11 on the SYSTEM PARAMETERS CUSTOMER- OPTI ONS form. The field should
be set according to theinstalled licensefile.

ﬂange system parameters customer-opti ons Page 1 of 9 SPEB
OPTI CONAL FEATWRES
Used
G3 Version: V11 Maxi num Ports: 2800 1437
Location: 1 Maxi mum XMOBI LE St ations: 0 0
Platform 2
| P PORT CAPACI Tl ES
Maxi mnum Admi ni stered IP Trunks: 100 83
Maxi mum Concurrently Registered IP Stations: 100 2
Maximum Admi nistered Renote Office Trunks: O 0
Maxi mum Concurrently Regi stered Remote Office Stations: 0 0
Maxi mum Concurrently Regi stered | P eCons: 0 0
Maximum Nunber of DS1 Boards with Echo Cancell ation: 0 0
Maxi mum VAL Boards: 1 0
(NOTE: You nust |ogoff & login to effect the perm ssion changes.)

A new field, Enhanced Conf er enci ng, has been added to the
SYSTEM PARAMETERS CUSTOVMER- OPTI ONS form. The field should be set
according to the installed license file.

@ange system paramet ers cust omer - opti ons Page 3 of 9 SPE h
OPTI ONAL FEATLRES
Emergency Access to Attendant? y | SDN-BRI  Trunks? y
Enhanced Conferencing? y | SDN- PRI? y
Enhanced EC500? n Local Spare Processor? n
Ext ended Cvg/ Fwd Adnmin? y Mal i ci ous Call Trace? y
Ext ernal Device A armAdm n? y Mde Qode for Centralized Voice Mail? n
Hexible Billing? n
Forced Entry of Account Codes? y Mul ti f requency Signaling? y
G obal Call Classification? n Miltimedi a Appl. Server Interface (MASI)? n
Hospi tality (Basic)? vy Mil timedia Gall Handling (Basic)? y
Hospitality (G3V3 Enhancenents)? y Mul timedi a Call Handl i ng (Enhanced)? y
IP Trunks? y Multi pl e Locati ons? n
IP Attendent Consol es? n Per sonal Station Access (PSA)? y
IP Stations? y
| SDN Feature Plus? n
| SDN Network Call Redirection? y
(NOTE: You nust |ogoff &login to effect the perm ssion changes.)

N\ J
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Enhanced conferencing

Enhanced conferencing allows the customer to use the Meet-me Conference,
Selective Conference Party Display, Drop, and Mute, and No Hold Conference
features. Thisfield can be enabled only if, on the SYSTEM PARAMETERS
CUSTOMER- OPTI ONS form, the G3 Ver si on fieldisV11 or higher.

Valid entries Usage

y/n Typey to enable access to the Enhanced Conferencing features.

Meet-me Conference VDN

A new field, Meet - me Conf er ence, has been added to the VDN form.

Extensi on:
Nane:
Vect or Nunber:

CR:
TN:

@d vdn 36090 Page 1of 2 SPE m
VECTOR DI RECTORY NUMBER

Meet - me Conference? y

36090
Enhanced Conferenci ng VDN
90

1
1

J

Meet-me Conference

Thisfield appears only if, on the SYSTEM PARAMETERS CUSTOVER- OPTI ONS
form, the Enhanced Conf erenci ng fieldisy. Thisfield determinesif the VDN

is a Meet-me Conference VDN.

—>» NOTE:

If the VDN extension is part of the customer’s DID block, externa users

will be able to access the conference VDN. If the VDN extension is not part
of the customer’s DID block, only internal callers on the customer’s network
(including DCS or QSIG) or remote access callers can access the conference

VDN.

555-233-783
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Valid entries Usage

y/n

Typey to enable Meet-me Conference for thisVDN. If Meet-me
Conference is enabled, several fields do not display.

Both Attendant V ectoring and Meet-me Conference cannot be
enabled at the same time.

If Enhanced Conferencing is enabled, but no other vectoring
customer options are enabled, only Meet-me Conference vectors
can be assigned.

If Meet-me Conference is enabled, the following new fields display on Page 2.

change vdn 36090

Page 2 of 2 SPE A
VECTOR DI RECTORY NJUMBER

MEET- ME CONFERENCE PARANMETERS

Conf erence Access Code: 937821
Conference Controller: 80378

Conference Access Code

Thisfield appears only if, on the VECTOR DI RECTORY NUMBER form, the
Meet - me Conf er ence field isy. Thisfield allows you to assign an access code

to the M eet-me Conference VDN.

A SECURITY ALERT:
You should always assign an access code to a Meet-me Conference VDN.

Valid entries Usage

blank or
6-digit
number

132 Issue2 May 2003

Type a 6-digit access code for the Meet-me Conference VDN. If
you do not want an access code, |eave the field blank.

Once an access code is assigned, an asterisk displaysin thisfield
for subsequent change, display, or remove operations by all users
except the “init” superuser login.
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Conference Controller

Thisfield appears only if, on the VECTOR DI RECTORY NUMBER form, the
Meet - ne Conf er ence fieldisy. Thisfield controls which user is allowed to
change the access code for a Meet-me Conference VDN using a feature access
code.

=—> NOTE:
A user can change the access code only after it has been first assigned by the
system administrator, and only system administrators can remove an access
code.

Valid entries Usage

extension If an extension number is entered, a user at that extension can
number or change the access code for the Meet-me Conference VDN using
blank afeature access code.

If thisfield is blank, only a station user that is assigned with
consol e permissions can change the access code for the Meet-me
Conference VDN using afeature access code. In addition, remote
access users can change a M eet-me Conference access code
using the feature access code.

Meet-me Conference Call Vector

The Call Vector form has a new field that designates the vector as a Meet-me
Conference vector. The collect, goto step, and route-to vector steps have new
options or conditions for the M eet-me Conference feature.

The following forms shows an example of a Meet-me Conference vector.

ﬁhange vector 90 Page 1of 3 SPE m
CALL VECTOR
Nunber: 90 Nane: Enh Conf Vec
Attendant Vectoring? n Meet-ne Conf? y Lock? y

Basic? y EAS? n G3V4 Enhanced? n AN/I11-Digits? n ASA Routing? n
Prompti ng? y LAI? n G3W4 Adv Route? n CINFO? n BSR? n Hol i days? n

col lect 6 digits after announcenent 12340

step 6 if digits = meet - Ne- access
col lect 6 digits after announcenent 12341

step 6 if digits = meet - Ne- access

di sconnect af t er announcenent 12342

announcenent 12343
route-to neet nme

announcenent 12344 j

step 11 if neet-ne-idle
step 14 if neet-me-full
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13 stop

15 stop

mange vector 90 Page 2of 3 SPE m
CALL VECTOR

12 route-to neet me

14 di sconnect af t er announcenent 12345

/

Meet-me Conf

Thisfield appears only if, on the System-Parameters Customer-Options form, the
Enhanced Conferencing field isy. Thisfield designates the VDN as a Meet-me
Conference VDN.

Valid entries Usage

y/I'n Typey to enable Meet-me Conference for this vector. If
Meet - ne Conf er ence fieldisy, theLock field also must bey.
When the Lock fieldisy, the vector cannot be changed by
adjunct vectoring programs such as Visual Vectors.

Attendant V ectoring and M eet-me Conference cannot be enabled
at the same time.

New options for vector steps

collect step. When the Meet - ne Conf field is enabled, the collect vector step
has been modified to collect the next six digits and use those digits as the access
code for a Meet-me Conference call. See vector steps 1 and 3 in the example
above.

goto step. The goto step vector step has two new conditions:
«  Mmeet-me-idle
«  Mmeet-me-full

The meet-me-idle condition routes the first caller accessing a Meet-me
Conference to the conference call. An announcement step saying they are the first
party to access the call can be given to the caller. See vector steps 6 and 11 in the
example above.
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The meet-me-full condition is used when the Meet-me Conference already has
the maximum of six parties on the call. See vector steps 7 and 14 in the example
above.

The goto step vector also has a new option, meet-me access, for the digits
condition to verify that the access code is valid. If the access code entered by the
caller equals the access code administered for the VDN, vector processing
continues. See vector steps #2 and #4 in the example above.

route-to step. Theroute-to vector step has one new condition: meetme. When
successful, this condition adds the caller to the M eet-me Conference call, and all
parties on the call hear an “entry” tone to signify that another caller hasjoined the
conference. This condition is valid when the caller has entered the correct access
code and there are not already six parties on the call. See vector steps 9 and 12 in
the example above.

If therouteto meetme step ever fails, vector processing stops and the caller hears
busy tone.

Meet-me Conference vector scenario

Joe Davis has a sales review scheduled with four associates located in different
cities. He has reserved Meet-me Conference tel ephone number 865-253-6090. In
switch administration, this number has been assigned to vector 90. See the
following form.

ﬂhange vdn 36090 Page 1of 2 SPE m
VECTOR DI RECTORY NUMBER

Extensi on: 36090
Nane: Enhanced Conferenci ng VDN
Vect or Number: 90
Meet - me Conference? y

CR 1

\_ o Y,

VDN 36090 is administered with an access code of 835944. See the following
form.

change vdn 36090 Page 2 of 2 SPE A
VECTOR DI RECTORY NJUMBER

MEET- ME CONFERENCE PARAMETERS
Conf erence Access Code: 835944
Conference Controller:
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When each associate calls the M eet-me Conference tel ephone number, the
following vector processing occurs:

ﬂhange vector 90 Page 1of 3 SPE m

CALL VECTOR

Nunber: 90 Nane: Enh Conf Vec
Attendant Vectoring? n Meet-ne Conf? y Lock? y
Basic? y EAS? n  G3v4 Enhanced? n AN/IIl-Digits? n ASA Routing? n
Prompting? y LAI? n G3W4 Adv Route? n CINFO? n BSR? n Hol i days? n

01 col lect 6 digits after announcement 12340

02 goto step 6 if digits = nmeet - Ne- access
03 col lect 6 digits after announcement 12341

04 goto step 6 if digits = nmeet - Ne- access
05 di sconnect af t er announcenent 12342

06 goto step 11 if neet-me-idle

07 goto step 14 if neet-ne-full

08 announcenent 12343

09 route-to neet me

10 stop

Ql announcenent 12344 /

ﬁhange vector 90 Page 2of 3 SPE m
CALL VECTOR

12 route-to neet ne

13 stop

14 di sconnect af t er announcenent 12345
15 stop

\C %

Each caller hears announcement 12340, which says something similar to
“Welcome to the M eet-me Conferencing service. Type your conference access
code.” Each caller enters the access code 835944.

The collect vector step 1 collects the access code digits. If the access codeisvalid,
the vector processing continues with vector step 6. If the access codeisinvalid,
the vector processing continues with vector step 3, which plays

announcement 12341. Announcement 12341 says something similar to “This
access codeisinvalid. Please enter the access code again.” If the caller entersthe
wrong access code again, the vector processing continues with vector step 5,
which plays announcement 12342. Announcement 12342 says something similar
to “This access code is invalid. Please contact the conference call coordinator to
make sure you have the correct conference telephone number and access code.
Good bye.”
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Vector step 6isonly valid for thefirst caller into the Meet-me Conference. The
meet-me-idle condition routes the first caller to announcement 12344 (vector
step 11). The recorded announcement says something similar to “ You are the first
party tojointhe call.” The caler isthen routed to the M eet-me Conference call by
vector step 12 and vector processing stops.

Vector step 7 is used when the Meet-me Conference aready has the maximum of
six parties on the call. The meet-me-full condition disconnects the caller after
playing announcement 12345 (vector step 14). The recorded announcement says
something similar to “This Meet-me Conferenceisfilled to capacity. Please
contact the conference call coordinator for assistance. Good bye”

If acaller entersthe correct access code, is not the first caller, and the conference
call isnot full, vector processing continues with vector step 8, which plays
announcement 12343. The announcement says something similar to “Your
conference call isaready in progress.” The caller is then routed to the Meet-me
Conference call by vector step 9 and vector processing stops. As each caller enters
the conference call, al parties on the call will hear an “entry” tone.

When the conference call is over and callers drop out of the conference call, any
remaining parties on the call will hear an “exit” tone.

Interactions for Meet-me Conference vectors

A non Meet-me Conference vector cannot be assigned to a Meet-me Conference
VDN and a Meet-me Conference vector cannot be assigned to a non Meet-me
Conference VDN.

There will be no restrictionsin vector chaining between M eet-me Conference and
non Meet-me Conference vectors (for example, using the goto vector or route-to
number commands). When callsinterflow from one type of vector processing to
another, they will be removed from any queue (if applicable) and treated as new
calls to vectoring, not a continuation of vectoring.

