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Notice

Every effort has been made to ensure that the information in this guide is complete and accurate at the time of
printing. Information, however, is subject to change. See Appendix A, “Customer Support Information,” in Feature
Reference for important information.

Avaya Web Page
The world wide web home page for Avaya is http://www.avaya.com.

Heritage Statement

Intellectual property related to this product (including trademarks) and registered to Lucent Technologies Inc. has
been transferred or licensed to Avaya. Any reference within the text to Lucent Technologies Inc. or Lucent should
be interpreted as reference to Avaya. The exception is cross references to books published prior to April 1, 2001,
which may retain their original Lucent titles. Avaya, formed as a result of Lucent's planned restructuring, designs,
builds, and delivers voice, converged voice and data, customer-relationship management, messaging,
multiservice networking, and structured cabling products and services. Avaya Labs is the research and
development arm for the company.

Preventing Toll Fraud

Toll Fraud is the unauthorized use of your telecommunications system by an unauthorized party (for example, a
person who is not a corporate employee,

agent, subcontractor, or working on your company's behalf). Be aware that there is a risk 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, call the
Avaya Customer Care Center at 1 800 628-2888.

Providing Telecommunications Security

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 telecommunications 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 working on your company's
behalf. Whereas, a “malicious party” is anyone, including someone who may be otherwise authorized, who
accesses your telecommunications equipment with either malicious or mischievous intent.
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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 invasions to humans)

* Mischief (troubling, but apparently innocuous, tampering)

¢ Harm (such as harmful tampering, data loss or alteration, regardless of motive or intent)

Be aware that there may be a risk of unauthorized or malicious 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.

Your Responsibility for Your Company's Telecommunications Security

The final responsibility for securing both this system and its networked equipment rests with you - an Avaya
customer's 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 telecommunications equipment, you and your peers should carefully program and
configure your:
* Avaya provided telecommunications system and their interfaces
¢ Avaya provided software applications, as well as their underlying hardware/software platforms and interfaces
* Any other equipment networked to your Avaya products

Federal Communications Commission Statement

This equipment has been tested and found to comply with the limits for a Class A digital device, pursuant to Part
15 of the FCC Rules. These limits are designed to provide reasonable protection against harmful interference
when the equipment is operated in a commercial environment. This equipment generates, 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 this equipment in a residential area is likely to cause
harmful interference, in which case the user will be required to correct the interference at their own expense. For
further FCC information, see Appendix A, “Customer Support Information,” in Feature Reference.

Canadian Department of Communications (DOC) Interference Information

This digital apparatus does not exceed the Class A limits for radio noise emissions set out in the radio interference
regulations of the Canadian Department of Communications.

Le Présent Appareil Numérique n’émet pas de bruits radioélectriques dépassant les limites applicables aux
appareils numériques de la classe A préscrites dans le réglement sur le brouillage radioélectrique édicté par
leministere des Communications du Canada.
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ProComm and ProComm Plus are registered trademarks of DataStorm Technologies, Inc.

Supra, Supra NC, StarSet, and Mirage are registered trademarks of Plantronics, Inc.

UNIX is a registered trademark of UNIX System Laboratories, Inc.

PagePac is a registered trademark and Powermate and Zonemate are trademarks of DRACON, a division of
Harris Corporation.

Okidata is a registered trademark of Okidata Corporation.
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Ordering Information

Call: Avaya Publications Center
Voice 1 800 457-1235 International Voice 317 322-6791
Fax 1 800 457-1764 International Fax 317 322-6699
Write: Avaya Publications Center

2855 North Franklin Road
Indianapolis, IN 46219-1385

Order: Document No. 555-720-110
Comcode: 108873548
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For more information about Avaya documents, refer to the section entitled “Related Documents” in “About This
Guide” in Feature Reference.

Support Telephone Number

In the continental U.S., Avaya provides a toll free customer helpline 24 hours a day. Call the Avaya Customer Care
Center at 1 800 628-2888 or your Avaya authorized dealer if you need assistance when installing, programming,
or using your system. Outside the continental U.S., contact your local Avaya authorized representative.

Warranty

Avaya provides a limited warranty on this product. Refer to “Limited Warranty and Limitation of Liability” in
“Customer Support Information” in Feature Reference.
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IMPORTANT SAFETY INSTRUCTIONS

important operating and maintenance (servicing) instructions in the literature accompanying the

g The exclamation point in an equilateral triangle is intended to alert the user to the presence of

product.

When installing telephone equipment, always follow basic safety precautions to reduce the risk of fire, electrical
shock, and injury to person, including:

Read and understand all instructions.

Follow all warnings and instructions marked on or packed with the product.

Never install telephone wiring during a lightning storm.

Never install a telephone jack in a wet location unless the jack is specifically designed for wet locations.

Never touch uninsulated telephone wires or terminals unless the telephone wiring has been disconnected at
the network interface.

Use caution when installing or modifying telephone lines.

Use only Avaya Inc.-manufactured MERLIN MAGIX Integrated System circuit modules, carrier assemblies,
and power units in the MERLIN MAGIX Integrated System control unit.

Use only Avaya Inc.-recommended/approved MERLIN MAGIX Integrated System accessories.

If equipment connected to the TDL telephone modules (412 LS-ID-TDL and 024 TDL), the MLX telephone
modules (008 MLX, 408 GS/LS-MLX, 408 GS/LS-ID-MLX, and 016 MLX), or the ETR telephone module
(016 ETR) is to be used for in-range out-of-building (IROB) applications, IROB protectors are required.

Do not install this product near water—for example, in a wet basement location.

Do not overload wall outlets, as this can result in the risk of fire or electrical shock.

The MERLIN MAGIX Integrated System is equipped with a 3-wire grounding-type plug with a third
(grounding) pin. This plug will fit only into a grounding-type power outlet. This is a safety feature. If you are
unable to insert the plug into the outlet, contact an electrician to replace the obsolete outlet. Do not defeat
the safety purpose of the grounding plug.

The MERLIN MAGIX Integrated System requires a supplementary ground.

Do not attach the power supply cord to building surfaces. Do not allow anything to rest on the power cord.
Do not locate this product where the cord will be abused by persons walking on it.

Slots and openings in the module housings are provided for ventilation. To protect this equipment from
overheating, do not block these openings.

Never push objects of any kind into this product through module openings or expansion slots, as they may
touch dangerous voltage points or short out parts, which could result in a risk of fire or electrical shock.
Never spill liquid of any kind on this product.

Unplug the product from the wall outlet before cleaning. Use a damp cloth for cleaning. Do not use cleaners
or aerosol cleaners.

Aucxiliary equipment includes answering machines, alerts, modems, and fax machines. To connect one of
these devices, you must first have a Multi-Function Module (MFM).

Do not operate telephones if chemical gas leakage is suspected in the area. Use telephones located in
some other safe area to report the trouble.

A\ WARNING:

To eliminate the risk of personal injury due to electrical shock, DO NOT attempt to install or remove an MFM
from your MLX telephone. Opening or removing the module cover of your telephone may expose you to
dangerous voltages.

ONLY an authorized technician or dealer representative shall install, set options, or repair an MFM.

SAVE THESE INSTRUCTIONS
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About This Guide

The MERLIN MAGIX Integrated System is an advanced digital switching system that integrates
voice and data communications features. Voice features include traditional telephone features,
such as Transfer and Hold, and advanced features, such as Group Coverage, Direct Voice Mail,
and Tandem Switching. Data features allow both voice and data to be transmitted over the same
system wiring.

Intended Audience

This book provides detailed information about system features, extension features, and system
applications of the MERLIN MAGIX Integrated System. It is intended as a reference for anyone
needing such information, including support personnel, sales representatives, System Managers,
and account executives. It is also intended for technicians who are responsible for system
installation, maintenance, and troubleshooting.

How to Use This Guide

The section entitled “Index of Feature Names,” on page 2, is provided to help you to find the
appropriate feature name for the function that you want described. You can then quickly find the
description of the feature or features using the page numbers provided. If you do not know the
name of a feature that interests you, the “Index of Features by Activity” on page 14, provides a list
of functions and the features that provide them, along with the page numbers where you can find
descriptions.

Each entry in the guide explains a feature or set of features in great detail.
“At a Glance,” a boxed table at the beginning of each feature description, summarizes, as

applicable, the following aspects of the feature or feature group:

m Users Affected. Shows what category of users is affected by a feature. For example, “Auto
Dial” lists telephone users and Direct-Line Console (DLC) operators as those affected by the
feature. [From this you can conclude that Queued Call Console (QCC) operators cannot use
Auto Dial.]

m Reports Affected. Cites the Station Message Detail Recording (SMDR) reports in which you
can find information relating to the feature.

Intended Audience
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Modes. Lists the system operating mode or modes in which the feature is used.
Telephones. Tells you which telephones support the feature.

Programming Code(s). As appropriate, lists the programming code(s) used to program the
feature on a button or to turn it on or off.

Feature Code(s). Lists the feature code(s) you can use to activate the feature or turn it off.

4400-Series and MLX Display Label(s). Lists the feature name as it appears on 4400-Series
and MLX display telephones.

System Programming. If applicable, summarizes the system programming procedure(s) that
control the feature.

Maximum(s). If applicable, tells you what maximum numbers apply to the feature.

Factory Setting(s). Shows you the default programming, that is, how the system sets the
feature when no one programs it.

Following each “At a Glance” table is a full description of the feature or feature group, telling you
how it works for those who have different types of equipment or programmed positions. Following
the description, feature entries include (as applicable) each of these sections:

Considerations and Constraints. An explanation of exceptions and unusual conditions
pertaining to the feature. This section can help you troubleshoot a problem with the feature.

Mode Differences. An explanation of variations in the use of the feature in the different modes
supported by the system.

Telephone Differences. An explanation of variations in the use of the feature with different
telephones.

Feature Interactions. A list of issues and considerations to be aware of when using another
feature in conjunction with the main feature described. The list is arranged alphabetically by
feature.

“Related Documents” on page xix provides a complete list of system documentation together with
ordering information.

In the USA only, Lucent Technologies provides a toll free customer Helpline 24 hours a day. Call
the Helpline at 1 800 628-2888 (consultation charges may apply), or contact your Lucent
Technologies representative if you need assistance when installing, programming, or using your
system.

Outside the USA, if you need assistance when installing, programming, or using your system,
contact your Lucent Technologies authorized representative.

How to Use This Guide
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Terms and Conventions Used

The terms described here are used in preference to other, equally acceptable terms for describing
systems.

Lines, Trunks, and Facilities

Facility is a general term that designates a communications path between a telephone system and
the telephone company central office. Technically, a frunk connects a switch to a switch—for
example, the MERLIN MAGIX Integrated System to the central office. Technically, a line is a loop-
start facility or a communications path that does not connect switches—for example, an intercom
line or a Centrex line. In actual usage, however, the terms line and trunk are often applied
interchangeably. In this guide, we use line/trunk and lines/trunks to refer to facilities in general.
Specifically, we refer to digital facilities. We also use specific terms such as Personal Line, ground-
start trunk, Direct Inward Dialing (DID) trunk, and so on. When you talk to personnel at your local
telephone company central office, ask them which terms they use for the specific facilities they
connect to your system.

Typographical Conventions

Certain type fonts and styles act as visual cues to help you rapidly understand the information

presented:

Convention Example

Italics or bold indicates emphasis. It is very important that you follow these steps.
WARNING: Do not remove modules from the
carrier without following proper procedures.

Italics also sets off special terms. The part of the headset that fits over one or
both ears is called a headpiece.

Plain constant-width type indicates text that Choose Ext Prog from the display screen.

appears on the telephone display or PC
screen, as well as characters you dial at the
telephone or type at the PC.

To activate Call Waiting, dial *11.

Terms and Conventions Used
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Product Safety Advisories

Throughout these documents, hazardous situations are indicated by an exclamation point inside a
triangle and the word CAUTION or WARNING.

&WARNING:

Warning indicates the presence of a hazard that could cause death or severe personal injury
if the hazard is not avoided.

&CAUTION:

Caution indicates the presence of a hazard that could cause minor personal injury or
property damage if the hazard is not avoided.

Security

Certain features of the system can be protected by passwords to prevent unauthorized users from
abusing the system. You should assign passwords wherever possible and limit distribution of such
passwords to three or fewer people.

Nondisplaying authorization codes and telephone numbers provide another layer of security. For
more information, see Appendix A, “Customer Support Information.”

Throughout this guide, toll fraud security hazards are indicated by an exclamation point inside a
triangle and the words SECURITY ALERT.

&SECURITY ALERT:

Security Alert indicates the presence of a toll fraud security hazard. Toll fraud is the
unauthorized use of your telecommunications system, or use by an unauthorized party (e.g.,
persons other than your company’s employees, agents, subcontractors, or persons working
on your company’s behalf). Be sure to read “Your Responsibility for Your Company's
Telecommunications Security” on the inside front cover of this guide and “Security of Your
System: Preventing Toll Fraud” in Appendix A, “Customer Support Information.”

Security
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Related Documents

The documents listed in the following table are part of the MERLIN MAGIX documentation set.
Within the continental United States, contact the Avaya Publications Center by calling

1800 457-1235.

Document No.

Title

System Documents:

555-720-100

555-720-110
555-720-112
555-720-113
555-720-119
555-661-150
555-720-800

Customer Documentation Package:

Consists of paper versions of the System Manager’s Quick Reference
and the Feature Reference

Feature Reference

System Planning

System Planning Forms

System Manager’s Quick Reference
Network Reference

Customer Reference CD-ROM:

Consists of the System Manager’s Quick Reference, and the Feature
Reference

Telephone User Support:

555-710-123
(U.S. English)

555-710-123FRC
(Canadian French)

555-710-127
(U.S. English)

555-710-127FRC
(Canadian French)

555-660-122
555-630-150

555-630-152
555-660-124
555-630-151
555-630-155
555-670-151
555-670-152

4400/4400D Telephone User’s Guide
4400/4400D Telephone User’s Guide
4406D+, 4412D+, 4424D+, and 4424L.D+ Telephone User’s Guide
4406D+, 4412D+, 4424D+, and 4424L.D+ Telephone User’'s Guide

MLX Display Telephone User’s Guide

MLX- 5D, MLX-10D and MLX-10DP Display Telephone Tray Cards
(5 cards)

MLX-28D and MLX-20L Telephone Tray Cards (5 cards)
MLX-5% and MLX-10® Nondisplay Telephone User’s Guide
MLX-5 and MLX-10 Nondisplay Telephone Tray Cards (6 cards)
MLX-16DP Display Telephone Tray Cards (5 cards)

MLS and ETR Telephone Tray Cards

MLS and ETR Telephone Tray Cards (16 cards)

Related Documents

XiX



Feature Reference

Document No. Title

555-660-126 Single-Line Telephones User’s Guide

555-660-138 MDC and MDW Telephones User's Guide

System Operator Support:

555-710-134 Digital Direct Line Console Operator’s Guide

555-710-136 Digital Queued Call Console Operator’s Guide
Miscellaneous User Support:

555-661-130 Calling Group Supervisor and Service Observer User Guide
555-650-105 Data and Video Reference

555-661-140 Installation, SPM, Maintenance and Troubleshooting
555-720-140 Installation, Programming Basics, Maintenance and Troubleshooting
555-720-116 Pocket Reference

Toll Fraud Security:
555-025-600 BCS Products Security Handbook

How to Comment on This Guide

We welcome your comments, both positive and negative. Please use the feedback form on the
next page to let us know how we can continue to serve you. If the feedback form is missing, write
directly to:

Documentation Manager

Avaya Inc.

150 Allen Road, Room C-19
Liberty Corner, New Jersey 07938

How to Comment on This Guide

XX



We'd like your opinion ...
We welcome your feedback on this document. Your comments can be of great value in helping us improve our
documentation.

MERLIN MAGIX™ Integrated System
Feature Reference

Issue 1, January 2001

555-720-110, Comcode 108873548

1. Please rate the effectiveness of this document in the following areas:

Excellent Good Fair Poor
Ease of Finding Information ...... | | | |
Clarity ...... | | | |
Completeness ...... | | | |
Accuracy ...... d d d d
Organization ...... | | a a
Appearance ...... | | | |
Examples ...... | | | |
lllustrations ...... a a (| (|
Overall Satisfaction ...... a | | |

2. Please check the ways you feel we could improve this document:

Improve the overview/introduction Make it more concise

Improve the table of contents Add more step-by-step procedures/tutorials
Improve the organization Add more troubleshooting information
Add more figures Make it less technical
Add more examples Add more/better quick reference aids

Add more details

Uooooo
oooooo

Improve the index

Please add details about your major concerns.

3. What did you like most about this document?

4. Feel free to write any comments below or on an attached sheet.

If we may contact you concerning your comments, please complete the following:

Name: Telephone Number: ( )
Company/Organization: Date:
Address:

You may FAX your response to 908 953-6912. Thank you.






Features

Overview

This guide provides both summary and detailed information about the features of the MERLIN
MAGIX Integrated System. For each feature, the following types of information are provided, as
applicable:

m At a Glance. Summary information about the feature, including users affected, telephones
supported, programming codes, and factory settings. Display names without brackets are
those that appear on 7-line displays; display names inside brackets are those that appear on
2-line displays.

m Description. A detailed description of the functions/uses of the feature.

m Considerations and Constraints. An explanation of exceptions and unusual conditions
pertaining to the feature.

m  Mode Differences. An explanation of variations in the use of the feature in the different modes
supported by the system.

m Telephone Differences. An explanation of variations in the use of the feature with different
telephones supported by the system.

m Feature Interactions. A list of issues and considerations that you should know about when
using one feature in conjunction with another.

MLX, ETR, and MLS telephones have a fixed Feature button, which you press when you want to
use a feature. TransTalk 9031/9040 and Business Cordless wireless telephones have a fixed
Feat/P button that you press when you want to use a feature. There is no fixed Feature button on
4400-Series telephones; you can program a Feature button on the multiline 4400-Series
telephones.

In MERLIN MAGIX systems of Release 1.5 or later, you can connect TransTalk 9040 telephones to
both TDL and ETR ports. In Release 1.0 of the MERLIN MAGIX system, you can connect
TransTalk 9040 telephones only to ETR ports. You can connect TransTalk 9031 and Business
Cordless 905 telephones only to ETR ports for all releases of the MERLIN MAGIX system.

For easy reference, features are covered in alphabetical order. The “Index of Feature Names,”
which follows, shows where information can be found about features and other system
components that may have been renamed or reorganized in this release of the system and related
products. The “Index of Features by Activity” section, beginning on page 14, presents tables listing
features according to tasks typically performed with the system. You should use these, or the index
at the back of the book, when you are not sure which entry you should consult.

Actual display wording appears in constant-proportion font. The 24-character width display
appears first followed by the 16-character width display in brackets; for example, Cover DISA#?
[cov DIsAz].

Overview
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Index of Feature Names

Feature Name... See... Page #...
#
2B Data Digital Data Calls. 241
See also Data/Video Reference
A
Account Code Account Code Entry/Forced Account Code Entry 29
Administration Programming 605
See also System Programming
Alarm Alarm 36
Alarm Clock Alarm Clock 39
Allowed List Allowed/Disallowed Lists 41
Night Service 497
Area Code Tables Automatic Route Selection 82
Attendant Barge-In Barge-In 115
Attendant Console—Display Display 289
Attendant Console—Switched Loop Queued Call Console 614
Attendant DSS Direct Station Selector 258
Attendant Message Waiting Messaging 467
Authorization Code Authorization Code 50
Auto Dial Auto Dial 57
Auto Login/Logout (Calling Group) Group Calling 379
Extension Status 344
Automatic Callback Callback 136
Remote Access 663
Automatic Completion Transfer 785
Automatic Configuration of the MERLIN Automatic Configuration of the MERLIN Messaging 64
Messaging System System
Automatic Daylight Savings Time Automatic Daylight Savings Time 70
Automatic Extended Call Completion Queued Call Console 614
Automatic Hold or Release Queued Call Console 614
Hold 431
Automatic Line Selection Automatic Line Selection and 73
Ringing/Idle Line Preference
Automatic Maintenance Busy Automatic Maintenance Busy 79
Automatic Route Selection (ARS) Automatic Route Selection 82
Automatic Route Selection (ARS) over Automatic Route Selection 82
Private Networks and Tandem Switching 761

Index of Feature Names
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Feature Name... See... Page #...
Autoqueuing Callback 136
Remote Access 663
B
Barge-In Barge-In 115
Barrier Codes Remote Access 663
Basic Rate Interface Basic Rate Interface 119
See also Data/Video Reference
Behind Switch Operation Recall/Timed Flash 646
Centrex Operation 169
Bridging of Station Lines on Multiline Personal Lines 526
Telephones System Access/Intercom Buttons 736
C
Call Accounting System (CAS) Appendix K K-11
Call Accounting Terminal (CAT) Appendix K K-13
Call-by-Call Services Table Primary Rate Interface (PRI) and T1 555
See also Data/Video Reference
Call Completion Transfer, One-Touch 785
Call Coverage Coverage 197
Call Forward(ing)/Follow me Forward and Follow Me 356
Call Park Park 520
Call Pickup Pickup 537
Call Pickup—Directed Pickup 537
Call Pickup—Group Pickup 537
Call Records Station Messaging Detalil 720
Recording (SMDR)
Call Restrictions Calling Restrictions 153
Call Waiting Call Waiting 130
Callback Callback 115
Callback Queuing Callback 115
Caller ID Caller ID 145
Calling Group Group Calling 379
Calls-in-Queue Alarm Group Calling 379
Queued Call Console 614
Camp-On Camp-On 163
Cancel Delivered Message Messaging 467
CAT (Call Accounting Terminal) Appendix K K-13
Centralized Telephone Programming Programming 605

See also System Programming

Index of Feature Names
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Feature Name... See... Page #...
Centralized Voice Messaging Centralized Voice Messaging 168
See also Network Reference
Centrex Centrex Operation 169
Centrex Transfer via Remote Forward and Follow Me 356
Call Forwarding
Class of Restriction Remote Access 663
Computer Telephony Integration CTI Link 230
Conference Conference 182
Consultation Transfer Transfer 785
CONVERSANT® Appendix K K-23
Copy Options for Lines/Trunks Copy Options for Lines/Trunks 195
Coverage Coverage 197
Coverage Delay Interval Coverage 197
Coverage Group Coverage 197
Coverage Inhibit Coverage 197
Coverage On/Off Coverage 197
CTI Link CTI Link 230
D
Data Hunt Groups See Data/Video Reference
Data Privacy Privacy 602
See also Data/Video Reference
Data Status See Data/Video Reference
Data Transmission Speed See Data/Video Reference
Daylight Savings Time Automatic Daylight Savings Time 70
Default Local and Toll Tables Automatic Route Selection 82
Delay Announcement Group Calling 379
Delay Ring Ringing Options 681
Delete Message Messaging 467
Deliver Message Messaging 467
Dial by Name (Display Feature) Directories 280
Dial Plan System Renumbering 748
Dial Plan: Non-Local Uniform Dial Plan (UDP) Features 804
See also Network Reference
Dial Plan Routing Table Primary Rate Interface (PRI) and T1 555
See also Data/Video Reference
Dial Tone Inside Dial Tone 447
Dialed Number Display 289
Digital Data Ports Digital Data Calls 241

Index of Feature Names
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Feature Name... See... Page #...
Digits in Extension System Renumbering 748
Direct Dept. Calling (Hunting, Hunt Groups) Group Calling 379
Direct Facility Termination (DFT) Personal Lines 526
Direct Group Calling (DGC) Group Calling 379
Direct Inward System Access (DISA) Remote Access 663
Direct-Line Console Direct-Line Console 249
Direct Pool Termination (DPT) Pools 544
Direct Station Selector Direct Station Selector 258
Direct Voice Mail Direct Voice Mail 276
Directory Built into PBX Directories 280
Directory of Extension Numbers Directories 280
Directory of System Speed Dial Numbers Speed Dial 712
Disallowed Lists Allowed/Disallowed Lists 41
Display Display 289
Display Preference Display 289
Display Prompting Display 289
Display of Name Associated with Station Labeling 453
Distinctive Ringing Ringing Options 681
Do Not Disturb Do Not Disturb 338
Drop Conference 182
E
Executive Barge-In Barge-In 115
Extended Call Completion Queued Call Console 614
Extended Station Status Extension Status 344
Extension Auto Dial Auto Dial 57
Extension Directory Directories 280
Extension Pickup Pickup 537
Extension Programming Programming 605
Extension Status Extension Status 344
Group Calling 379
F
Facility Alpha/Number for Incoming Calls Labeling 453
Facility Restriction Levels (FRLs) Automatic Route Selection 82
Uniform Dial Plan (UDP) Features 804
See also Network Reference
Fax Extension Fax Extension 350
Fax Message Waiting Messaging 467

Index of Feature Names
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Feature Name... See... Page #...
Feature Button Feature Button 354
Feature feedback Display 289
Flexible Numbering System Renumbering 748
Follow Me Forward and Follow Me 356
Forced Account Code Entry Account Code Entry/Forced Account Code Entry 29
Forward Forward and Follow Me 356
G
General Pickup Pickup 537
Group Assignment Night Service 497
Group Call Pickup Pickup 537
Group Calling Group Calling 379
Extension Status 344
Group Coverage Coverage 197
Group Paging (Speakerphone) Paging 511
Group Pickup Pickup 537
H
Hands-Free Answer Intercom Hands-Free Answer Intercom (HFAI) 420
Handset Mute Headset Options 421
Headset Auto Answer Headset Options 421
Headset Disconnect Headset Options 421
Headset/Handset Mute Headset Options 421
Headset Hang Up Headset Options 421
Headset Operation Headset Options 421
Headset Options Headset Options 421
Headset Status Headset Options 421
Queued Call Console 614
HFAI Hands-Free Answer Intercom (HFAI) 420
Hold Hold 431
Hold Reminder Station Display 289
Hold Return Queued Call Console 614
Hotel mode Extension Status 344
HotLine HotLine 441
Hunt Groups Group Calling 379
Hunt Type Group Calling 379

Index of Feature Names
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Feature Name... See... Page #...

I

ICOM buttons System Access/Intercom Buttons 736

Identification of Stations Being Covered Display 289

on Covering Party’s Display

Idle Line Preference Automatic Line Selection and 73
Ringing/Idle Line Preference

Immediate Ring Ringing Options 681

Incoming Call Line Identification (ICLID) Caller ID 145

Individual Coverage Coverage 197

Individual Paging Paging 511

Individual Pickup Pickup 537

Inside Auto Dial Auto Dial 57

Inside Dial Tone Inside Dial Tone 447

Inspect Inspect 448

Inspect Screen Display 289

Intercom (ICOM) Buttons System Access/Intercom Buttons 736

Intercom Dialing System Access/Intercom Buttons 736

Intercom Dialing over Private Networks Uniform Dial Plan (UDP) Features 804
See also Network Reference

Intuity™ Appendix K K-22

Intuity CONVERSANT Appendix K K-23

ISDN/BRI Interface Basic Rate Interface 119
See also Data/Video Reference.