Feature access codes

A new feature access code is added to allow the controlling user of a Meet-me
Conference VDN to change the access code.
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ﬁlange f eat ur e- access-codes

Ener gency Access to Attendant Access Code:
Enhanced EC500 Activation:

Ext ended Call Fwd Activate Busy D/ A All:
Ext ended Group Call Pickup Access Code:
Facility Test Calls Access Code:

Fl ash Access Code:

Group Control Restrict Activation:

Hunt Group Busy Activation:

| SDN Access Code:

Last Nunber Di aled Access Code:

Leave Wrd QGalling Message Retrieval Lock:
Leave Word Calling Message Retrieval Wl ock:
Leave Word Calling Send A Message:

Leave Word Cal | ing Cancel A Message:

Mal i cious Call Trace Activation:

Meet - ne Conference Access Code Change:

PASTE (Di spl ay PBX data on Phone) Access Code:
Personal Sation Access (PSA) Associ ate Code:
Per Call CPN B ocking Code Access Code:

K Per Call CPN Unbl ocking Code Access Code:

FEATURE ACCESS CODE ( FAC)

652

*14

*59

*49
*41
*35
#7177
*50
*77

Page 2 of 6\

Deactivation: 653
Deactivati on:

DCeactivati on:

Deactivation: *15

Deactivation: *34

D ssoci at e Code: #772

J

Display messages

The display messages for conference and transfer have changed.

change di splay-messages transfer-conference

12 English: Select line ~ to add party.
13. English: Select alerting line to answer
14. Engli sh: Transfer canceled.

15. Engli sh: Connecting to ~.

TranS|atIOn kkkhkkkhkkkhkkkhkkhkkkhkkhkkkkxkxk*k

16. English: Called party ~is busy.
Translatlon khkkkkhkkkhkkkhkkhkhkkhkkhkkkkxkkxk*k

LANGUAGE TRANSLATI ONS

Transl atl on: khkkhkkkhkkhkhkkhkhkhkhkkhkhkhkhkkhkkdkdhkhkxkhdkdhkk*k**x*x*x%x

call.

Transl atl on: kkkhkkkhkkhkhkkhkhkhkhkkhkhkhkhkkhkhkhkdhkhkkhdkdkhxk*k**x %k %%

Transl atl on: kkkhkkkhkkhkhkkhkhkhkhkkhkhkhhkdkhkhhkdhkhkkxkhkdkdkhkk*k***x*x%x

Page 3 of 4\

change di splay-messages transfer-conference

17. Engli sh: Invalid nurber dialed ~.

1 . khkhkhkkhk Ak hkhkhkkhkhkhkhkhkhkhhkhkkxkhkx*k
Transl ati on:

18. English: Party ~ is not avai abl e.

1 . khkhkhkkhkhkhkhkhkkhkhkhkhkhkhkhhkhhkkxkhk*k
Transl ati on:

19. English: Mite

Transl ati on: ****

LANGUAGE TRANSLATI ONS

Page 4 of 4\

/
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Language translations - self-administration

Users on 6400-series telephones that support softkey labels can self-administer a
new softkey for the new Conference/Transfer Toggle/Swap and Selective

Conference Party Display features. for more information, see the Administrator’s
Guide for Avaya™ Communication Manager, 555-233-506.

Language translations - softkey labels

change di splay-nessages self-admnistration Page 2 of 3\
LANGUAGE TRANSLATI ONS
English Translation English Transl ati on
1' ACCt * k k k% Cm Acount Q)de khkkkkhkkhkkkkhkhkhkkhkkkhhkkxkkkhk*x
2_ AutoD * k k k% Auton-atlc Dallng kkkkkkhkkkkkkhkkkkhkhkkhkkhkkkkkk*
3' CFfV\U * k k k% Cajl FOfWardI ng khkkkkhkkkkkhkhkhkkhkkkhhkkkkhk*x
4_ CFhrk * k kkk Call Par-k kkkkkkhkkkkkkhkkkkhkhkkhkkkkkkk*
5_ CH(Up * k k kk Call PICkUp kkkkkkhkkkhkkkkhkkkkhkhkkhkkkhkkkkkk*
6. DH(Up * %k kK Directed Call PICkUp kokk ok ok ok okk ok ok ok okok ok ok ok kk ok k ok kx x
7. G-ppg * k k k% G-oup F)agl ng kkkkkkhkkkhkkkkhkkkhkkhkhkkhkkkkk*k*
8' SAC: * k k k% Send AII CaIIS khkkhkkkkkhkkhkhkhkkkkhhhhkkkkkkkkx
9. Sv\ap * k kkk Conf/Trans Toggle'S\Nap kkkkkkkkkkkhkkkhkkhkkkhkkkkkk*k*
lo \/\Sppg * k k k% ACtIVate WhISpef Page khkkhkkkkhkkhkhkhkkhkkhkhhhkk*kkkx
11. V\SpAn * Kk ok kK Answer back for Wlisper Khkkkkkhkhhkhkhhkhkkkhkkkkkhx*
12 V\Sdf * k k k% V\hisper Page df *kkkkhkhkkhkhkhkkhkkxkkhkkkxkkkkxk
13 Blank * k k kk Blank BJttOn kkkkkkhkkkkkkhkkkhkkhkhkkhkkkkkkkk*

/

For telephones that support softkey labels, administrators can add a new softkey
for the Selective Conference Party Display, Selective Conference Party Mute, No
Hold Conference, and Toggle/Swap features. See the following example.

change di splay- nessages soft key-I abels Page 1 of 1\
LANGUAGE TRANSLATI ONS

Engl i sh Transl ation English Translation Engli sh Transl ati on
1. Acct 1, *xxxx 17. Drop  17. **x*xx 33. RngOf 33, *****
2. A 2, R 18. Excl 18, HEEkx 34. SAC 34, xxxxx
3. AdBsy 3. *x**x 19. FMute 19, =*#***x* 35. SFunc 35. ***xxx
4. Admin 4, FEExx 20. GrpPRg 20, ***** 36. Spres 36. *****
5. AutCB 5, ****x 21. HFAns 21, **xxx 37. Stats 37. xxxxx
6. BtnVu 6. ***** 22. | Auto 22, ***** 38. Stop  38. *****
7. CRhwd 7, *x**x 23. IDial 23, *xxxx 39. Swap 39, xxx¥x
8. CnfDs 8, #***x*x 24. Inspt 24, ***** 40. Timer 40. **x**x
9. CnLWC 9., ***** 25. Last 25, FEEEx 41. TrDay 41. *****
10. Cnslt 10, ****x 26. LWC 26, *xxxx 42, View 42, *****
11. Count 11. #*x*** 27. Mark 27, **%** 43. Wit 43, Frxxx
12. CPark 12, *xx*x 28. NHCnf 28, =*#*xxx 44, WSpAn 44, Fxxxx
13. CPkUp 13. #*xx=x 29. Pause 29, ***** 45. WspPg 45. *****
14. CTime 14, *xx*x 30. PCall 30, ***xx

15. Dr 15, Hxkkx 31. Prog 31 *xxxx

16. DPkUp 16. *x*=** 32. RrBsy 32, *****

J

555-233-783 Issue2 May 2003 139



New and changed administration forms

Language translations - view buttons

Administrators can set the user-defined option for the Conference Display,
Toggle/Swap, No Hold Conference, and Far End M ute features. See thefollowing

example.
change di splay- messages vi ew- buttons Page 9 of 9\
LANGUAGE TRANSLATI ONS
Engl i sh Transl ati on
&atlon Lock 1' kkhkkhkkhkkkkhkkhkhkhkkkkdhkkhkhkkkkhkx k%
LI cense Error 2 kkkhkkkkhkkkhkkhkkkhkkhkkkhkkkkhkkk*k*%

khkkkkhkkhkhhhhhhhkhhkhkkkhkk k%

nf erence Di splay
@nf/ Trans Toggl e- Swap
No Hold Conference
Far End Mut e khk KKK KX KA AXKh AKX Ik Xk Kk kk * %

N /

Feature-related system parameters

kkkkkhkkkkhkkkkhkkkhkhkhkkhkkkhkkkkk*

khkkhkkhkkhkhkhhhkkkhkkkkhkk*x

onPhPwWNE
oo w

A new field has been added to the Conference/Transfer features to control the
timeout of No Hold Conference call setup.

change system paraneters features Page 6 of 12\
FEATURE- RELATED SYSTEM PARAVETERS

CONFERENCE/ TRANSFER

Abort Transfer? n No Di al Tone Conferenci ng? n
Transf er Upon Hang-Up? n Sel ect Li ne Appearance Conferenci ng? n
Abort nference Upon Hang-Up? n Unhol d? n

No Hbld Gonference Ti meout: 60

N\ J

Valid entries Usage

20- 120 Thisfield controls when an attempted No Hold Conference will

seconds drop the call attempt and deny the conference call. The default
is 60 seconds. The Answer Supervision timeout of trunks using
No Hold Conference must also be set at the lowest possible
value.
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Dial Plan Expansion (DPE)

Because of the Dial Plan Expansion (DPE), numerous forms have changed to
accommodate the wider fields needed for the longer extension numbers.
Sometimes this also changed other form formatting.

For more detailed information, see the Administrator’s Guide for Avaya™
Communication Manager, 555-233-506.

Feature-related system parameters

This form implements system parameters associated with various System
features.

Thisform used to contain Call Coverage and Call Forwarding parameters. These
fields have been moved to anew form, which you can access with the command

change systenm paranmeters coverage-forwarding.

Field descriptions for page 7

FEATURE- RELATED SYSTEM PARAMETERS
| SDN PARAMETERS

Send Non-ISDN Trunk Group Nanmes as Connect ed Nane?
Di spl ay Gnnect ed Nane/ Nunber for | SDN DCS Gl | s?
Send | SDN Trunk Group Nane on Tandem cal | s?

QSI G TSC Ext ensi on:
MA - Number of Digits Per Voice Mail Subscriber:

Nati onal CPN Prefix:

Internati onal CPN Prefix:

Pass Prefixed CPNto ASAI:

Unknown Numbers onsi dered I nternal for AWDI X?
UNS Calling Nane for Qutgoing Calls?

Pat h Repl acement wi th Measurenments?

QSIG Path Repl acenent Extension:

K Path Replace Wile i n Queue/ \ectoring?

Gange syst em par amet er s f eat ur es page 7 \

Form 37. Feature-Related System Parameters form

555-233-783 Issue2 May 2003
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ISDN parameters

MWI - Number of Digits Per Voice Mail Subscriber

Appearsonly if theBasi ¢ Suppl ementary Servi ces field or thel SDN
Feat ure Pl us field on the sYSTEM-PARAMETERS CUSTOMER-OPTIONS formisy.
Thisfield provides an indication of the number of digits per AUDIX subscriber.

=—=> NOTE:

For QSIG-MWI only. These routing digits and inserted digits must form a
digit string that, when analyzed and processed, routes to a Signaling Group
supporting QSIG-TSCs. Once a QSIG TSC is established (from a message
center switch to a served user switch) then every lamp update message
placesthel nserted Digits field (from the MESSAGE WAITING INDICATION
SUBSCRIBER NUMBER PREFIXES form) in front of the AUDIX subscriber
number to form a complete QSIG network number for the served user.

=>» NOTE:
For Feature Plus MWI only. The routing digits and inserted digits must form

adigit string that routes over an SSF trunk to the Feature Plus extension on
the remote (Served User) switch. The Inserted Digits field must include the
Feature Plus extension.

Valid entries Usage

3to7 Type avaluethat corresponds to the digit string length of
subscribers trandated in the Message Center entity. For
instance, if the M essage Center entity isSAUDIX, thevaluein
this field must match the value of the Ext ensi on Lengt h
field on the SW TCH | NTERFACE ADM NI STRATI ONform
of AUDIX.

Five EPN maximum in MCC1
Media Gateways

system-parameters customer-options

This form shows you which optional features are enabled for your system as
determined by the installed license file. If you have any questions about disabling
or enabling one of these features contact your Avaya representative.
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Field descriptions for page 3

f displ ay system paranet ers customer-options (page 3) \
OPTI ONAL  FEATURES
Enmer gency Access to Attendant? ISDN Feature Pl us?
Enabl e ‘ dadm n’ | ogi n? | SN Networ k Cal | Redirection?
Enhanced Conf erenci ng? | SDN BRI Trunks?
Enhanced EC5007? | SDN- PR ?
Extended Cvg/ Fwd Admi n? Local Spare Processor?
External Device A arm Adm n? Mal ici ous Call Trace?

F ve Port Networks Mix Per MCC? Mode Code for Centralized Voice Miil ?
Flexi bl e Billing?

Forced Entry of Account Codes? Multifrequency Signaling?

G obal Call Classification? Miltinmedia Appl.Server Interface( MASI)?
Hospitality (Basic)? Mil ti nedi a Cal |l Handling (Basic)?

Hospital ity (G3V3 Enhancenents)? Multinmedia Cal | Handling(Enhanced) ?
H.323 Trunks? Ml ti ple Locations?

Personal Station Access (PSA?)?
| P Attendant Consol es?
IP Stations?