ISDN/PRI Interface Primary Rate Interface (PRI) and T1 555
See also Data/Video Reference

ISDN Terminal Adapter Digital Data Calls 241

Appendix K K-30

See also Data/Video Reference

L

Labeling

Language Choice

Last Number Dial

Leave Message

Leave Word Calling

Line Pickup

Line Request

Line/Trunk, Copying of Options

Labeling 453
Language Choice 459
Redial 654
Messaging 467
Messaging 467
Pickup 537
Line Request 465
Copy Options for Lines/Trunks 195

Index of Feature Names
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Feature Name... See... Page #...
Line/trunk Pool Button Access Pools 544
Line/trunk Queuing Callback 136
Loudspeaker Paging Paging 511
LS-ID Delay Option Caller ID 145
M
Maintenance Alarm Alarm 36
Maintenance Busy Automatic Maintenance Busy 79
Manual Signaling Signal/Notify 708
Menu-Based Feature Activation Display 289
Menu-Based Station Programming Programming 605
MERLIN MAGIX Reporter Appendix K K-16
MERLIN Messaging System Appendix K K-8
MERLIN Messaging System, Automatic Automatic Configuration of the MERLIN Messaging 64
Configuration of System
Message (Fax) Messaging 467
Message Center Operation Queued Call Console 614
Message Indicator Messaging 467
Message Status (Operator) Messaging 467
Message Waiting Receiver Group Calling 379
Messaging 467
Messaging Messaging 467
Microphone Disable Microphone Disable 483
Missed Reminder Reminder Service 658
Multi-Function Module Multi-Function Module 486
Music-On-Hold Music-On-Hold 493
Mute Microphone Disable 483
Mute, Headset/Handset Headset Options 421
N
N11 Table Automatic Route Selection 82
Name/Number of Internal Caller Display 289
Networked Systems Uniform Dial Plan (UDP) Features 804
See also Network Reference
Next Message Messaging 467
Night Service Night Service 497
No Ring Option Ringing Options 681
Notify Signal/Notify 708
Numbering Plan System Renumbering 748

Index of Feature Names
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Feature Name... See... Page #...
O
On- or Off-Hook Queuing Callback 136
One-Touch Hold Transfer 785
One-Touch Transfer Transfer 785
Operator Automatic Hold Hold 431
Operator Hold Timer Hold 431
Originate Only System Access/Intercom Buttons 736
Outside Auto Dial Auto Dial 57
Outward Restriction Calling Restrictions 153
Night Service 497

P
Page All Paging 511
Paging Paging 511
Park Park 520
PassageWay® Direct Connection Solution ~ Appendix K K-4
PassageWay Telephony Services CTI Link 230

See also PassageWay Telephony Services

Network Manager’s Guide
Patterns Automatic Route Selection 82
Personal Directory Directories 280
Personal Lines Personal Lines 526
Personal Speed Dial Speed Dial 712
Personalized Ring Ringing Options 681
Pickup Pickup 537
Pickup, Call Waiting Call Waiting 130
Pool Dial-Out Code Restriction Calling Restrictions 153
Pool Routing Automatic Route Selection 82
Pool Routing: Private Network Trunks Uniform Dial Plan (UDP) Features 804
Pools Pools 544
Position Busy Backup Queued Call Console 614
Posted Messages Messaging 467
PRI Primary Rate Interface (PRI) and T1 555

See also Data/Video Reference
Primary Coverage Coverage 197
Primary Rate Interface (PRI) Primary Rate Interface (PRI) and T1 555

See also Data/Video Reference

Index of Feature Names
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Feature Name... See...
Prime Line Centrex Operation 169
Principal User Personal Lines 526
System Access/Intercom Buttons 736
Printer Station Message Detail Recording (SMDR) 720
Priority Call Ringing Ringing Options 681
Privacy Privacy 602
Programming Programming 605
Q
Queued Call Console (QCC) Queued Call Console 614
Queue Priority Queued Call Console 614
R
Recall Recall/Timed Flash 646
Redial Redial 654
Reminder Service Reminder Service 658
Remote Access Remote Access 663
Remote Administration See System Programming
Remote Call Forwarding Forward and Follow Me 356
Remote Programming See System Programming
Restrictions Calling Restrictions 153
Retrieve Message Messaging 467
Return Call Messaging 467
Return Ring Interval Queued Call Console 614
Ring Buttons System Access/Intercom Buttons 736
Ring Timing Options Ringing Options 681
Ringback (Transfer Audible) Transfer 785
Ringing/Idle Line Preference Automatic Line Selection and 73
Ringing/Idle Line Preference
Ringing Options Ringing Options 681
Rotary Signaling Touch-Tone or Rotary Signaling 777
Routes per Pattern Automatic Route Selection 82
Routing by Dial Plan Primary Rate Interface (PRI) and T1 555
S
SA Buttons System Access/Intercom Buttons 736
Saved Number Dial Saved Number Dial 688
Scroll Messaging 467

Index of Feature Names
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Feature Name...

See...

Page #...

Second Dial Tone Timer
Secondary Coverage
Selective Callback

Send All Calls
Send/Remove Message
Send Ring

Service Observing
Set-Up Space

Shared System Access
Signaling

Six-Digit Screening
SMDR

Speakerphone Paging
Special Numbers Pattern
Special Services Selection Table
Speed Dial

SPM

Station Conference—External Parties
Station Conference—Total Parties
Station DSS Auto Dial

Station Lines

Station Message Detail Recording
Station Programming
Station-to-Station Messaging

Supplemental Alert Adapter
Switched 56

Switched Loop Console
Switchhook (Flash)

Switch Identifiers for Non-Local Networked
Systems

System Access Buttons

System Directory

System Numbering, Non-Local Extensions
System Programming

Second Dial Tone Timer

Coverage

Callback

Do Not Disturb

Messaging

Ringing Options

Service Observing

System Renumbering

System Access/Intercom Buttons
Signal/Notify

Automatic Route Selection

Station Message Detail Recording (SMDR)
Paging

Automatic Route Selection

Primary Rate Interface (PRI) and T1

Auto Dial
Directories
Speed Dial

Programming
See also System Programming

Conference

Conference

Direct Station Selector

System Access/Intercom Buttons

Station Message Detail Recording (SMDR)
Programming

Messaging
Signal/Notify

Multi-Function Module

Primary Rate Interface (PRI) and T1
See also Data/Video Reference

Queued Call Console
Recall/Timed Flash

Tandem Switching
See also Network Reference

System Access/Intercom Buttons
Directories
Uniform Dial Plan (UDP) Features

Programming
See also System Programming

692
197
136
338
467
681
694
748
736
708

82
720
511

82
555

57
280
712

605

182
182
258
736
720
605

467
708

486
555

614
646
761

736
280
804
605

Index of Feature Names
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Feature Reference

Feature Name... See... Page #...
System Programming and Maintenance Programming 605
See also System Programming
System Renumbering System Renumbering 748
System Speed Dial Speed Dial 748
T
T1 Interface (DS1) Primary Rate Interface (PRI) and T1 555
See also Data/Video Reference
Tandem Switching Tandem Switching 761
Three-Digit Numbering System Renumbering 748
Time-Day-Date (Display) Display 289
Timed Flash Recall/Timed Flash 646
Time-of-Day Routing Automatic Route Selection 82
Timer Timer 774
Toll Restriction Calling Restrictions 153
Toll Type Toll Type 775
Touch-Tone Receivers (TTRs) Touch-Tone or Rotary Signaling 777
Touch-Tone Signaling Touch-Tone or Rotary Signaling 777
Transfer Transfer 785
Transfer Audible Transfer 785
Transfer Return Identification Display 289
Transfer Return Interval Transfer 785
Trunk Pools Pools 544
Trunk-to-Trunk Transfer Transfer 785
TTRs Touch-Tone or Rotary Signaling 777
Two-Digit Numbering System Renumbering 748
U
UDC/DDC Group Calling 379
UDP Features Uniform Dial Plan (UDP) Features 804
Unrestricted Restriction Calling Restrictions 153
\Y
Videoconferencing Digital Data Calls 241
Appendix K K-25
See also Data/Video Reference
Voice Announce Paging 511
Voice Announce Disable Voice Announce 822

Index of Feature Names
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Features

Feature Name... See... Page #...
Voice Announce Inside Calls Paging 511
System Access/Intercom Buttons 736
Voice Announce on Busy Stations Voice Announce 822
Voice-Announced Transfer Transfer 785
Voice Buttons System Access/Intercom Buttons 736
Voice Mail Message Waiting Messaging 467
Voice Mail Systems Appendix K K-5
Voice Messaging Interface (VMI) Ports Group Calling 379
Voice Messaging Systems Appendix K K-5
Volume Volume 826

Index of Feature Names
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Feature Reference

Index of Features by Activity

The tables in this section index system features according to the activities that people typically
perform. Operator features are not covered exhaustively here because they are described in detail
in the entries: “Direct-Line Console (DLC)” on page 249, “Direct Station Selector” on page 258,
and “Queued Call Console (QCC)” on page 614. This index lists features according to the
following categories:

m Basic Calling and Answering Features

— Answering calls

— Conferencing and joining calls

— Dialing

— Paging

— Putting a call on hold

— Using the system from an outside telephone

m Call Coverage Features

— Covering calls
— Having your calls covered

m Timekeeping Features
m Calling Privileges and Restrictions Features

— Preventing people from making calls
— Allowing calls
— Other calling privileges
m Messaging Features
— Leaving messages
— Receiving messages
— Controlling messaging
m  System Manager Features (via the 4424LD+ or MLX-20L telephone, or via WinSPM)
— Customizing your system
— Managing directories
— Monitoring messages
— Obtaining reports
— Allocating lines and trunks
— Assisting operators
— Troubleshooting

m Telephone Customizing Features

Index of Features by Activity
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Basic Calling and Answering Features

Features

Activity... For... Feature Name... Page #...
Answering calls:
And seeing who is calling you from Display Display 289
another extension telephones
And seeing who is calling you from an Display Display 289
extension on a remote networked system | telephones
(Hybrid/PBX mode)
And seeing who is calling you from Display Display 289
outside telephones Caller ID 145
Primary Rate Interface 555
And identifying the type of call according | All Ringing Options 681
to the ring
And transferring to another extension All Transfer 785
And transferring to an outside number All except 4400, Transfer 785
4400D, and
single-line
And transferring to a non-local extension | All Uniform Dial Plan (UDP) 804
(Hybrid/PBX mode) Features
At another extension All Pickup 537
At a line not on your telephone All Pickup 537
At a line you share with others All System Access/Intercom 736
Buttons
Personal Lines 526
Centrex Operation 169
For another person or group of people All Coverage 197
Personal Lines 526
System Access/Intercom 736
Buttons
Forward/Follow Me 356
Queued Call Console 614
Direct-Line Console 249
Group Calling 379
If you are a Calling Group supervisor for | DLC operators Direct-Line Console 249
people answering calls only Direct Station Selector 258
Group Calling 379
Extension Status 344
If you are an operator DLC and QCC Direct-Line Console 249
operators only Queued Call Console 614
Direct Station Selector 258
If you are part of a group All Group Calling 379
Extension Status 344

Index of Features by Activity
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Feature Reference

Basic Calling and Answering Features—Continued

Activity... For... Feature Name... Page #...
Waiting for you, after you hear the Call All Call Waiting 130
Waiting tone
That come to your extension while you All Forward/Follow Me 356
are at another extension
And then disconnecting, without using All Recall/Timed Flash 646
the handset or Speaker button
Using a headset Multiline 4400- Headset Options 421
Series and MLX
Conferencing and joining calls:
Conferencing inside and outside parties All Conference 182
where the inside parties do not share a
line
Joining calls of inside parties who share | All System Access/Intercom 736
aline Buttons
Personal Lines 526
Centrex Operation 169
Preventing others from joining your calls | All except QCC Privacy 602
Joining a caller and the extension he or All except Transfer 785
she wants to reach operators
Dialing:
An inside call All System Access/Intercom 736
Buttons
Centrex Operation 169
An inside call to an extension on a All Uniform Dial Plan (UDP) 804
networked system (Hybrid/PBX mode) Features
An outside call All System Access/Intercom 736
Buttons
Pools 544
Personal Lines 526
Centrex Operation 169
An inside or outside number with one All except 4400, Auto Dial 57
touch 4400D,
single-line, and
QcC
An inside or outside number with one Operators with Direct Station Selector 258
touch 4400-Series or
MLX telephones
only
A call from another extension, using your | All Authorization Code 50
own calling privileges
An inside call to anyone in a group All Group Calling 379

Index of Features by Activity
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Basic Calling and Answering Features—Continued

Features

Activity... For... Feature Name... Page #...
An Account Code, for billing to a project All Account Code Entry/Forced 29
or client, during or before a call Account Code Entry
By entering a 3-digit code for a party that | All Speed Dial 712
people in your company call often
By entering a 2-digit code for a party you | All Speed Dial 712
call often (telephones with 10 or fewer
buttons)
By selecting a name from the display All Directories 280
A person who has left a message on Display Messaging 467
your display, with one touch telephones only
Outside of normal office hours All Night Service 497
A number you dialed before All except QCC Redial 654
Saved Number Dial 688
A busy extension to reach it when it is All except QCC Callback 136
available Camp-On 163
A busy line to have your call placed when | All except QCC Callback 136
the line is available (and single-line Line Request 465
and cordless or
wireless, for Line
Request)
When you want to interrupt a call at a Operators only Barge-In 115
busy extension or one with Do Not
Disturb on
Using a special long-distance service to System Primary Rate Interface 555
which your company subscribes, such as | Managers Pools 544
MEGACOM® WATS (to set up) Automatic Route Selection 82
Using a line/trunk that originates at System Tandem Switching 761
another system in your private network Managers Automatic Route Selection 82
(to set up)
A voice mail box All Direct Voice Mail 276
Use a Personal Directory listing 44241.D+ and Directories 280
MLX-20L
telephones
Use an Extension Directory listing 4412D+, Directories 280
4424D+,
44241 D+, and
MLX telephones
Use a System Directory listing 4412D+, Directories 280
4424D+,
44241 D+, and
MLX telephones

Index of Features by Activity
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Feature Reference

Basic Calling and Answering Features—Continued

Activity... For... Feature Name... Page #...
Paging:
One person at your company who hasa | All System Access/Intercom 736
speakerphone and is not a QCC operator Buttons
or at a single-line telephone
Several people at your company who All Paging 511
have speakerphones and are not QCC Pickup 537
operators or at single-line telephones
All the people at your company who have | All Paging 511
speakerphones and are not QCC Pickup 537
operators or at single-line telephones
Over your company’s loudspeaker All Paging 511
system Pickup 537
Prevent or allow voice-announced calls All except 4400, Voice Announce 822
from coming in over your speakerphone 4400D, and

single-line
Putting a call on hold:
At your own extension, so that you can 4400 and Flash/Recall/Timed Flash 646
pick it up single-line
At your own extension, so that you can All except 4400 Hold 431
pick it up and single-line
At your own extension, so that you or All Hold 431
someone who shares a line can pick it up System Access/ Intercom 736

Buttons
Personal Lines 526
Centrex Operation 169

At your own extension, so that anyone All except QCC Park 520
can pick it up after you page them
At one of several reserved extensions, Operators only Park 520
so that anyone can pick it up after you
page them
Automatically DLC operators Hold 431

only Direct-Line Console 249
Using the system from an outside telephone:
To gain access to the system as if you N/A Remote Access 663
were on an inside extension
To receive calls that come to your N/A Forward/Follow Me 356

system extension

Index of Features by Activity
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Call Coverage Features

Features

Activity... For... Feature Name... Page #...

Covering calls:

As an operator DLC and QCC Direct-Line Console 249

operators only Queued Call Console 614

Direct Station Selector 258

As a calling supervisor for people DLC and QCC Direct-Line Console 249

covering calls operators only Queued Call Console 614
Direct Station Selector 258
Group Calling 379
Extension Status 344

As a member of a group All Group Calling 379
Coverage 197

And you want to adjust the ringing All except 4400, | Coverage 197

options at the button where calls come in | 4400D, and Ringing Options 681

single-line
Having your calls covered:
By someone who shares a line All System Access/Intercom 736
Buttons

Occasionally All Forward/Follow Me 356

Occasionally, and you wish to change All Forward/Follow Me 356

forwarding options from any multiline Authorization Code 50

telephone in the system

By voice mail All Coverage 197

Regularly All Coverage 197

And you want to adjust or remove the All except 4400, | Coverage 197

ringing options at the button(s) where 4400D, and Ringing Options 681

covered calls arrive single-line

At an outside number (for example, your | All Forward/Follow Me 356

home office)

At a number outside the MERLIN MAGIX | All Forward/Follow Me 356

Integrated System, for calls arriving on
Centrex lines

Index of Features by Activity
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Feature Reference

Timekeeping Features

Activity... For... Feature Name... Page #...
To set:
Others’ telephones to ring at a certain DLC operators Reminder Service 658
time as a reminder only
Your own telephone to ring at a certain All Reminder Service 658
time as a reminder
The alarm clock on your telephone Display Alarm Clock 39
telephones only
The timer for calls or other activities Display Timer 774
telephones only
The system-wide time System See System Programming
Managers only
Calling Privileges and Restrictions Features
Activity... For... Feature Name... Page #...
Preventing people from making calls:
To your extension All except Privacy 602
operators Do Not Disturb 338
To your extension when your telephone QCC only Queued Call Console 614
is too busy to take any more calls or you
must be away from your telephone
To outside numbers System Calling Restrictions 153
Managers only Toll Type 775
To toll numbers System Calling Restrictions 153
Managers only Automatic Route Selection 82
Pools 544
Toll Type 775
To certain numbers or area codes System Allowed/Disallowed Lists 41
Managers only
Outside of normal business hours System Night Service 497
Managers only
On certain outside lines in a Hybrid/PBX | System Automatic Route Selection 82
system Managers only Pools 544
Toll Type 775

Index of Features by Activity
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Calling Privileges and Restrictions Features—Continued

Features

Activity... For... Feature Name... Page #...

Allowing calls:

To certain numbers or area codes System Allowed/Disallowed Lists 41
Managers only Speed Dial (System Speed Dial) 712

Outside of normal business hours System Night Service 497
Managers only

Other calling privileges:

To use your own calling privileges at All Authorization Code 50

others’ extensions

To enter your password for off-hours All Night Service 497

calls

Messaging

Activity... For... Feature Name... Page #...

Leaving messages:

Turn an extension’s Message light on or | Operators only Messaging 467

off to indicate that you have a message (Send/Remove Message)

for the party

Call and let a co-worker with a display All Messaging 467

telephone know that you have called (Leave Message)

Let a co-worker with a display telephone | All except QCC | Messaging 467

know that you wish to speak with him or (Leave Message)

her, without calling Signal/Notify 708

Let a co-worker with a multiline All except QCC | Signal/Notify 708

telephone know that you wish to speak

with him or her, without calling

Post a specific message (such as, Display Messaging 467

OUT TO LUNCH) for co-workers who telephones (Posted Messages)

have display telephones

Cancel a message left for a co-worker All Messaging 467

who has a display telephone

(Leave Message)

Index of Features by Activity
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Feature Reference

Messaging—Continued

Activity... For... Feature Name... Page #...
Receiving messages:
Read messages Display Messaging 467
telephones only
Turn off Message light All Messaging 467
Delete messages Display Messaging 467
telephones
Return a call from a co-worker who has Display Messaging 467
left a message telephones,
except the
4400D
Controlling messaging:
Change the posted messages from System Labeling 453
which users can choose Managers only
Change the extension information that System Labeling 453
appears on display telephones that have | Managers only
messages
Set up voice messaging system to take System Group Calling 379
calls Managers only
Set up extensions to receive messages System Messaging 467
from a fax machine that has a delivery for | Managers only
them
Set up Calling Groups to receive System Messaging 467
messages from co-workers Managers only
System Manager Features
Activity... For... Feature Name... Page #...
Customizing your system:
Set up account codes so that calls can N/A Account Code Entry/Forced 29
be billed or tracked to a specific client or Account Code Entry
project
Set up which line is selected when a user | All telephones Automatic Line Selection and 73

lifts the handset or presses the Speaker
button

Ringing/Idle Line Preference

Index of Features by Activity
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System Manager Features—Continued

Activity... For... Feature Name... Page #...

Change extension numbers for All System Renumbering 748
extensions, adjuncts, lines, telephones,
ranges of extensions on a DSS, ARS,
Calling Groups, Idle Line Access, Listed
Directory Number (LDN), Paging
Groups, Park Zones, Pools, or Remote

Access
Add or change ranges of non-local dial All Uniform Dial Plan (UDP) 804
plan extension numbers so that local Features

users can dial them as if they were
connected to the local system

Change the overall system numbering All System Renumbering 748
plan; for example, change to 2-, 3-, or a
variable number of digits for extension
numbers

Modify the line buttons (SA or ICOM) All System Access/Intercom Buttons 736
available on a user’s telephone: change,
add, or delete

Set up a single-line telephone so that it For single-line HotLine 441
dials a specific inside extension or only Speed Dial 712
outside number as soon as someone lifts
the handset

Adjust the ringing options at an extension | All Ringing Options 681
Coverage 197
Set up special telephones to be used for | N/A Power-Failure Transfer 553

incoming and outgoing calls during a
commercial power failure

Adjust the system dial tone to N/A Inside Dial Tone 447
accommodate a voice messaging
system or modem

Control what a caller hears while waiting | N/A Music-On-Hold 493
for the system (during transfer, while on
hold, or during other operations where
the caller must wait)

Set up an adapter connected to an MLX | N/A Multi-Function Module 486
extension to support a fax machine,
modem, or other device

Change the language (U.S. English, System Labeling 453
Canadian French, or Latin American Manager or
Spanish) used in WinSPM software programmer
Change the language (U.S. English, N/A Labeling 453

Canadian French, or Latin American
Spanish) used in Station Message Detalil
Recording (SMDR) and programming
reports

Index of Features by Activity
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Feature Reference

System Manager Features—Continued

Activity... For... Feature Name... Page #...
Change the language used (U.S. 4400-Series, Language Choice 459
English, Canadian French, or Latin MLX, and ETR

American Spanish) system-wide or at an | display

extension; this also changes the clock, telephones

which is 12-hour for U.S. English and

24-hour for Canadian French or Latin

American Spanish

In Hybrid/PBX mode, change the display | Display Uniform Dial Plan (UDP) 804
of caller information for non-local dial telephones Features

plan calls

Set up the Transfer feature for one-touch | All Transfer 785
Transfer or automatic Hold

Control extensions with software running | MLX CTI Link 230
on an associated worktop PC, on a local

area network (LAN) running Novell

NetWare® 3.12, 4.1, or 4.11

Managing Directories:

Change the Personal Directory to System Labeling 453
accommodate new or changed Manager

extensions

Change the Extension Directory to System Labeling 453
accommodate new or changed Manager

extensions

Change the names listed with System N/A Labeling 453
Directory entries to accommodate

business needs

Monitoring Messages:

Change the posted messages that users | N/A Labeling 453
can choose from

Change the extension information that N/A Labeling 453
appears on display telephones with

inside calls and messages

Set up a group of fax machines to take N/A Group Calling 379
calls

Set up voice messaging system to take N/A Group Calling 379
calls

Obtaining reports:

Obtain a report on incoming and N/A Station Message Detail 720
outgoing calls, including account codes, Recording

if programmed

Get a report on the way the system is N/A Station Message Detail 720

programmed

Recording

Index of Features by Activity
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System Manager Features—Continued

Features

Activity... For... Feature Name... Page #...

Allocating lines and trunks:

In Hybrid/PBX mode, route calls for All ARS 82

maximal cost savings, security, and

efficiency

In Hybrid/PBX mode, allow non-local All Tandem Switching 761

users to access PSTN trunks connected Remote Access 663

to your local system, to save toll costs

In Hybrid/PBX mode, allow local usersto | All Tandem Switching 761

access PSTN trunks connected to ARS 82

another system in your network, to save

toll costs

Take an outside line out of service when | N/A Automatic Maintenance Busy 79

there is a problem with it

In Hybrid/PBX mode, assign lines that All telephones Personal Lines 526

can be answered without operator

involvement

In Behind Switch mode, allow N/A Recall/Timed Flash 646

Conference, Transfer, and Drop buttons

to access host features

Assisting Operators:

Allow a QCC operator to join callers and | N/A Queued Call Console 614

extensions more rapidly

Find out about the Alarm button on Operator Alarm 36

operator consoles or set up a special consoles

light or bell to signal a system problem

Troubleshooting:

Prevent DLC operators from accidentally | N/A Hold 431

disconnecting callers Direct-Line Console 249

Find out what to do when callers on hold | N/A Hold 431

are being disconnected

Make your system more secure from toll | N/A Calling Restrictions 153

fraud Remote Access 663
Forward/Follow Me 356
ARS 82
Group Calling 379

Correct problems that users are having N/A Recall/Timed Flash 646

with the switchhook, Recall, or Flash

button

Join a caller and the extension he or she | Operator Direct-Line Console 249

wants to reach consoles Queued Call Console 614

Find out about the Alarm button that Operator Alarm 36

signals a system problem consoles

Index of Features by Activity
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Feature Reference

System Manager Features—Continued

Activity... For... Feature Name... Page #...

Find out about the Alarm button that Operator Group Calling 379

signals too many calls waiting in line for consoles Auto Dial 57

your attention or your group’s attention

Activate Night Service for system use Operator Night Service 497

outside of normal business hours consoles

Set up the way calls are distributed to System Group Calling 379

Calling Group members Managers only

Monitor others’ calls N/A Direct-Line Console 249
Queued Call Console 614
Direct Station Selector 258
Extension Status 344
Group Calling 379

Set up a device to answer calls when a System Group Calling 379

group is unavailable to take them Managers only

Log a Calling Group member in or out Operator Group Calling 379

consoles Extension Status 344

Control the number of calls that can be System Group Calling 379

waiting in a Calling Group queue before Managers only

callers receive a busy signal

Set options that control when Calling System Group Calling 379

Group calls are sent to a QCC operator Managers only

or Calling Group for overflow handling

and when a Calling Group alarm or alert

is activated to indicate that too many

calls are in queue

Log a delay announcement device for a Operator Group Calling 379

group in or out consoles

Allow DLC operators to place calls on System Hold 431

hold automatically Managers only | Direct-Line Console 249

Turn an extension’s Message light on or | Operators only | Messaging 467

off to indicate that you have a message
for the party

(Send/Remove Message)

Index of Features by Activity
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Customizing Your Telephone

Features

Activity... For... Feature Name... Page #...
Using the line buttons on your telephone | All System Access/Intercom 736
Buttons
Personal Lines 526
Pools 544
Centrex Operation 169
Programming buttons Multiline Programming 467
telephones
Changing the ringing sound on your All Ringing Options 681
telephone
Changing the number of times calls ring All Ringing Options 681
Using the display to screen incoming Multiline 4400- | Caller ID 145
calls Series and Display 289
MLX display Inspect 448
telephones
Seeing what features are programmed Multiline 4400- | Inspect 448
on telephone buttons Series and
MLX display
telephones
For noisy environments: turning off the System Microphone Disable 483
microphone at an MLX telephone (except | Managers only
a QCC) so that a user can hear voice
announcements but must lift the handset
to respond

Index of Features by Activity
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Abbreviated Ring

See “Ringing Options” on page 681.

Abbreviated Ring
______________________________________________________________________________________________________________________________________|
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Features

Account Code Entry/Forced Account Code

Entry

At a Glance

Users Affected
Reports Affected
Modes

Telephones
Programming Code
Feature Code

4400-Series and MLX
Display Label
Hardware

Maximum

Description

Telephone users, operators, data users

Extension Directory, Extension Information, SMDR
All

All Touch-Tone telephones

*82

82

Account Code [Acct]

Printer for SMDR Reports, or PC and printer equipped with Avaya
CAS software needed for Account Code Reports

16 characters (0-9, *)

Use Account Code Entry to enter account codes (developed by accounting or administrative

personnel) for outside calls, both incoming and outgoing. These codes appear on Station Message
Detail Recording (SMDR) reports, along with other call information, and are used for billing or cost-
accounting to identify outgoing calls with a project, client, or department. You can enter an account
code before or during a call or not at all for outgoing calls. For incoming calls, enter the account
code after you answer the call or not at all. For both incoming and outgoing calls, you can change,
correct, or cancel an account code while the call is in progress.

Forced Account Code Entry is similar, but it affects only outgoing calls and requires a caller to
enter an account code before placing an outside call. You can change or correct an account code
while a call is in progress, but you cannot cancel it.

To enter, change, or correct an account code during a call, activate the feature and enter the
account code. Only the person who enters the account code hears the tones generated by dialing
the account code number. To cancel an account code (when permitted), activate the feature and
exit without entering a code.

Account Code Entry/Forced Account Code Entry
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Feature Reference

Forced Account Code Entry, when activated for an extension, has the following effects:

m If you select an outside line on an SA button (by dialing a dial-out code) or on an ICOM button
(by dialing the Idle Line Access code) without entering an account code, the call is blocked.
Depending on the type of telephone used, this may be indicated by the programmed Account
Code Entry button flashing, the SA button going to the off/idle state, or an intercept tone.

m If you try to make an outside call on a Personal Line or Pool button without entering an account
code, there is no dial tone.

Considerations and Constraints
If SMDR is set to record outgoing calls only, you cannot enter an account code for incoming calls.
The system does not validate account codes; it checks only the number of characters entered
(maximum of 16) and completion (signaled by dialing # or pressing a programmed Account Code

Entry button).

Account codes can be no more than 16 characters in length, and only the digits 0-9 and the
character * can be used.

Forced Account Code Entry allows you to enter account codes for incoming calls, including
incoming calls added to a conference call, by using the Account Code Entry feature. Account
codes are not mandatory in these situations. (Outgoing, outside calls added to a conference must
have an account code.)

You cannot change an account code entered from another extension.

An incoming caller cannot hear tones as account codes are entered during a call.

An Account Code Entry button only activates and completes the account code entry. It does not
automatically enter an account code. A separate outside Auto Dial button can be programmed with

an account code number.

Users at extensions programmed with Forced Account Code Entry do not need to enter an
account code to use Loudspeaker Paging.

System Programming

Programmable by System Manager
Mode All

Idle Condition Not required
Planning Form 4d, MLX Telephone

4e, MFM Adjunct: MLX Telephone
4f, Tip/Ring Equipment

4h, ETR Telephone

4j, MLS Telephone

4k, 4400/4400D Telephone

Account Code Entry/Forced Account Code Entry
30



Features

4m, Multiline 4400-Series Telephone

40, Wireless Telephone

5b, Direct-Line Console (DLC)

5¢, MFM Adjunct: DLC

5d, Queued Call Console (QCC)

Data Form 1a, Modem Data Workstation

Data Form 1b, ISDN Terminal Adapter Data Workstation

Factory Setting Not assigned

Valid Entries Assigned, not assigned

Inspect Yes

Copy Option No

Procedure Enter extensions required to use account codes before making an
outside call:

Extensions—Account—Toggle LED On/Off or dial ext. no.—
Enter—Back—Back

Mode Differences

Behind Switch Mode

In Behind Switch mode, single-line telephones must be programmed through Idle Line Preference
to select an SA or ICOM button when the user lifts the handset to make an outgoing call.

Telephone Differences

Queued Call Consoles

To make an outgoing call from a Queued Call Console (QCC), activate Account Code Entry by
selecting the feature from the Home screen, or by pressing the Feature button and selecting the
Account Code Entry feature from the display. After the account code is dialed, complete the entry
by dialing #. Then select a Call button on which to make the call.

4400-Series Telephones

You can program account codes individually on outside Auto Dial buttons. You can also program
an account code as an entry in the Personal Directory (4424LD+ telephones). Enter an account
code by pressing the programmed Feature button and selecting Account Code from the display.

N0'|‘E> Account codes cannot be entered by using System Speed Dial or Personal Speed
Dial because pressing # to activate speed dial completes account code entry.

On 4406D+, 4412D+, 4424D+, and 4424LD+ telephones, you can also activate and complete the
feature by pressing the programmed Feature button and selecting the feature from the display.

Account Code Entry/Forced Account Code Entry
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Once the entry is complete, select a Personal Line, SA, or Pool button, lift the handset, and make
the call.

If Forced Account Code Entry is assigned to a telephone, and you assign Account Code Entry to a
button, the LED flashes when you lift the handset and attempt an outside call. On 4400-Series
display telephones, the feature name appears on the display. Enter the account code and press
the programmed Account Code Entry button; the green LED goes from flashing to on. Then select
the outside line and proceed with the call.

For 4400/4400D Telephones, dial #82 and then enter the account code.

MLX Telephones

You can program account codes individually on outside Auto Dial buttons. You can also program
an account code as an entry in the Personal Directory (MLX-2OL® telephones). Enter an account
code by pressing the Feature button and selecting Account Code from the display.

NOTE} Account codes cannot be entered with System Speed Dial or Personal Speed Dial
because pressing # to activate speed dial completes account code entry.

On MLX display telephones, you can also activate and complete the feature by pressing the
Feature button and selecting the feature from the display. Once the entry is complete, select a
Personal Line, SA, or Pool button, lift the handset, and make the call.

If Account Code Entry is assigned to a button, the LED flashes when you lift the handset and
attempt an outside call. On MLX display telephones, the feature name appears on the display.
Enter the account code and press the programmed Account Code Entry button; the green LED
goes from flashing to on. Then select the outside line and proceed with the call.

ETR and MLS Telephones

You can program account codes individually on outside Auto Dial buttons on ETR and MLS
telephones. Activate Account Code Entry by pressing a programmed Account Code Entry button,
or by pressing the Feature button and dialing 82. After dialing the account code, complete the
entry by pressing a programmed Account Code Entry button or dialing #.

If Forced Account Code Entry is assigned to a button, the LED flashes when you lift the handset
and attempt an outside call. Enter the account code and press the programmed Account Code

Entry button; the green LED goes from flashing to on. Then select the outside line and proceed
with the call.

Wireless Telephones
On a TransTalk 9040 telephone connected to a TDL port, you use Forced Account Code Entry in
one of three ways:
m Press the Feature button, then 82, and enter the account code.

m  Go off-hook, press #82, and enter the account code.

Account Code Entry/Forced Account Code Entry
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m Press a programmed Account Code Entry button and enter the account code.

Once the entry is complete, select a Personal Line, SA, or Pool button, lift the handset, and make
the call.

On a TransTalk 9040 telephone connected to an ETR port, a TransTalk 9031 telephone, or a
Business Cordless 905, you can program account codes individually on outside Auto Dial buttons.
Activate Account Code Entry by pressing a programmed Account Code Entry button, or by
pressing the Feature button and dialing 82. After dialing the account code, complete the entry by
pressing a programmed Account Code Entry button or dialing #.

If Forced Account Code Entry is assigned to a button, the LED flashes when you lift the handset
and attempt an outside call. Enter the account code and press the programmed Account Code
Entry button; the green LED goes from flashing to on. Then select the outside line and proceed
with the call.

Single-Line Telephones

By default, single-line telephones in Behind Switch mode cannot use Account Code Entry or
Forced Account Code Entry. If this feature is to be used, the single-line telephone must be
programmed through Idle Line Preference to select an SA or ICOM button so that you hear an
inside dial tone when the handset is lifted for an outgoing call.

Single-line telephones must have Touch-Tone dialing to use the Account Code Entry feature.
When a single-line telephone user hears inside dial tone, you can activate the feature by dialing
#82.

On a single-line telephone, you cannot enter account codes by using System Speed Dial or
Personal Speed Dial, because these features are activated by dialing #. Pressing # completes the
entry of an account code and cannot also be used to activate the Speed Dial features.

Feature Interactions

Authorization Code If you do not enter an account code, the ACCOUNT field of the SMDR
printout contains the authorization code or the home extension used to
obtain restriction privileges. If you enter an account code at any time
during a call, that account code is stored in the SMDR record.

If the extension used to make a call is assigned Forced Account Code
Entry, the caller is not forced to enter the account code while using the
Authorization Code feature.

If the home extension is assigned Forced Account Code Entry, you must
enter an account code before entering an authorization code.

Auto Dial You can program often-used account codes on outside Auto Dial buttons.
Automatic Line On a single-line telephone, you can enter account codes only if Automatic
Selection Line Selection is programmed to select an SA or ICOM button when the

handset is lifted.

Account Code Entry/Forced Account Code Entry
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Automatic Route
Selection

Basic Rate Interface

Callback

Conference

Coverage

Digital Data Calls

Directories

Display

Forward and
Follow Me

HotLine

Personal Lines

When ARS is used, enter an account code before or after dialing the
telephone number. If Forced Account Code Entry is assigned, enter the
code before dialing the ARS dial-out code.

At an extension assigned to a BRI line, you must enter an account code
either before the call is made or during the call. You must enter forced
account codes before the call is made.

If the SMDR feature is not enabled to record incoming calls, the system
does not accept Account Code Entry information for incoming calls.

You should enter an account code before activating Callback; otherwise,
you cannot enter the account code until after the call connects. You
cannot enter account codes while the call is queued.

You must enter a forced account code before Callback is activated. If not,
you hear a busy tone.

You should enter a separate account code for each added outside
conferee.

When answering calls on a programmed Cover button, a receiver
cannot enter an account code. An account code must be entered from the
sender’s telephone. If the receiver tries to enter an account code, no error
tone sounds, but the account code does not appear on the SMDR report.
Cover buttons are not required when a QCC queue is programmed as a
receiver for a coverage group; therefore, a QCC operator can enter
account codes, which appear on the SMDR report.

Account codes can be entered for calls made by digital data workstations
and by video systems that support the use of # for feature codes. The
account code must be entered before the telephone number.

On an MLX-20L telephone, you can program an account code as a listing
in a Personal Directory. To enter the code from the display, activate
Account Code Entry and choose the directory entry with the code.

When you activate an Account Code Entry feature, the ACCT: message
on the display prompts you to enter the account code. The account code
digits appear next to the prompt as they are dialed.

You cannot enter account codes for calls forwarded to outside numbers.
Account codes are not necessary for calls forwarded to extensions.

On telephones with Forced Account Code Entry assigned, you can
forward calls only to local extensions and not to outside telephone
numbers. If the extension has Remote Call Forwarding on with an outside
number programmed and Forced Account Code Entry is activated, then
Remote Call Forwarding is overridden and calls ring only at the
extension.

HotLine extensions cannot use account codes.

When Forced Account Code Entry is assigned to an extension and you
try to dial an outside call on a Personal Line button without entering the
account code, the call does not go through.

Account Code Entry/Forced Account Code Entry
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Pools

Primary Rate
Interface and T1

Queued Call
Console

Remote Access

Speed Dial

SMDR

Transfer

UDP Features

Features

When Forced Account Code Entry is assigned to an extension and you
try to dial an outside call on a Pool button without entering the account
code, the call does not go through.

At an extension assigned to a PRI line, you can enter an account code
either before the call is made or during the call. Forced account codes
must be entered before calling.

A QCC operator can use Account Code Entry only by selecting the
feature from the display, not by using the feature code. Normally, account
codes cannot be entered when a Group Coverage call is answered at a
Cover button programmed on a multiline telephone. When the QCC
queue is programmed as the receiver for a coverage group, however, the
QCC operator can enter account codes and the account code appears on
the Station Message Detail Recording (SMDR) printout. This is because
Cover buttons are not required when the QCC queue is programmed as a
receiver for a coverage group.

Forced Account Code Entry can be assigned to a QCC.

A Remote Access user cannot enter account codes. If a Remote Access
user, however, calls an inside extension and the person at that extension
enters an account code, the code overwrites the barrier code number
(01-16) in the ACCOUNT field of the SMDR report.

You can program a System Speed Dial number or a Personal Speed Dial
number to replace a long account number, but you cannot program it to
contain both an account number and a telephone number. Single-line
telephones cannot use Personal Speed Dial or System Speed Dial to dial
account codes because the # required to use Speed Dial is also used to
terminate Account Code Entry.

The account code appears in the ACCOUNT field of the SMDR record. If
SMDR is programmed for outgoing calls only, you cannot enter an
account code for an incoming call. If a Remote Access barrier code is
entered for an incoming call and then an account code is entered, only
the account code (not the barrier code ID) appears on the report.

When a call is transferred, the destination extension cannot change an
account code entered at the originating extension.

Account codes entered on the local system are reported by SMDR
(Hybrid/PBX mode only). Account codes can be entered for private
network calls. When Forced Account Code Entry is programmed, you can
still dial a non-local extension without entering an account code.

Account Code Entry/Forced Account Code Entry
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Alarm
At a Glance
Users Affected Operators
Reports Affected Extension Information
Mode All
Telephones System operator consoles only (QCC or DLC)
Programming Code *759
4400-Series and MLX Alarm [Alarm]
Display Label
Hardware Alert device (bell or strobe) for Maintenance Alert
Description

Alarms provide either a visible or audible indication when the system detects a problem that needs
immediate attention.

m Alarm Button. A programmed button on Direct-Line Consoles (DLCs) and a factory-set button
on QCCs that alerts an operator to system problems. The red LED next to the Alarm button on
the operator console lights when the system detects a problem (such as a problem with one of
the lines/trunks or some other system error) that requires immediate attention. It remains on
until the problem is corrected.

m Maintenance Alert. An alert device such as a bell or strobe light connected to the line or trunk
designated as a maintenance alarm jack. The device rings or lights when the system detects a
problem.

The red LED on the processor module turns on when the system detects a problem that
requires immediate attention. It remains lit until the problem is corrected.

The red LED on some modules turns on when the system detects a module-related problem—
for example, a loss of service on a 100D module.

Alarm

36



Features

Considerations and Constraints

As soon as the system detects a problem, the red LED next to the Alarm button turns on and/or the
maintenance alert sounds or flashes.

All system operator consoles with an Alarm button receive the indication.

System Programming

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Telephone Differences

System Manager

All, but in Hybrid/PBX mode, the line/trunk designated for the
maintenance alarm cannot be assigned to a line/trunk pool.

System idle

2c, System Numbering: Line/Trunk Jacks
Not Applicable

Line/trunk number

No

No

AuxEquip—MaintAlarms—>Dial line/trunk no.—Enter—Back—>
Back

Alarm buttons can be programmed only on system operator consoles.

Direct-Line Consoles

The Alarm button is not a fixed feature and can be assigned to any available button on a 4400-

Series or MLX DLC.

An operator at a 4400-Series or MLX DLC can use the Inspect feature to display the number of

alarms.

Queued Call Consoles

An Alarm button is a fixed feature on a QCC.

A QCC operator can use the Inspect feature to display the number of alarms.

Alarm
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Feature Interactions

Automatic
Maintenance Busy

CTI Link

Direct-Line Console

Inspect

Night Service
Personal Lines
Pools

Queued Call

Console
UDP Features

Alarm
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When more than 50 percent of the lines/trunks in the pool are in a
maintenance-busy state, the red LED next to the Alarm button on system
operator consoles turns on, and the designated maintenance alert device
sounds or flashes.

When a CTl link is reset (called a broadcast reset), any programmed
Alarm buttons on operator consoles or connected alarm devices light up.

A DLC operator uses an Alarm button to monitor system operation. The
red LED next to the Alarm button on the operator console goes on when
the system detects a problem that requires immediate attention. An
operator with a DLC can use Inspect to display the number of alarms.

The Alarm button is not a fixed feature and can be assigned to any
available button on a DLC.

You can use Inspect on a DLC or on a QCC to display the number of
alarms.

A line/trunk jack programmed as a maintenance alarm port cannot be
assigned to a Night Service group.

A line/trunk jack used for a maintenance alarm cannot be assigned as a
Personal Line.

A line/trunk jack used for a maintenance alarm cannot be assigned to a
pool (Hybrid/PBX mode only).

An Alarm button is assigned as a fixed feature on QCCs.

In private networks (Hybrid/PBX mode only), system alarms must be on
the local system. The Alarm button on an operator console responds to
the local system.
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Alarm Clock
At a Glance
Users Affected Telephone users, operators
Reports Affected None
Modes All
Telephones 4412D+, 4424D+, 44241 D+, and MLX display telephones
4400-Series and MLX AlarmClock [AlC1k]
Display Label
Description

If you have a display telephone, you can use it as an alarm clock and set it to beep at a particular
time to remind you of an appointment, meeting, or other important event. Until cancelled, the alarm
sounds every day at the set time.

NOTE} The Alarm Clock feature is not supported on 4400, 4400D, 4406D+, TransTalk 9031/

9040, Business Cordless 905, ETR, and MLS telephones. For information about setting
time reminders, see “Reminder Service” on page 658.

To Set the Alarm

To set the alarm on a 4412D+, 4424D+, 4424L.D+, or MLX display telephone, follow the procedure
below:

1.
2.

Press the Menu button.

Select Alarm Clock [AlC1k]. If this feature is not displayed, press (») (4400-Series
telephones) or the More button (MLX telephones). The display shows the alarm status (on/off)
and the time set.

For U.S. English-language operation, dial a 4-digit time from 0100 to 1259 and select am/pm to
switch the displayed time from a.m. to p.m. or back again. For Canadian French- or Latin
American Spanish-language operation, dial a 4-digit time from 0000 to 2359. If you make an
error, select Reset and redial.

Select on/0Off.

Press the Exit (4400-Series telephones) or Home (MLX telephones) button. A bell symbol
appears on the Home screen between the date and the time.

Alarm Clock
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To Cancel the Alarm

To cancel the alarm on a 4412D+, 4424D+, 4424LD+, or MLX display telephone, follow the

procedure below:

1. Press the Menu button.

2. Select Alarm Clock [AlC1k]. If this feature is not displayed, press (») (4400-Series) or the

More button (MLX).

Select Of £.

Press the Exit (4400-Series telephones) or Home (MLX telephones) button. The bell
disappears from the Home screen.

Feature Interactions

Automatic Daylight
Savings Time

Display

Language Choice

Alarm Clock
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Alarm Clock does not beep when it is scheduled during the time that
ADST advances one hour. For example, if Alarm Clock is scheduled to
sound at 2:30 a.m., but ADST advances the system clock from

2:00 a.m. to 3:00 a.m., Alarm Clock does not beep.

On a 4412D+, 4424D+, 4424LD+, or MLX telephone, you program the
Alarm Clock feature from the Menu screen. Once the alarm is set, a bell
appears on the display between the date and time.

On a 4412D+, 4424D+, 4424LD+, or MLX telephone, the ringer and the
LEDs are turned off when alarm is selected from the display.

Enter the time settings for Alarm Clock in accordance with the language
selection governing the extension. If the language selection is U.S.
English, the time setting for Alarm Clock must be entered in 12-hour
format (0100-1259), followed by either a 2 (2) for a.m. or a 7 (P) for p.m.
If the governing language selection is Canadian French or Latin American
Spanish, the time setting must be entered in 24-hour format (0000-2359).
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Allowed/Disallowed Lists

At a Glance
Users Affected Telephone users, operators, data users
Reports Affected Access to Allowed Lists, Access to Disallowed Lists, Allowed Lists,
Disallowed Lists, Remote Access (DISA) Information
Modes All
Telephones All
Maximums In Release 1.5 or later systems, 13 digits for each number (plus
Allowed Lists leading 1, if required)
In Release 1.0 systems, 6 digits for each number (plus leading 1, if
required)
10 numbers for each list. Some systems may also have an asterisk
(*) preceding a leading star code.
8 lists for each system
8 lists for each extension
Disallowed Lists 11 digits for each number (plus wildcard)
10 numbers for each list
8 lists for each system
8 lists for each extension
Description

Used in conjunction with calling restrictions (outward and toll), an Allowed List identifies numbers

that the caller is allowed to dial, despite restrictions. For example, an Allowed List assigned to an

outward-restricted extension can allow calls to specific local numbers, such as 911 or toll numbers.
For toll-restricted extensions, an assigned Allowed List can allow calls to specific area codes and/
or exchanges needed for daily tasks.

Beginning with Release 1.5 systems, the number of digits possible in the Allowed Lists has
increased from 7 to 14 digits. With 14 digits, you have more control when equal access codes are
used, for example, 1010xxx-1-xxx-xxx-xxxX. You can allow Qutward or Toll Restricted users to dial
equal access codes to specific area codes and/or exchanges.

A Disallowed List identifies local or toll numbers that the extension user is not allowed to dial, even
if the extension is otherwise unrestricted. Disallowed Lists can be used as an alternative to, or in
conjunction with, calling restrictions.

Both Allowed Lists and Disallowed Lists are assigned to individual extensions.

Disallowed Lists can also be used in conjunction with Remote Access to restrict calls made
through the system from remote locations. In this case, Disallowed Lists can be assigned to either
specific Remote Access barrier codes or (if barrier codes are not used) to specific types of lines/
trunks (all tie/Direct Inward Dialing (DID) and all non-tie/non-DID trunks).

Allowed/Disallowed Lists
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&SECURITY ALERT:

Do not assign any Allowed List to a Remote Access barrier code or to the default class of
restriction (COR) for all tie or all non-tie trunks. When used in conjunction with toll and local
restrictions applied to the barrier code or COR, Allowed Lists do not work.

When a system’s trunks are used by callers on remote systems to make outside calls (Hybrid/PBX
mode only), the System Manager assigns Disallowed Lists to the Remote Access default tie and/or
non-tie class of restriction. When a call crosses from one system to another in a network, the
receiving system treats the call as a Remote Access call without a barrier code and consults the
Disallowed Lists, along with other Remote Access default tie and/or non-tie settings (excluding the
barrier code requirement), to permit or forbid the call.

When a Disallowed List is assigned to a barrier code, the Remote Access user using that code
cannot reach the specific numbers included in the list.

If barrier codes are not used for Remote Access, then Disallowed Lists for Remote Access users
can be assigned to all tie/DID trunks and all non-tie/non-DID trunks.

A Night Service Emergency Allowed List can be programmed with up to 10 numbers that anyone
can dial without having to enter a Night Service password. For additional information, see “Night
Service” on page 497.

Star Codes and Allowed/Disallowed Lists

A star code is a central office code used to perform a specific function, such as *70 to disable Call
Waiting. In some instances, after you dial a star code, the central office provides a second dial
tone as a prompt to enter more digits. Generally, this second dial tone is immediate. In cases when
the second dial tone is delayed, however, system dialing restrictions can be circumvented.

The System Manager can enter the star digit (*) in Allowed List and Disallowed List entries. The
system can also be programmed with a delay period (see “Second Dial Tone Timer” on page 692),
during which no dialing is allowed while the central office dial tone returns. If dialing is attempted,
the call is treated as though it had violated calling restrictions and is not completed.

The star codes that the system recognizes are as follows:
m  2-digit codes: *(00-19, 40-99)
m  3-digit codes: *(200-399)

Restrictions are reset after leading star codes. This means that any star codes that are not
included in an Allowed or Disallowed List are not considered. The digits that follow the star code
are then compared again to the lists. If a caller dials *67280, the Allowed/Disallowed List feature
acts as though 280 were dialed. In this case, star codes do not need to be placed in an Allowed or
Disallowed List to restrict calls to specific exchanges or area codes.

The programmed delay is also activated when, you dial the rotary telephone equivalent of a star
code is dialed (for example, 1170). Multiple leading star codes (such as *67*70) are also handled
by the system because the dialed number is checked against Allowed and Disallowed Lists after
each star code is detected.

Allowed/Disallowed Lists
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The following examples show how to set table entries to achieve specific results:

Disallow calls preceded by *67, but allow all other calls:
Enter *67 as a Disallowed List entry.

Disallow calls preceded by all star codes, but allow all other calls:
Enter * as a Disallowed List entry.

Disallow calls preceded by *67 or *69, but allow all other calls:
Enter *67 as a Disallowed List entry, and enter *69 as a separate entry.

Disallow calls preceded by *67, calls to 900 numbers and 411, but allow all other calls:
Enter *67, 900, and 411 as separate Disallowed List entries.

The following examples identify specific results that cannot be achieved through programming the
system:

Disallow *67 when dialing a specific exchange.

Disallow *67 only when it is followed by *69.

Wild Card for Allowed Lists

In Release 1.5 or later MERLIN MAGIX systems, you can use one-to-one wild card character
matching in Allowed List entries. Press Hold to enter a wild card character. The character appears
as a “p” on telephone displays and in the printed report.

Consider the following when you use wild card characters in Allowed and Disallowed Lists:

Disallowed List entries can be from 1 to 12 characters in length.

Before a dialed number is compared to an entry in the Allowed List, the leading “1” is dropped.
Thus, an Allowed List entry of “p67” (where “p” is the wild card character) matches dialed
numbers of “267,” “367,” etc., but not “167.”

When a dialed number is compared to an entry in the Disallowed List, the leading “1” is not
dropped. Thus, a Disallowed List entry of “p67” matches dialed numbers of “167,” “267,” “367,”
etc.

You cannot use a wild card character to match a * or # in an Allowed List or a Disallowed List.

A wild card character in any position in a Disallowed List entry matches dialed number 0-9
when the dialed number is not part of a star code.

A wild card character in positions 2—13 in an Allowed List entry matches dialed numbers 0—9
when the dialed number is not part of a star code.

A wild card character in position 1 in an Allowed List entry matches dialed numbers 0 and 2-9.

Allowed/Disallowed Lists
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If a star code is an entry in an Allowed or Disallowed List, that entry should only have the star
code because anything entered in the list after the star code is ignored by the system. The
following entries are valid:

1 6 '7

— *59

1 '7 0

— *200

The following are examples of entries that should not be placed in the Allowed or Disallowed
List:

— *67201

— *69914

— *702125551212

— *2004319255

If a star code is an entry in an Allowed or Disallowed List and a dialed number matches the
star code, the Allowed/Disallowed process is reset after the match is done. Any digits dialed

after the star code are compared to entries in the Allowed/Disallowed Lists for restriction
processing.

For example: *67 and 420 are two entries in an Allowed List. If someone at an Outward
Restricted extension dials *67 420-1234, the call succeeds. If the person at the same Outward
Restricted extension dials *67 431-1234, the call fails (431 is not in the Allowed List). If the
person at the same extension dials 420-1234, the call succeeds. This type of processing also
applies to Disallowed Lists.

Disallowed List 7 has a new default entry. Entry 9 has a value of “ppp976” to support the 10-
digit dialing available in Release 1.5 or later systems. When you upgrade from a MERLIN
MAGIX Release 1.0 system or from a MERLIN LEGEND system to a MERLIN MAGIX
Release 1.5 or later system, you must add this new entry to Disallowed List 7 during
conversion.

Default Disallowed Lists

The system is factory-set with a default Disallowed List (List 7), which includes the following
entries: 0, 10, 11, 1809, 1700, 1900, 976, 1ppp976, ppp976 (Release 1.5 and later systems),

* (p = any digit). This list is automatically assigned to any port programmed as a Voice Messaging
Interface (VMI) port.

&SECURITY ALERT:

The System Manager should assign this list to any extension that does not need access to
the numbers in the list. It is recommended that the System Manager assign Disallowed List 7
to the Remote Access default COR for tie and/or non-tie trunks.

Allowed/Disallowed Lists
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Disallowed Lists and VMI Ports

Ports assigned as Generic VMI or Integrated VMI are assigned the default Disallowed List.

&SECURITY ALERT:

If the System Manager wants to allow access to the voice messaging system QOutcalling
feature, any entries in the default Disallowed List apply to Outcalling calls. Any changes to
the default Disallowed List entries and other restrictions must be considered carefully in order
to minimize the potential for toll fraud.

If the System Manager changes a port to a non-VMI port, the default Disallowed List is not
removed from the port. If the default Disallowed List should be removed, the System Manager
must remove it from the port through system programming.

Considerations and Constraints

A Disallowed List takes precedence over an Allowed List. If a telephone number is on both an
Allowed List and a Disallowed List assigned to an individual extension, the caller cannot complete
a call to that number.

If a zero (0) is programmed as the first digit of an Allowed List entry, any Toll Restriction assigned
to an extension is removed for calls placed through a toll operator.

Individual Allowed and Disallowed Lists are numbered 0 through 7. Within each list, there are 10
entries, numbered 0 through 9.

The Pause character (entered by pressing the Hold button) can be used as a wild card character in
Disallowed Lists—for example, to indicate that calls to a given exchange are restricted in every
area code. In Release 1.5 or later MERLIN MAGIX systems, you also can use one-to-one wild card
character matching in Allowed List entries. The Pause character is shown on the planning form as
“p.” The Pause character does not act as a wild card for the * character.

In Release 1.0 systems, wild card characters are not permitted in Allowed List entries.

When used in conjunction with Remote Access, Allowed and Disallowed Lists are assigned to
specific barrier codes or to types of lines/trunks: all tie/DID trunks, or all non-tie/DID trunks.
Allowed and Disallowed Lists cannot be assigned to trunks on an individual basis.

When used with Automatic Route Selection (ARS), Allowed and Disallowed Lists are not applied
until the caller dials the ARS code and a pool is selected.

Because restrictions imposed by a Disallowed List apply to the extension used to initiate a call to
an outside number, a user with a restricted extension can circumvent restrictions by asking an
operator with an unrestricted console to connect an outside call.

Allowed/Disallowed Lists
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System Programming

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting

Valid Entries

Inspect
Copy Option

Procedure

Allowed/Disallowed Lists
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System Manager
All
Not required

3a, Incoming Trunks: Remote Access
69, Call Restriction Assignments and Lists

Disallowed List #7, containing 0, 10, 11, 1809, 1700, 1900, 976, and
1ppp976, * (p=any digit)

Disallowed List #7 is automatically assigned to all VMI ports.
0 to 7 for assigning lists

Any digit plus a wildcard character for entries to list

Yes

Yes

m Establish, change, or remove Allowed/Disallowed Lists:

Tables—AllowTo/Disallow—Dial list no. (0-7) and entry
no. (0-9)—Enter—Drop—>Dial no.—Enter—Back

m  Assign or remove Allowed/Disallowed Lists for individual
extensions:

Tables—AllowTo/DisallowTo—Dial list no.
(0-7)—Enter—Dial ext. no.—~Enter—Back—Back

m  Assign or remove Allowed Lists for lines/trunks used for Remote
Access:

LinesTrunks—RemoteAccss—Select Non-TIE or TIE
Lines—Allow List—Dial list no.—~Enter—Back—
Back—Back—Back

m  Assign or remove Disallowed Lists for lines/trunks used for
Remote Access:

LinesTrunks—RemoteAccss—Select Non-TIE or TIE
Lines—DisallowLst—Dial list no.— Enter—Back—>
Back—Back—Back

m  Assign or remove Disallowed Lists for each Remote Access
barrier code:

LinesTrunks—RemoteAccss—Barrier Code—
DisallowLst—Dial list no.— Enter—Back—>
Back—Back—Back



Feature Interactions

Auto Dial

Automatic Route
Selection

Calling
Restrictions

Conference

Direct-Line
Console

Directories

Extension Status

Forward and
Follow Me

Features

With a restricted extension, you cannot dial a restricted number (outside or
toll) by using an Auto Dial button unless the number is on the Allowed List
for that extension. You cannot dial an outside number by using an Auto
Dial button if the number is on a Disallowed List.

ARS checks Allowed and Disallowed Lists before choosing the route for a
call. This prevents users with restricted extensions from dialing numbers
that are not on an Allowed List. ARS also prevents a user from dialing
numbers on a Disallowed List.

In Release 1.5 or later systems, assign an Allowed List with “911” to the
restricted extensions to allow the dialing of emergency calls.

When Allow-11 is enabled even if “11” is in the Disallowed List, users can
dial “911” or “9-911.”

When used with calling restrictions, Allowed Lists can permit the dialing of
specific numbers (such as emergency numbers) from an outward- or
toll-restricted extension.

Disallowed Lists can prevent the dialing of specific numbers from either an
unrestricted or a toll-restricted extension.

A Disallowed List takes precedence over an Allowed List.

With a restricted extension, you cannot add a participant (outside or toll) to
a conference call unless the participant’'s number is on the Allowed List for
that extension.

You cannot add an outside number to a conference call if the number is on
a Disallowed List.

Allowed and Disallowed Lists can be assigned to DLCs.

If you have an outward- or toll-restricted extension, you cannot dial an
outside number by using a Personal Directory or System Directory listing
(excluding a marked System Directory listing), unless the number is on an
Allowed List assigned to the extension.

If a number is on a Disallowed List for an extension, you can dial it only by
using a marked System Directory listing, not a regular Personal Directory
or System Directory listing.

To allow users in Hotel mode to dial emergency or other selected numbers
when the telephone is in Status 1 or 2, access must be assigned to an
Allowed List.