N J

Form 38. System Parameters Customer-Options

Five Port Networks Max Per MCC

Available only for DEFINITY R and S8700 Multi-Connect. Allows system
administration to create five port networksin amulti-carrier cabinet. If there are
any cabinets with more than 2 PNs assigned, this field cannot be set to n.

IP loss groups

With the addition of two new P loss groups (see“IPloss groups’ on page 25), the
syst em par anet ers country-opti ons form has added two new rows and
columns.
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system-parameters country-options

Field descriptions for page 3

/65*

Page 3 of éZ\\

2 PARTY LOSS PLAN

i spl ay system paranmeters country-otpions

90060000003066603300/
—

010_0060000003066603300
”_3333333333333333333
m3333333333333333333
w0002055303066603300
”__0000055323066303300
w3333355500333333333
ODOoOOo0OOoOANANNMILMOONMMMOMMOO
VOOOMMUOOVOMINMIODOWOMMMOO
MNOOOMMMOOVOUOHIWOIOADODIOINMMOO
COO0OOMMUOVOLHIIOIOAODOINMMOO
NMOOOOOMMMANMOOVWWOVWWOVWOMMOO
TOOOOOMMMANMOOVWOVWONMMOO
MOOOMMMMMMOMMOOMMMOO
[ ' '
NOO-HO
'

OCOO0OO0OOMODVWOWOVWOMMOO

OO MOOO0OO0ODO0OOMODVWOVWWOVWOMMOO

CAdAMIINONDBOISHNNIIO OGN DD
= AAd A A A A A AAA
=

woo

k

system-parameters country-options form, page 3

Form 39.

FROM /TO

Display-only fields that identify the variable digital loss values.

Usage

Valid entries

An unsigned number isaloss, while anumber preceded with
aminussignisagain.

-3 through 15
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Field descriptions for page 4

ﬁspl ay system paraneters country-otpions Page 4of 24\
TONE & CONFERENCE LOSS PLANS
TO
1 2 3 4 5 6 7 8 910 11 12 13 14 15 16 17 18 19
Di al : 0 33 00 6 6 65 0 6 5555 0000
Confirm 0 0 0OOOO O OO OOO OO OO OUOTUOTUOTG O0OTUWO
Reor der: 0 0 0OOOO O OO OOU OO OO OUOTUOTU OTG OO
Busy: 0 0o 0OOOOOOOOUOO OO OO OUOTU OO OTG OO
Ri ngi ng: 0 0 0OOOO O OO OOU OO OO OUOTUOTUOTG O0OTUWO
Spec Ring: 0 00OOOOOOOOUOO OO OO OOTUOTUOTG OO
I ntercept: 0 0 0OOOOOOOOUOO OO OO OUOTU OO OTGO0OTDW
Vi ting: 0 0 0OOOOOOOOTU OO OO OO OUOTUOUOTG O0OTUW
Verify: 0 00OOOOOOOOOO OO OO OUOTUOTUOTG O0OOUWO
I ntrude: 0 0 0OOOO O OOOOO OO OO OUOTUOTUOTG OO
Zi p: 3 3 3-3-3-3-3-3-3-3-3-3-3-3-3 0 0 0-3
Musi c: 0 33 00 6 6 6 3 0 6 3 3 3 3 0000
End-to-End total loss (dB) in a n-party conference:

QlS 4: 21 5: 26 6: 29 J

Form 40. system-parameters country-options form, page 4

FROM/TO
Display-only fields that identify the variable digital tone values.

Valid entries Usage

-3through 15  Anunsigned number is aloss, while anumber preceded with
aminussignisagain.

End-to-End total loss (dB) in a n-party conference

Providestotal loss for a conference call with the designated number of parties.

Valid entries Usage

0 through 99 The higher the number listed for a call with afixed display
number of parties, the more loss the switch addsinto a
conference call with that number of parties; therefore, the
conference call is quieter.
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Location by region

This section shows changes to existing forms and new options for existing fields
associated with this development item. The introduction explains why the
administrator uses the form, and the table describes the use of each new field or
option on the form.

IP-network-region

Field descriptions for page 1

(change i p- net wor k-regi on 3 Page 1 of 2 \
| P Net wor k Regi on
Regi on: 3 Name: North
Locati on:

Intra-region IP-1P Direct Audio? transl ated(NAT)
P-1P Di

AUDI O PARAMETERS Inter-region | rect Audi o? native (NAT)
Codec Set: 2 | P Audi 0 Hairpinning? y
Location: 1
UPD Port Range RTCP Reporting Enabl ed? y
M n: 2048_ RTCP MONI TOR SERVER PARAMETERS
Max: 3028 Use Default Server Paraneters? n
Server |P Address: 1 .2 .3 .4
Dl FFSERV/ TOS PARAMETERS Server Port: 5005
Call Control PHB Value: 34_ RTCP Report Period(secs): 5
Audi o PHB Val ue: 46
BBE PHB Val ue: 43 Resource Reservation Paraneters
RSVP Enabl ed? y
RSVP Refresh Rate(secs): 15
Call Control 802.1p Priority: 7 Retry upon RSVP Failure Enabled? y
Audi o 802.1p Priority: 6 RSVP Profile: guaranteed-service

J

Form 41. IP Network Region form

Region
A display-only field indicating the number of the region being administered.

Name

Description of the region.

Valid entries Usage

Upto 20 characters  Describes the region.
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AUDIO PARAMETERS

Codec Set

Specifies the codec assigned to the region.

Valid entries

Usage

1-7

Enter the number for the codec set for the region.

Intra-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints within a region.

Valid entries

Usage

y/n

native(NAT)

translated(NAT)

Enter y to save on bandwidth resources and improve
sound quality of voice over IP transmissions.

Enter native(NAT) if the IP address from which audio is
to be received for direct IP-to-IP connections within the
region isthat of the telephone itself (without being
translated by NAT).

Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
within the region is to be the one with whichaNAT
device replaces the native address.

Inter-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints in different regions.

Valid entries

Usage

y/n

native(NAT)

translated(NAT)

555-233-783

Enter y to save on bandwidth resources and improve
sound quality of voice over IP transmissions.

Enter native(NAT) if the IP address from which audio is
to be received for direct IP-to-1P connections between
regionsisthat of the telephone itself (without being
translated by NAT).

Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
between regionsisto be the one with which aNAT
device replaces the native address.
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148

IP Audio Hairpinning

Allows IP endpointsto be connected through the I P circuit pack on the switch.

Valid entries

Usage

y/n

Location

Enter y to allow IP endpoints to be connected through the IP
circuit pack on the switch in 1P format, without going
through the DEFINITY TDM bus.

Specifies the location by I P network region allowing correct date and time
information and trunk routing based on IP network region.

Valid entries

Usage

1-44

1-64

blank

(For DEFINITY R, CSl, Sl only.) Enter the number for the
location for the IP network region. The IP endpoint uses
this asits location number. This appliesto IP telephones
and softphones.

(For Avaya S8300 Media Server, Avaya S8700
Multi-Connect, and Avaya S8700 |P-Connect only.) Enter
the number for the location for the I P network region. The
IP endpoint usesthis asitslocation number. Thisappliesto
| P telephones and softphones.

The location is obtained from the cabinet containing the
CLAN that the endpoint registered through or the media
gateway containing the Internal Call Controller or Local
Spare Processor on an Avaya S8300 Media Server that the
endpoint registered through. This appliesto | P telephones
and softphones. Traditional cabinets, Remote Offices, and
the Avaya S8300 Media Server al have their locations
administered on their corresponding screens.

RTCP Reporting Enabled

Valid entries

Usage

y/n

Issue2 May 2003

Specifies whether you want to enable RTCP reporting.
If thisfield is set to y, then the RTCP Monitor Server
Parameters fields appear.
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UDP Port Range

UPD Port Range Max

Specifies the maximum range of the UDP port number used for audio transport.

Valid entries Usage
3-65535 Enter the highest UDP port number to be used for audio
transport.

UPD Port Range Min

Specifies the minimum range of the UDP port number used for audio transport.

Valid entries Usage
2-65534 Enter the lowest UDP port number to be used for audio
transport.

RTCP MONITOR SERVER PARAMETERS

RTCP Report Period (secs)

Thisfield only appears when the Use Default Server Parametersfield isset ton
and the RTCP Reporting Enabled field isset to y.

Valid entries Usage
5-30 Enter the report period for the RTCP Monitor server in
seconds.

Server IP Address

Thisfield only appears when the Use Default Server Parametersfield isset to n
and the and the RTCP Enabled field isset to y

Valid entries Usage

0-2551in Enter the | P address for the RTCP Monitor server.
nnNN.nNN.NNN.NNN

format
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Server Port

Thisfield only appears when the Use Default Server Parametersfield isset to n
and the and the RTCP Enabled field isset to y.

Valid entries Usage

1-65535 Enter the port for the RTCP Monitor server.

Use Default Server Parameters
Thisfield only appears when the RTCP Reporting Enabled field isset to y.

Valid entries Usage

y Enter y to use the default RTCP Monitor server
parameters as defined on the IP Options System
Parameters screen. If set to y, you must complete the
Default Server IP Address field on the IP Options
System Parameters screen.

n If you enter n, you need to complete the Server IP
Address, Server Port, and RTCP Report Period fields
that appear.

DIFFSERVE/TOS PARAMETERS

BBE PHB Value
Thisfield contains the Better than Best Effort (BBE) PHB value.

Valid entries Usage
0-63 Enter the decimal equivaent of the Diff Serv BBE PHB
value.

Call Control 802.1p Priority
Provides Layer 2 priority for Layer 2 switches.

Valid entries  Usage

0-7 Specifies the 802.1p priority value.
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Call Control Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Usethe IP TOS field to support the DiffServ codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the Call Control PHB
value.

Audio 802.1p Priority
Provides Lay 2 priority for Layer 2 switches.

Valid entries Usage

0-7 Specifiesthe Audio 802.1p priority value.

Audio PHB Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Usethe IP TOSfield to support the Audio PHB codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the DiffServ Audio
PHB value.

AUDIO RESOURCE RESERVATION
PARAMETERS

Retry upon RSVP Failure Enabled
Thisfield only appearsif the RSVP Enabled field isset to y.

Valid entries Usage

yIn Specifies whether to enable retries when RSV P fails.

RSVP Enabled

Controls the appearance of the other fields in this section.

Valid entries  Usage

yIn Specifies whether or not you want to enable RSVP.
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RSVP Profile

Thisfield only appearsif the RSVP Enabled field isset toy. You set thisfield to
what you have configured on your network.

Valid entries Usage

guaranteed-service

controlled-load

RSVP Refresh Rate (secs)
Thisfield only appearsif the RSVP Enabled field isset to y.

Valid entries Usage

1-99 Enter the RSV P refresh rate in seconds.

Maximum G700 VAL sources

For S8300 and S8700 Media Servers, field names have been changed on the
syst em par anet ers cust oner - opti ons formand the capaci ty form.

system-parameters customer-options

Field descriptions for page 1

ﬁspl ay system paraneters customner-options Page 1 of 9
OPTI ONAL FEATURES
Used
G3 Version: V11 Maxi mum Ports: 20000 1166
Location: 2 Maxi mum XMOBI LE Stations: O 0

\

Maxi mum Nunber of DS1 Boards with Echo Cancell ati on:

Platform 8

I P PORT CABACI TI ES

Maxi mum Admi ni stered I P Trunks: 1000 103
Maxi mum Concurrently Registered | P Stations: 5000 505
Maxi mum Adni ni stered Renote OFfice Trunks: 1000 O

Maxi mum Concurrently Regi stered Renmbte Office Stations: 1000 O

Maxi mum Concurrently Registered | P eCons: 1 0
Maxi mum Admi ni stered | P Soft Phones: 2800 48

Maxi mum TN2501 VAL Boards:
Maxi mum G700 VAL Sources:

w oo
NEF O

(Note: you nust logoff & login to effect the perm ssion changes.)

/

Form 42.
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capacity

Maximum TN2501 VAL Boards

Valid entries Usage

0-10 (DEFINITY R Thisdisplay-only field indicates the maximum number of
and S8700 Media  TN2501AP (Voice Announcement over LAN) boards
Servers) allowed in this system.

0-5 (DEFINITY S| « For values greater than 1, the VAL Full 1-Hour

and CSI’ 8100 Capacity field on page 4 of thesyst em par anet er s
Media Servers, and cust onmer - opt i ons form must be set to

S8300 Media P y.

Server) « Thisfield updatesthe Syst em Li mi t field onthe

System Capacity report.