With a restricted extension, you cannot forward calls to a restricted (outside
or toll) number unless the number is on the Allowed List for that extension.
If the number is on the Disallowed List for that extension, the call cannot be
forwarded. When activating Remote Call Forwarding or Centrex Transfer
via Remote Call Forwarding on a restricted extension, you do not hear an
error tone; however, when a call is received, the Forward is denied.

Allowed/Disallowed Lists
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Hold

HotLine
Night Service

Personal Lines

Queued Call
Console

Recall/Timed
Flash

Remote Access

Speed Dial

Tandem Switching

The Hold button is used to enter a wild card character in an Allowed or
Disallowed List entry.

Allowed and Disallowed Lists can be assigned to HotLine extensions.

A Night Service Emergency Allowed List can be programmed with up to 10
numbers that you can dial without having to enter the Night Service
password. For additional information, see “Night Service” on page 497.

With a restricted extension, you cannot dial a restricted number (outside or
toll) on a Personal Line button unless the number is on the Allowed List for
that extension. If the number is on a Disallowed List, you cannot dial it.

Allowed and Disallowed Lists can be assigned to a QCC.

If Recall is used on a Personal Line or Pool button—or on an SA or ICOM
button—to access an outside loop-start line, the accessed line is kept, you
hear an outside dial tone, and calling restrictions are reapplied.

When barrier codes are not used, Disallowed Lists are assigned to lines/
trunks system-wide. When barrier codes are used, Disallowed Lists are
assigned to individual barrier codes.

Do not assign any Allowed List to a Remote Access barrier code or to the
default COR for all tie and/or non-tie trunks. When used in conjunction with
toll and local restrictions applied to the barrier code or COR, Allowed Lists
do not work.

For private network trunks (Hybrid/PBX mode only) that will be used by
remote networked users to access network trunks via ARS, default COR
programming is used. Disallowed Lists should be programmed
appropriately (all tie and/or all non-tie) for these trunks. Allowed Lists
should not be used.

Using a marked System Speed Dial number (the dialed number is
suppressed from the display) to dial a number overrides the calling
restrictions (such as toll or outward restrictions, or Allowed and Disallowed
Lists) assigned to that extension. When you use an unmarked System
Speed Dial or a Personal Speed Dial number to dial a restricted number,
the call cannot be completed unless the number is on the Allowed List for
that extension.

Disallowed Lists should be used for the default COR (Hybrid/PBX mode
only). You should use Disallowed List 7, which prohibits a variety of calls
often made by toll fraud abusers. Review and add to this list as needed.
When a Disallowed List is assigned, ARS calls cannot reach the specific
numbers included on the list. When barrier codes are required for the
default COR, Disallowed Lists should be assigned to individual barrier
codes.



Features

Toll Type When lines/trunks with different toll types are connected to the system (for
example, basic lines/trunks and PRI facilities), a toll prefix (0 or 1) may be
required for toll calls on some lines/trunks but not on others. In this case,
two Disallowed List entries are required to restrict users from dialing
specific area codes and/or telephone numbers. For example, to restrict
users from dialing calls in the 505 area code on both toll types, one entry
must be 1505 and the other entry must be 505. When the Disallowed List
is assigned to an extension, the 505 entry restricts users from making calls
to the 505 area code on lines/trunks that do not require a toll prefix, and the
1505 entry restricts users from making calls (including local calls) to the
505 area code on lines/trunks that do require a toll prefix. The same rules
apply to Allowed Lists.

UDP Features Allowed and Disallowed Lists assigned to extensions are not used to
restrict UDP calls (Hybrid/PBX mode only).

Allowed/Disallowed Lists
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Authorization Code

At a Glance
Users Affected Telephone users, data users
Reports Affected Extension Information, Authorization Code Information, SMDR
Modes All
Telephones All (Touch-Tone telephones except QCC)
Programming Code *80
Feature Code 80
4400-Series and MLX Auth Code [Auth]
Display Label
Maximums
Number of Digits in 11 (range 2—11) (digits 09, *)

Authorization Code

Description

The Authorization Code feature allows you to pick up someone else’s telephone, enter your
authorization code, and complete a call with the restrictions that apply to your own telephone
(home extension). This includes Toll Restrictions, outward restriction, Facility Restriction Level
(FRL), Allowed Lists, Disallowed Lists, Forced Account Code Entry, Night Service Exclusion List,
and dial access to pools. All other functions on the telephone are those of the extension you are
using, not your home extension. The Authorization code feature (Hybrid/PBX mode only) allows
you to use your home extension FRL when placing private network calls.

Each entry of an authorization code provides restriction privileges for a single telephone call. If you
put the first call on hold and start to make an outside call, the Authorization Code button’s green
LED goes off. If you wish to make another call, you must reactivate the Authorization Code feature
in order to obtain the restriction privileges of the home extension. Authorization codes can also be
used for call control and call accounting through the SMDR printout. SMDR may be programmed
so that when no account code is entered, either the home extension number or the authorization
code is recorded in the ACCOUNT field. The factory setting lists the home extension number in the
ACCOUNT field.

An authorization code can range from 2 to 11 characters and must be unique across the system.
However, more than one user can use an authorization code simultaneously. Authorization codes
do not have a set, system-wide length.

Through system programming, the System Manager can assign one authorization code for each
extension. One Authorization Code button can be programmed on any multiline telephone (except
QCCs). A button with an LED is recommended.

Authorization Code
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If a user does not have a physical telephone, a phantom extension may be programmed as a home
extension to allow the user to use restricted telephones and for call control and accounting
purposes.

The Authorization Code feature can be activated by modems, fax machines, and other devices
that can dial or enter #80 and then the authorization code followed by a #.

You can activate or deactivate forwarding features, including Centrex Transfer via Remote Call
Forwarding but excluding Follow Me, at a telephone on the system by entering the authorization
code for the extension in the same system from which calls are to be forwarded. This is useful for
changing forwarding operations at phantom extensions and at single-line telephone extensions
when a Pause is needed in the dialing sequence. (You cannot enter a Pause at a single-line
telephone.) You enter the authorization code, then activate or deactivate the forwarding feature in
the normal fashion. You must complete the activation or deactivation sequence within 15 seconds
of entering the authorization code; otherwise, you will have to start over. This is the only feature
that can be used by entering an authorization code in this fashion.

Activating an Authorization Code

You can pick up any telephone (except a QCC) in the system and use an authorization code. To
obtain home extension calling privileges, enter your home extension’s authorization code in one of
the following ways:

m Press a programmed Authorization Code button, and then enter the assigned authorization
code.

m Press the Feature button on a 4412D+, 4424D+, 44241L.D+, or MLX display telephone, and
then select Auth Code.

m Press the Feature button on a multiline 4400-Series, MLX, ETR, or MLS telephone, and dial
80.

m Press the Feat/P button on a TransTalk 9031/9040 or Business Cordless 905 telephone, and
dial 80.

m Press #80 while off-nook on an SA/ICOM button.

If you activate the feature while on hook, the feature selects an SA/ICOM button and turns on the
speakerphone, if present.

After you activate the feature, the green LED (if present) next to a programmed Authorization Code
button starts to flash slowly to indicate that you may enter the code’s digits. A 4400-Series, MLX,

or ETR display telephone shows Auth:, as does a TransTalk 9040 telephone connected to a TDL
port. An MLS display telephone, TransTalk 9031 telephone, Business Cordless 905 telephone, or

TransTalk 9040 telephone connected to an ETR port shows Auth?.

Entering an Authorization Code

While you enter the assigned authorization code, you hear an inside dial tone. If you do not enter
the code within 15 seconds, the feature is deactivated.

If a telephone has a display, the display shows asterisks instead of the entered digits.

Authorization Code
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To complete entry of the authorization code, either press a programmed Authorization Code button
again or dial a # to signify the end of the code. If the entered authorization code matches an
assigned code, you continue to hear an inside dial tone and you can start dialing the telephone
number.

The green LED associated with a programmed Authorization Code button becomes steady to
indicate that an authorization code has been successfully entered. The LED remains steady as
long as the Authorization Code feature remains active.

If the authorization code is not valid, you hear an error tone (a high tone followed by a low tone).
The green LED associated with a programmed Authorization Code button goes off to indicate that
the Authorization Code feature is not active. A 4412D+, 4424D+, 4424L.D+, or MLX display
telephone shows the message Auth Code Not Valid. A 4400D, 4406D+, TransTalk 9031/9040,
Business Cordless 905, or MLS display telephone shows the message Error.

Deactivating an Authorization Code

Each entry of an authorization code is good for only one telephone call. After completing a call, the
current extension loses home extension privileges. It also loses privileges for subsequent calls
after putting a call on hold or after initiating Recall, Headset Hang Up, or Park features. If a far-end
disconnect is not received from the central office, you must hang up or select another outside line
to deactivate the Authorization Code feature.

After the feature is deactivated, the green LED next to the Authorization Code button (if present)
turns off.

Considerations and Constraints

An authorization code can be entered only while hearing an inside dial tone.

Incoming calls are not affected by an authorization code.

There is no limit to the number of users who can use the same authorization code simultaneously.
Authorization codes cannot contain a # or begin with a *.

HotLine extensions cannot use authorization codes.

An authorization code must be at least 2 digits and no more than 11.

An authorization code must be unique across the system.

You can activate or deactivate forwarding features (excluding Follow Me) at a system extension by
entering the authorization code for the extension in the same system from which calls are to be
forwarded. You enter the authorization code, then activate or deactivate the forwarding feature.
You must complete the activation or deactivation sequence within 15 seconds of entering the

authorization code; otherwise, you will have to start over. This is the only feature that can be used
by entering an authorization code in this fashion.

Authorization Code
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System Programming

Authorization Codes
Programmable by
Mode
Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect
Copy Option
Procedure

Telephone Differences

Queued Call Console

Features

System Manager

All

Not required

6h, Authorization Codes

Not assigned

2—-11 characters (0-9, *)

Yes

No

m  Assign or remove Authorization Code for an extension:

Extensions—(») or More—Auth Code—>Dial ext.
no.—Enter—Dial authorization code (2-11 digits, 0-9, *)—
Enter—Back—Back

m  Assign home extension in SMDR Report:

Options—SMDR—Auth Code—>Select Home Extension
Number—Enter—Back—>Back

m  Assign actual authorization code in SMDR Report:

Options—SMDR—Auth Code—>Select Authorization
Code—Enter—Back—Back

m To print a report on all authorization codes on a system:

(») or More—»Print—Auth Code—Back

The Authorization Code feature cannot be activated on a QCC.

4400, 4400D, and Single-Line Telephones

On 4400, 4400D, and single-line telephones, you activate entry of an authorization code by dialing
#80. You complete the entry you activate by dialing #. Single-line telephones must have Touch-
Tone dialing and must be programmed through Idle Line Preference (using Centralized Telephone
Programming) to select an SA/ICOM button when you pick up the handset or activate the

speakerphone.

On a 4400, 4400D, or single-line telephone, you enter an authorization code before accessing an

outside line.

Authorization Code
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On a 4400, 4400D, or single-line telephone, you cannot enter authorization codes by using a
System Speed Dial or Personal Speed Dial code because these features are activated by
dialing #. Pressing # completes the entry of an authorization code; therefore, it cannot also be
used to activate speed dial features.

Feature Interactions

Account Code
Entry/Forced
Account Code
Entry

Automatic Route
Selection

Centrex Operation

Conference

Digital Data Calls

Display

Authorization Code
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If you do not enter an account code, the ACCOUNT field of the SMDR
printout contains the authorization code or the home extension used to
obtain restriction privileges. If you enter an account code at any time
during a call, the account code is stored in the SMDR record.

If the extension used to make a call is assigned Forced Account Code
Entry, the caller is not forced to enter the account code while using the
Authorization Code feature.

If the home extension is assigned Forced Account Code Entry, you must
enter an account code before entering an authorization code.

You can enter an authorization code before dialing the ARS access code.
After dialing the ARS access code, you can enter an authorization code
only if a Feature button or programmed Authorization Code button is used.

In Key or Hybrid/PBX mode systems, you can activate or deactivate
forwarding features, including Centrex Transfer via Remote Call
Forwarding but excluding Follow Me, at an extension on the system by
entering the authorization code for the extension on the same system from
which calls are to be forwarded. You enter the authorization code, then
activate or deactivate the feature in the normal fashion. This is especially
useful for a single-line telephone where you must include a Pause
character in a Remote Call Forwarding dialing sequence, because the
character cannot be dialed at a single-line telephone. It is also useful when
you must change forwarding options for a phantom extension.

You must enter an authorization code before each outside call for a
conference. You may enter different authorization codes for different
outside calls, which is useful if different privileges are needed for different
outside calls.

Data calls can use authorization codes. If Account Code Entry is also
used, you must enter the authorization code after the account code.

Authorization codes can be used by video systems that allow the use of #
for feature codes.

When you are on a display telephone and you activate Authorization
Code, the screen prompts for an entry.



Forward and
Follow Me

Headset Options

Hold

Night Service

Park

Queued Call
Console

Redial

Remote Access

Saved Number Dial

Speed Dial

SMDR

Features

In Key or Hybrid/PBX mode systems, you can activate or deactivate
forwarding features, including Centrex Transfer via Remote Call
Forwarding but excluding Follow Me, at an extension on the system by
entering the authorization code for the extension on the same system from
which calls are to be forwarded. You enter the authorization code, then
activate or deactivate the feature in the normal fashion. This is especially
useful for a single-line telephone, where you must include a Pause
character in a Remote Call Forwarding dialing sequence, since this
character cannot be dialed at a single-line telephone. This is also useful
when you must change forward options for a phantom extension.

Pressing the Headset Hang Up button deactivates the Authorization Code
feature.

Initiating Hold after entering an authorization code deactivates the
Authorization Code feature for subsequent calls.

You can use an authorization code when Night Service is activated. For
Night Service with Outward Restriction, you must enter a valid password
before entering an authorization code.

Initiating Park after entering an authorization code deactivates the
Authorization Code feature. You do not need to enter an authorization
code to pick up a parked call.

QCCs cannot have authorization codes, and the Authorization Code
feature cannot be used from a QCC.

For security reasons, an authorization code is not saved by the Redial
feature.

When you activate the Authorization Code feature, you cannot use Redial.
After you turn off Authorization Code, you can use Redial to dial the most
recent number dialed.

You cannot enter an authorization code on a Remote Access call.

For security reasons, the authorization code is not saved by the Saved
Number Dial feature.

Authorization Code does not affect Saved Number Dial on the extension
you are using or your home extension. You can retrieve the saved number
on the telephone you are using.

You cannot enter authorization codes by using a System Speed Dial or
Personal Speed Dial code because these features are activated by dialing
#. Pressing # completes the entry of an authorization code and cannot
also be used to activate Speed Dial features.

Outgoing calls made by using an authorization code are recorded in the
SMDR record.

If you do not enter an account code, the ACCOUNT field of the SMDR
printout contains the authorization code used to obtain either restriction
privileges or the home extension number. If you enter an account code at
any time during a call, the account code is stored in the SMDR record
instead.

Authorization Code
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System
Renumbering

Transfer

UDP Features

Authorization Code
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Authorization codes are associated with logical IDs, not extension
numbers. If extensions are renumbered and the logical IDs for the
extensions change, the authorization codes may be reassigned to different
extensions.

If you want to transfer a call to an outside number, you must enter the
authorization code at the beginning of the transfer to obtain home
extension privileges. In this case, one-touch Transfer does not work.

You can enter your own authorization code and complete a private
network call with the FRL assigned to your home extension (Hybrid/PBX
mode only).



Features

Auto Dial
At a Glance
Users Affected Telephone users, DLC operators, data users
Reports Affected Extension Information
Modes All
Telephones All except QCC and single-line telephones
Programming Codes
Inside *22 + ext. no.
Outside *21 + number
4400-Series and MLX Auto Dial, Inside [AutoD, In]
Maximums 28 digits, including special characters

&CAUTION:

Before testing emergency numbers, call the regular number for the organization that each
emergency number reaches. Find out the correct procedure for testing an emergency
number without disrupting emergency operations.

Description

Use Auto Dial buttons for one-touch dialing of frequently called telephone numbers. You can
program two types of Auto Dial buttons:

Inside Auto Dial. This button automatically dials any extension or group extension in the
system—such as a co-worker, Calling Group, fax machine, or voice mail system. An operator
can also program inside Auto Dial buttons for Park Zone extension nhumbers.

When an inside Auto Dial button is programmed, you can see the status of the extension
associated with the button; the green LED next to the button is on when a person at the
extension is on a call, when Do Not Disturb is on, or when the extension is forced idle for
centralized telephone programming or system programming.

Outside Auto Dial. This button automatically dials frequently called telephone numbers, as
well as account codes, long-distance company access codes, bank access codes, or
emergency contact numbers.

Auto Dial
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Considerations and Constraints

When an Auto Dial button is used to make a call, the green LED next to the button does not turn
on.

Only company extension numbers should be programmed on inside Auto Dial buttons. Account
codes, long-distance company access codes, and outside telephone numbers should be
programmed on outside Auto Dial buttons.

If you try to program an incomplete extension number on an inside Auto Dial button, the system
provides an error tone and the button remains as programmed.

If numbers are dialed incorrectly by outside Auto Dial, it is possible that the digits are being dialed
before a central office dial tone is received. In this case, a Pause character should be programmed
as the first digit of the dialed number in Key mode or as the digit after the dial-out code in Hybrid/
PBX mode.

Inside Auto Dial does not work across a private network. Use Outside Auto Dial for calls that travel
across the private network.

To enter special characters in a telephone number programmed on an outside Auto Dial button,
use Conf for the Flash character, Trnsfr or Drop for the Stop character, and Hold for the Pause
character (see Table 1). These special characters cannot be programmed on inside Auto Dial
buttons. If the Stop character is the last character in the number, it has no effect on how the Auto

Dial button functions.

Table 1.  Special Characters for Outside Auto Dial

1

Press... See'... Means...

Trnsfr (4400-Series, s  Stop. Halts dialing within a sequence of automatically dialed

TransTalk 9031/9040, numbers. For example, an outside Auto Dial button may be

Business Cordless programmed with a password and a Stop, followed by a telephone

905, and ETR number. To use Auto Dial with a Stop in the sequence, press the

telephones) or Drop button to dial the password, listen for the dialing and connection,

(MLX telephones) and press the button again to dial the telephone number.

Hold p Pause. Inserts a 1.5-second pause in the dialing sequence. Multiple
consecutive pauses are allowed.

Conf f  Flash. Sends a switchhook flash. Must be the first entry in the
dialing sequence.

H# # End of Dialing (for extension programming only). Use at the end
of a dialing sequence to indicate that you have finished dialing or to
separate one group of dialed digits from another, such as account
code and number dialed.

# # End of Dialing. Use at the end of a dialing sequence to indicate that

1 Display telephones only.

you have finished dialing or to separate one group of dialed digits
from another.

Auto Dial
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When a call is forwarded to a multiline telephone that has an inside Auto Dial button programmed
for the forwarding telephone, the green LED next to the Auto Dial button does not flash.

If you are at an idle station with a non-responsive telephone, indicated by a lit Speakerphone or
Headset Status LED, and you try to activate Auto Dial, nothing happens. When the Speakerphone
and Headset Status LEDs are not lit, activating Auto Dial automatically takes the telephone off-
hook.

Mode Differences

Hybrid/PBX Mode

In Hybrid/PBX mode, the system automatically turns on the speakerphone and selects an SA
button when you press an inside or outside Auto Dial button before lifting the handset.

Key Mode

In Key mode, the system automatically turns on the speakerphone and selects an outside line
button when you press an outside Auto Dial button without lifting the handset. When you press an
inside Auto Dial button without lifting the handset, the system automatically turns on the
speakerphone and selects an ICOM button.

Behind Switch Mode

In Behind Switch mode, the system automatically selects the prime line button and turns on the
speakerphone whenever the user presses an outside Auto Dial button. If the Automatic Line
Selection sequence has been changed to select the ICOM button, press the prime line or outside
line button before pressing an outside Auto Dial button. Pressing an inside Auto Dial button without
lifting the handset turns on the speakerphone; the system automatically selects an ICOM button
but not an outside line.

Telephone Differences

Direct-Line Consoles

Inside Auto Dial can be programmed onto available buttons on a DLC. Use the buttons to transfer
a call, make an inside call, or determine availability of the extension.

Queued Call Consoles

Use the Personal or System Directory instead of outside Auto Dial buttons, which cannot be
programmed on the QCC. The Extension Directory or Direct Station Selector (DSS) buttons can
be used instead of inside Auto Dial buttons.

Auto Dial
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Other Multiline Telephones

With all multiline telephones, you can program and use Auto Dial buttons. When using a 4424LD+
or MLX-20L telephone, use Personal Directory in place of Auto Dial. On a 4412D+, 4424D+, or
MLX display telephone, select the feature from the display to program it.

4400, 4400D, and Single-Line Telephones

With 4400, 4400D, and single-line telephones, you cannot program Auto Dial buttons (see “Speed

Dial” on page 712).

Feature Interactions

Account Code
Entry/Forced
Account Code Entry

Allowed/
Disallowed Lists

Automatic Route
Selection

Calling Restrictions

Conference

Digital Data Calls

Direct-Line Console
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You can program frequently used account code numbers onto outside
Auto Dial buttons.

With a restricted extension, you cannot dial a restricted number (outward
or toll) using an Auto Dial button unless the number is on the Allowed List
for that extension.

You cannot dial an outside number using an Auto Dial button when the
number is on a Disallowed List assigned to the extension.

You cannot program ARS dial-out codes on inside Auto Dial buttons. You
can program an ARS dial-out code on an outside Auto Dial button.

A user with a restricted extension cannot dial a restricted number
(outward or toll) by using an Auto Dial button unless the number is on the
Allowed List for that extension.

When programming an Auto Dial button, press the Conf button to enter
the Flash special character in a telephone number programmed on an
Auto Dial button. On a 4400-Series, ETR, TransTalk 9031/9040, or
Business Cordless 905 telephone, press the Trnsfr button to enter the
Stop special character in a telephone number programmed on an Auto
Dial button. On an MLX telephone, press the Drop button to enter the
Stop special character in a telephone number programmed on an Auto
Dial button.

A terminal adapter can make a call by using an Auto Dial button by dialing
the virtual number of the Auto Dial button (for example, #01). A video
system that supports the use of # for entering feature codes can use Auto
Dial in the same fashion.

An inside Auto Dial button can be programmed on a DLC. A DLC operator
can use the button to transfer a call, make an inside call, or determine
whether or not the extension is available.



Display

Do Not Disturb

Drop

Extension Status

Forward and
Follow Me

Group Calling

Headset Options

Hold

Microphone Disable

Features

When you press a programmed Auto Dial button, the digits show on the
display as if you were dialing from the dialpad. The number is dialed
automatically (special characters for dialing strings are described in
Appendix H). If the Auto Dial number includes a Stop character, press the
Auto Dial button to complete dialing.

When you activate Do Not Disturb, the green LED next to all inside Auto
Dial buttons programmed at your extension turns on.

On MLX telephones, use the Drop button to enter a Stop character in a
dialing string.

When Auto Dial buttons are used to monitor the status of telephones
(instead of buttons on a DSS) in Hotel mode, the green LED next to the
button indicates extension status (0, 1, or, 2), and the red LED indicates
message status. In Calling Group mode, the green LED also indicates
extension status, but the red LED indicates busy/not busy status.

When a call is forwarded to a multiline telephone that has an Auto Dial
button programmed for the forwarding telephone, the green LED next to
the Auto Dial button does not flash.

You cannot use an Auto Dial button to dial digits for any type of Remote
Call Forwarding.

The Calls-in-Queue Alarm button is assigned on a multiline telephone by
programming an inside Auto Dial button with the Calling Group’s
extension number.

When a DSS adjunct is not available, Auto Dial buttons programmed with
each Calling Group member’s extension are used by the Calling Group
Supervisor to monitor group member availability.

When Auto Dial buttons are used to monitor the status of telephones
(instead of buttons on a DSS) in Hotel mode, the green LED next to the
button indicates extension status (0, 1, or, 2), and the red LED indicates
message status. In Calling Group mode, the green LED also indicates
extension status, but the red LED indicates busy/not busy status.

If headset operation is activated on the telephone or console, select a line
button before using Auto Dial to dial an extension or an outside number.

When you have Headset Status activated and have a Headset Hang Up
button on the telephone you are using, if you press an inside Auto Dial
button, instead of dialing the extension, you send a manual signal. If you
want to dial an extension by using the inside Auto Dial button, you must
manually select the System Access or ICOM button, receive a dial tone,
and press the corresponding inside Auto Dial button for that extension.

The Hold button is used to enter the Pause special character in a
telephone number programmed on an Auto Dial button.

If an MLX telephone has a disabled microphone, you can press an Auto
Dial button to turn on the speakerphone so you can hear the number
being dialed. You must, however, lift the handset to talk once the call is
answered.

Auto Dial
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Paging

Park

Personal Lines

Pools

Queued Call
Console

Recall/Timed Flash

Redial

Saved Number Dial
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You can program an extension for a speakerphone Paging Group on an
inside Auto Dial button.

An operator can program Park Zone codes on inside Auto Dial buttons.
An inside Auto Dial button can also be programmed with a user’s or
system operator’'s own extension number and can be used to park calls.
When the system is programmed for one-touch Hold with manual
completion, you hear a busy signal when parking a call at your own
extension number and must complete the transfer by hanging up or
pressing the Transfer button.

You can only use an outside Auto Dial button—not an inside one—on a
Personal Line.

Pool dial-out codes cannot be programmed on inside Auto Dial buttons. A
pool dial-out code can be programmed on an outside Auto Dial button
when a telephone number is also included. Depending on the local
telephone company, however, Pause characters may be required before
the telephone number. Pause characters are entered by pressing the
Hold button.

Auto Dial buttons cannot be programmed on a QCC. For one-touch
dialing of extensions, a QCC operator can use the buttons on a DSS or
select from the Extension Directory. In addition, a QCC operator can use
the System Directory and Personal Directory for one-touch dialing of
outside numbers.

Use the Conf button to enter the Flash special character, which simulates
pressing the Recall button, in a telephone number dialing sequence
programmed on an Auto Dial button.

If you use Recall during an inside call made on an Auto Dial button, the
call is disconnected and you hear an inside dial tone.

A number you dial by pressing a programmed outside Auto Dial button is
saved for Redial as if you dialed it with the dialpad; however, special
characters do not work. An extension dialed when you press a
programmed inside Auto Dial button is not saved for Redial.

A number dialed by pressing a programmed outside Auto Dial button is
stored for Saved Number Dial as though it were dialed with the dialpad,
but special characters do not work. An extension dialed by pressing a
programmed inside Auto Dial button is not stored for Saved Number Dial.



Service Observing

Signal/Notify

SMDR

System Access/
Intercom Buttons

Transfer

UDP Features

Features

Service Observers can use Inside Auto Dial and DSS buttons to select
extensions they want to observe.

If an observed extension uses one-touch Transfer (automatic or manual),
the observer is removed from the call when the call is placed on Hold for
the transfer. If an observed extension uses one-touch Hold, the observer
is removed from the call; however, the Service Observing session is still

enabled. If the Service Observer tries to use one-touch Transfer or Hold

while observing an extension, nothing happens.

If a Service Observer has Auto Dial buttons programmed for extensions in
its Service Observing group, an incoming call that can be observed lights
the green LED next to the Auto Dial button. However, the green LED is
not a guarantee that an observable call has arrived; it may simply mean
the extension has activated Do Not Disturb.

Calls made by using Auto Dial Outside can be observed.

You cannot program a Signal button and an Auto Dial button for the same
extension. Attempting to program both types of buttons for one extension
causes the system to erase the button that has been programmed first.

Auto Dial calls to outside numbers are recorded by SMDR following the
same rules that apply to other outside calls.

When you press an inside Auto Dial button, the system automatically
selects an SA or ICOM button and turns on the speakerphone. When you
press an outside Auto Dial button, the system automatically selects an
outside line button in Key mode, a prime line button in Behind Switch
mode, or an SA button in Hybrid/PBX mode.

To transfer calls, you can press inside Auto Dial buttons instead of dialing
extension numbers. To use the one-touch Transfer option, you must
program inside Auto Dial buttons for extensions to which you transfer
calls. When an operator transfers a call and it returns unanswered, the
green LED next to the Auto Dial button flashes to indicate the extension
from which the call is returning. Only system operators receive this
indication.

On 4400-Series, ETR, TransTalk 9031/9040, and Business Cordless 905
telephones, use the Transfer button to program a Stop character in a
dialing string.

Non-local extension numbers can be programmed on outside Auto Dial
buttons but not on inside Auto Dial buttons (Hybrid/PBX mode only).

Auto Dial
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Automatic Configuration of the MERLIN

Messaging System

At a Glance
Users Affected System Managers
Reports Affected System Information Report
Modes All

Description

To ease the amount of effort during a system installation, Release 1.5 or later of the MERLIN
MAGIX system can automatically configure a voice mail system when Release 2.0 or later of the
MERLIN Messaging System is housed in one of the system’s carriers. This capability takes the
current data on the MERLIN MAGIX system and passes it to the MERLIN Messaging System,
thereby allowing the System Administrator to configure the messaging system without having to
manually enter a lot of data. Although primarily intended for installation, the automatic
configuration can be used at any time.

You can start the automatic configuration by using the 4424LD+ or MLX-20L system programming
console or WinSPM on a PC.