Maximum G700 VAL Sources

Valid entries Usage

0-250

Field descriptions for page 6

ﬁspl ay capacity

\_

Page 6 of m
SYSTEM CAPACI TY

System
Used Available Limt

Recorded Announcenent Anal og Queue Slots: 2 998 1000
TN2501 VAL Boar ds: 0 8* 10

TEMPORARY S| GNALI NG CONNECTI ONS( TSC)
Admi ni st ered TSCs: 3 125 128
NCA- TSC Cal | s: 3 253 256

TRUNKS

DS1 Circuit Packs: 20 146 166
DS1 Wth Echo Cancell ati on: 0 166 166
| CHT For | SDN Trunks: 0 576 576
| SDN CBC Service Sel ection Trunks: 0 200 200
Trunk Groups: 71 595 666

Trunk Ports: 639 3361 4000

**'  Avail able VAL Boards linited by other inserted integ type annc boards

J

Form 43.

capacity form, page 6
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No Hold Conference

system-parameters customer-options

=>» NOTE:
Onthefirst OPTI ONAL FEATURES form, the G3 Ver si on field must be set
to V11 or higher to be able to activate the enhanced conferencing feature
options.

Page 3 of the OPTI ONAL FEATURES form shows a sample of what the form looks
likewith the Enhanced Conf er enci ng field included. Your version of the form
might be dightly different.

When activated. a user has accessto the Conf / Tr ans Toggl e- Swap,
Sel ecti ve Conference Display and Drop,and Meet - ne Conf erence

features.
ﬁange system paranmet ers customner-options Page 3 of 8\
OPTI ONAL FEATURES
Energency Access to Attendant? y I SDN- BRI Trunks? n
Enhanced Conferencing? y I SDN- PRI ? n
Enhanced EC500? n Local Spare Processor? n
Ext ended Cvg/ Fwd Admi n? n Malicious Call Trace? n
Ext ernal Device Al arm Adnmin? n Mbde Code for Centralized Voice Mail? n
Flexible Billing? n
Forced Entry of Account Codes? n Mul tifrequency Signaling? y
A obal Call Cassification? n Multinmedia Appl. Server Interface (MASI)? n
Hospitality (Basic)? vy Mil tinedia Call Handling (Basic)? n
Hospitality (G3V3 Enhancenents)? n Mil tinedia Call Handling (Enhanced)? n
I P Trunks? n Mil tiple Locations? n
Personal Station Access (PSA)? n
IP Stations? n
| SDN Feature Plus? n
| SDN Network Call Redirection? n
K (NOTE: You nust |ogoff & login to effect the perm ssion changes.) J

Form 44. OPTIONAL FEATURES form, page 3

Enhanced Conferencing?

Valid entries Usage

y/n Typey to turn on the enhanced conferencing feature.
Type n to turn off the enhanced conferencing feature.
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system-parameters features

TheNo Hol d Conference Ti nmeout field has been added to page 6 of the
FEATURE- RELATED SYSTEM PARAMETERS form. Thisfield designates the
amount of time (in seconds) before the No Hold Conference call is deactivated if
thereis no answer.

mange system paraneters features Page 6 of 11\
FEATURE- RELATED SYSTEM PARAMETERS

CONFERENCE/ TRANSFER

Abort Transfer? n No Di al Tone Conferencing? n
Transfer Upon Hang-Up? n Sel ect Line Appearance Conferencing? n
Abort Conference Upon Hang- Up? n Unhol d? n

No Hol d Conference Tinmeout: 60
CPN/ ANl / | CLI D PARAVETERS

CPN/ ANl /|1 CLI D Repl acenent for Restricted Calls:
CPN ANI' /| CLI D Repl acenent for Unavail able Calls:

. J

Form 45. FEATURE-RELATED SYSTEM PARAMETERS form, page 6

No Hold Conference Timeout

Valid entries Usage

20- 120 Type the number of seconds before the No Hold
Conference call should be deactivated upon no answer.
The default value is 60.
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station
Thefollowing is a sample of a STATI ON form with the no-hld-cnf button
assigned.

/1;Hange station 4001 Page 4 of 5“\\

STATI ON
FEATURE BUTTON ASSI GNVENTS

9: conf-dsp
10

11:

12

13

14.

15:

16: no-hl d-cnf

\ ]

Form 46. STATION form, page 4

display-messages transfer-conference

The command change di spl ay- nessages transfer-conference has
additional displaysfor No Hold Conference on pages 3 and 4 of the LANGUAGE
TRANSLATION form.

=>» NOTE:
The help messages for this command must be updated accordingly.

(’Eﬁange di spl ay- nessages transfer-conference Page 3 of 4<‘\\
LANGUAGE TRANSLATI ONS

12. English: Select line ~ to add party.

Transl atl on: khkkhkkhkkhkkhkhkhkhhkhkhhhhhhhhhhhhhkhkhhhhhhhhhhhkhkkkx*k

13. English: Select alerting line to answer call
TranSI at| on: kkhkkhkkhkkhkhkhkhhhhhhkhhhhhhhhhhhhkhhkhkhhhhhhhhhkki*k

14. English: Transfer cancel ed
TranSI at| on: kkhkkhkkhkkhkkhkhkhkhhhhhhhkhhhhhhhhhkhkhkhhhhhhhhhkkkkx*k

15. English: Connecting to ~.

TranS|atIOn kkhkkhkkhkkhkkhkkhkhkkhkhkhhhhhhkhkhhhhhhkk*k

16. English: Called party ~ is busy.

TranS|atIOn khkkhkkhkkhkkhkkhkhkkhkhkhkkhhhkhhkhhkhhhhhkk*k

N %

Form 47. LANGUAGE TRANSLATIONS form, page 3
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mange di spl ay- messages transfer-conference Page 4 of 4x
LANGUAGE TRANSLATI ONS

17. English: Invalid nunber dialed ~.

TranS|atIOn kkhkkhkkhkkhkkhkkhkhkkhkhkhhhhkkhkhkhhhhhhhkk*k

18. English: Party ~ is not avail able.
Translatlon kkhkkhkkhkkhkkhkkhkkhkhkhkhkhkhkhhkhkhhkhhhhhkk*k

o /

Form 48. LANGUAGE TRANSLATIONS form, page 4

The*“~” in messages 15 through 18 will be replaced by a string of digitswith a
maximum length of 15 digits. Therefore, the number of positionsfor charactersis
limited to 26 so that if the “~” isincluded, there will be room for a 15-digit
number.

display-messages softkey-labels

The softkey labels may a so be user defined. Your actual display may very slightly

based on other feature additions.
ﬁange di spl ay- nessages softkey-1abels Page 1 of 1\
LANGUAGE TRANSLATI ONS

English Transl ation English Transl ati on English Transl ation
1. Acct 1, xxkkx 17. Drop 17, ****x 33. RngOF 33, *xx*x

2. AD 2, xEEEx 18. Excl 18, **xxx 34. SAC 34, xxx*x

3. AdBsy 3. ***xx 19. FMute 19, =*x*** 35. SFunc 35. *xx**

4. Admin 4, **xxx 20. GrpPg 20. ****x 36. Spres 36. *xx**
5. AutCB 5. ***xx 21. HFAns 21, x***x 37. Stats 37. xxx*xx

6. BtnWu 6. *rFHx 22. | Auto 22, #*xx** 38. Stop 38, xxx*x

7. CFrwd 7. xEEEx 23. IDial 23, x***x 39. Swap  39. xxx*x
8. CnfDs 8. Krxkk 24. Inspt 24, x¥***x 40. Timer 40. **xxx

9. CnLWC 9. *x**x 25. Last 25, xxxxxk 41. TnDay 41. *****
10. Cnslt 10, ***** 26. LWC 26, *Fxxx 42. View 42, *xxxx
11. Count 11, ***** 27. Mark 27, xrEx* 43. Wit 43, FFExxx
12. CPark 12, ****x 28. NHCnf 28, ***** 44. WpAn 44, xx***
13. CPkUp 13. ****x 29. Pause 29. **xx* 45. WspPg 45, *****
14. CTine 14, ***** 30. PCall 30, ***x**

15. Dir 15, xxx*x* 31. Prog 31, KREEEE
16. DPkUp 16. ***** 32. RmBsy 32, *****

- J

Form 49. LANGUAGE TRANSLATIONS form, page 1
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display-messages view-buttons

New entries are required on page 9 of the di spl ay- mnessages vi ew butt ons
form to add the user-defined display option for the No Hold Conference feature.
Your actual display may very slightly based on other feature additions.

(’EEange di spl ay- nessages vi ew buttons Page 9 of 9*“\\
LANGUAGE TRANSLATI ONS
English Transl ation
1. Q)nf/Tl’anS Toggl e_SV\ap 1 khkkhkkhkhkkhkhkkhkhkhkhkhkhkhkhkkhkhkkhkkk
2. (bnference Dspl ay 2 khkkhkkhkhkkhkhkkhkhkhkhkhkhkhkhkhkhkkkkx
3. NO l_bld Conference 3 R R R R S R S S R S R
4. Far End the 4 khkkhkkhkhkkhkhkkhkhkhkhkhkhhkhkhkkkhkkx

Form 50. LANGUAGE TRANSLATIONS form, page 9

display-messages button-labels

This shows the layout of page 7 of the di spl ay- messages button-1 abel s
form. Your actual display may very slightly based on other feature additions.

(fﬁéplay di spl ay- nessages button-1|abels Page 7 of 10 ﬂﬂ\\
LANGUAGE TRANSLATI ONS
Engl i sh Transl ation
1. W Basic 1. RxXX XKk kkokokok
2. W CaII 2. *khkkkkkkkkkkkk
3. MMCall Fwd . Rk kK
4. MM Data Cnf 4, KEEKEAKKAKKEK
5. MM Milt Nor D, KEKKKAKKAKKAK
6. MM PC Audi o B, KERKRAKKKA KA
7. ng 7. KExEx
8. Msg Retrieve Q. Rk ok kK
9. MSgW Q. *HEkkk
10. MsgWai t Act 10, KEREE KRR KA KK
11. NSgV\ﬂ|t|xact 11, Krkkkkkkkkkkk
12. MST Debug 12, KEKKKKKKKKKKK
13. '\bxt 13. *khkkkkkkkkkkkk
14. Night Service T4, FREE KKK KKK KKK
15. No Hol d Conf 15, *EKKKKKKKKK KK

Form 51. LANGUAGE TRANSLATIONS form, page 7
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Posted Messages

system-parameters customer-options

=>» NOTE:
Onthefirst OPTI ONAL FEATURES form, the G3 Ver si on field must be set
to V11 or higher to be able to activate the Posted M essages feature.

Page 3 of the OPTI ONAL FEATURES form shows a sample of what the form
should look like. Your the form might be slightly different. The important point is
that the feature names are sorted in a phabetical order.

ﬁange system paraneters custoner-options Page 3 of 9\
OPTI ONAL FEATURES
Energency Access to Attendant? y | SDN- BRI Trunks? n
Enhanced EC500? n I SDN-PRI? n
Ext ended Cvg/ Fwd Admi n? n Malicious Call Trace? n
Ext ernal Device Alarm Adnmin? n Mode Code for Centralized Voice Mail? n
Flexible Billing? n
Forced Entry of Account Codes? n Mul tifrequency Signaling? y
A obal Call Cassification? n Miultinedia Appl. Server Interface (MASI)? n
Hospitality (Basic)? y Mul tinmedia Call Handling (Basic)? n
Hospitality (G3V3 Enhancenents)? n Mul tinmedia Call Handling (Enhanced)? n
H. 323 Trunks? n Miul tiple Locations? n
Personal Station Access (PSA)? n
| P Attendant Consol es? n Post ed Messages? y
IP Stations? n
| SDN Feature Plus? n
| SDN Network Cal | Redirection? n
K (NOTE: You nust |ogoff & login to effect the perm ssion changes.) J
Form 52. OPTIONAL FEATURES form, page 3
Posted Messages
Valid entries Usage
y/n Typey to turn on the Posted Messages feature. Typen

to turn off the Posted M essages feature.
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display-messages view-buttons

ThePost ed Messages entry isvisible on page 9 of the LANGUAGE

TRANSLATI ONS form. Thisentry isadministrable even if the Post ed Messages
option is not activated on the OPTI ONAL FEATURES form. Your actual display
may very slightly based on other feature additions.

mange di spl ay- nessages vi ew buttons Page 9 of 9\
LANGUAGE TRANSLATI ONS

English Transl ation

1. Stat|on LOCk 1 R R R R S R S R R R S R
2. LI cense Error 2 kkhkkhkkhkhkkhkhkhkhkhkhkhkhhkhkhkkkhkkx
3. Conference DSpI ay 3 R R R R R R S S R R S R
4. COnf/TranS Toggl e—SV\ﬂp 4 R R R R S R R R R S S R
5. Posted ,Vbssages 5 kkhkkhkkhkhkkhkhkkhkhkhkhkhkhkhkhkhkhkkhkkx

. /

Form 53. LANGUAGE TRANSLATIONS form, page 9
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display-messages softkey-labels

The PoMsg entry isvisible on page 1 of the LANGUAGE TRANSLATI ONS form.
Thisentry isadministrable even if the Post ed Messages option is not activated
on the OPTI ONAL FEATURES form. Your actual display may very slightly based
on other feature additions.