There are two forms of the automatic configuration: the Default Configuration and the Custom
Configuration.

Default Configuration

The Default Configuration automatically sets up the Voice Mail Calling Group and the coverage
group that receives the voice mail. The MERLIN Messaging System clears all current extension
mailbox information and sets up mailboxes for those extensions that the MERLIN MAGIX system
indicates should have them.

The MERLIN MAGIX system does the following:

m  Sets up Calling Group 32 as the Voice Mail Calling Group with extension 7929.

— Removes all current members and parameters of the group.

— Assigns all the ports on the messaging system to Calling Group 32. The calling group is
assigned as an Integrated VMI and Linear Hunt group.

— Makes Calling Group 32 the receiver for Coverage Group 30. If Coverage Group 30 has
been programmed to go to another calling group, that programming is removed and
coverage is reassigned to extension 7929.

m Sets up all the MERLIN Messaging System ports for rotary-enabled dialing. This allows the
out-of-band dialing required by the MERLIN Messaging System.

m Removes any previously assigned lines from Calling Group 32.

Automatic Configuration of the MERLIN Messaging System
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Removes all members from Coverage 30.

Assigns all multiline extensions to Coverage Group 30 (including ETR extensions not
programmed for tip/ring operation). Extensions assigned to Coverage Group 30 receive
mailboxes from the messaging system.

N0'|‘E> Tip/ring, Queued Call Console (QCC), and tip/ring extensions on ETR modules are
not assigned to this coverage group. These extensions become transfer-only
extensions.

Sends all the Calling Group 32 and Coverage Group 30 information to the messaging system.

Sends extension labels to the messaging system, thereby allowing dialing by name. (No labels
are sent for the MERLIN Messaging System extensions.)

Sends system date and time.

The MERLIN Messaging System does the following:

Clears all extension mailbox information.
Creates mailboxes for all extensions in Coverage Group 30.

Sets up tip/ring extensions, QCC extensions, and ETR extensions programmed for tip/ring
operation as transfer-only extensions.

Sets up the directory based on the label information received, thereby allowing for dialing by
name.

Synchronizes its time and date with that sent by the MERLIN MAGIX system.

Sets the number of digits in the dial plan to the maximum length of an extension sent by the
MERLIN MAGIX system.

Custom Configuration

The Custom Configuration of the automatic configuration function gives the System Administrator
more flexibility in setting up or updating the MERLIN Messaging System. (The Custom
Configuration is called “Update” on the system programming screens.) Although the Custom
Configuration performs many of the same tasks as the Default Configuration, it is different in
significant ways:

Coverage Group 30 is not set up automatically. The current members of the group remain.
Extension mailbox information is not cleared.

The System Administrator can keep or delete extension mailboxes that do not match the
extensions sent by the MERLIN MAGIX system.

If a sent extension has a mailbox, that mailbox remains intact.

During the Custom Configuration, the MERLIN MAGIX system does the following:

Assigns the MERLIN Messaging System ports to Calling Group 32.

Sets up all the MERLIN Messaging System ports for rotary-enabled dialing. This allows the
out-of-band dialing required by the MERLIN Messaging System.

Automatic Configuration of the MERLIN Messaging System
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m  Sends all current extensions in Coverage Group 30 to the MERLIN Messaging System,
indicating that they should receive mailboxes.

m Sends all other extensions, indicating that these should be transfer-only extensions. (MERLIN
Messaging System extensions are not sent as transfer-only extensions; they receive no
mailbox of any kind.)

m  Optionally, sends all labels to the MERLIN Messaging System (except the MERLIN Messaging
System labels).

m  Sends the system time and date.

m  Sends to keep or delete extensions that do not match the system dial plan.

During Custom Configuration, the MERLIN Messaging System does the following:
m Creates mailboxes for new extensions.
m Leaves mailboxes intact for existing extensions.

m Deletes mailboxes for extensions no longer on the system when the System Administrator has
chosen to delete extensions that do not match the system dial plan.

m If chosen by the System Administrator, updates the directory entries from the labels sent by
the MERLIN MAGIX system.

m Updates the time and date sent by the MERLIN MAGIX system.

Automatic Updating of Time and Date

The MERLIN MAGIX Release 1.5 or later system sends the time and date to Release 2.0 and later
of the MERLIN Messaging System every day at 1:00 a.m. As necessary, the MERLIN Messaging
System changes its time and date to match the MERLIN MAGIX system. The MERLIN MAGIX
system also sends the time and date when the Automatic Daylight Savings Time feature changes
the system time and when the MERLIN Messaging System resets during an automatic audit.

Considerations and Constraints

Automatic configuration of the messaging system requires Release 1.5 or later of the MERLIN
MAGIX system and Release 2.0 or later of the MERLIN Messaging System.

If more than one MERLIN Messaging System resides in the MERLIN MAGIX system, the
automatic configuration applies only to the first MERLIN Messaging System. The other messaging
system(s) must be manually programmed.

In a private network, automatic configuration applies only to the local MERLIN Messaging System.

The automatic configuration cannot be done:

m in Surrogate mode.

m if the MERLIN Messaging System is not in the MERLIN MAGIX system.
m  while the MERLIN MAGIX system is resetting.

m if the MERLIN Messaging System has been busied out.

Automatic Configuration of the MERLIN Messaging System
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Custom Configuration does not work when:
m Calling Group 32 is not an Integrated VMI group.

m Coverage Group 30 does not have Calling Group 32 as its receiver.
While a Default or Custom Configuration is running, it cannot be interrupted.

Do not change the parameters for Calling Group 32. You can add or subtract members manually or
by using the Custom Configuration.

You can manually add or delete mailboxes from Coverage Group 30, but you should run Custom
Configuration afterwards to resynchronize the system and the messaging system.

Use the Default Configuration after a frigid start occurs.

After a board renumbering occurs, check to see how much the MERLIN MAGIX system and the
MERLIN Messaging System have been affected. Either manually adjust the MERLIN Messaging
System or run the Custom Configuration.

If you add a new module to the system, you must add the new extension numbers into Coverage
Group 30 and update the extension labels before you can run a Custom Configuration.

Backup and Restore functions may cause the system and the messaging system to get out of
sync. You can fix this manually or run one of the automatic configurations, depending on the
amount of differences.

Labels sent by the MERLIN MAGIX system are used by the MERLIN Messaging System to
populate the directory listing for each extension (mailbox and transfer-only) that has a label sent. If
no label is received for an extension, the directory listing remains blank. Up to 10 characters of the
MERLIN MAGIX system label are stored in the MERLIN Messaging System directory for each
extension. The listing in the MERLIN Messaging System consists of alphabet letters only. All other
characters (including punctuation and spaces) sent by the MERLIN MAGIX system are stripped
out before the directory is populated.

System Programming

Although the programming procedures for the Default and Custom Configurations are similar,
there are differences.

Default Configuration

Programmable by System Manager
Mode All

Idle Condition Not required
Planning Form 7d, Group Calling
Factory Setting N/A

Valid Entries N/A

Automatic Configuration of the MERLIN Messaging System
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Inspect
Copy Option

Procedure

Custom Configuration

Yes
No
Activate the Default Configuration (all softkeys are disabled):

System—Config M.Msg—Default Configuration—Yes

Activating the Custom Configuration includes making a decision to keep or delete non-matching
extensions. Before you activate the Custom Configuration, you must busy out the MERLIN
Messaging System. While the procedure is running, all softkeys are disabled.

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Feature Interactions

Calling Restrictions

Coverage

System Manager

All

Not required

7d, Group Calling

N/A

N/A

Yes

No

Activate the Custom Configuration (all softkeys are disabled):

System—>Config M.Msg—Update with labels or Update
without labels—>Keep or Delete—>If Delete chosen, Yes

You must manually change the restrictions for the outcalling port after you
use the automatic configuration.

During a Default Configuration, multiline extensions are removed from
their current coverage groups and assigned to Coverage Group 30.

During a Default Configuration, all Group Cover buttons for Coverage
Group 30 are removed.

During a Default Configuration, QCC coverage for Coverage Group 30 is
removed.

A member of Coverage Group 30 can have primary and secondary
receivers.

Automatic Configuration of the MERLIN Messaging System
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Group Calling

Personal Lines

Ringing Options

System
Renumbering

Touch-Tone or
Rotary Signaling

Features

During the Default Configuration, Calling Group 32 is set up as an
Integrated VMI, Linear Hunt group on extension 7929.

During the Default Configuration, Calling Group 32 is set up as the
receiver for Coverage Group 30.

If you manually change Calling Group 32 to anything other than an
Integrated VMI group, you cannot use the Custom Configuration.

If you manually change the receiver for Coverage Group 30, you cannot
use the Custom Configuration.

All Personal Lines on MERLIN Messaging System ports are removed by
a Default Configuration but are retained by a Custom Configuration.

You must manually change ringing options on the MERLIN Messaging
System ports.

Perform a System Renumber before you run the automatic configuration.

When you use the automatic configuration, all ports on the MERLIN
Messaging System have rotary-enabled dialing.

Automatic Configuration of the MERLIN Messaging System
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Automatic Daylight Savings Time

At a Glance
Users Affected All
Reports Affected System Set Up
Modes All
Telephones Display
Factory Settings Enable: USA ADST
The USA ADST factory settings are as follows:
Parameter Factory Setting
Hemisphere Northern
Start Day Sunday
Start Week First
Start Month April
Start Hour 2:00AM
End Day Sunday
End Week Last
End Month October
End Hour 2:00AM
Description

The Automatic Daylight Savings Time (ADST) feature allows systems of Release 1.5 or later to
automatically set the system clock ahead or back one hour when Daylight Savings Time starts or
ends. You can use the factory setting of “USA ADST,” or choose to customize the parameters of
the feature. If you select “USA ADST,” the system time moves one hour ahead at 2:00 a.m. on the
first Sunday in April and moves one hour back at 2:00 a.m. on the last Sunday in October.

If you choose to customize the parameters, you must set each of the following:

m  Hemisphere

m Start day

m Start week

m Start month

m  Start hour

m  Endday

m  Endweek

m  End month

m  End hour

Automatic Daylight Savings Time
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NOTE} Most Southern Hemisphere countries use Daylight Savings Time from October to April,
the opposite of the Northern Hemisphere. For the Southern Hemisphere, start time is the
start of Standard Time, and end time is the end of Standard Time. When you select
“Southern” as the hemisphere, the system subtracts one hour from the system time at the
time defined by the start parameter. The system adds one hour to the system time at the
time defined by the end parameter.

Considerations and Constraints

If a power interruption occurs during the time when ADST is scheduled to start or end, the system
adjusts to the correct time when power is restored.

MERLIN Messaging Release 2.0 or later is the only voice mail system that automatically updates
the time. You must manually update any other voice mail system when ADST occurs.

If the messaging system is processing other tasks when the ADST time change occurs, the
messaging clock is not updated to the new time.

If the system time changes during a call, the reported duration of that call will be incorrect.

System Programming
Programmable by
Mode
Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect
Copy Option

Procedure

System Manager

All

Not required

8a, System Features

Enabled; USA ADST settings

USA ADST, Custom

No

No

m Enable Automatic Daylight Savings Time using the USA settings:
System—Time—ADST—-Enable—USA ADST—->Enter

m Enable Automatic Daylight Savings Time using the Custom
settings:

System—Time—>ADST—Enable—Custom—Enter—

Select the hemisphere (Northern or Southern)—Enter—
Select start or End for the start or end parameters—Select the
day of the week—Enter—Select the week of the month—
Enter—Select the month—Enter—Select the hour—Enter

Automatic Daylight Savings Time
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Feature Interactions

Alarm Clock

Night Service

Reminder Service

SMDR

m Disable Automatic Daylight Savings Time:

System—Time—>ADST—>Disable—Enter

Alarm Clock does not beep when it is scheduled during the time that
ADST advances one hour. For example, if Alarm Clock is scheduled to
sound at 2:30 a.m., but ADST advances the system clock from

2:00 a.m. to 3:00 a.m., Alarm Clock does not beep.

Time of Day Operation does not activate when it is scheduled during the
time that ADST advances one hour. For example, if the Time of Day
Operation is scheduled to begin at 2:30 a.m., but ADST advances the
system clock from 2:00 a.m. to 3:00 a.m., Time of Day Operation does
not activate.

Reminder Service does not make a call when it is scheduled during the
time that ADST advances one hour. For example, if Reminder Service is
scheduled to call at 2:30 a.m., but ADST advances the system clock from
2:00 a.m. to 3:00 a.m., no call is made.

If the system time changes during a call, the reported duration of that call
will be incorrect.

Automatic Daylight Savings Time
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Automatic Line Selection and
Ringing/Idle Line Preference

At a Glance

Users Affected
Reports Affected
Modes

Telephones

Programming Codes
Ringing/Idle Line
Preference

On
Off

ALS sequence

Begin button sequence
End button sequence

4400-Series and MLX
Display Labels

Maximums
Buttons for each
extension in ALS
sequence

Factory Settings
Ringing/Idle Line
Preference
ALS Sequence by Mode

Multiline 4400-Series
Telephones

Single-line 4400-Series
Telephones

MLX Telephones

ETR Telephones

MLS Telephones
Single-Line Telephones
Direct-Line Consoles

Queued Call Consoles

Telephone users, operators, data users

Extension Information

All
All

*343
*344

(centralized telephone programming only for 4400, 4400D, and
single-line telephones)

*14
*%14

Line Prefer [LnPrf]

AutoLineSel (centralized telephone programming only)

On

Hybrid/PBX Key

3 SA
3 SA

3 SA
3 SA
3 SA
3 SA
2 SA

8 Personal Lines
2 ICOM

8 Personal Lines
8 Personal Lines
8 Personal Lines
2 ICOM

8 Personal Lines

6 Personal Lines
5 Call (fixed)

Behind Switch
1 prime line

1 prime line

1 prime line
1 prime line
1 prime line
1 prime line
1 prime line +

7 Personal Lines

Automatic Line Selection and Ringing/Idle Line Preference
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Description

Automatic Line Selection (ALS) and Ringing/Idle Line Preference are two closely related features.
Ringing/Idle Line Preference directs the system to automatically select a specific line button for
making or answering a call, while ALS specifies the order in which buttons are selected.

Ringing/Idle Line Preference

Ringing/Idle Line Preference is a single option that controls two aspects of an extension’s
behavior: selection of a line when a call arrives and selection of a line when a user hangs up. Turn
this option on or off for each extension either through extension programming or centralized
telephone programming, using the display or programming codes. When Ringing/Idle Line
Preference is on for an extension, the system selects a line button automatically, as follows:

m Ringing Line Preference. Selects a ringing outside line, SA button or ICOM button, or Cover
button—that is, the red LED turns on next to the button with the ringing call. If you lift the
handset or press the Speaker button, you are automatically connected to the ringing call.

The button must be programmed for Immediate Ring or Delay Ring. The red LED next to a
button programmed for No Ring does not turn on unless you press that button to select that
line. See “Ringing Options” on page 681 for additional information.

m Idle Line Preference. Selects an available outside line, SA, or ICOM button for an outgoing
call. If you lift the handset or press the Speaker button when no call is ringing, the red LED
turns on next to an available line button, and you are automatically connected to that line.

The factory setting for Ringing/Idle Line Preference is on for all extensions. If Ringing/Idle Line
Preference is turned off for an extension, no line button at that extension is ever selected
automatically. The red LED is never on until you press the line button with a ringing call (flashing
green LED) or an available line button (green LED off) to make a call.

Automatic Line Selection

When Ringing/ldle Line Preference is turned on at an extension, the system uses the programmed
ALS sequence to select an idle SA or ICOM button, or outside line button for originating a call.
When you lift the handset or press the Speaker button without selecting a line button, the red LED
next to the first button in the programmed sequence turns on, and you are connected to that line. If
the first line is busy, the system selects the second button in the sequence, and so on.

For example, if you normally make toll calls, a WATS line assigned to the extension can be
programmed as the first line in the sequence, and local lines as the second, third, and so on. When
you lift the handset or press the Speaker button, the WATS line, if available, is selected
automatically.

On a multiline telephone, override ALS by pressing the desired line button before you lift the
handset or press Speaker. The red LED next to the button goes on.

Up to eight line buttons (except on single-line telephones) can be programmed in the ALS
sequence for an extension, either through centralized telephone programming or through
extension programming, using programming codes only.

Automatic Line Selection and Ringing/Idle Line Preference

74



Features

N0'|‘E> Your current Automatic Line Selection table is deleted immediately after you press *14.
There is no way to cancel the operation. You must program new selections and then
press **14 to end the operation.

Table 2 shows the factory-set ALS sequence for each kind of telephone according to operating
mode. When Ringing/Idle Line Preference is on, buttons are selected in the order shown. For
multiline telephones, including operator consoles, the factory-set sequence begins with the lower
left button. When outside line buttons are part of the sequence, they are selected in numeric order
(by default, 801, 802,...), up to the maximum number of lines shown.

Table 2.  Factory-Set Automatic Line Selection Sequence

Telephone Hybrid/PBX Key Mode Behind Switch
Multiline 3.Line3 8.Line8 1.Primeline
2.Line2 7.Line7
3.SA0 1. Line 1 6. Line 6
2.SAV 5. Line 5
1.SAR 4. Line 4
4400, 4400D, and 3.SA0 1. Prime line
Single-Line 2.SAR 2.ICOMR
1.SAR 1. ICOM R
Direct-Line Console 5.Line3 8.Line6 3.Lne3 8.Line8 3.Line3 8. Line 8
4. Line 2 7.Line 5 2.Line2 7.Line7 2. Line 2 7.Line7
3. Line 1 6. Line 4 1. Line 1 6. Line 6 1. Prime line 6. Line 6
2.SAV 5. Line 5 5. Line 5
1.SAR 4. Line 4 4. Line 4
Queued Call Console 5 Call 5
4. Call 4
3.Call 3
2.Call 2
1. Call 1

Where:

SA R, ICOM R = SA Ring, ICOM Ring

SA V, ICOM V = SA Voice, ICOM Voice

SA O, ICOM O = SA Originate Only, ICOM Originate Only

Automatic Line Selection and Ringing/Idle Line Preference
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Considerations and Constraints

Outside line buttons and SA or ICOM buttons can be included in the ALS sequence. Inside and
outside lines, however, should not be interleaved. A typical sequence would consist of all desired
SA or ICOM buttons, followed by all desired outside line buttons.

When Personal Line or Pool buttons are assigned to a single-line telephone or other tip/ring device
(such as a fax machine) connected to a 016 (T/R) module, a port on the 016 ETR module
programmed for tip/ring functionality, or a Multi-Function Module (MFM), they are automatically
added to the ALS sequence.

When a user or System Manager enters ALS programming, the system clears the current ALS
sequence for the extension. If the person programming the extension exits without selecting any
buttons, the extension has no ALS sequence. The effect is as if Idle Line Preference has been
turned off: no line is selected automatically when the user lifts the handset to place a call.

Mode Differences

Hybrid/PBX Mode

The factory-set ALS sequence for multiline and single-line telephones includes only SA buttons.
Make outside calls by dialing the main pool dial-out code (usually 70) or ARS code (usually 9).

The factory setting restricts access to pools or to ARS. In order for you to access the main pool,
the System Manager must use system programming to remove the restriction for the specific
extension.

Key Mode

The factory-set ALS sequence for multiline telephones (including DLCs) includes only Personal
Line buttons. You can make inside calls by pressing an available ICOM button before dialing.

The factory-set ALS sequence for single-line telephones includes only ICOM buttons. You can
make outside calls by dialing the Idle Line Access code (usually 9).

Behind Switch Mode

The factory-set ALS sequence includes only the prime line. The sequence can be changed to an
ICOM line followed by the prime line or outside lines. This allows a single-line telephone user to
use system features and to select the prime line and/or outside lines by dialing the Idle Line
Access code (usually 9).

Automatic Line Selection and Ringing/Idle Line Preference
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Telephone Differences

Queued Call Consoles

The ALS sequence on a QCC starts at the lowest Call button and moves upward, and Ringing/Idle
Line Preference is on. Neither can be changed.

Other Multiline Telephones

The ALS sequence is assigned either through extension programming, using programming codes
only, or through centralized telephone programming.

4400, 4400D, and Single-Line Telephones

The ALS sequence for a 4400, 4400D, or single-line telephone can be changed only through
centralized telephone programming. It cannot be changed by the telephone user.

The ALS sequence is factory-set to include only SA or ICOM buttons. As outside lines or pools are
assigned to the extension, they are automatically added to the ALS sequence.

In Key mode, if the ALS sequence for a 4400, 4400D, or single-line telephone is changed to
include only outside lines, you cannot use system features.

In Behind Switch mode, the factory setting for the ALS sequence is the prime line. The sequence
can be changed to an ICOM button followed by the prime line or outside lines. This allows a
single-line telephone user to use system features and to select the prime line and/or outside lines
by dialing the Idle Line Access code.

Automatic Line Selection and Ringing/Idle Line Preference
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Feature Interactions

Account Code
Entry/Forced
Account Code Entry

Coverage

Headset Options

Multi-Function
Module

Queued Call
Console

Ringing Options

Service Observing

System Access/
Intercom Buttons

Transfer

With a single-line telephone, you can enter account codes only when ALS
is programmed to select an SA or ICOM button when you lift the handset.

When Ringing/Idle Line Preference is on for an extension, the system
automatically selects a Primary Cover, Secondary Cover, or Group Cover
button with a ringing call. These buttons cannot be programmed in an
ALS sequence, however, because they cannot be used to make calls.

Automatic Line Selection does not work when a multiline 4400-Series or
MLX telephone or console is in headset operation. A headset user must
select a line manually before making a call. If Headset Auto Answer is off,
manually select a ringing line to answer the call.

When an MFM is installed in an MLX telephone, the ALS sequence for
the MFM should be set to select SA Ring or ICOM Ring, then SA
Originate Only or ICOM Originate Only, then outside lines (or the prime
line in Behind Switch mode) assigned to the MFM. Ringing/ldle Line
Preference should be on for an MFM.

Automatic Line Selection on a QCC is a fixed sequence that starts at the
lowest Call button and moves upward. The sequence cannot be changed.

Even when Ringing/Idle Line Preference is on, the system does not
automatically select an outside line, SA, ICOM, or Cover button
programmed for No Ring. If a call is coming in on such a button, select
the button manually to answer. The green LED flashes when the call
arrives; the red LED turns on when you press the button.

Pressing a Service Observing button selects an SA or SSA button,
regardless of the programming for Idle Line Preference.

SA buttons (including Shared SA buttons) or ICOM buttons can be
programmed as part of an ALS sequence. You should not interleave
different button types (Personal Line, Pool, SA, or ICOM). For example, in
Hybrid/PBX or Key mode, the sequence might include all SA or ICOM
buttons first, then Pool, then Personal Line buttons.

ALS does not apply when the Transfer button is pressed.

Automatic Line Selection and Ringing/Idle Line Preference
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Automatic Maintenance Busy

At a Glance
Users Affected Telephone users, operators, data users
Reports Affected System Information (SysSet-up)
Mode Hybrid/PBX

Description

When Automatic Maintenance Busy is enabled, a malfunctioning loop-start, ground-start, or tie
line/trunk is automatically put in a maintenance-busy state, preventing outside calls from being
made on that line/trunk. Incoming calls are never blocked.

In general, the two reasons for putting an outside line in a maintenance-busy state are as follows:

Faulty or delayed signaling between the system and the central office. To avoid busying out
lines because of slow telephone company central office responses rather than faulty lines/
trunks, four consecutive occurrences of faulty or delayed signaling are required before the line/
trunk is put in maintenance-busy state.

Central office failure to disconnect (make the line/trunk available for use) after a user hangs
up. The line/trunk is put in maintenance-busy state after two occurrences of a failure to
disconnect.

When a line/trunk is placed in a maintenance-busy state, an error is recorded on the internal error
log. The log indicates which type of error occurred: faulty or delayed signaling, or central office
failure to disconnect.

Once a line/trunk is in a maintenance-busy state, the three ways to clear the condition and put the
line/trunk back into service are as follows:

Periodically testing the line/trunk with the system’s internal maintenance software to verify
proper functioning.

Manual clearing of the error from the error log.

Manual seizure of the line/trunk at an operator console or through maintenance dial codes.
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Considerations and Constraints

Incoming calls are received and processed normally on lines/trunks that are in a
maintenance-busy state.

DID trunks (Hybrid/PBX mode only) are not affected by Automatic Maintenance Busy because
these trunks can only receive calls and are not pooled.

100D (DS1) modules configured as ground-start, loop-start, or tie lines/trunks are monitored and
maintained by Automatic Maintenance Busy.

No more than 50 percent of the lines/trunks in a pool can be placed in a maintenance-busy state at
one time, except when the central office has failed to disconnect a line/trunk (preventing its use) or
when an entire line/trunk module is manually taken out of service (called a user-imposed
maintenance-busy state). In the case of the 100D module, any failure in the DS1 link causes the
module to generate a loss-of-service alarm, and the entire module is taken out of service.

System Programming

Programmable by System Manager

Mode All

Idle Condition Not required

Planning Form 1, System Planning

Factory Setting Disabled

Valid Entries Enabled, Disabled

Inspect No

Copy Option No

Procedure m To disable Automatic Maintenance Busy:

System—MaintenBusy—>Disable—Enter—>
Back

m To enable Automatic Maintenance Busy, excluding tie trunks:
System—MaintenBusy—Enable—Enter—Back
m To enable/disable with tie trunks:

System—MaintenBusy—>Enable—Enter—>
Enable Oor Disable—Enter—Back
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Mode Differences

Hybrid/PBX Mode

To provide optimal performance, Automatic Maintenance Busy should be enabled whenever a
Hybrid/PBX system includes pools.

Key and Behind Switch Modes

Automatic Maintenance Busy is not available in Key and Behind Switch modes.

Feature Interactions

Alarm The red LED next to the Alarm button on system operator consoles turns
on, and the designated maintenance alarm alert device sounds or flashes
when more than 50 percent of the lines/trunks in a pool are in a
maintenance-busy state.

Automatic Route If you use ARS to make an outside call, the system selects another line/
Selection trunk in the pool when the first line/trunk is in maintenance-busy state.
Pools To provide optimal performance, Automatic Maintenance Busy should be

enabled whenever a Hybrid/PBX system includes pools.
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Automatic Route Selection

At A Glance

Users Affected
Reports Affected

Mode

Telephones

Maximums

Programmable Routing

Tables
Entries for each table
Factory-set tables

Subpatterns
Routes
Absorbed digits
System-prefixed
characters

Time to Start
System-prefixed
characters
Absorbed digits

1 + 7 dialing requirements

Data
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Telephone users, operators, data users

ARS, Extension Directory, Extension Information, Remote Access
(DISA) Information

Hybrid/PBX only
Al

16 (1-16) in Release 1.0; 24 (1—24) in Release 1.5 and later

100

In Release 1.0: 4: Dial O (table 19), Special Numbers (N11, table 20),
Default Toll (table 17), Default Local (table 18)

In Release 1.5 and later: 5: Dial 0 (table 28), Special Numbers (N11,
table 27), Default Toll (table 25), Default Local (table 26), E911 (table
29; Release 1.5 and later)

2 for each programmable table

6 (1-6) for each subpattern

11 (0—11) for each route

20 (0-9,*, and Pause) for each route

00:00 (midnight, both Subpattern A and B)
None

0
Not within area code
Both



Features

Description

ARS is available only in Hybrid/PBX mode. ARS allows outgoing calls to be dynamically routed
over selected facilities after dialing an ARS access code (usually 9). This enables the system to
select the least expensive route for each call.

N0'|‘E> Local system users (Hybrid/PBX mode only) can use ARS to access lines/trunks
connected to another MERLIN MAGIX Integrated System or to a DEFINITY Enterprise
Communications Server (ECS) or DEFINITY ProLogix Solutions system. The connection
to the networked system is made by using tandem tie (T1-emulated or analog) or tandem
PRI trunks. Details about setting up and planning this functionality are provided in
“Tandem Switching” on page 761. Detailed information about private networks is included
in the Network Reference.

Programmable lists, called tables, indicate the desired routes (line/trunk facilities) for specified
area codes and/or exchanges. There is a different ARS table for each type of call (local, toll,
special number, and so on). The tables are chosen according to the telephone number digits that
are dialed by a user. Each ARS table has a particular pool to which it routes calls.

A table contains some or all of the following types of information:

m Table Type — Indicates how to interpret the information in the table. Table types are: Area
Code, Local Exchange, 6-Digit, 1 + 7, Dial 0, Special Numbers (N11), Default Toll, Default
Local, and E911 (Release 1.5 and later). Details for each table type are discussed later in this
section.

m Digit Strings — Table includes 3-digit entries, usually area codes or exchanges. Dialed digits
are compared to the stored digits. A match should occur in only one table and cause selection
of the routes in that table.

m  Subpattern — An array of up to six routes. There are two subpatterns for all tables except the
Special Numbers (N11) and Dial 0 tables. The subpattern selected depends on the time of day
that the call is made and the start time associated with each subpattern. (The start time for
Subpattern A is specified as the stop time for Subpattern B.)

The Special Numbers (N11) Table always uses the main pool and thus has neither
subpatterns nor routes. The Dial O Table has no subpatterns and only one route.

m Routes — A structure that defines possible lines/trunks to be used in a preferred order, usually
based on the lowest cost and the extension user’s privilege level or FRL. Routes cannot be
programmed for the Special Numbers (N11) Table.

A route contains the following types of information.

— Pool — A group of lines/trunks that are to be used for this route. A pool must be
programmed before any other route information.
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N0'|‘E> If you are using data in your system, program pools, including the default pool, for the
proper data type. For example, a pool with T1 data-only lines cannot be used for
voice calls. Loop-start, ground-start, T1 voice, and some PRI lines support only voice
and analog data calls, while BRI lines and other PRI lines support both voice and
digital data calls.

— Facility Restriction Level — A value from 0 to 6 associated with the route. For routes, 0 is
the least restrictive and 6 the most restrictive value. In order to use a route, a caller
(according to extension or Remote Access barrier code/trunk) must have an FRL that is
equal to or greater than the FRL of the route.

— Absorbed Digits — The number (0-11) of user-dialed digits that ARS absorbs (does not
dial out) on this route. Digits are absorbed starting with the first user-dialed digit, after any
leading star codes.

— System-Prefixed Digits — A string of up to 20 digits (09, *, and Pause) that ARS dials

out on this route before dialing any remaining user-dialed digits but after dialing any user-
dialed leading star codes.

ARS allows up to 24 programmable tables (16 in Release 1.0), each of which may contain one of
the following types of information:

Area Code Tables. These tables are lists of 3-digit area codes. Area code tables are useful
when just one type of line/trunk (for example, a regional WATS trunk) is used for all calls to
each area code on the list.

Local Exchange Tables. These tables list 3-digit exchanges within the local area code. They
can be used to route calls over in-state WATS lines.

6-Digit Tables. If the cost of calls to another area code varies according to the exchange, this
table can be used to route calls on different pools, depending on both the area code and the
exchange.

In a 6-Digit Table, an area code is the first entry. The remaining 99 entries are exchanges
within the area code. The system scans the first six digits of the user-dialed number (area
code and exchange) to route the call.

1 + 7 Tables. In some areas, callers must dial a 1 and a 7-digit number to call certain
exchanges, even though the call is within the local area code. A 1 + 7 Table contains a list of
local area code exchanges that require dialing a 1, but not an area code before the 7 digits.

In addition to the fully programmable tables, ARS has five factory-set tables (four in Release 1.0):

Dial 0 Table. This factory-set table routes calls to numbers that start with 0. The international
dialing code, 011, is treated as a special case and can be put into a programmable table. If
011 is not specified in a programmable table, international calls are routed through the Dial O
Table. Programming of this table is limited to a single pool, its FRL, and system-prefixed digits.

Special Numbers (N11) Table. This factory-set table routes calls to the special numbers 411,
611, and 811. The main pool is always used. The pool routing for this table is not
programmable.
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/N cauTion:

Unless networked systems are collocated, each system should have at least one loop-
start line connected to the PSTN. The line is required to allow connection of a power-
failure telephone to the Power-Failure Transfer (PFT) jack on a module as a power
outage backup and for correct routing of emergency and other N11 calls. To ensure that
the correct services are reached, if the loop-start line is used for emergency or other N11
calls, it should be assigned to the main pool. In this case, IXC calls determine the
number of loop-starts required. See “Power-Failure Transfer” on page 553 of this guide
for more information.

m Default Toll Table. This factory-set table routes toll calls to numbers that do not match entries
in any of the area code, 6-digit, or 1 + 7 digits tables. This table has two subpatterns of up to
six routes each, but neither absorbed digits nor system-prefixed digits are used.

m Default Local Table. This factory-set table routes local calls to numbers that do not match
entries in the local exchange tables. This table has two subpatterns of up to six routes each,
but neither absorbed digits nor system-prefixed digits are used. Routes assigned to the
Default Local Table are factory-set with an FRL of 2.

m E911 Table (Release 1.5 and later). This factory-set table routes 911 emergency calls
according to the Enhanced 911 (E911) programming. The tables routes both calls dialed as
“911” and calls dialed as “9-911.”

The system can have up to 29 tables (20 in Release 1.0), 24 (16 in Release 1.0) of which are fully
programmable. The Dial 0, Special Numbers (N11), Default Toll, Default Local, and E911 tables
are factory-set and allow limited programming.

Each table (where appropriate) can have two subpatterns (A and B) with an associated start time.
The start time for Subpattern A is specified as the stop time for Subpattern B. One subpattern or
the other is selected, based on the time of day and the subpattern start time. (If both subpatterns
have 00:00 start time, Subpattern A is selected.) Each subpattern can contain up to six routes,
listed in order of preference or cost effectiveness.

In addition, each route has an FRL associated with it. The FRL is used to refine the route selection
process further. Each extension, Remote Access barrier code, and Remote Access default Class
of Restriction (COR) is assigned an FRL from 0 through 6. Each route is also assigned an FRL
from 0 through 6. For extensions, 0 is the most restrictive and 6 is the least restrictive level. For
lines/trunks, 6 is the most restrictive and 0 is the least restrictive level. An extension can use a
route only if its FRL is greater than or equal to the route’s FRL. Refer to the Network Reference for
information on private network call routing (Hybrid/PBX mode only).

Other digits or special characters may be required so the system can route a call on a particular
pool. For example, some companies use an alternate toll call carrier that requires dialing the
number with Pause characters and access codes. Each ARS route may have up to 20 characters
that are automatically prefixed when a user dials a number. The allowed characters are the digits O
through 9, *, and Pause. Refer to the Network Reference for information on prepended digits for
private network calls (Hybrid/PBX mode only).

ARS also provides an absorb (ignore) digit capability for each route. For example, if the central
office does not require a “1” before an area code, the system can be programmed to ignore that

Automatic Route Selection

85



Feature Reference

first digit. Up to 11 characters can be automatically absorbed when a user dials a number. For
10-digit toll calls, the prefix 1 must be dialed to signal a toll call to ARS. If the central office does not
require the prefix 1 for toll calls, the digit absorption feature can be used to eliminate the prefix as
the number is dialed. Initially, all 29 tables (20 in Release 1.0) are available for the call.

Programmable Tables

In Release 1.5 and later systems, the number of programmable tables has been increased from 16
to 24 to allow ARS to handle more area codes and exchanges. In addition, an E911 table has been
created, thereby removing 911 from the Special Numbers Table (see “Enhanced 911 Service” on
page 96). Table 3 shows the differences in ARS tables between Release 1.0 systems and Release
1.5 and later systems.

Table 3. ARS Tables

R1.5 and Later

Table Type Table Numbers R1.0 Table Numbers
Fully Programmable 1-24 1-16
Default Toll 25 17

Default Local 26 18

Special Numbers 27 19

Dial 0 28 20

E911 29 N/A

N0'|‘E> When you upgrade from MERLIN MAGIX Release 1.0 to Release 1.5 or later, the digits
from 911 in the Special Numbers table carry over into the Other Digits of the E911 table
during the conversion.

Star Codes and Automatic Route Selection

In some instances, after you dial a star code (a star character followed by a 2- or 3-digit number),
the central office provides a second dial tone as a prompt for the dialer to enter more digits.
Usually, this second dial tone is immediate. In cases when the second dial tone is delayed,
however, calls can be misrouted or system dialing restrictions can be circumvented. (For more
information about using Allowed and Disallowed Lists to restrict star codes, see “Allowed/
Disallowed Lists” on page 41.)

ARS processes star codes at the beginning of a dialed number and sends the digits to the central
office before any other digit analysis occurs. Any programmed prepended digits are added after
the star code and before the rest of the telephone number.
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ARS cannot route calls that consist only of a star code with no additional digits (such as *44 for
voice-activated dialing), because the user has not dialed any digits that the system can use to
choose a route.

When prepended digits are used to select facilities other than regular central office lines/trunks,
dialing calls with star codes using ARS can cause dropped or misrouted calls. It is recommended
that ARS calls containing star codes not be used in configurations where the MERLIN MAGIX
Integrated System is either behind another switch or used to select non-standard facilities. Star
codes are not sent over the network (Hybrid/PBX mode only).

Wild Card Characters in 6-Digit Tables

Release 1.5 or later of the MERLIN MAGIX system allows one-to-one wild card character
matching in the area code entry (not the exchange code entry) of 6-digit tables. This allows ARS to
program numbers such as Directory Assistance (xxx-555-1212) for multiple area codes with one
entry.

N0'|‘E> In Release 1.0 systems, the wild card character (Pause) cannot be used in system
programming to enter area codes and/or exchanges in ARS tables.

&SECURITY ALERT:

Some regions charge for Directory Assistance. Also, many Directory Assistance calls ask
you if you want to dial the number for an additional charge. Use Facility Restriction Levels
(FRLs) to restrict the user from making Directory Assistance calls.

Use the Hold button to enter a wild card character when you program a 6-digit table. The wild card
character appears as “p” on a telephone display and on the printed report.

ARS Restrictions for VMI Ports

Any port programmed as a VMI port is programmed with a FRL of 0. If the System Manager wants
to allow access to the voice messaging system Outcalling feature, the FRL applies to Outcalling
calls.

If the System Manager changes a VMI port to a non-VMI port, the FRL is not reassigned on the
port. If the default FRL should be changed, the System Manager must change it through system
programming.

&SECURITY ALERT:

Any changes to the FRL and other restrictions of these ports must be considered carefully in
order to minimize the potential for toll fraud.
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How ARS Works

You hear an inside dial tone on an SA button and you dial the ARS access code (usually a 9) to
connect to ARS, then you dial a call. If the extension is restricted or toll-restricted and the number
dialed is not on the Allowed List, or if the number dialed is on the Disallowed List, you receive a
system error tone. Otherwise, ARS compares the number dialed with information in the tables. All
tables are available for use at first. Tables are then eliminated from possible use on the call, one by
one, until the best table is selected.

Once the table is selected, ARS chooses the appropriate subpattern and checks restrictions,
eliminating from consideration any routes with restriction levels higher than the extension’s. Any
remaining eligible routes are scanned from the beginning of the list. The first eligible route that is
not busy is selected.

N0'|‘E> Equal access calls (Interexchange or IXC calls), Dial O calls, and N11 calls from systems
that are not connected to the public switched telephone network require special planning.
See “Tandem Switching” on page 761 for details.

Table Selection

How tables are selected varies, depending on the release of the system.
Release 1.5 and Later Table Selection

Because MERLIN MAGIX systems of Release 1.5 or later can route either a 10-digit (without the
leading “1”) or an 11-digit (with the leading “1”) dialed call based on both the area code and the
exchange code, the way tables are selected is different from the way they are selected in Release
1.0.

411, 611, 811, or 10xx/101xxxxx (Equal Access Codes). If the caller dials one of these N11 or equal
access (Interexchange or IXC) numbers, the call is routed over the main pool, using the factory-set
Special Numbers (N11) Table.

Area Code Tables Local Exchange 6-Digit Tables 1+7 Tables
Tables

Dial 0 Table Special No. (N11) Default Toll Table Default Local Table
Table

10- and 11-Digit Dialing. Some central offices allow users to dial a 10-digit telephone number
(area code and telephone number without the leading “1”) to reach a telephone number that
requires an area code. In Release 1.5 and later systems, the MERLIN MAGIX system can route
either a 10-digit (without the leading “1”) or an 11-digit (with the leading “1”) dialed call based on
both the area code and the exchange code. This has been accomplished by modifying ARS to
include a search of 6-Digit tables whether or not the user dials a leading “1.”

The ARS Absorb Digit parameter (the number of user-dialed digits that ARS absorbs, that is, does
not dial out) for each route has been enhanced to accommodate 10-digit dialing.
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If you program the route in the 6-Digit table to absorb N digits, the actual number of digits absorbed
will be as follows:

m If the user dials an 11-digit number (including the leading “1”), ARS absorbs N digits. For
example, you program the 6-digit table to absorb 4 digits, and the user dials 1-732-555-1234.
In this example, 4 digits are absorbed, and 555-1234 is the number that ARS sends as the
dialed number to the central office.

m If the user dials a 10-digit number (not including the leading “1”), ARS absorbs N-1 digits. For
example, you program the 6-digit table to absorb 4 digits, and the user dials 732-555-1234. In
this example, 3 digits are absorbed, and 555-1234 is the number that ARS sends as the dialed
number to the central office.

To configure ARS to correctly route 10- and 11-digits numbers, do the following:

m Determine the area codes and exchanges that allow 10-digit dialing and for which you want
ARS routing based on 10-digit dialing.

m Determine the routing you want for each area code and exchange in the list.
m Add the area codes and exchanges to the ARS tables:
— If all the exchanges in an area code should be routed on the same trunk pools, add the

area code to an exchange table and to an area code table.

— If you want only certain exchanges in an area code routed based on 10-digit dialing, add
the area code and the exchanges to a 6-digit table.

When you configure a system for 10-digit dialing and a user places an outside call preceded by the
ARS dial-out code, the system searches the 6-digit tables for area code and exchange code dialed
by the user. If a match is not found, the system does one of the following:

m If the user dialed a leading “1,” the system searches the area code tables. If a match is not
found in the area code tables, the call is routed by the Default Toll table.

m Ifthe user did not dial a leading “1,” the system searches the exchange tables. If a match is not
found in the exchange tables, the call is routed by the Default Local table.

Figure 1 and Figure 2 show the search algorithms for systems of Release 1.5 or later when a
leading “1” is dialed and when it is not dialed.

&SECURITY ALERT:

A user restricted from dialing a toll number (11-digit) may be able to dial that same number by
using 10-digit dialing when a “leading 1” is not required. Correct this situation by
programming the ARS Facility Restriction Level (FRL), the extension restriction level, and/or
the Allowed/Disallowed Lists. In addition, because non-matching 10-digit calls go to the
Default Local Table with an FRL of 2, users with an FRL of 2 can make 10-digit long distance
calls.
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Figure 2.

Release 1.0 Table Selection

ARS Search Algorithm When No Leading “1” is Dialed

411, 611, 811, 911 or 10xx/101xxxxx (Equal Access Codes)

If the caller dials one of these N11 or equal access (Interexchange or IXC) numbers, the call is
routed over the main pool, using the factory-set Special Numbers (N11) Table.

Area Code Tables Local Exchange 6-Digit Tables 1+7 Tables
Tables

Dial 0 Table Special No. (N11) Default Toll Table Default Local Table
Table
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First Digit Not a 1, N11, or Equal Access Code

All but the Local Exchange, Default Local, and Dial O Tables are eliminated.

Area Code Tables Local Exchange 6-Digit Tables 1+7 Tables
Tables

Dial 0 Table Special No. (N11) Default Toll Table Default Local Table
Table

Next, ARS examines the entries in the Local Exchange Tables:

m If ARS finds only one match, it selects that Local Exchange Table.

m If ARS finds more than one match, it selects the lowest-numbered Local Exchange Table.
m If ARS finds no match and the first digit is 0, it selects the Dial 0 Table.

m If ARS finds no match and the first digit is not 0, it chooses the Default Local Table.

First Digit a 1 (Not an Equal Access Code)

ARS eliminates the Default Local, Dial 0, Special Number, and Local Exchange Tables and
proceeds as described below.

Area Code Tables Local Exchange 6-Digit Tables 1+7 Tables
Tables

Dial 0 Table Special No. (N11) Default Toll Table Default Local Table
Table

If only a “1” followed by seven digits have been dialed and there is one 1+7 Table that matches, it is
chosen. If more than one table matches, the lowest-numbered table is chosen. If there are no 1+7
Tables that match, ARS picks the Default Toll Table.

If more than seven digits have been dialed after the 1, the 1+7 Tables are eliminated. The next
three digits following the 1 are compared to the 3-digit area codes in the Area Code Tables and the
first three digits of the 6-Digit Tables; any unmatching tables are eliminated. If there are no
matches, the Default Toll Table is selected.

If there are matching tables, the next three digits are compared to the second through ninety-ninth
entry in the remaining 6-Digit Tables. If there is only one match, that 6-Digit Table is used. If there
is more than one match, the lowest 6-Digit Table is used. If there are no matches and there are no
area code tables left, the Default Toll Table is selected. If there are no matches and there are Area
Code Tables that have not been eliminated, one of the Area Code Tables is chosen. If there is one
table left, it is used. If there is more than one table, the lowest one is used.
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Figure 3 is shows how a table is selected in Release 1.0 systems.
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ARS Table Selection in Release 1.0 Systems
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Route Selection within the Table

Once the table is selected, ARS checks the subpatterns within the table (if applicable) and the
restrictions on the routes. (See Figure 4.)

;Selected Tableé

If appropriate for

: the selected table,
P P select Subpattern
A or B depending
on time of day.

Select first route

where:
o telephone’s

FRL is > route’s
FRL and route
is not busy

o call type
matches route
type (data,
voice, or both)

Route available?
YES

Route Call

Return
fast busy

Figure 4. ARS Route Selection within a Table
Subpatterns

Depending on the time of the call, one of two subpatterns (each with up to six different routes) is
chosen for each table [except the Special Numbers (N11) and Dial 0 Tables]. The time of day is
compared to the start and stop times of Subpatterns A and B. (The start time for Subpattern A is
the stop time for Subpattern B.) If the time of the call is between the Subpattern B start time and
stop time, then Subpattern B is selected; otherwise Subpattern A is selected. If both Subpatterns
have 00:00 start times, Subpattern A is selected. (See Figure 5.)
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Is Call Time
after Subpattern B
start and before

Subpattern B stop?

Dial Call and
Select Table

Yes

Subpattern B

Subpattern A

Figure 5. Subpattern Selection

Restrictions

If the FRL for an extension, for a Remote Access barrier code, or for the Remote Access default
COR is equal to or greater than the FRL of any of the routes in the selected subpattern, those
routes are eligible for selection. Table 4 shows how FRLs are used to decide whether a route is

allowed.

Table 4. Facility Restriction Levels

FRL Route FRL Allowed
0 0 only Yes
0 1 and up No
1 Oand 1 Yes
1 2 and up No
2 0-2 Yes
2 3 and up No
3 0-3 Yes
3 4 and up No
4 04 Yes
4 5 and up No
5 0-5 Yes
5 6 No
6 Any Yes

N0'|‘E> FRLs associated with extension numbers apply both to ARS calls and to local and non-
local dial plan-routed calls over private networked trunks (Hybrid/PBX mode only),
including those used to reach non-local dial plan extension numbers. See “Tandem
Switching” on page 761 and “Tandem Switching” on page 761 for details.
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For a call, any route that does not match the call type (voice or data) is eliminated from eligibility.
Each route may be specified as voice, data, or both.

If a voice call is queued for callback on a digital pool, it can get stuck in an infinite loop of queuing.
The caller hears a continuous stutter tone and cannot get rid of it. To avoid this situation, be sure
that you correctly program the voice and/or data capabilities of pools of PRI and BRI facilities in the
ARS tables.

Any remaining eligible routes are scanned from the beginning of the list. The first eligible route that
is not busy is selected. If all eligible routes are busy, the user hears a fast busy and can use
Callback to queue the call for the first route only. Callers who are accessing ARS over private
network trunks (Hybrid/PBX mode only) can queue for a private network trunk pool on their switch,
but not for a route on the remote system associated with a PSTN trunk on that system.

N0'|‘E> Emergency numbers must be on an Allowed List to be called from a restricted extension.

Enhanced 911 Service

Release 1.5 or later of the MERLIN MAGIX system in Hybrid/PBX mode supports Enhanced 911
(E911) service that allows the recipient of a 911 call to accurately identify the telephone number
and physical location of the calling party. Emergency response personnel cross-check the
incoming Automatic Number ldentification (ANI) information with the Automatic Line Identification
(ALI) or billing information (in other words, the billing address) associated with the telephone
number. If the caller is in a multi-floor office or a multi-building campus, emergency response
operators have little idea of the exact location of the caller since the information presented is often
just the main billing address of the company. You can use the E911 Partition (the factory setting) or
E911 Adjunct options to provide more specific ALI to identify the caller’s location.

For the E911 options to function properly, the 911 number has been removed from the Special
Numbers Table and placed in a separate E911 Table, Table 29.

Release 1.5 or later of the MERLIN MAGIX system in Hybrid/PBX mode also supports the Allow-
11 feature that lets you dial 911 by dialing the ARS access code of “9” and the digits “11.”

E911 Partition

As a building can be partitioned into different floors or different areas on one floor, the extensions
in the MERLIN MAGIX system can be grouped (“partitioned”) according to their locations. For
example, you can place all the extensions in the northeast corner of the second floor of an office
building in one partition and all the extensions in the northwest corner in a second partition. You
then assign some trunks with an ALI of the northeast corner of the second floor to the first
partition. Next, you assign trunks with an ALI of the northwest corner of the second floor to the
second partition. When a caller dials “911,” the ALl information sent shows the emergency
response people exactly where the caller is located.

N0'|‘E> You must update the partition trunk’s ALI to identify the location of the extensions in a
partition.
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The MERLIN MAGIX system supports up to 10 partitions. When you change the system mode to
Hybrid/PBX mode, all the extensions and adjuncts in the system are automatically assigned to
Partition 1.

An extension can belong to only one partition. If the System Administrator enters an already
assigned extension into another partition, the system automatically removes the extension from
the previous partition.

Partition trunks can be any type of outcalling facility and can be programmed for other system
functionality, such as pools and Personal Lines. Partition trunks cannot be programmed as the
following:

m  E911 Adjunct trunks

m  DID trunks

m  Music-On-Hold trunks

m Loudspeaker Paging trunks

m Data trunks

m  Maintenance alarm trunks

m  Unassigned T1 trunks

m PRI lines that are not assigned to a B-channel group
m PRI lines assigned as the D-channel

You can assign a trunk to only one partition or to the E911 Adjunct. You can assign trunks that are
already used in pools or as Personal Lines.

NOTE} If no trunks are assigned to an extension’s partition, a 911 call from that extension is
routed through the main pool. If you select E911 Adjunct as your E911 option and no
trunks are assigned to the E911 adjunct, 911 calls are routed through the main pool.

& CAUTION:
Do not assign a trunk that does not work or is unreliable. You should enable system trunk
maintenance. The system cannot use trunks that are maintenance busy. If an E911 call fails,
the system marks that trunk as maintenance busy. The next E911 call uses another trunk in
the partition or overflows to the main pool.

N0'|‘E> If an E911 call overflows to the main pool, the ALl information sent may not include the
exact location of the caller.

Each partition can have up to 20 digits that include digits 0-9, * (but not in the first position), and
Pause (entered by pressing the Hold button). If an E911 call overflows to the main pool, the system
may add prefixed digits.
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Follow these steps to program the E911 Partition option:

1. Assign extensions to each partition.

Select “Partition” as the E911 option.

Program system prefix digits for each partition and for the overflow main pool as needed.

Enable “Allow-11” as desired.

o & 0D

Create an Allowed List with 911, and assign it to Outward Restricted and Extension Status
Restricted extensions that should be allowed to call the 911 Emergency Service.

If extensions are Night Service restricted, add a Night Service Emergency Number for “911.”

7. Check that the trunks are of an eligible type and are not being used as Music-On-Hold,
Loudspeaker Paging, data, E911 Adjunct, or maintenance trunks, or are not being used in
another partition.

8. \Verify the ALI or billing information for the trunks in each partition.
9. Remove “911” from any of the programmable ARS tables.
10. Assign trunks to each partition.

11. Remove any non-working or unreliable trunk from any partition.
E911 Adjunct

The second way to support Enhanced 911 service is to have calls routed through trunks
connected to an auxiliary piece of equipment called the “E911 adjunct.” You can assign up to five
trunks to be E911 Adjunct trunks.

When a user calls 911, the ground-start or loop-start trunk sends the extension information to the
E911 adjunct. The E911 adjunct reads the extension information and sends the appropriate
telephone information out to the 911 Emergency Service. If the E911 adjunct cannot decipher the
extension information, it should send the main billing telephone number and billing address. If all
the trunks programmed for E911 service are busy, the call is routed through the main pool.

NOTE} If an E911 call overflows to the main pool, the ALI information sent may not include the
exact location of the caller.

When the E911 adjunct detects an error condition (such as the disconnection of the trunk cable
between the E911 adjunct and the PSTN), the contacts on the front panel ALARM relay close. You
must wire this ALARM relay to a system tip/ring extension jack and then program that extension
jack as an E911 Adjunct Alarm extension. An E911 Adjunct Alarm extension uses the Hotline
feature to place a call automatically to the system operator when the ALARM relay contacts close.
This causes an alarm LED to light on the operator’s console and places the E911 Adjunct trunks
into a Trunk Maintenance Busy state. While the E911 Adjunct trunks are in this state, any 911 calls
go directly to the main pool. A major alarm error is also generated. See the “Maintenance and
Troubleshooting” chapter in the Installation, SPM, Maintenance, and Troubleshooting Guide for
further information.
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E911 Adjunct trunks can be loop-start trunks or ground-start trunks with the following exceptions.
However, ground-start trunks can only be used on modules with upgradeable firmware (the 800
GS/LS-ID module and the 408 GS/LS-MLX-ID module).

No Music-On-Hold trunks

No Loudspeaker Paging trunks

No data trunks

No maintenance alarm trunks

No unassigned T1 trunks

No PRI lines that are not assigned to a B-channel group
No PRI lines assigned as the D-channel

No trunks used in pools

No trunks used as Personal Lines

No trunks assigned to an E911 partition

Follow these steps to program the E911 Adjunct option:

NOTE} The system must be idle when you program the E911 Adjunct option.

—

P 0D

Program the E911 adjunct equipment according to its user manual.
Assign ground-start (recommended) or loop-start trunks to the E911 adjunct.
Connect the E911 adjunct to the ground-start or loop-start trunks assigned to it.

Assign the E911 Adjunct Alarm Extension and the extension number (the first operator
position is the factory setting) to which the E911 Adjunct Alarm calls will be sent.

Connect the E911 adjunct alarm relay to the E911 Adjunct Alarm extension.
Change the E911 Option to “E911 Adjunct.”

N0'|‘E> Do not enable the E911 Adjunct option until after the E911 adjunct has been connected

10.

and tested, the Adjunct Alarm port has been connected, and the E911 Adjunct trunks and
the E911 Adjunct Alarm have been programmed.

Enable “Allow-11" as desired.
Remove 911 from any of the programmable ARS tables.

Create an Allowed List with 911 and assign it to Outward Restricted and Extension Status
Restricted extensions that should be allowed to call the 911 Emergency Service.

Program an operator Alarm button on any operator Direct-Line Consoles (DLCs).
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Allow-11

Release 1.5 or later of the MERLIN MAGIX system offers the Allow-11 function. When you enable
Allow-11 and the ARS access code is 9, dialing “911” or “9-911” both place a 911 call. If Allow-11
is enabled and the ARS access code is 9, you cannot use “11” to dial star codes. (Dialing *11 is
used for rotary-dial lines.)

Considerations and Constraints

ARS restrictions (FRLs) operate independently of dial-access-to-pool restrictions, providing
greater flexibility in assigning the type of usage an extension is allowed.

The international dialing code (011) can be included in a local exchange or 6-digit table. If this is
done, calls beginning with 011 are routed according to the table on which 011 is entered, and not
according to the Dial O Table.

A non-local system’s ARS access code must not be included in the non-local dial plan. To do so
would allow users to dial out of the remote networked systems, bypassing local restrictions. If you
attempt to include the local system’s ARS access code in the non-local dial plan, the programming
is blocked. In a network, it is recommended that all systems use the same ARS access code. For
additional information, see “Tandem Switching” on page 761 and “Uniform Dial Plan Features” on
page 804.

Calls made to the equal access code (10xxx) are always routed immediately over the main pool,
whether or not they appear in other ARS tables. People who are restricted from using a particular
ARS route hear a high-low error tone, indicating that the call cannot be completed.

N0'|‘E> Special planning is required for equal access calls (also called IXC or Interexchange
calls), N11 calls, and Dial 0 calls from systems that are not connected to the public
switched telephone network. See “Tandem Switching” on page 761 for details.

Even if the local telephone company does not require it, callers must dial 1 before any 10-digit
telephone number, so that ARS can determine whether a call is toll or local. If the 1 is not required
by the local central office, the system may be programmed to ignore it.

Some central offices still require the prefix 1 for dialing certain exchanges. If the 1 + 7-Digit Dialing
Requirements option is programmed as Within Area Code, the system expects either dial time-out
or a # (end of dialing) to indicate whether a 1 + 7-digit or a 1 + 10-digit number has been dialed.
(This may result in delays while the user waits for time-out.) To avoid time-out delays, 1 + 7-Digit
Dialing Requirements can be programmed as Not Within Area Code, but all exchanges requiring a
system-prefixed 1 must be listed in a local exchange table, and the 1 must be specified as a
character to be prefixed. In this case, users must not dial the 1 before dialing those exchanges.

Area Codes 800 and 900 are treated as entries in programmable tables. They may be
programmed either as area codes or as exchanges.
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You can direct 911 calls over a private network by prepending partition or system prefixed digits
with the ARS access code for the remote MERLIN MAGIX system. Incoming private network calls
are sent over the main pool.

N0'|‘E> Send 911 calls over a private network only when the systems are at the same location
and when the main pool’s trunks’ ALI provides enough information for a rapid response
from Emergency Service.

Do not assign E&M TIE trunks to be E911 Adjunct trunks.
All E911 routes have a Facility Restriction Level (FRL) of 0.