English

Acct
AD
AdBsy
Adm n
Aut CB
Bt nVu
CFrwd
Cnf Ds
9. CnLWC
10. Cnslt
11. Count
12. CPark
13. CPkUp
14. CTine
15. Dir
16. DPkUp

ONoOEWNE

(fgﬁange di spl ay- nessages softkey-1|abels

LANGUAGE TRANSLATI ONS

Transl ation English

9.
10.
11
12
13.
14.
15.
16.

1
2
3
4.
5.
6
7
8

* Kk k k%

* ok ok ok k

* Kk k kK

* Kk k kK

* ok ok ok ok

* Kk k kK

* Kk k kK

* ok ok ok ok

*k k kK

* Kk k kK

* ok ok ok ok

*k k kK

* Kk k k%

* ok ok ok ok

* Kk k kK

* Kk k kK

17

18.
19.
20.
21

22

23.
24.
25.
26.
27.
28.
29.
30.
31.
32.

Dr op
Excl
G pPg
HFAns
| Aut o
I Di al
I nspt
Last
LWC
Mar k
Pause
PCal
PoMsg
Pr og
RmBsy
RngOf

Transl ati on English

17

18.
19.
20.
21

22

23.
24.
25.
26.
27.
28.
29.
30.
31.
32.

*kk k)

* ok ok ok Kk

*kk k)

*kk k)

* ok ok kKk

*kk kK

*k Kk k)

*kk ok Kk

*kk k)

*kk k)

* ok ok kKk

*kk k)

*kk k)

* ok ok kKk

*kk k)

*kk k)

33.
34.
35.
36.
37.
38.
39.
40.
41.
42.
43.
44.

SAC
SFunc
Spres
Stats
St op
Swap
Ti mer
TnDay
Vi ew
i t
WspAn
WspPg

Transl ati on

33.
34.
35.
36.
37.
38.
39.
40.
41.
42.
43.
44.

Page

*kk k%

* ok ok kK

*kk k%

*kk k%

* ok ok kK

*kk k%

*kk k%

* ok ok kK

*kk k%

*kk k%

* ok ok kK

*kk k%

1 of 1\

Form 54. LANGUAGE TRANSLATIONS form, page 1
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display-messages button-labels

The Post ed MSGs entry isvisible on page 7 of the LANGUAGE TRANSLATI ONS
form. Your version of the form might be dightly different. The important point is
that the entries are sorted in alphabetical order.

English
1. NoAnsAlrt
2. O fBoardAl arm
3. PMs Failure
4. PMS Ptr Alarm
5. Posted MsGs
6. Priority Call
7. QueuecCall
8. QueueTine
9. Rel ease
10. RenBusyl nd
11. ResetAlert
12. Ringer Of
13. Ring Stat
14. RSVN Hal t
15. SD
16. SendAllCalls

ﬁange di spl ay- nessages button-1|abels
LANGUAGE TRANSLATI ONS

Transl ation

*kkkkkkk k%

kkkkkkkhkkkkkk

kkkkkkkkkkkk*

*kkkkkkkkkkkkk

kkkkkkkhkkkkkk

kkkkkkkhkkkkkk

*kkkkkkkk k%

kkkkkkkkokk

kkkkkkkhkkkkkk

*kkkkkkkkkkkk %

kkkkkkkhkkkkkk

kkkkkkkhkkkkk*

*kkkkkkkkkkk %

kkkkkhkkkkkkkk

* %

*kkkkkkkkkkkk %

Page 7 of 9 \

Form 55. LANGUAGE TRANSLATIONS form, page 7
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feature-access-codes

The activation and deactivation feature access codes for the Posted M essages
feature can be administered on the FEATURE ACCESS CODE ( FAC) formon
page 3. The new entries are not shown if the Post ed Messages optionisn on
thesyst em par anet ers cust oner - opt i ons form.

mange f eat ur e- access- codes Page 3 of 4\
FEATURE ACCESS CODE ( FAC)

Post ed Messages Activation: Deacti vati on:
Priority Calling Access Code:
Program Access Code:
Refresh Terminal Paraneters Access Code:

Rermote Send Al Calls Activation: Deacti vati on:
Sel f Station Display Activation:
Send Al Calls Activation: Deacti vati on:
Station Lock Activation: Deacti vati on:
Station Security Code Change Access Code:
Station User Admin of FBI Assign: Renove:

Station User Button Ring Control Access Code:
Term nal Dial-Up Test Access Code:

Term nal Translation Initialization Merge Code: Separati on Code:
Transfer to Voice Mail Access Code:
Trunk Answer Any Station Access Code:

User Control Restrict Activation: Deacti vati on:
Voi ce Coverage Message Retrieval Access Code:
Qoi ce Principal Message Retrieval Access Code: J

Form 56. FEATURE ACCESS CODE (FAC) form, page 3
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status station

On page 1 of the GENERAL STATUS form, the Post ed Messages Acti vat ed?
field has a status of either y or n. The Message No. field shows the message
number of the activated posted message.

ﬁat us station XXxXx Page 1 of 2\
GENERAL STATUS
Admi ni stered Type: Service State:
Connect ed Type: Downl oad St at us:
Ext ensi on: SAC Activat ed?
Port: User Cntrl Restr:
Cal | Parked? Goup Cntrl Restr:
Ring Cut Of Act? CF Destination Ext:
Active Coverage Option: Post ed Messages Activated? Message No. :

Message Wi ting:
Connected Ports:

ACD STATUS
G p/ Mod G p/ Mod G p/ Mbd G p/ Mod G p/ Mod
/ / / / / HOSPI TALI TY STATUS
/ / / / / Awaken at:
/ / / / / User DND:
/ / / / / Group DND:
On ACD Cal I ? Cccupancy: Room St at us:

\_ J

Form 57. GENERAL STATUS form, page 1

Posted Messages Activated?

Valid entries Usage

y/n Typey to activate the Posted M essages feature on this
station. Type n to deactivate the Posted M essages
feature on this station.

Message No.

=>» NOTE:
If the Posted Messages feature is not activated for the station, the Message
No. field is not shown.

Valid entries Usage

1- 30 Type the number of the message (see page 85).
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Resource Reservation Protocol (RSVP)

IP network region

Use this screen to pool devices with LAN-like connectivity. Thefirst pageis used
to modify the audio and QoS settings. The Codec Set field on this page reflects
the CODEC set that must be used for connections between phones within this
region or between phones and MedPro/Prowler boards within this region.

ﬁange i p-network-region 1 Page 1 of N
| P NETWORK REG ON

Region: 1 Name: region 1
Location: 1

Intra-region IP-1P Direct Audio: y

AUDI O PARAMETERS Inter-region IP-1P Direct Audio: y
Codec Set: 1 I P Audi o Hai rpi nni ng? n
UDP Port Range
M n: 2048 RTCP Reporting Enabl ed? y
Max: 3028 RTCP MONI TOR SERVER PARAMETERS

Use Default Server Paraneters? n
Server | P Address: 123-45-67-89
DI FFSERV/ TOS PARANMETERS Server Port: 5005
Call Control PHB Val ue: 46 RTCP Report Period(secs): 5
Audi o PHB Val ue: 46
AUDI O RESOURCE RESERVATI ON PARANVETERS
RSVP Enabl ed? y

802. 1P/ Q PARAMETERS RSVP Refresh Rate(secs): 5
Call Control 802.1p Priority: 7 Retry upon RSVP Fail ure Enabled? n
Audi o 802.1p Priority: 6 RSVP Profile: guaranteed-service

RSVP unreserved (BBE) PHB Val ue: 46

\ /

Form 58. IP network region form, page 1
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Name

Description of the region.

Valid entries Usage

Up to 20 characters  Describes the region.

Region
A display-only field indicating the number of the region being administered.

Audio Parameters

Codec Set
Specifies the codec assigned to the region.

Valid entries Usage

1-7 Type the number for the codec set for the region.

Direct IP-IP Audio Connections

Allows direct audio connections between | P endpoints.

Valid entries Usage

y/n Typey to save on bandwidth resources and improve sound
quality of voice over |IP transmissions.

IP Audio Hairpinning
Allows IP endpointsto be connected through the I P circuit pack on the switch.

Valid entries Usage

y/n Typey to alow IP endpoints to be connected through the IP
circuit pack on the switch in 1P format, without going
through the DEFINITY TDM bus.
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Location

Specifies the location by 1P network region allowing correct date and time
information and trunk routing based on I P network region.

Valid entries

Usage

1-44

1- 64

blank

RTCP Enabled

Valid entries

(For DEFINITY R, CSl, Sl only.) Type the number for the
location for the IP network region. The IP endpoint uses
this as itslocation number. This applies to I P telephones
and softphones.

(For Avaya S8300 Media Server, Avaya S8700
Multi-Connect, and Avaya S8700 I P-Connect only.) Type
the number for the location for the IP network region. The
I P endpoint usesthis asitslocation number. Thisappliesto
I P telephones and softphones.

The location is obtained from the cabinet containing the
CLAN that the endpoint registered through or the media
gateway containing the Internal Call Controller or Local
Spare Processor on an Avaya S8300 Media Server that the
endpoint registered through. This appliesto IP telephones
and softphones. Traditiona cabinets, Remote Offices, and
the Avaya S8300 Media Server al have their locations
administered on their corresponding screens.

Usage

y/n

UDP Port Range

Specifies whether you want to enable RTCP. If this
field is set toy, then the RTCP Monitor Server
Parameters fields appear.

UPD Port Range Max

Specifies the maximum range of the UDP port number used for audio transport.

Valid entries

Usage

3- 65535

555-233-783

Type the highest UDP port number to be used for audio
transport.
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UPD Port Range Min

Specifies the minimum range of the UDP port number used for audio transport.

Valid entries Usage
2- 65534 Type the lowest UDP port number to be used for audio
transport.

RTCP Monitor Server Parameters

168

RTCP Report Period (secs)

Thisfield only appearswhenthe Use Def aul t Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.

Valid entries Usage
5- 30 Type the report period for the RTCP Monitor server in
seconds.

Server IP Address

Thisfield only appearswhentheUse Default Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.

Valid entries Usage

0- 255 (in Type the IP address for the RTCP Monitor server.
nnn. nnn. nnn. nnn

format)

Server Port

Thisfield only appearswhentheUse Default Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.

Valid entries Usage

1- 65535 Type the port for the RTCP Monitor server.
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Use Default Server Parameters
Thisfield only appears when the RTCP Enabl ed fieldissettoy.

Valid entries Usage

y Typey to use the default RTCP Monitor server
parameters as defined on the | P OPTI ONS SYSTEM
PARAMETERS screen. If settoy, you must complete the
Default Server |P Address fieldonthel P
OPTI ONS SYSTEM PARAMETERS screen.

n If you type n, you need to complete the Server 1P
Addr ess, Server Port,andRTCP Report Period
fields that appear.

DiffServ/TOS Parameters

BBE PHB Value
Thisfield contains the Better than Best Effort (BBE) PHB value.

Valid entries Usage
0-63 Type the decimal equivalent of the DiffServ BBE PHB
value.

Call Control 802.1p Priority
Provides Layer 2 priority for Layer 2 switches.

Valid entries  Usage

0-7 Specifies the 802.1p priority value.

Call Control Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Usethe IP TOS field to support the DiffServ codepoint.

Valid entries Usage
0- 63 Type the decimal equivalent of the Call Control PHB
value.
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VoIP Media 802.1p Priority
Provides Lay 2 priority for Layer 2 switches.

Valid entries  Usage

0-7 Specifies the Audio 802.1p priority value.
VolIP Media PHB Value

Provides scalable service discrimination in the Internet without per-flow state and
signaling at every hop. Use the IP TOS field to support the Audio PHB codepoint.

Valid entries Usage
0- 63 Type the decimal equivalent of the DiffServ Audio
PHB value.

Resource Reservation Parameters

Retry upon RSVP Failure Enabled
Thisfield only appearsif the RSVP Enabl ed fieldissettoy.

Valid entries  Usage

y/n Specifies whether to enable retries when RSV P fails.

RSVP Enabled

Controls the appearance of the other fields in this section.

Valid entries  Usage

y/n Specifies whether or not you want to enable RSVP.

RSVP Profile

Thisfield only appearsif the RSVP Enabl ed field issettoy. You set thisfield to
what you have configured on your network.

Valid entries

guar ant eed- servi ce

controll ed-1 oad
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RSVP Refresh Rate (secs)
Thisfield only appearsif the RSVP Enabl ed fieldissettoy.

Valid entries Usage

1-99 Type the RSV P refresh rate in seconds.

RTCP Monitor Server Parameters

Use Default Server Parameters
Thisfield only appears when the RTCP Enabl ed fieldissettoy.

Valid entries Usage

y/n Typey to use the default RTCP Monitor server
parameters as defined on the IP Options System
Parameters form. If you type n, then you need to
completethe Server IP Address, Server Port, and RTCP
Report Period fields that appear.

Server IP Address

Thisfield only appearswhenthe Use Def ault Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.

Valid entries Usage

0-255in Type the IP address for the RTCP Monitor server.
nnn.nnn.NNN.NNN

format

Server Port

Thisfield only appearswhenthe Use Def aul t Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.

Valid entries Usage

1- 65535 Type the port for the RTCP Monitor server.

RTCP Report Period (secs)

Thisfield only appearswhenthe Use Def aul t Server Paraneters fieldis
set to n and the and the RTCP Enabl ed fieldissettoy.
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Valid entries Usage
5-30 Type the report period for the RTCP Monitor server in
seconds.

Resource Reservation Parameters

RSVP Enabled

Controls the appearance of the other fields in this section.

Valid
entries Usage
y/n Specifies whether or not you want to enable RSV P.

RSVP Refresh Rate (secs)
Thisfield only appearsif the RSVP Enabl ed fieldissettoy.

Valid
entries Usage
1-99 Type the RSV P refresh rate in seconds.

Retry upon RSVP Failure Enabled
Thisfield only appearsif the RSVP Enabl ed fieldissettoy.

Valid

entries Usage

y/n Specifies whether you to enable retries when RSV P fails.
RSVP Profile

Thisfield only appearsif the RSVP Enabl ed field issettoy. You set thisfield to
what you have configured on your network.

Valid entries Usage

guar ant eed- serv
i ce

controll ed-1oad
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S8300 Media Server

This section shows changes to existing forms and new options for existing fields
associated with this development item. The introduction explains why the
administrator uses the form, and the table describes the use of each new field or
option on the form.

IP-network-region

Field descriptions for page 1

(change i p- net wor k-regi on 3 Page 1 of 2 \
| P Net wor k Regi on
Regi on: 3 Name: North
Locati on:

Intra-region IP-1P Direct Audio? transl ated(NAT)
P-1P Di

AUDI O PARAMETERS Inter-region | rect Audi o? native (NAT)
Codec Set: 2 | P Audi 0 Hai rpinning? y
Location: 1
UPD Port Range RTCP Reporting Enabled? y
Mn: 2048_ RTCP MONI TOR SERVER PARAMETERS
Max: 3028 Use Default Server Paraneters? n
Server |P Address: 1 .2 .3 .4
DI FFSERV/ TOS PARAMETERS Server Port: 5005
Call Control PHB Value: 34_ RTCP Report Period(secs): 5
Audi o PHB Val ue: 46
BBE PHB Val ue: 43 Resource Reservation Paraneters
RSVP Enabl ed? y
RSVP Refresh Rate(secs): 15
Call Control 802.1p Priority: 7 Retry upon RSVP Failure Enabled? y
Audi o 802.1p Priority: 6 RSVP Profile: guaranteed-service

J

Form 59. IP Network Region form

Region

A display-only field indicating the number of the region being administered.

Name

Description of the region.

Valid entries Usage

Upto 20 characters  Describes the region.
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AUDIO PARAMETERS

Codec Set

Specifies the codec assigned to the region.

Valid entries

Usage

1-7

Enter the number for the codec set for the region.

Intra-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints within a region.

Valid entries

Usage

y/n

native(NAT)

translated(NAT)

Enter y to save on bandwidth resources and improve
sound quality of voice over IP transmissions.

Enter native(NAT) if the IP address from which audio is
to be received for direct IP-to-IP connections within the
region isthat of the telephone itself (without being
translated by NAT).

Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
within the region is to be the one with which aNAT
device replaces the native address.

Inter-region IP-IP Direct Audio

Allows direct audio connections between | P endpoints in different regions.

Valid entries

Usage

y/n

native(NAT)

translated(NAT)

174 Issue2 May 2003

Enter y to save on bandwidth resources and improve
sound quality of voice over IP transmissions.

Enter native(NAT) if the IP address from which audio is
to be received for direct IP-to-1P connections between
regionsisthat of the telephone itself (without being
translated by NAT).

Enter translated(NAT) if the IP address from which
audio isto be received for direct |P-to-1P connections
between regionsisto be the one with which aNAT
device replaces the native address.
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IP Audio Hairpinning

Allows IP endpoints to be connected through the I P circuit pack on the switch.

Valid entries

Usage

y/n

Location

Enter y to allow 1P endpoints to be connected through the IP
circuit pack on the switch in IP format, without going
through the DEFINITY TDM bus.

Specifies the location by | P network region allowing correct date and time
information and trunk routing based on IP network region.

Valid entries

Usage

1-44

1-64

blank

(For DEFINITY R, CSl, Sl only.) Enter the number for the
location for the IP network region. The I P endpoint uses
this asits location number. This appliesto IP telephones
and softphones.

(For Avaya S8300 Media Server, Avaya S8700
Multi-Connect, and Avaya S8700 IP-Connect only.) Enter
the number for the location for the | P network region. The
IP endpoint usesthis asitslocation number. Thisappliesto
| P telephones and softphones.

The location is obtained from the cabinet containing the
CLAN that the endpoint registered through or the media
gateway containing the Internal Call Controller or Local
Spare Processor on an Avaya S8300 Media Server that the
endpoint registered through. This appliesto | P telephones
and softphones. Traditional cabinets, Remote Offices, and
the Avaya S8300 Media Server al have their locations
administered on their corresponding screens.

RTCP Reporting Enabled

Valid entries

Usage

y/n

555-233-783

Specifies whether you want to enable RTCP reporting.
If thisfield is set to y, then the RTCP Monitor Server
Parameters fields appear.
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UDP Port Range

UPD Port Range Max

Specifies the maximum range of the UDP port number used for audio transport.

Valid entries Usage
3-65535 Enter the highest UDP port number to be used for audio
transport.

UPD Port Range Min

Specifies the minimum range of the UDP port number used for audio transport.

Valid entries Usage
2-65534 Enter the lowest UDP port number to be used for audio
transport.

RTCP MONITOR SERVER PARAMETERS

RTCP Report Period (secs)

Thisfield only appears when the Use Default Server Parametersfield isset ton
and the RTCP Reporting Enabled field isset to y.

Valid entries Usage
5-30 Enter the report period for the RTCP Monitor server in
seconds.

Server IP Address

Thisfield only appears when the Use Default Server Parametersfield isset to n
and the and the RTCP Enabled field isset to y

Valid entries Usage

0-2551in Enter the | P address for the RTCP Monitor server.
nnNN.nNN.NNN.NNN

format
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Server Port

Thisfield only appears when the Use Default Server Parametersfield isset ton
and the and the RTCP Enabled field isset to y.

Valid entries Usage

1-65535 Enter the port for the RTCP Monitor server.

Use Default Server Parameters
Thisfield only appears when the RTCP Reporting Enabled field isset to y.

Valid entries Usage

y Enter y to use the default RTCP Monitor server
parameters as defined on the IP Options System
Parameters screen. If set to y, you must complete the
Default Server IP Address field on the IP Options
System Parameters screen.

n If you enter n, you need to complete the Server IP
Address, Server Port, and RTCP Report Period fields
that appear.

DIFFSERVE/TOS PARAMETERS

BBE PHB Value
Thisfield contains the Better than Best Effort (BBE) PHB value.

Valid entries Usage
0-63 Enter the decimal equivaent of the Diff Serv BBE PHB
value.

Call Control 802.1p Priority
Provides Layer 2 priority for Layer 2 switches.

Valid entries  Usage

0-7 Specifies the 802.1p priority value.
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Call Control Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Use the IP TOS field to support the DiffServ codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the Call Control PHB
value.

Audio 802.1p Priority
Provides Lay 2 priority for Layer 2 switches.

Valid entries Usage

0-7 Specifiesthe Audio 802.1p priority value.

Audio PHB Value

Provides scalabl e service discrimination in the Internet without per-flow state and
signaling at every hop. Usethe IP TOSfield to support the Audio PHB codepoint.

Valid entries Usage
0-63 Enter the decimal equivalent of the Diff Serv Audio
PHB value.

AUDIO RESOURCE RESERVATION
PARAMETERS

Retry upon RSVP Failure Enabled
Thisfield only appearsif the RSVP Enabled field isset to y.

Valid entries Usage

yIn Specifies whether to enable retries when RSV P fails.

RSVP Enabled

Controls the appearance of the other fields in this section.

Valid entries  Usage

yIn Specifies whether or not you want to enable RSVP.
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RSVP Profile

Thisfield only appearsif the RSVP Enabled field isset toy. You set thisfield to
what you have configured on your network.

Valid entries Usage

guaranteed-service

controlled-load

RSVP Refresh Rate (secs)
Thisfield only appearsif the RSVP Enabled field isset to y.

Valid entries Usage

1-99 Enter the RSV P refresh rate in seconds.

Timed automatic disconnect for outgoing
trunk calls

Class of Restriction

ﬁange cor 1 Page 2 of ﬁ

CLASS OF RESTRI CTI ON

MF I ncoming Call Trace? n
Brazil Collect Call Blocking? n
Bl ock Transfer Display? n

Station Lock COR 1
Qut goi ng Trunk Di sconnect Tiner (mnutes):

- J

Form 60. Class of Restriction (COR) form, page 2
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Outgoing Trunk Disconnect Timer (minutes)

Valid entries Usage

bl ank Default value. The featureis disabled and the trunk will
not be automatically disconnected.

2 — 999 The number of minutes before an outgoing trunk is
automatically disconnected (dropped). The outgoing trunk
disconnect timer should be administered to avalue large
enough to provide users with adequate response time.

=—>» NOTE:
Thisfeature appliesto all outgoing trunk callsinitiated by a party belonging
to a specified Class of Restriction (COR). Prior to disconnecting the trunk,
warning tones are applied to al parties on the call. Thefirst warning tone
occurs when one minute remains on the call. The second warning tone
occurs when 30 seconds remain on the call.

VLAN administration

To avoid confusion when administering virtual local areanetworks (VLAN),
VLAN administration has been split into two separate areas.

» VLAN administration for boards
« VLAN administration for phones

The VLAN administration — specifically, the 802. 1Q VLANfield — has been
removed from thei p- net wor k- r egi on form. Initsplace, VLAN
administration has been moved to two separate forms:

« ip-interfaces form (for VLAN board administration)
« i p-network-map form (for VLAN phone administration)
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IP-interfaces

ﬂange ip-interfaces

Inter-region I P connectivity all owed?

Type Sl ot Code Sfx Node Narme

ﬂ:::::::::::::g
|
|

I P | NTERFACES

Subnet Mask

255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.
255. 255. 255.

[eNeNeoNeoNoNolNeoNoNolNoNolNoNolNo)

Page 1 of ﬁ

Gat eway Address Rgn VLAN

Form 61. I[P INTERFACES form

VLAN

Valid entries Usage

0- 4095 Specifies the 802.1Q virtual LAN value. The default
valueis zero (0).

The VLAN field has the same allowed values, default, help, and error messages as
it had onthei p- net wor k- r egi on form.

The use of the VLANfield, however, is different onthei p-i nt er f aces form
thanit wasonthei p- net wor k regi on form. The VLAN field on the

i p-interfaces formsends VLAN instructionsto the CLAN, processor CLAN
function, or Media Processor boards. It does not send VLAN instructionsto |IP

endpoints, such as IP telephones and softphones.
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IP-network-map

Page 1 of X\

Gange i p- net wor k- map

| P PARAVETERS BY | P ADDRESS
Subnet 802.1Q
FROM | P Addr ess (TO I P Address or Mask) Region VLAN
1._2._3._0 1._2._3.255 24 1 3
1._2._ 4 __4 1._2._ 4 __4 32 _2 0
1._2._4_5 1._2._4_5 __ _3 0
1._2._4_6 1._2._4_9 __ 4 4
Form 62. IP NETWORK MAP form
802.1Q VLAN
Valid entries Usage
0- 4095 Specifies the 802.1Q virtual LAN value. The default
valueis zero (0).
The802. 1Q VLANfield specifies the 802.1Q virtual LAN value, and appears
only if 802.1p/Q isenabled. The802. 1Q VLANfield has the same allowed
values, default, help, and error messages asit had on thei p- net wor k- r egi on
form.
The use of the 802. 1Q VLANfield, however, is different on the
i p- net wor k- nap form than it wason thei p- net wor k regi on form. The
802. 1Q VLANfield onthei p-i nt er f aces form sendsVLAN instructionsto IP
endpoints such as I P telephones and softphones. It does not send VLAN
instructions to the CLAN, processor CLAN function, or Media Processor boards.
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New and changed commands

This chapter displays the new and changed commands for Avaya™

Communication Manager.

New commands

2420 DCP telephones

display-messages button-labels (language
translations)

action object qualifier
change display-message view-buttons
display display-message view-buttons

tftp-server

action object qualifier
change tftp-server
display tftp-server

555-233-783
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4620 IP telephones

display-messages button-labels (language
translations)

action object qualifier
change display-message view-buttons
display display-message view-buttons

CLAN QoS and CIDR support

The output of two commands now contain new columns of Subnet Mask dataiin
Communication Manager. The syntax for the two commands are unchanged.

netstat ip-route

The netstat ip-route lists IP routes from all circuits.

netstat ip-route board <board location>

The netstat ip-route board <board location> lists routes from a specified
circuit pack.