E911 calls are routed through the main pool when any of the following occur:

m  No E911 trunks are in a partition, or E911 Adjunct trunks are not programmed.
m  All E911 trunks in a partition or all E911 Adjunct trunks are busy.

m  The E911 Adjunct Alarm is active.

m  All E911 trunks in a partition or connected to the E911 Adjunct are in a Trunk Maintenance
Busy or E911 Trunk Maintenance Busy state.

m The call is from a non-local extension or from a Remote Access location.

A 911 call to a disconnected or bad E911 trunk will fail. To prevent further failures of this trunk, the
system marks the trunk as E911 Trunk Maintenance Busy and does not use the trunk while it is in
an E911 Trunk Maintenance Busy state.

Assign at least two trunks to any partition to minimize overflowing to the main pool.

E911 service cannot be provided if “911” is an entry in a local exchange table.

The system prefixed digits can be programmed for each E911 Partition call but not for E911
Adjunct calls.

If the ARS Special Numbers Table needs system prefixed digits, the E911 Table may also need
system prefixed digits for calls that overflow to the main pool.

Enable Trunk Maintenance Busy to allow the system to perform background checks on all ground-
start, loop-start, and E&M tie trunks used for E911 service.

An Outward or Extension Status (ES) Restricted user cannot call 911. Assign an Allowed List with
“911” to the restricted extensions.

A Night Service Restricted caller cannot dial 911. Program a Night Service Emergency Number for
911.

When Allow-11 is enabled and the ARS access code is “9,” the system routes both “911” and
“9-911” calls through the E911 table. If Allow-11 is enabled and the ARS access code is “9,” rotary-
dial lines cannot use “11” for star (*) codes.
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When the system mode changes from Hybrid/PBX mode to Key or Behind Switch mode, E911
programmed returns to the factory setting of all extensions assigned to Partition 1.

If you try to program the following trunks as an E911 Partition or E911 Adjunct trunk, you hear an
error beep and are denied programming the trunk:

DID trunks

Music-On-Hold trunks

Loudspeaker Paging trunks

Data trunks

Maintenance alarm trunks

Unequipped T1 trunks

PRI lines that are not assigned to a B-channel group

The PRI line assigned as the D-channel

In addition, an error beep sounds when you try to program the following as E911 Adjunct trunks:

Trunks used in pools

Trunks used as Personal Lines

Trunks assigned to an E911 partition

System Programming

ARS Tables

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

Procedure
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System Manager

Hybrid/PBX

Not required

3f, Automatic Route Selection Tables
Not applicable

Not applicable

Yes

No

Specify the type of table (6-digit, area code, local exchange, or 1 + 7)
and the area codes and/or exchanges to be included in the table:

Tables—ARS—ARS Input—>Dial table no.—Enter—
Specify table type—Enter—>Dial entry no.—~Enter—Drop—
Dial no.—Enter—Back—Back



Features

1 + 7-Digit Dialing Requirements

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

System Manager

Hybrid/PBX

Not required

3f, Automatic Route Selection Tables
Not within area code

Not within area code, Within area code
No

No

Specify that 1 + 7 tables should be searched when a leading 1 is
dialed:

Tables—ARS—ARS 1+7Dial—>Select Within Area Code or
Not within Area Code—Enter—Back—Back

Start and Stop Times for Subpatterns

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting

Valid Entries
Inspect
Copy Option
Procedure

System Manager
Hybrid/PBX
Not required

3f, Automatic Route Selection Tables
39, Automatic Route Selection Default and
Special Numbers Tables

No time is specified, thus all calls are routed according to Subpattern
A

0000 to 2359
No
No

Specify time of day when calls are routed by using Subpattern A or B
routing information:

Tables—ARS—Sub B Start—>Dial table no. (1-26)—>Enter—
Drop—Dial start time (0000—2359)—Enter—Sub B Stop—
Dial table no. (1—26)—Enter—Drop—Dial stop time—Enter—
Back—Back

N0'|‘E> In a Release 1.0 system, the table number range is 1-18.
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Pool Routing

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Digit Absorption

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

Procedure

Automatic Route Selection

System Manager
Hybrid/PBX
Not required

3f, Automatic Route Selection Tables
39, Automatic Route Selection Default and
Special Numbers Tables

Not applicable

Not applicable

No

No

Identify the pools (up to six) on which calls are to be routed:

Tables—>ARS—Sub A Pools or Sub B Pool—>
Dial table no. (1-26) and pool route no. (1-6)—Enter—
Dial pool dial-out code—Enter—Back—>Back

N0'|‘E> In a Release 1.0 system, the table number range is 1-18.

System Manager

Hybrid/PBX

Not required

3f, Automatic Route Selection Tables
0

0to 11

No

No

Specify the number of digits that need to be absorbed by the system
when it routes calls on an identified route:

Tables—ARS—>SubA Absorb or (») or More and SubB Absorb—>
Dial table no. (1-26) and pool route no. (1-6)—Enter—Drop—
Dial no. of digits to absorb (0—11)—>Enter—Back—>Back

N0'|‘E> In a Release 1.0 system, the table number range is 1-18.



Other Digits

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Facility Restriction Level

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting

Valid Entries
Inspect
Copy Option

Procedure

Features

System Manager

Hybrid/PBX

Not required

3f, Automatic Route Selection Tables

0

Up to 20 digits (any combination of 0 to 9)
No

No

Specify the digits or special characters that must be added by the
system to the number dialed by a user when calls are routed on an
identified route:

Tables—ARS—>Sub A Digit or (») or More and Sub B Digit—
Dial table no. (1—26) and pool route no. (1-6)—>Enter—Drop—
Dial digits to be added (up to 20 digits; any combination of 0-9)—
Enter—Back—Back

N0'|‘E> In a Release 1.0 system, the table number range is 1-18.

System Manager
Hybrid/PBX
Not required

3f, Automatic Route Selection Tables
39, Automatic Route Selection Default and
Special Numbers Tables

3 (Table 26 [Table 18 in Release 1.0 systems], the Default Local table
has a factory setting of 2)

Oto6

No

No

Assign a Facility Restriction Level (FRL) to a route:

Tables—ARS—>Sub A FRL (>) or More and Sub B FRL—
Dial table no. (1-26) and pool route no. (1-6)—Enter—>
Dial restriction level (0—6)—Enter—Back—>Back
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Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Dial 0 Table

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option

Procedure

Automatic Route Selection

N0'|‘E> In a Release 1.0 system, the table number range is 1-18.

N11 Special Numbers Tables

System Manager
Hybrid/PBX
Not required

39, Automatic Route Selection Default and
Special Numbers Tables

Not applicable
Not applicable
No
No

Specify the FRL and/or digits that must be added when people dial
emergency numbers in the Special Numbers (N11) table.

m To change the Facility Restriction Level:

Tables—ARS—(>) or More—SpeclNumber—ARS FRL—>
Drop—Dial FRL value—Enter—Back—>Back—Back

m To program other digits:

Tables—>ARS—(») or More—SpeclNumber—ARS Digit—>
Drop—Dial digits—Enter—>Back—>Back—Back

System Manager
Hybrid/PBX
Not required

39, Automatic Route Selection Default and
Special Numbers Tables

3
Oto6
No
No

Specify the pool routing, FRL, and digits or special characters that
must be added by the system to the number dialed by a user when
calls are routed on the Dial O table:



Voice and/or Data Routing

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

E911 Programming

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option
Procedure

Features

Tables—>ARS—(>) or More—Dial 0—Select
ARS Pool or ARS FRL (0-6) or ARS Digits—>
Dial value—Enter—Back—Back—>Back

System Manager
Hybrid/PBX
Not required

39, Automatic Route Selection Default and
Special Numbers Tables

Voice

Voice Only, Data Only, Voice/Data
No

No

Specify whether a route is to be used for voice, data, or both on a T1,
BRI, or PRI call:

Tables—ARS—(») or More—Sub A Data or Sub B Data—>
Dial table no. and route no.—Enter—>Select capability (Voice Only,
Data Only, or Voice/Data)—>Enter—Back—>Back

System Manager

Hybrid/PBX

System must be idle when E911 Adjunct is programmed
3f, Automatic Route Selection Tables

E911 Partition

Not applicable

Yes

No

Specify the type of table (6-digit, area code, local exchange, or 1 + 7)
and the area codes and/or exchanges to be included in the table:

m To choose the Partition or Adjunct option for E911 service:

Tables—ARS—More—E911—0Option—Select Partition or
E911 Adjunct—Enter—Back

m To enter extensions into a partition:
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Tables—ARS—More—E911—Partition—Type the partition
table number—Enter—Extensions—Type the extension
number—Next to accept the entry and move to the next partition,
or Enter to enter another extension number in the same
partition—Back

To assign an individual line to a partition:

Tables—ARS—More—E911—Partition—Type the partition
table number—Enter—LinesTrunks—Entry Mode—Type
the line/trunk number—Next to accept the entry and move to the
next partition, or Enter to assign another line/trunk to the same
partition—Back

To assign a block of lines to a partition:

Tables—ARS—More—E911—-Partition—Type the partition
table number—Enter—LinesTrunks—Select the desired
block of lines (Doing this maps the 20 lines chosen to the line
buttons on your telephone.)—Press the line button for each line
you want to add to the partition. (The LED next to the button
lights.)>Back

To prepend digits to an E911 Partition call:

Tables—ARS—More—E911—-Partition—Type the partition
table number—Enter—0Other Digits—Type the prepended
digits>Enter—Back

To assign lines to the E911 Adjunct:

Tables—ARS—More—»E911—Adjunct—LinesTrunks—
Type the line/trunk number—Enter—Back

N0'|‘E> You can program up to five trunks as E911 Adjunct
trunks. Valid trunk types are ground-start or loop-start
trunks. Analog tie trunks are not blocked from being
programmed but are not supported as E911 Adjunct
trunks.

To assign an extension to be the E911 Adjunct Alarm extension:

Tables—ARS—More—»E911—Adjunct—Alarm Ext—Type
the extension number—Enter—Back

N0'|‘E> If you try to select an extension that is not a tip/ring port,
a beep sounds, indicating that you cannot select that
extension.

To prepend digits to an E911 overflow call to the main pool:

Tables—ARS—H>More—E911—0therDigits—Type the
prepended digits—>Enter—Back



Mode Differences

Features

N0'|‘E> If you enter a leading * or more than 20 digits, a beep
sounds, indicating that your entry is invalid.

m To enable or disable Allow-11:

Tables—ARS—More—E911—Allow 11—Select Enable or
Disable—Enter—Back

ARS is available only in Hybrid/PBX mode.

Feature Interactions

Account Code
Entry/Forced
Account Code Entry

Allowed/
Disallowed Lists

Authorization Code

Auto Dial

Automatic
Maintenance Busy

Barge-In

When ARS is used on the system, you can enter an account code before
or after dialing the telephone number.

If Forced Account Code Entry is assigned to the extension, you must
enter the code before dialing the ARS dial-out code.

ARS checks Allowed and Disallowed Lists before choosing the route for a
call. This prevents users with restricted extensions from dialing numbers
that are not on an Allowed List. ARS also prevents a user from dialing
numbers on a Disallowed List.

Assign an Allowed List with “911” to the restricted extensions to allow the
dialing of emergency calls.

In a Release 1.5 or later system, when Allow-11 is enabled even if “11” is
in the Disallowed List, users can dial “911” or “9-911.”

You can enter an authorization code before dialing the ARS access code.
After dialing the ARS access code, you can enter an authorization code
only if a Feature button or programmed Authorization Code button is
used.

You cannot program ARS dial-out codes on inside Auto Dial buttons. You
can program an ARS dial-out code on an outside Auto Dial button.

If you use ARS to make an outside call, the system selects another line/
trunk in the pool when the first line/trunk is in maintenance-busy state.

Operators can use Barge-In to join E911 Partition or Adjunct calls.
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Callback

Calling Restrictions

Digital Data Calls

Direct-Line Console

Direct Station
Selector

Directories

Display

Extension Status
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When you use ARS to make a call, and all possible line/trunk routes are
busy, the call can be queued only for the first route in the pattern. If the

FRL for the extension does not allow the call to be made over the route,
however, the call is not queued.

If a voice call is queued for callback on a digital line/trunk pool, it can get
stuck in an infinite loop of queuing. The caller hears a continuous stutter
tone and cannot get rid of it. To avoid this situation, be certain to correctly
program the voice and/or data capabilities of pools of PRI and BRI
facilities in the ARS tables.

If an E911 call overflows to a busy main pool, the call may be
automatically or manually queued for the first available trunk for a
partition, the E911 Adjunct, or the main pool.

ARS does not allow users to avoid calling restrictions. The system checks
for outward or Toll Restrictions assigned to the extension before it selects
the best route for making the call. If the ARS FRL assigned to the
extension restricts use of the route, an error tone sounds and the call does
not go through. Because FRL assignment determines pools selected for
each route, a user may be allowed to select a pool using ARS even if the
extension is restricted from the pool dial-out code.

An Outward or Extension Status Restricted caller cannot call 911. Assign
an Allowed List with “911” to the restricted extensions.

You can make data calls using ARS. To make calls using ARS, terminal
adapters and video systems simply dial the ARS dial out code (usually 9)
followed by the telephone number. The data calls must be routed through
ARS pools that have only PRI, tandem PRI, NI-1 BRI, T1-emulated
tandem data, and/or Switched 56 T1 data lines. To make a 2B data call,
you must access two separate lines.

The E911 Adjunct Alarm lights the Attendant Alarm button if the alarm
button is programmed.

The LED next to a DSS button for the ARS code is always off. For the
local system only, if the local ARS access code programmed on a DSS
button is pressed, the call is set up and always requires the remaining
called digits to be entered manually and the transfer to be completed
manually, pressing the Release button or hanging up.

The LED next to the E911 Adjunct Alarm port lights when there is an
Adjunct Alarm.

System Directory and Personal Directory (4424L.D+ and MLX-20L
telephones only) numbers can include the ARS dial-out code.

Only the ARS dial-out code and the dialed number are displayed. Digits
added by ARS before the dialed number and digits ignored by ARS are
not displayed. The digit 9 is replaced with OUTSIDE when ARS selects a
line.

A user at an extension that is Extension Status restricted cannot make a
911 call. Assign an Allowed List with “911” to the restricted extensions.



Forward and
Follow Me

HotLine

Labeling

Music-On-Hold

Night Service

Personal Lines

Paging

Pickup

Features

When you dial the ARS code before the telephone number, ARS can
select the facility on which to forward calls to an outside telephone
number. The FRL for the call is that of the extension from which calls are
being forwarded.

You cannot use an E911 Adjunct trunk to forward a call.

HotLine extensions can use the ARS access code if it is programmed into
their Personal Speed Dial number.

The E911 Adjunct Alarm extension is automatically designated as a
Hotline extension and appears under “Hotline,” as well as under the E911
Adjunct Alarm extension on the printed reports. If there is an Adjunct
Alarm condition, the system operator is automatically called. When
answering this call, the operator hears silence.

Trunks assigned to the E911 Adjunct are labeled as “E911” by the
system. A tip/ring extension assigned to the E911 Adjunct Alarm is
labeled as “E911 OS.”

You cannot assign a Music-On-Hold extension to be an E911 Partition or
E911 Adjunct.

When Night Service with Outward Restriction is programmed, you must
enter the password before dialing the ARS dial-out code, unless either the
extension is assigned to an Exclusion List or the number is on the Night
Service Emergency Numbers List.

A Night Service Restricted caller cannot dial “911.” Program a Night
Service Emergency Number for 911.

You cannot assign an E911 Adjunct line/trunk jack to a Night Service
group.

A trunk programmed for E911 Adjunct use cannot be assigned as a
Personal Line.

If you program a Personal Line as an E911 Adjunct trunk, the Personal
Line is removed from the extension to which it was previously assigned.

You can assign a Personal Line as an E911 Partition trunk.

If you select a Personal Line and dial “911,” the system bypasses the
E911 service.

You cannot assign a Paging trunk to be an E911 Partition or E911 Adjunct
trunk.

You cannot assign an E911 Partition or E911 Adjunct trunk to be a Paging
trunk.

You can assign a line used for E911 Partition or E911 Adjunct to a Pickup
button. You can pick up an E911 call placed on Hold.

Automatic Route Selection
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Pools

Primary Rate
Interface and T1

Queued Call
Console

Recall/Timed Flash

Automatic Route Selection
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ARS ensures appropriate and cost-effective use of pools. ARS and the
dial-access-to-pools restriction function independently of each other. If

ARS restrictions are programmed to allow access to a pool, a user may
seize a pool that the extension is not allowed to use under existing pool
dial-access restrictions.

In a Release 1.5 or later system, a 911 call placed from a pool button or
by dialing a pool code selects a line from that pool and does not use E911
service.

You cannot assign a trunk used for an E911 Adjunct to a pool. You can
assign a pool trunk to be a partition trunk, and you can assign a partition
trunk to be a pool trunk.

You cannot assign a pool trunk to be an E911 Adjunct trunk.

ARS can be set up so that callers on one networked system can use PRI
tandem trunks or tandem tie trunks to reach a remote system and make
calls from lines/trunks that are connected to that remote system. This can
often result in cost savings. The remote callers dial normally; Remote
Access is invoked transparently, and barrier codes are not required.

A PRI line can be a member of a pool accessed through ARS. Before
ARS routes a call to a pool, it checks whether one or more member lines
in that pool are available. If not, it selects an alternative pool so that the
call is not blocked. Even if a B-channel is available when ARS selects a
pool with an available line, there may be none available when it is time to
send a setup message to the network, or, after the setup message is sent,
the network may determine that the B-channel proposed by the system is
not available. In either case, the call fails and fast busy tone is heard.

The E911 Adjunct Alarm lights the Attendant Alarm button.

Recall can be used on an ARS call. Recall cannot be used during dialing.
When dialing is complete, pressing the Recall button sends a timed flash
to the host, the accessed line is kept, the user hears outside dial tone, and
calling restrictions are reapplied.



Remote Access

Saved Number Dial

Service Observing

Speed Dial

SMDR

System Access/
Intercom Buttons

System
Renumbering

Features

Remote Access users can make calls by using ARS. They dial into the
system, enter a barrier code if one is required, and dial the ARS code
while listening to system dial tone. FRLs can be assigned to restrict the
routes that remote callers can use. When barrier codes are not used, an
FRL is assigned to all lines/trunks (tie trunks and non-tie trunks are
grouped separately) and cannot be assigned to individual lines/trunks.
When barrier codes are used, FRLs are assigned to individual barrier
codes.

The steps above are not used by networked non-local users making ARS
calls into your system, even though your system treats these calls as
Remote Access calls. Instead, a caller dials the ARS call just as they
would any other ARS call.

In a Release 1.5 or later system, you can assign Remote Access trunks
as E911 Partition trunks but not as E911 Adjunct trunks.

In a Release 1.5 or later system, you can make 911 calls by using Remote
Access when the barrier codes are Unrestricted or Toll Restricted.
However, the calls are routed through the main pool. You cannot make
911 calls when the barrier codes are Outward Restricted.

You cannot use Remote Access to dial E911 Adjunct trunks.
The ARS dial-out code is saved with the telephone number dialed.

Calls made by using ARS can be observed when end-of-dialing is
reached.

Personal Speed Dial and System Speed Dial numbers can include the
ARS code.

SMDR reports for systems with ARS show all the digits dialed by a user in
the CALLED NUMBER field, including any absorbed (ignored) digits, and
the facility used to make the call. The reports do not include the ARS
dial-out code or any digits added by ARS.

In a Release 1.5 or later system, if Allow-11 is enabled and the ARS
access code is “9,” the SMDR report shows “11” when “911” is dialed and
“911” when “9-911” is dialed.

The ARS FRL assigned to the extension being used to make the call
applies to calls made on both SA and Shared SA buttons.

The ARS access code can be renumbered. (The factory setting is 9.)

In a Release 1.5 or later system, when a system is renumbered, the
extensions and trunks remain in the E911 partition to which they were
assigned. However, the dial plan numbers may change.

If you use the E911 Adjunct option, you may have to add changed and
new extension numbers to the adjunct’s data base so it sends the correct
information to the Emergency Service.

Automatic Route Selection
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Tandem Switching

Toll Type

Touch-Tone or
Rotary Signaling

Transfer

UDP Features

The ARS access code is accepted over private networked trunks (Hybrid/
PBX mode only), allowing users in a local system to make calls from lines/
trunks connected to a remote system. The System Manager programs
ARS in order to direct calls over the most cost-effective routes; calls that
are local, for example, at a remote networked switch, can be sent out from
lines/trunks connected to that system. At the remote system, Remote
Access features are used to accept such a call.

Do not program a remote system’s ARS access code into the local
system’s non-local dial plan. For example, if the ARS access code is 9, do
not include a range of extensions that begins with 9. If you attempt to
program the local ARS access code into the non-local dial plan, the
system blocks the attempt. For security and convenience, it is best if all
systems in a network use the same ARS access code.

Because equal access (IXC or Interexchange) calls from a system with no
PSTN trunks require that local and remote ARS access codes maich, the
local ARS access code is automatically prefixed when these calls are sent
to a networked system. You should not use this arrangement unless
networked systems are co-located. Otherwise, Dial 0 and Special Number
calls (911 calls, for example) do not reach the correct local services.

In certain areas, the local telephone company requires the prefix 1 for
certain exchanges. In these cases, the exchanges can be assigned to a
1 + 7 table; 1 + 7 dialing requirements must be set to Within Area Code so
that people calling numbers in other exchanges do not have to dial 1.

In a Release 1.5 or later system, if Allow-11 is enabled and the ARS
access code is “9,” you cannot use “11” to dial star codes. Dialing “11” for
star codes is used for rotary-dial lines.

In a Release 1.5 or later system, when a call is transferred to 911, the
system uses the transferring extension as the call location, not the
originating extension.

You can direct 911 calls over a private network by prepending partition or
system prefixed digits with the ARS access code for the remote MERLIN
MAGIX system. Incoming private network calls are sent over the main
pool.

Send 911 calls over a private network only when the systems are at the
same location and when the main pool’s trunks’ ALI provides enough
information for a rapid response from Emergency Service.
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Barge-In
At a Glance
Users Affected Telephone users, operators
Reports Affected Extension Information
Modes All
Telephones All except 4400, 4400D, TransTalk 9031/9040, Business Cordless
905, and single-line telephones
Programming Code *58 (centralized telephone programming only)
QCC Display Label Barge In
Description

Barge-In allows a caller to contact a co-worker in an emergency or when the caller has been given
special instructions to interrupt. If the extension is busy, Barge-In includes the user in the call. If Do
Not Disturb is activated, Barge-In overrides the feature and makes the telephone ring.

On multiline telephones, except QCCs, the caller interrupts a call or overrides Do Not Disturb by
calling the extension number and then pressing the programmed Barge-In button. On a QCC, an
operator presses the Feature button and selects Barge In from the display.

A tone, heard by the user and the people on the call, signals that the user has joined a
conversation in progress. Ringing indicates that Do Not Disturb is on at the extension.

Barge-In is similar to the Service Observing feature in that both features gain access to a call
already in progress. The person barging in, however, can talk to the other parties on the call; the
Service Observer can only listen in on the call.

Barge-In
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Considerations and Constraints
Barge-In does not override Privacy.
If Caller A is in the process of dialing and Caller B uses Barge-In to reach Caller A, the Touch
Tones generated by dialing cancel the Barge-In tone. As a result, Caller A may not be aware that

someone else is joining the call.

A Barge-In button can be programmed only through centralized telephone programming.

Telephone Differences

Direct-Line Consoles

If a DLC operator uses Barge-In to reach someone with Coverage or Forwarding (including
Remote Call Forwarding) on, the call from the operator is not directed to the destination
(receiver’s) extension. The call is directed to the extension on which Barge-In is used.

Queued Call Consoles

A QCC operator can use Barge-In only by selecting the feature from the display. Barge-In can be
used to join an inside call to a QCC operator only if the user dials the caller’s extension instead of
the QCC operator's number. If a user tries to activate Barge-In after dialing a QCC system
operator’s extension and waiting in the QCC queue, the feature has no effect and the user hears
an error tone. If the error tone times out while the call is still in the QCC queue, the call is
disconnected. If a QCC system operator becomes available before the error tone times out,
however, the error tone is removed and the call is delivered to the operator normally.

4400, 4400D, and Single-Line Telephones

4400, 4400D, and single-line telephone users cannot use Barge-In. However, other telephone
users can use Barge-In to interrupt or monitor calls on single-line telephones.

Wireless Telephones

TransTalk 9031/9040 and Business Cordless 905 telephone users cannot use Barge-In. However,
other telephone users can use Barge-In to interrupt or monitor calls on wireless telephones.

Barge-In
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Automatic Route
Selection
Basic Rate Interface

Callback

Conference

Coverage

Digital Data Calls
Direct Station
Selector

Display

Do Not Disturb

Forward and
Follow Me

Features

In Release 1.5 or later systems, operators can use Barge-In to join E911
Partition or Adjunct calls.

Barge-In can be used for voice calls on a BRI line, but not for BRI data
calls.

If Callback is used to request a busy extension or pool and the user is
waiting on the line for the callback call, Barge-In cannot interrupt.

Barge-In can interrupt conference calls; all participants hear the Barge-In
tone. Barge-In does not connect the user to a conference call if the
conference already has the maximum number of participants. If Barge-In
is used to connect to a conference call that involves an outside line/trunk
and the person on the outside line/trunk hangs up, the person using
Barge-In is also dropped.

Barge-In can be used for Individual or Group Coverage calls answered at
any receiver’'s extension, but not at a VMI port. VMI ports always have
Privacy on. If an operator uses Barge-In to reach an extension with
Coverage, however, the call from the operator is not directed to the
receiver’s extension.

You cannot barge into data calls.

After making a call to an extension by using a DSS button on a DLC, you
can activate Barge-In by pressing a programmed Barge-In button. QCC
operators select the feature from the display.

When you are using a 4400-Series, MLX, or ETR telephone, you see a
message when using Barge-In. If Barge-In is denied, no message
appears. See Table 17 on page 292.

A 4400-Series or MLX telephone receiving the call also receives a
message indicating who barged in. The message remains on the display
until the person hangs up.

If Do Not Disturb is activated, Barge-In overrides the feature and makes
the telephone ring.

If an operator uses Barge-In to call an extension with Forwarding or
Remote Call Forwarding turned on, the call from the operator is not
directed to the destination extension.

When a forwarded call is answered at the destination extension, Barge-In
can be used to join the call only by dialing the extension number for the
destination extension (not the number for the originating extension).
Barge-In cannot be used to join a call forwarded to an outside telephone
number.

Barge-In
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Group Calling

Headset Options

HotLine

Messaging
Paging
Primary Rate

Interface and T1

Privacy

Queued Call
Console

Recall/Timed Flash

Service Observing

UDP Features
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Barge-In can be used for Calling Group members, but the member’s
extension must be used instead of the Calling Group extension. If you try
to use Barge-In after dialing the Calling Group extension number and
waiting in the queue, the feature has no effect. If you use Barge-In to
reach another user who is waiting in a Calling Group queue, the call is
removed from the queue, and both of you are connected to the delay
announcement (if programmed). If you use Barge-In for the delay
announcement extension and the device is playing a message to a caller,
the call is removed from the queue, and both of you are connected to the
delay announcement.

When the Most Idle agent hunt type is used, if a supervisor or operator
barges in on a Calling Group call and hangs up before the agent does,
Most Idle status is not affected. If the agent hangs up first, he or she
moves to the end of the Most Idle queue.

If you use Barge-In to contact a user with Headset Auto Answer turned
on, the call is automatically answered.

Barge-In can be used for HotLine calls.

If Barge-In is used to contact a user with a posted message, the caller’s
telephone does not display the posted message.

Barge-In cannot be used to join speakerphone or loudspeaker paging
calls.

Barge-In can be used on a PRI line. Users cannot barge into data calls.

Barge-In does not override Privacy. The caller hears an error tone.

All VMI ports always have Privacy on. Barge-In cannot be used to join
calls to VMI ports.

Barge-In allows a QCC operator to contact a person who is busy on a call
or using Do Not Disturb. On a QCC, the operator must press the Feature
button and select Barge-In from the display. Privacy overrides Barge-In.

Barge-In can be used to join only an inside call to a QCC. The caller’s
extension number must be dialed instead of the QCC operator’s
extension number. If a user tries Barge-In after dialing a QCC operator’s
extension (while waiting in the QCC queue), the feature has no effect and
the user hears an error tone. If the error tone times out while the call is still
in the QCC queue, the call is disconnected. If the QCC operator becomes
available before the error tone times out, the error tone is removed and
the call is delivered to the QCC operator normally.

You can use Recall if you have joined a call with Barge-In, and so can the
user who has been interrupted.

Service Observers can observe external calls that have been barged-in
by internal users, either at the barged-in extension or at the extension that
has barged-in.

You cannot use Barge-In for calls over a private network (Hybrid/PBX
mode only).
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Basic Rate Interface (BRI)

At a Glance
Users Affected Telephone users, operators, digital data users
Reports Affected System Information (SysSet-up), BRI Information
Modes Key, Hybrid/PBX
Telephones All
Calling Party Number appears on the 4400-Series, MLX, TransTalk
9031/9040, Business Cordless 905, ETR, and MLS display
telephones.
Called Party Number appears on the 4412D+, 4424D+, 44241 D+,
MLX, and ETR display telephones.
Maximums
BRI modules S
Description

BRI, like PRI, is a standard protocol for accessing Integrated Services Digital Network (ISDN)
services. By using BRI, the MERLIN MAGIX Integrated System can connect its users to the speed
and accuracy of ISDN services.