The routes shown in netstat ip-route command output are obtained directly from
the circuit packs using SNMP queries. All administered routes in the switch can
be seen using the list ip-route command and status-link together.

(ﬁ stat i p-route board 01C07 page 1 of}‘\
I P RQJTI NG
Bd/ Pt Desti nation Gt evay Subnet Msk I nterface
01C0717 0.0.0.0 135.9.77. 254 255. 255.255. 255 cpnD
01C0717 135.9.77.0 135.9.77. 88 255. 255.255.0 cpnD
01C0717  135.9.193.254 135.9.77. 88 255. 255.254.0 cpnD
01C0711  192. 255. 255.2 192. 255. 255. 1 255. 255.255. 255 pppl0
01C0711  192.255.255.17 192. 255. 255. 2 255. 255.255. 255 pppl0
01C0718 127.0.0.1 127.0.0.1 255. 255. 255.255 o0

N J

Form 63. netstat ip-route command form

184 Issue2 May 2003 555-233-783



New commands

Co-resident DLG

crm-features

Action ‘ Object ‘ Qualifier
list ‘ crm-features ‘
cti-link

Action | Object Qualifier

add cti-link <link number> (or ‘next’)
(DEFINITY R, CSl, SI, S8700 IP-Connect)

busyout | cti-link <link number> (DEFINITY R, CSl, SI)

change | cti-link <link number>
(DEFINITY R, CSl, SI, S8700 I P-Connect)

display | cti-link <link number> [*count’ n] [*print’ or ‘schedul€']
(DEFINITY R)

display | cti-link <link number> [*print’ or ‘schedul€']
(DEFINITY Cdl, SI)

list cti-link [cti-link number 1-MAX], [*count’ n], [print or
scheduleg]
(DEFINITY R, CSl, SI)

list cti-link [cti-link number 1-MAX], [ count n], [ schedul€e']
(S8700 IP-Connect, S8700 Multi-Connect)

list usage cti-link | [cti-link number 1-MAX], [‘print’ or ‘schedule’]
(DEFINITY Cdl, S)

list usage cti-link | 1-MAX
(not for DEFINITY R, S8700 IP-Connect)

remove | cti-link <link number>
(DEFINITY R, CSl, SI, S8700 IP-Connect)

test cti-link <link number> [‘long’ or ‘short’] [‘repeat’ (1-100)
or ‘clear’]
(DEFINITY Cdl, S)
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T I
dig cti-link

Action ‘ Object ‘ Qualifier
status | digcti-link | ['print’]

dlg interface

Action ‘ Object ‘ Qualifier

status ‘ dig interface ‘ [‘print’]

usage extension

Action Object ‘ Qualifier

list usage extension <extension number> [*vector’],

[‘print’ or ‘schedul€']
(DEFINITY Cdl, S)

Conferencel/transfer enhancements

list meet-me-vdn

You can list Meet-me Conference VDNs as shown in the following example:

ﬂst meet - me- vdn \

MEET- ME VECTOR DI RECTORY NUMBERS

Access Vec Control
Narre Bxt Code CR TN Num Ext
Secur e Meet-me Conference 4000 * 1 1 1
Nonsecur e Meet - me Conference 4006 1 1 2 84590

N /

If the Access Code field shows an asterisk (*), an access code is assigned. If the
Access Codefield is blank, no access code is assigned. The access code is
displayed for administrators with super-user permissions (such as init).
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status meet-me-vdn

The status of a M eet-me Conference VDN can be displayed as shown in the
following example. In this example, there are three parties connected to the
Meet-me Conference call.

@atus neet -me- vdn 4003 Page 1 of 1\
GENERAL STATUS

Service State: active

Ext ensi on: 4003

k Connected Ports: 01A10002 03B08013 05D18009 j

In this example, the Meet-me Conference VDN is administered, but there are no
parties active on acall.

@atus neet -me- vdn 4003 Page 1 of 1\
GENERAL STATUS

Service State: idle

Ext ensi on: 4003

K Connect ed Ports: /

reset meet-me-vdn

A Meet-me Conference VDN can be reset using the rest command. When reset,
any conference callers are dropped from the conference call, and the VDN returns
to the idle state. This can be done, for example, if the administrator suspects that
an unauthorized user is using the M eet-me Conference feature.

The syntax for the command is as follows (xxxxx isthe VDN):

= reset meet-me-vdn XxXxxx
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Dial plan expansion (DPE)

dialplan analysis

Action | Object Qualifier
change | dialplan anaysis —
display | dialplan analysis [‘print’ or ‘schedul€e’]

dialplan parameters

Action

Object

Qualifier

change

dialplan parameters

display

uniform-dialplan

Action

dialplan parameters

Object

[‘print’ or ‘schedule’]

Qualifier

change

uniform-dialplan

Type 1-7 digits between 0-9

display

uniform-dialplan

Type 1-7 digits between 0-9 [*print’ or
‘schedule’]

list

IP telephones

uniform-diaplan

[start digits] [len length] [insert digits]
[net network] [node node number]
[to-node node number] [count number]
[*print’ or ‘schedule’]

=—>» NOTE:

This new command is not related to a specific feature.

To apply afirmwarefix to al 1P telephones at asite, you have to get the phonesto
reboot. This forces the phones to download new firmware from the TFTP server.
The only way to force al 1P telephones to reboot is to either busyout each phone
one extension at atime, or reset system 2.
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A new command, reset ip-station, has been created to allow the administrator to
be able to unregister al the H.323 stations, |P softphones, and |P telephonesin a
system. Thisfeature allows the administrator to unregister and re-register their IP
telephones, allowing the phones to download new firmware.

Thereset ip-station command causes the switch to send a message to each IP
telephone, telling that 1P telephone to reset. After sending the message, the switch
unregisters the station. That guarantees that even if the reset message were
dropped by the LAN, the set would still be unregistered.

This command runs in the background. When the command is submitted at the
SAT, the system respondsimmediately: * Command completed successfully.” That
does not mean that al | P telephones have aready been reset. It means that the
system has started the background process of resetting them.

reset ip-station

Action ‘ Object ‘ Qualifier
reset ‘ ip-station ‘ network region

Changed commands

2420 DCP telephones

terminal-parameters

action object qualifier
change terminal-parameters 6400/607A1/4600/2420
display terminal-parameters 6400/607A1/4600/2420

Note that the change terminal-parameters command requires at least craft login
permissions.
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Conferencel/transfer enhancements

display capacity

The Meet-me Conference VDN s are displayed as shown in the following
example:

ﬁspl ay capacity Page 3 of 10\
SYSTEM CAPACI TY

System
Used Available Limt

CALL COVERAGE

Cover age Answer Goups: 0 750 750
Qoverage Paths: 3 9996 9999
Cal | Pi ckup Groups: 0 5000 5000
Call Records: - - 7712
CALL VECTOR NG CALL PROVPTI NG
Total Vector Directory Nunbers: 19321 679 20000
Meet - ne Conf erence VDNs per system 0 1800 1800
Vectors Per System 231 768 999
BSR Application-Location Pairs Per System 1 999 1000

N\ J

list usage extension

When listing extension usage, Meet-me Conference VDNs will display that
information as shown in the following example:

list usage extensi on 36090
LI ST USAGE REPORT

Wsed By
DN - Meet-nme Conf VDN Nunber 36090
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list usage vector

When listing vector usage, Meet-me Conference VDNs using a particular vector
will display that information as shown in the following example:

ﬂst usage vector 12 \

LI ST USAGE REPORT

Wsed By

\ect or Vect or Nunber 2 Step 4
\ect or Vect or Nunber 43 Step 4
\ect or Vect or Nunber 78 Step 4
VDN VDN Nunber 25002
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AIW See Avaya I nstallation Wizard (A1W)
alphanumeric field designation, 20
analog busy automatic callback without flash, 47
changed forms
feature-related system-parameters, 103
station, 104
announcement sources for the G700 Media Gateway, 20
announcements
local announcements on the G700 Media Gateway, 27
multiple music sources, 44
AUDIX one-step recording, 21
changed forms
feature-related system parameters, 106
language translations, 106, 108
station, 105
Avaya Call Center
Basic, 38
Deluxe, 38
Elite, 38
features supported on the Avaya G700 Media Gateway,
37
Avaya Communication Manager on an S8100 Media
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Avaya Directory Enabled Management (DEM), 45
Avaya Extension to Cdllular, 48
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Call Detail Recording (CDR), 38
call filtering, 38
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Avaya S8300 Media Server and Avaya G700 Media Gate-

way, 60
Avayatelephones
2420 DCP telephone
personalized labelsfor, 33
voice mail retrieval button, 52
4602 | P telephone
voice mail retrieval button, 52
4620 | P telephone
personalized labelsfor, 33
4630 | P telephone
personalized labelsfor, 33
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BRI mediamodule, 58
BRI options, 75

C

cal classification, 23
call coverage

alphanumeric field designation, 20
Call Detail Recording (CDR), 38

display of physical extension, 24

changed forms
CDR system parameters, 109

cal filtering, 38
call forwarding of 18-digits, 41
call redirection intervals, 24
call vector forms, 119
capacity changes, 53
capacity form

maximum G700 VAL sources, 153
CDR. See Call Detail Recording (CDR)
Center Stage Switch (CSS)

separation of, 24
Central Office (CO)

support on G700 Media Gateway — Russia, 25

changed commands
2420 DCP telephone
terminal-parameters, 189
conference/transfer enhancements
display capacity, 190
list usage extension, 190
list usage vector, 191
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changed forms

2420 DCP telephone
abbreviated-dialing system list, 89
feature access code, 92
feature-related system-parameters, 93
station, 94
terminal parameters, 96
usage-ip-address, 97
usage-node-name, 97
4602 | P telephone
station, 98
4620 | P telephone
abbreviated-dialing system list, 100
station, 100
analog busy automatic callback without flash
feature-related system-parameters, 103
station, 104
AUDIX one-step recording
feature-related system parameters, 106
language translations, 106, 108
station, 105
Call Detail Recording (CDR) display of physical exten-
sion
CDR system parameters, 109
CLAN QoS and CIDR support
| P-network-region, 113
IP-routing, 111
conference/transfer enhancements
display messages, 138
feature-related system-parameters, 140
language translations - self-administered, 139
language translations - softkey labels, 139
language translations - view buttons, 140
Meet-me Conference call vector, 133
Meet-me Conference feature access code, 137
Meet-me Conference VDN, 131
system-parameters customer-options, 130
co-resident DLG
call vector, 119
hunt group, 122
IPservices, 124
IP services, session layer timers, 127
Dial Plan Expansion (DPE)
feature-related system-parameters, 141
ISDN parameters, 142
five EPN maximum in MCC1 Media Gateways
system-parameters customer-options, 142
IP loss groups
system-parameters country-options, 144
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changed forms, (continued)
location by region
| P-network-region, 146
maximum G700 VAL sources
capacity, 153
system-parameters customer-options, 152
no hold conference
feature-related system parameters, 155
language translations, 156, 157, 158
optional features, 154
station, 156
posted messages
feature access codes, 85, 163
genera status, 164
language translations, 160, 161, 162
optional features, 159
Resource Reservation Protocol (RSVP)
IP network region, 165
S8300 Media Server
I P-network-region, 173
timed automatic disconnect for outgoing trunk calls
Class of Restriction, 179
VLAN administration
IP-interfaces, 181
| P-network-map, 182
CLAN QoS and CIDR support, 48
changed forms
I P-network-region, 113
IP-routing, 111
new commands
netstat ip-route, 184
netstat ip-route board (board location), 184
CLAN support for multiple network regions, 48
Class of Restriction (COR), 36, 180
CO. See Centra Office (CO)
conference/transfer enhancements, 49
changed commands
display capacity, 190
list usage extension, 190
list usage vector, 191
changed forms
display messages, 138
feature-related system-parameters, 140
language translations - self-administered, 139
language translations - softkey labels, 139
language translations - view buttons, 140
Meet-me Conference call vector, 133
Meet-me Conference feature access code, 137
Meet-me Conference VDN, 131
system-parameters customer-options, 130
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conference/transfer enhancements, (continued)
new commands
list meet-me-vdn, 186
reset meet-me-vdn, 187
status meet-me-vdn, 187
new feature buttons, 129
co-resident DLG, 42
changed forms
call vector, 119
hunt group, 122
IPservices, 124
IP services, session layer timers, 127
new commands
crm-features, 185
cti-link, 185
dig cti-link, 186
diginterface, 186
usage extension, 186
new forms
BRI options, 75
cti-link, 73
DLG administration, 77
crm-feature command, 185
CSS. See Center Stage Switch (CSS)
cti-link command, 185
cti-link forms, 73

D

DCP telephones
2420, 63
DEFINITY LAN Gateway (DLG), co-resident, 42
changed forms
call vector, 119
hunt group, 122
IPservices, 124
IP services, session layer timers, 127
new forms
BRI options, 75
cti-link, 73
DLG administration, 77
Dial Plan Analysis Tableforms, 78
Dial Plan Expansion (DPE), 35, 49, 141
changed forms
feature-related system-parameters, 141
ISDN parameters, 142
new commands
diaplan analysis, 188
dialplan parameters, 188
uniform-dialplan, 188
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Dia Plan Expansion (DPE), (continued)
new forms
Dial Plan Analysis Table, 78
dia plan parameters, 81
Uniform Dia Plan Table, 82
dial plan parametersform, 81
dialplan analysis command, 188
dialplan parameters command, 188
display capacity command, 190
display messages forms, 138
display-messages button-labels (language trandl ations)
command, 183, 184
form, 69
DLG administration forms, 77
dig cti-link command, 186
dig interface command, 186

E

EAS. See Expert Agent Selection (EAS)

ECC. See External Communication Controller (ECC)
enable control of IPS| form, 72

enhanced abbreviated dialing list increase, 50

Expert Agent Selection (EAS), 24

Extension to Cellular. See Avaya Extension to Cellular
External Communication Controller (ECC), 25, 27

F

far end mute. See selective conference mute
Fax Extended Dialing (FED), 45
feature access code form, 85, 92, 163
feature status button, 22
feature-rel ated system-parameters forms
2420 DCP telephone, 93
analog busy automatic callback without flash, 103
conference/transfer enhancements, 140
Dial Plan Expansion (DPE), 141
FED. See Fax Extended Dialing (FED)
five EPN maximum in MCC1 Media Gateways, 58
changed forms
system-parameters customer-options, 142
France 25% trunk alarming, 50

G

G700 tone detection, increased capacity, 25
G700 VAL sources, 152
Gateway Installation Wizard (GIW), 24
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H

H.248 Media Gateway control, 50
help, numbersto call, 18
history report
parsing capabilities, 32
how to obtain Avaya books on the Web, 17
how to order documentation, 17
HP DL380G2 server, support for, 36
hunt group forms, 122

I

increased distance between multiple S8700 Media Servers,
42
increased tone detection ports on G700, 25
Installation Wizard. See Avaya Installation Wizard (AIW)
international analog media module, 57
Internet Protocol (IP) telephones
4602, 64
4620, 65
4620SW, 56
4630SW, 56
Avaya softphone for pocket PC, 56
IP Connect, definition of, 61
IPlossgroups, 25
changed forms
system-parameters country-options, 144
IP network region
forms, 165
| P packet monitors, 28
I P serviceability enhancements, 50
IPservicesforms, 124
session layer timers, 127
I P telephones
new commands
reset ip-station, 189
IP-interfaces form
VLAN administration, 181
| P-network-map form
VLAN administration, 182
I P-network-region form
CLAN QoS and CIDR support, 113
location by region, 146
S8300 Media Server, 173
IP-routing forms, 111
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IPS|
add IPSI trandations, 71
administering and enabling, 70
test connectivity to circuit packs, 72
verify circuit pack version, 72
ISDN parametersforms, 142

K

katakana characters, 43

L

language trandations
display-messages button-labels command, 183, 184
display-messages button-labels form, 69, 108
display-messages self-administration form, 139
display-messages softkey-labels form, 161, 162
display-messages view-buttons form, 106, 140, 160

Leave Word Calling (LWC)
QSIG/DCS, 26

link recovery, 26

list meet-me-vdn command, 186

list usage extension command, 190

list usage vector command, 191

local announcements on the G700 Media Gateway, 27, 43

local music-on-hold, 43

Local Survivable Processor (LSP), enhancements, 27
support for 10 LSPs on S8300 Media Servers, 27
support for up to 50 LSPsin asingle system, 27
support of 50 G700 Media Gateways, 27

location by region, 51
changed forms

I P-network-region, 146
loopback trunk elimination, 39
LSP. See Local Survivable Processor (LSP)

M

Master Control Unit (MCU), 57
maximum G700 VAL sources
changed forms
capacity, 153
system-parameters customer-options, 152
Media Encryption, 28
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M eet-me Conference
call vector forms, 133
feature access code form, 137
VDN form, 131
Message Sequence Tracer (MST), 30
migrations of DEFINITY Server Sl and DEFINITY Server
R (Direct Connect) to S8700 Media Server with G600
Media Gateway, 44
Multi-Connect, definition of, 63
multiple music sources, 44
MultiTech gateway support, 44
music-on-hold
local, 43
multiple music sources, 44

N

NAPT. See Network Address Port Translation (NAPT)
NAT. See Network Address Trandlation (NAT)
NCR. See Network Call Redirection (NCR)
netstat ip-route board (board location) command, 184
netstat ip-route command, 184
Network Address Port Trandation (NAPT), 31
Network Address Translation (NAT), with shuffling, 31
Network Call Redirection (NCR)
2-B channel transfer, 32
new commands
2420 DCP telephone
display-messages button-label s (language trand a-
tions), 183
tftp-server, 183
4620 | P telephone
display-messages button-label s (language tranda-
tions), 184
CLAN QoS and CIDR support
netstat ip-route, 184
netstat ip-route board (board location), 184
conference/transfer enhancements
list meet-me-vdn, 186
reset meet-me-vdn, 187
status meet-me-vdn, 187
co-resident DLG
crm-features, 185
cti-link, 185
dig cti-link, 186
diginterface, 186
usage extension, 186

Issue2 May 2003 197



Index

new commands, (continued)
Dial Plan Expansion (DPE)

dialplan analysis, 188
dialplan parameters, 188
uniform-dialplan, 188

| P telephones

reset ip-station, 189

new features and enhancements
release 1.1.2, 47

analog busy automatic callback without flash, 47
Avaya Extension to Cellular, 48

CLAN QoS and CIDR support, 48

CLAN support for multiple network regions, 48
conference/transfer enhancements, 49

Dial Plan Expansion (DPE), 49

enhanced abbreviated dialing list increase, 50
France 25% trunk alarming, 50

H.248 Media Gateway control, 50

I P serviceability enhancements, 50

location by region, 51

Russia DATS/ISDN network, 51

time of day clock synchronization, 52

release 1.2, 37
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Avaya Call Center features supported on the Avaya
G700 Media Gateway, 37
Avaya Communication Manager on an S8100 Media
Server, 38
Avaya Extension to Cellular
enhancements, 38
Avaya Extension to Cellular enhancements
Call Detail Recording (CDR), 38
cal filtering, 38
loopback trunk elimination, 39
scheduler, 39
AvayalA770 INTUITY Audix Messaging Applica-
tion (embedded INTUITY 5.1 messaging—L inux),
39
Avayalnstallation Wizard (AIW), 40
call forwarding of 18-digits, 41
call redirection intervals, 24
co-resident DLG, 42
increased distance between multiple S8700 Media
Servers, 42
katakana characters, 43
local announcements on the G700 Media Gateway,
43
local music-on-hold, 43
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new features and enhancements, release 1.2, (continued)

migrations of DEFINITY Server Sl and DEFINITY
Server R (Direct Connect) to S8700 Media Server
with G600 Media Gateway, 44
multiple music sources, 44
MultiTech gateway support, 44
punctuation on station displays, 45
selective conference mute, 46
activation of, 46
SNMP agents on S8700 and S8300 Media Servers,
47
VDN override for ASAI messages, 47

release 1.3, 19

agent-loginID skill pair increase, 20
alphanumeric field designation, 20
announcement sources for G700 Media Gateway,
20
AUDIX one-step recording, 21
Avaya Extension to Cellular enhancements
cal classification, 23
feature status button, 22
Avaya |nstallation Wizard (AIW)
enhancements, 23
Center Stage Switch (CSS), separation of, 24
increased tone detection ports on G700, 25
IPlossgroups, 25
link recovery, 26
Network Address Translation (NAT)
with shuffling, 31
Network Call Redirection (NCR)
2-B channdl transfer, 32
no hold conference, 32
parsing capabilities of the history report, 32
personalized labelsfor the Abbreviated Dialing (AD)
systemlist, 33
posted messages, 34
Resource Reservation Protocol (RSVP), 34
Separation of Bearer and Signaling (SBS), 35
support for the HP DL380G2 server, 36
timed automatic disconnect for outgoing trunk calls,
36
Tripwire security, 37
voice mail retrieval button, 52

new forms
2420 DCP telephone

display-messages button-label s (language trandla-
tions), 69
TFTP Server Configuration, 67
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new forms, (continued)
4620 | P telephone
display-messages button-label s (language transla-
tions), 69
administering and enabling IPSI, 70
add IPSI trandations, 71
enable control of IPS|, 72
co-resident DLG, 73
BRI options, 75
cti-link, 73
DLG administration, 77
Dial Plan Expansion (DPE), 78
Dia Plan Analysis Table, 78
dial plan parameters, 81
Uniform Dial Plan Table, 82
posted messages, 85
time of day clock synchronization, 88
new hardware
Avaya Media Servers and Media Gateways, 60
Avaya S8300 Media Server and Avaya G700 Media
Gateway, 60
S8300 Media Server, 60
S8700 Media Server configurations, 61
S8700 Media Server with G600 Media Gateway, 61
S8700 Media Server with MCC1 or SCC1 Media
Gateway, 63
Avayatelephones, 63
2420 DCP telephone, 63
3410 wireless telephone, 57
3606 wireless telephone, 55
4602 |P telephone, 64
4620 IP telephone, 65
4620SW |P telephone, 56
4630SW |P telephone, 56
BRI mediamodule, 58
five EPN maximum in MCC1 Media Gateway, 58
international analog mediamodule, 57
new hardware additions
release 1.1.2, 60
release 1.2, 57
release 1.3, 55
no hold conference, 32
changed forms
feature-related system parameters, 155
language translations, 156, 157, 158
optional features, 154
station, 156
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Overal Loudness Rating, 25

P

parsing capabilities of the History report, 32
PAT. See Port Address Trandation (PAT)
personalized labels
for the 2420 DCP telephone, 33
for the 4620 |P telephone, 33
for the 4630 IP telephone, 33
Port Address Trandation (PAT), 31
posted messages, 34
changed forms
feature access codes, 85, 163
genera status, 164
language translations, 160, 161, 162
optional features, 159
new forms, 85
punctuation on station displays, 45

Q

QSIG/DCS
Leave Word Calling (LWC), 26

R

redirection of calls
call forwarding of 18-digits, 41
cal redirectionintervals, 24
reset ip-station command, 189
reset meet-me-vdn command, 187
Resource Reservation Protocol (RSVP), 34
changed forms
IP network region, 165
Russia DATS/ISDN network, 51
Russian CO support on G700 Media Gateway, 25
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S

S8100 Media Server embedded INTUITY AUDIX, 45
S8300 Media Server, 60

changed forms

| P-network-region, 173

S8700 Media Server

configurations, 61

with G600 Media Gateway, 61

with MCCL1 or SCC1 Media Gateway, 63
SBS. See Separation of Bearer and Signaling (SBS)
scheduler, 39
selective conference mute, 46

activation of, 46
Separation of Bearer and Signaling (SBS), 35
shuffling and NAT devices, 31
sniffers, 28
SNMP agents on S8700 and S8300 Media Servers, 47
station forms, 104, 105

2420 DCP telephone, 94

4602 |P telephone, 98

4620 | P telephone, 100
status meet-me-vdn command, 187
support for the HP DL380G2 server, 36
system-parameters country-options form

IPlossgroups, 144
system-parameters customer-options form

maximum G700 VAL sources, 152
system-parameters customer-options forms, 130, 142

T

telephones
DCP
2420, 63
IP
4602, 64
4620, 65
4620SW, 56
4630SW, 56
Avaya softphone for pocket PC, 56
wireless
3410, 57
3606, 55
tenant partitioning, 44
terminal parametersform, 96
terminal-parameters command, 189
TFTP Server Configuration form, 67
tftp-server command, 183

200 Issue2 May 2003

time of day clock synchronization, 52
new forms, 88
timed automatic disconnect for outgoing trunk calls, 36
changed forms
Class of Restriction, 179
tone detection, increased capacity on the G700, 25
trademarks, 16
Tripwire security, 37
trunk call disconnection, 36

U

Uniform Dial Plan Tableforms, 82
uniform-dialplan command, 188
usage extension command, 186
usage-ip-addressform, 97
usage-node-name forms, 97

\'%

VAL sources, maximum for the G700, 152
VDN override for ASAI messages, 47
virtual local areanetwork (VLAN), 180
virtual Voice Announcements over LAN (virtual VAL),
27
VLAN administration
changed forms
IP-interfaces, 181
I P-network-map, 182
voice mall retrieval button
for the 2420 DCP telephone, 52
for the 4602 IP telephone, 52

W

wireless telephones
3410, 57
3606, 55
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