BRI lines offer the capability of voice, high-speed data, local area network (LAN) interconnection,
and video transmission. BRI lines (along with PRI and T1 Switched 56) also allow you to take
advantage of the 2B Data feature for videoconferencing systems with ISDN-BRI interfaces. The
2B Data feature allows one application (such as a desktop video system or a high-speed digital
communications device) to use two B-channels for data transfer rates up to 128 kbps. For more
information, see “Digital Data Calls” on page 241.

The following benefits are provided by NI-1 BRI service:

m Speed. Data calls to outside destinations can be established on the same B-channels used for
voice calls if the service allows; modems and dedicated, conditioned lines/trunks are not
needed. By supporting high-speed digital data transmission, BRI provides the capability for
videoconferencing and Group 1V (G4) fax by using existing wiring. Each B-channel supports
up to 64 kbps throughput.

m Improved Toll Restriction. The ways that Toll Restriction can be bypassed are limited on BRI
lines/trunks. Specifically, BRI service eliminates three types of toll fraud:

— Because dialing is in the form of out-of-band messages that must be generated by the
system, a person cannot use a Touch-Tone generating device, such as a pocket dialer, to
send dialed digits directly through the system to the line/trunk.

Basic Rate Interface (BRI)
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— Without BRI service, Toll Restriction can be deceived by dialing digits on a loop-start line
before the far-end switch applies dial tone. These initial digits may indicate a local call to
the system’s toll-restriction checking while the subsequent digits, those actually
recognized by the far-end switch, may produce a toll call. This is not possible with BRI
service, because the system’s toll-restriction check screens every dialed digit.

— A BRI line’s far-end disconnect signal provides a reliable indication when a call ends, and
a new call cannot be initiated until the line has been released from the prior call on both
ends. This prevents a person, waiting off-hook for the restoration of dial tone after a
previous call, from placing a second call before Toll Restriction is reapplied.

m Reliable Indication of Far-End Disconnect. This prevents an incoming call from being
blocked because a line/trunk has not been released when a call is ended.

Terminology

Lines/Trunks

In this section on BRI, lines are the representations that appear on extensions or are put into
pools; frunks are the facilities that link switches. For all trunks except DS1 (T1 or PRI) and BRI,
inside line numbers have a one-to-one correspondence to line/trunk jacks. Because there are two
transmission channels, or bearer channels (called B-channels), for each BRI connection, two
inside line numbers are assigned for each BRI port. B-channels are present for each Digital
Subscriber Line (DSL); therefore, 16 inside lines are assigned for each module used.

A B-channel is used to carry user information, such as the voice or data content of a call, between
the system and the far-end switch.

Digital Subscriber Line

Digital Subscriber Line (DSL) refers to the facility from the central office that supports BRI service.
A Digital Subscriber Line provides full-duplex service on a single twisted-pair wire (2-wire) at a rate
sufficient to support ISDN Basic Rate Access.

Directory Number

In general, the Directory Number (DN) is the telephone number that is dialed to reach a
destination. When an incoming call arrives on a BRI line, the central office presents the DN as the
Called Party Number. Only one call to a particular DN is accepted at any one time. The DN is
usually a subset of the Service Profile Identifier (SPID). Only the DNs for the hunt group are
unrelated to the SPIDs.

ISDN Ordering Code

The ISDN Ordering Code (IOC) is defined by Bellcore as part of the National ISDN Package. The
IOC defines a number of capabilities for the BRI connection, which are aimed at different user
applications. The MERLIN MAGIX Integrated System supports the IOC capability package S. 10C
package S supports circuit-switched voice and data calls over both B-channels with a Calling Party
Number identifier.

Basic Rate Interface (BRI)
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Multiline Hunt Group

A multiline hunt group can be programmed at the central office to send calls to a number of
separate DNs that are grouped together.

A multiline hunt group consists of a group of BRI lines with one main telephone number (Directory
Number). When this number is dialed by an outside caller, the central office tries to deliver the call
to one of the BRI lines in the hunt group. If the BRI line is busy, the central office directs the call to
the next available idle line.

In order to know the available options of Multiline Hunt Group and to set it up correctly, you must
find out what type of switch your central office uses.

For the different switches, Multiline Hunt Group has the following capabilities:

m 5ESS — Multiline Hunt is available for voice-only and digital data-only applications. Multiline
Hunt capability is provided under a switch feature called Series Completion. Do not use the
5ESS feature named Multiline Hunt Group. For alternate voice and digital data applications,
special central office features (such as call forwarding) are also required in the line
provisioning. As a result, this configuration may not be supported by some of the Regional Bell
Operating Companies (RBOCs) or other local carriers.

m DMS-100 — Multiline Hunt is available for voice-only, digital data-only, and alternate voice and
digital data applications.

m EWSD - Multiline Hunt capability is provided under a switch feature called Series Completion.
It is limited to six DSLs in a group, however, and may not be supported by some central offices.
Do not use the EWSD feature named Multiline Hunt Group. Multiline Hunt is available for
voice-only and digital data-only applications. Alternate voice and digital data applications are
not supported.

N0'|‘E> Multiline Hunt is not part of IOC package S. If Multiline Hunt is needed, you must
order the appropriate feature and inform the central office of the switch settings that
you need (see Appendix H of System Planning).

Called Party Number

In general, the term Called Party Number (CdPN) denotes a telephone number that has been
dialed to reach a destination. While routing the call, however, the network can change the Called
Party Number to make routing easier. In either case, the network sends the Called Party Number
to the system when a call arrives at the system. Depending on the type of call, the called party
number may be displayed on the second page of the 4412D+, 4424D+, 4424L.D+, MLX, or ETR
telephone display.

NOTE} 4400, 4400D, 4406D+, TransTalk 9031/9040, Business Cordless 905, and MLS
telephones do not display Called Party Number information.

Basic Rate Interface (BRI)
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Calling Party Number

The Calling Party Number (CPN) provides incoming calling party number information that
identifies the originator of a call in the call-handling displays of 4400-Series, MLX, TransTalk 9031/
9040, Business Cordless 905, ETR, or MLS telephones. If the owner of the MERLIN MAGIX
Integrated System subscribes to this BRI feature, each incoming call to the system over a BRI line
can be accompanied by the CPN or by the billing number of the calling party supplied by the
network.

NOTES} m If the calling party subscribes to the central office Directory Number Privacy feature,
no number is received.

m Calling Party Number on BRI lines is not the same as Calling Party Number in Caller
ID. Caller ID occurs on loop-start lines.

Service Profile

A Service Profile (SP) defines the interface on a BRI line between the central office and an ISDN
terminal. It specifies the parameters and their values necessary to provide services to the terminal.

Service Profile Identifier

A Service Profile Identifier (SPID) is a unique identifier used by the central office to associate an
ISDN terminal with a Service Profile. It is provided by the central office at subscription time. The
System Manager must program the SPID for each BRI line to bring the BRI line into service
(activate). If dial tone is received, then the correct SPID has been programmed.

Clock Synchronization

Clock synchronization is an arrangement where digital facilities operate from a common clock.
Whenever digital signals are transmitted over a communications path, the receiving end must be
synchronized with the transmitting end in order to receive the digital signals without errors.

The system synchronizes itself by extracting the timing signal from the incoming digital stream. If
the system has one 100D/100R/100 DCD module, that module provides its own primary
synchronization. If the system has at least one 800 NI-BRI module, more than one 100D/100R/100
DCD module, or a combination of 100D/100R/100 DCD modules and 800 NI-BRI modules, then
one of the connections provides primary clock synchronization for all 800 NI-BRI and 100D/100R/
100 DCD module ports and for the system’s time-division multiplexing (TDM) bus. The primary
clock synchronization source must be identified during system programming. The factory setting is
the first 100D/100R/100 DCD module in service or the first port in service on the first 800 NI-BRI
module in the carrier. This can be changed through system programming.

In the event of a maintenance failure of primary synchronization, backup synchronization can be
provided by secondary and tertiary clock synchronization.

In addition, the source of synchronization is factory-set to Loop Clock Reference Source, so that
the clock is synchronized to the outside source. With a 100D/100R/100 DCD module, it can be set
to Local Clock Reference Source so that the clock is free-running. However, this is not
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recommended for most permanent installations and systems with PRI. This setting must be made
for the primary, secondary, and tertiary synchronization sources.

On a frigid start (System Erase), the first 100D/100R/100 DCD or BRI port in service is the default
primary loop clock source.

The following lists the options for primary, secondary, and tertiary clock synchronization sources in
order of preference:

1. The clock sources on BRI ports with DSLs in service. If at all possible, all three clock sources
should be on the same 800 NI-BRI module.

2. The loop clock source on any 100D, 100R INA, or 100 DCD module.

The loop clock source on any 100D, 100R INA, or 100 DCD module in T1 mode emulating tie
trunks.

4. The local clock source on any 100D, 100R INA, or 100 DCD module.

NOTE} Ports that are not in service should never be programmed as clock sources.

Clock Switching

When the primary clock source is not able to provide the system clock, the secondary clock source
is used, if it exists and is capable of providing the system clock. If the secondary clock source is
incapable of providing the system clock, the tertiary clock source is used. If none of these is
capable of providing the system clock, the system selects a system clock.

The system searches 800 NI-BRI and 100D/100R/100 DCD modules for a clock source, starting
from the first module in the system and ending with the last module. The clock is chosen with the
following order of preference:

1. The loop clock source on an 800 NI-BRI or 100D/100R/100 DCD module.
2. The local clock source on an 800 NI-BRI or 100D/100R/100 DCD module.
3. The local clock source on the processor module.

Refer to the Network Reference for information on clock switching for private networks (Hybrid/
PBX mode only).

Timers and Counters

This option sets the timer and counter thresholds. The factory settings for thresholds are standard
and rarely need to be changed. (See “At a Glance” in this section for factory settings and valid
ranges.) When no response is received from the network before the duration of the timer setting,
the system takes the appropriate corrective action.

Basic Rate Interface (BRI)
123



Feature Reference

The programmable timers and counters are as follows:

T200 Timer — Times the minimum time that the link layer waits for an acknowledgment of link
establishment, information, or polling supervisory frames sent from the system to the network
before resending the frames.

T203 Timer — Maximum time that the link layer can remain inactive.

T303 Timer — Times the delay in network response when the system sends a setup message
to initiate an outgoing call.

T305 Timer — Times the delay in network response when the system sends a disconnect
message to clear a call.

T308 Timer — Times the delay in network response when the system sends a release
message to clear a call.

& CAUTION:
After initial installation, these timers rarely, if ever, should be changed.

Other timers and counters used by the system are not programmabile:

N200 Counter — Counts the number of times the system can transmit a message on a
D-channel because no link layer acknowledgment is received from the network. The value for
this counter is 3.

N201 Counter — Counts the maximum number of Layer 3 bytes the system can send or
receive in a single D-channel message. The value for this counter is 260.

N202 Counter — Counts the maximum number of times that Layer 2 should retransmit TEI-
REQUEST frames before notifying Layer 3. The value of this counter is 3.

K Counter — Counts the number of Layer 3 unacknowledged messages sent from the system
to the network on a D-channel. The value for this counter is 1.

T202 Timer — Minimum time Layer 2 must wait for an acknowledgment of a TEI-REQUEST
frame before initiating retransmission. The value of this timer is 2 seconds.

T309 Timer — Times the duration of a D-channel data link failure (a loss of signaling for the
entire BRI connection). The value of this timer is 90 seconds.

T310 Timer — Times the network delay following the receipt of a call-preceding message on
an outgoing call. The value of this timer is 60 seconds.

T313 Timer — Times the delay in network response when the system sends a connect
message that indicates the completion of an incoming call. The value of this timer is 4
seconds.

Basic Rate Interface (BRI)
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Call Processing
An explanation of incoming and outgoing call processing follows.
Incoming Calls

BRI calls can be received on Personal Line or Pool buttons, or by Calling Groups or the QCC
Queue. Incoming calls on BRI lines appear to a user just like calls on other types of lines.

Display Operation

The display provides call-related information about incoming BRI calls, if available. If calling party
information is available and the receiving telephone is a 4400-Series, MLX, TransTalk 9031/9040,
Business Cordless 905, ETR, or MLS display telephone, the information is displayed on the
telephone. Called party information is usually displayed on the second page of the 4412D+,
4424D+, 44241 D+, MLX, and ETR displays. (Some telephones with 2 x 16 displays, such as the
4400D and 4406D+, do not have second pages and therefore do not display called party
information.)

Hyphens are inserted between the digits of the Calling Party Number for incoming calls—for
example, 555-1234 for a 7-digit telephone number and 123-555-1234 for a 10-digit telephone
number. Any other number of digits appears without hyphens.

A brief description of the display support follows. Refer to “Display” on page 289 for additional
details.

NOTE} BRI display support applies to 4400-Series, MLX, and ETR display telephones. The
4400D, 4406D+, TransTalk 9031/9040, Business Cordless 905, and MLS telephones can
display Calling Party Number information, but not Called Party Number information
because these displays do not have second pages.

m Incoming BRI Calls (Non-Group Calling) — When the calling party information is available
from the network, the Calling Party Number (CPN) appears on the user’s display. Pressing (»)
on the 4412D+, 4424D+, or 4424LD+ telephone or the More button on the MLX and ETR
telephones shows the Called Party Number on the second page of the display. (Called Party
Number does not appear on 4400D, 4406D+, TransTalk 9031/9040, Business Cordless 905, or
MLS telephones.)

m  Group Calling — The 4400-Series, MLX, or ETR display telephone of a Calling Group member
shows the original Called Party Number. Pressing (>) on the 4412D+, 4424D+, or 4424L.D+
telephone, or the More button on the MLX and ETR telephones, shows the Calling Party
Number on the second page of the display.

m Transfer without Consultation — Pressing (») on the 4412D+, 4424D+, or 4424L.D+
telephone, or the More button on an MLX or ETR telephone that is a transfer destination,
shows the original Called Party Number. (Called Party Number does not appear on 4400D,
4406D+, TransTalk 9031/9040, Business Cordless 905, or MLS telephones.)

Basic Rate Interface (BRI)
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Outgoing Calls

Outgoing calls on BRI lines can be made using one of three methods:

m Personal Line — When an idle Personal Line that represents a BRI line is accessed, the
system sets up a call to establish a connection to the central office. The status light turns
green, and dial tone is provided by the central office. As digits are dialed, they are transmitted
to and processed by the central office.

m Pool Button - Like any other type of line/trunk, a BRI line can be accessed via a Pool button,
or by using an SA button and dialing a pool access code.

m Automatic Route Selection — Like any other type of line/trunk, a BRI line can be accessed by
using an SA button and dialing the ARS access code. ARS processing may modify the dialed
number through standard digit deletion and addition. ARS can also take advantage of the
distinction between voice and data calls for routing purposes when making outbound calls
over BRI lines. For example, if data is frequently sent to a particular number in another area of
the country, ARS can route calls to that number over high-speed data lines.

Considerations and Constraints

A Directory Number (DN) is busy when no extension is available to answer or cover the call. An
extension may be unavailable when one of the following conditions applies: no SA button (aside
from Originate Only buttons) is available; Do Not Disturb is activated; the extension is being
programmed; the extension is forced idle; or the extension alarm clock is being set. The caller
hears a busy tone, or the call receives coverage, if programmed.

For BRI lines, the SMDR format should be set to ISDN format.

With the SMDR Talk Time option enabled, call timing for incoming calls to Auto Logout or Auto
Logout Calling Groups begins when the system detects the call.

System Programming

Clock Synchronization

Programmable by System Manager

Mode All

Idle Condition Not required

Planning Form 3b, Incoming Trunks: DS1 Connectivity 100D, 100R, and 100 DCD
Module
3i, Incoming Trunks: BRI Options

Factory Setting Primary clock: the first 100D/100R/100 DCD module in the control
unit carrier

Valid Entries Primary, Secondary, Tertiary, Loop/Local

Inspect No

Copy Option No
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Specify 800 NI-BRI modules that provide primary, secondary, and
tertiary clock synchronization and source-of-clock synchronization;
also activate/deactivate clock:

LinesTrunks—More—ClockSync—Primary—>

Dial slot no. (1-17)—Enter—Dial port no. or select source of
synchronization—Enter—Secondary—>Dial slot no. (1-17)—
Enter—Dial port no. or select source of synchronization—
Enter—Tertiary—>Dial slot no. (1-17)—Enter—Dial port no. or
select source of synchronization—Enter—Back—>Back

Service Profile Identifier (SPID) and
Directory Number (DN)

NOTEp

Timers

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries

Inspect
Copy Option

Procedure

System Manager

Key, Hybrid/PBX

Not required

3i, Incoming Trunks: BRI Options (800 NI-BRI module)
none

SPID: up to 20 digits (any combination of 0 to 9)DN: up to 10 digits
(any combination of 0 to 9)

No
No
Assign telephone numbers (SPID and DN) to BRI lines:

LinesTrunks—>(>) or More—-BRI—SPID/DN.—
Dial line/trunk no. (1-80)—Enter—Dial SPID—Enter—
Dial DN—SEnter—Back—Back

The system will not be forced idle when SPIDs are entered. However, if for some reason

a SPID changes, the line must be idle (no active call on the line) in order to change the

SPID.

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

System Manager

Key, Hybrid/PBX

Not required

Form 3i, Incoming Trunks: BRI Options (800 NI-BRI module)
See Table 5

See Table 5

No

No

Basic Rate Interface (BRI)
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Procedure Specify BRI timer settings:
LinesTrunks—(>) or More—-BRI—Timers—>Select
timer—Drop—Dial no. of seconds or ms—Enter—Back—>Back
Table 5. Timers

Timer/ Factory

Counter Purpose Setting Valid Range Increments

T200 Timer maximum response time 1000 ms 500 to 5000 ms 500 ms

T203 Timer maximum time 33 seconds 10 to 255 sec 1 sec

T303 Timer Set up timeout 4 seconds 2to 10 sec 1 sec

T305 Timer Disconnect timeout 30 seconds 2 1o 60 sec 1 sec

T308 Timer Release timeout 4 seconds 210 10 sec 1 sec

Feature Interactions

Account Code
Entry/Forced
Account Code Entry

At an extension assigned to a BRI line, you must enter an account code
either before the call is made or during the call. You must enter forced
account codes before the call is made.

If the SMDR feature is not enabled to record incoming calls, the system
does not accept Account Code Entry information for incoming calls.

Barge-In
Call Waiting

Barge-In can be used for voice calls on a BRI line, but not data calls.

Call Waiting is provided on BRI lines at extensions so programmed. The
call-waiting tone is not blocked from BRI at an extension.

Conference Calls on BRI lines can be part of a conference call processed by the
MERLIN MAGIX Integrated System, not by the central office. The
MERLIN MAGIX Integrated System determines the number of active

parties on the call.

The system supports up to five people on a conference: two within the
system, two outside the system, and the call originator.

If a MERLIN MAGIX Integrated System user is part of a conference
established by an outside party through the central office conference
feature, the system may play Music-On-Hold (if so programmed) when
the user puts the call on hold.

Hold An active call on a BRI line can be placed on hold by using the system

Hold feature. All call appearances (such as LEDs) are the same as for
other non-BRl lines.
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Recall

Remote Access
SMDR

Transfer

Features

Recall is not recognized by the central office on BRI lines; therefore, the
central office ignores the telephone’s Recall button signal.

A BRI line can be used for Remote Access.
The number of a BRI line is shown in the LINE field of the SMDR report.

Outgoing call timing begins when a call is answered; therefore, calls that
are not answered at the far end are not reported.

With the Talk Time option enabled, timing for incoming calls to Auto Login
or Auto Logout Calling Groups begins when the system detects the call.

Calls on BRI lines are available for the system Transfer feature. The
central office-based transfer feature is not supported by the MERLIN
MAGIX Integrated System.
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Call Waiting
At a Glance
Users Affected Telephone users, DLC operators
Reports Affected Extension Information
Modes All
Telephones All except QCC
Programming Codes
On *11
Off *%711
Feature Code 87 (for call-waiting pickup)
4400'Series and MLX CallWaiting,On [CWait, On]
Display Labels CallWaiting, Off [CWait,Off]
Factory Setting Off
Description

Call
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When an extension is programmed with Call Waiting, you hear a tone when you are off-hook and
another call arrives. For an inside call, you hear one beep; for an outside call, you hear two beeps.
With a 4400-Series or MLX display telephone, you also see Call Waiting on the display. The
caller hears a special ringback to indicate that the extension is busy and that the call-waiting tone
has been sent.

N0'|‘E> The Call Waiting feature is supplied by the MERLIN MAGIX Integrated System and is not
the same as the Call Waiting supplied by the central office.

A multiline telephone is considered busy when no SA or ICOM buttons are available for incoming
calls and, if Coverage is programmed, all coverage points are busy.

When the called party frees an SA or ICOM button and there is a call waiting, the caller hears
dequeuing tone, and the waiting call appears on the free SA or ICOM button of the called party.

A single-line telephone is considered busy when a call rings on the telephone or the user lifts the
handset and, if Coverage is programmed, all coverage points are busy.

Each extension can be programmed with Call Waiting on or off. The default is Call Waiting off.
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The user hears a Call Waiting tone for the following types of calls that ring on an SA or ICOM
button:

m  Aninside call

m A call received on a DID trunk

m A call from a Remote Access user

m A call received on an automatic dial-in tie trunk

m A call transferred to the extension

N0'|‘E> You do not hear a call-waiting tone for a call received on a Personal Line unless your
business subscribes to a call-waiting service from the local telephone company.

The person receiving the call-waiting tone has these options:

m Ignore the new call and continue with the current call; the caller continues to hear the special
ringback.

m  Complete the current call, hang up, and answer the waiting call when it rings; the caller hears
normal ringback.

m  On a multiline telephone, put the current call on hold and answer the new call using an ICOM
Originate Only or SA Originate Only button (if one is available) by using Call Waiting pickup. To
activate Call Waiting pickup on an ICOM Originate Only or SA Originate Only button, press the
Feature button followed by 87, or dial #87.

m  On a 4400 telephone, press the Flash button and dial #87 to answer the waiting call.
m  On a 4400D telephone, press the Hold button and dial #87 to answer the waiting call.

m  On asingle-line telephone without positive disconnect, put the current call on hold by pressing
and releasing the switchhook or the Flash or Recall button. If the single-line telephone has
positive disconnect, park the call by pressing the Flash or Recall button, then dialing your
extension number. Dial #87 to answer the waiting call. To pick up a parked call, lift the handset
and (while listening to inside dial tone) dial #9 plus your extension number.

Considerations and Constraints

A user can have more than one Call Waiting. If there is more than one call waiting, then a user who
activates Call Waiting pickup answers the individual calls on a first-come, first-served basis.

Call Waiting is not activated if a line button of the appropriate type (such as ICOM or SA) is
available to receive a call.

An extension programmed as a fax extension can activate Call Waiting so that callers can wait until
a fax machine is available. To prevent disruption of a fax message in progress, a call-waiting tone
is not sent to a fax extension.

Call Waiting
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If Call Waiting is on and you are in the process of dialing when you receive a call, the Touch Tones
generated while dialing cancel the Call Waiting tone. As a result, you may not be aware that a call
is waiting.

Telephone Differences

Queued Call Consoles

Call Waiting cannot be used on QCCs; the calls are already queued. The operator releases a call
to a busy extension either by selecting Camp On from the display or by pressing the Release
button. If Camp-On is used, the call does not return to the QCC queue until the Camp-On return
interval expires. If the operator presses the Release button, the extension being called receives
the call-waiting tone (not Camp-On), and the call returns to the QCC queue when the transfer
return interval expires.

If the system is programmed for Automatic Extended Call Completion, a QCC operator must press
the Start button to use Camp-On, then dial the extension manually, activate Camp-On, and press
Release. If the operator presses a DSS button, the transfer is automatically completed and
Camp-On cannot be used.

Other Multiline Telephones

If a multiline telephone does not have an SA Originate Only or ICOM Originate Only button
assigned or available, you cannot pick up the waiting call. To pick up the call, you must press an
available SA Originate Only or ICOM Originate Only button, press the Feature button, and dial 87.

If you use either Transfer or Camp-On to transfer a call to a busy extension, the call is placed in the
Call Waiting queue and you hear the Call Waiting tone, whether or not the extension has the Call
Waiting feature activated.

4400/4400D Telephones

After picking up a waiting call on a 4400 telephone, if you press and release the Flash button, the
picked-up call is disconnected and you are reconnected to the original call. If you hang up after
picking up a waiting call, the picked-up call is disconnected and transfer is initiated for the first call:
the original call goes on hold and transfer return applies.

After picking up a waiting call on a 4400D telephone, you must hang up to disconnect the call. To
reconnect with the original call, lift up the receiver and press the Hold button. If you hang up
without retrieving the original call, that call remains on hold until the other party disconnects.

Single-Line Telephones

After picking up a waiting call on a single-line telephone, if you press and release the Recall or
Flash button—or on a telephone without positive disconnect, if you press and release the
switchhook— the picked-up call is disconnected and you are reconnected to the original call. If you
hang up after picking up a waiting call, the picked-up call is disconnected and transfer is initiated
for the first call; the original call goes on hold and transfer return applies.

Call Waiting
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Basic Rate Interface

Callback

Caller ID

Camp-On

Conference

Coverage

Digital Data Calls

Direct-Line Console

Display

Features

Call Waiting is provided on BRI lines at extensions so programmed. The
call-waiting tone at an extension is not blocked by the BRI lines.

When Automatic Callback is used to queue a call at an extension that has
Call Waiting, Callback overrides Call Waiting. The user with Call Waiting
does not hear the call-waiting tone, and the call is queued until the
extension becomes available.

When Selective Callback is used to queue a call at an extension that has
Call Waiting, the user with Call Waiting hears the call-waiting tone and the
call is queued until the extension becomes available.

If you have both the system feature Call Waiting and the central-office
service Caller ID on the same line, the Call Waiting information appears
on the display, but not the Caller ID information for this second incoming
call, even if you subscribe to Caller ID from the central office.

If there are no available buttons to receive a transferred call, you hear the
call-waiting tone when a co-worker uses Camp-On to transfer a call, even
if Call Waiting is not activated.

A call-waiting tone is heard only by the person receiving the call and not
by other conference participants. If the conference originator reaches a
busy extension, hears the call-waiting special ringback, and tries to add
the call to the conference, the system returns a busy tone. To drop the
busy tone from the conference, the originator presses the Drop button
and then the line button used to call the busy extension.

A call to a sender with Call Waiting activated goes to Individual and/or
Group Coverage first. If all coverage points are busy, the sender hears
the call-waiting tone.

Changing the status of Coverage On/Off to on after hearing the
call-waiting tone does not force the waiting call to coverage receivers, but
sends subsequent calls to coverage.

Call Waiting does not work for data calls. The call appears to wait but
does not return to the extension when it becomes available. This feature
should be disabled at video systems and data extensions.

When a DLC operator uses Camp-On to transfer a call to a busy
extension, the call is placed in the call-waiting queue and the caller hears
the call-waiting tone, whether or not the extension has Call Waiting
activated. If the system is programmed for one-touch Transfer with
automatic completion, the operator uses Camp-On by pressing the
Transfer button, dialing the extension manually, activating Camp-On,
hanging up, and pressing either another line button or the Transfer button
again. If the operator presses an inside Auto Dial or DSS button, the
transfer is automatically completed and Camp-On cannot be used.

When you have a call waiting, Call waiting appears on a 4400-Series
or MLX display telephone.
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Forward and
Follow Me

Group Calling

Hold
HotLine

Paging

Personal Lines

Pickup

Primary Rate
Interface and T1

Recall/Timed Flash

Reminder Service

Service Observing

SMDR

System Access/
Intercom Buttons

Call Waiting
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Call Waiting does not apply to forwarded calls, because the system tries
the destination extension instead of the forwarding extension. If the call is
not forwarded for any reason (for example, the line/trunk selected is an
unreliable loop-start line), however, Call Waiting functions normally.

A user with no SA or ICOM buttons available and with Forward or Follow
Me turned on does not hear the Call Waiting tone when a call is forwarded
by using the Forward on Busy enhancement. Instead, the caller hears
ringback.

Calls made to a Calling Group are not eligible for Call Waiting, because
the calls ring into the Calling Group’s queue. Call Waiting can be used,
however, for calls to individual members of the Calling Group.

If all your calls are on hold, you cannot hear the Call Waiting tone.

Call Waiting can be activated for a HotLine extension, but you cannot put
the current call on hold and pick up a waiting call. Instead, you must hang
up the current call and wait for the Call Waiting call to ring.

Call Waiting cannot be used for Group Paging calls to busy extensions.

You hear a call-waiting tone for a call received on a Personal Line only if
your business subscribes to a Call Waiting service from the local
telephone company.

Pickup cannot be used to answer a call that is waiting at another
extension.

Call Waiting is available on PRI lines at extensions so programmed. The
call-waiting tone at an extension is not blocked by PRI lines. Until the call
is answered, answer supervision is not returned to the network and the
caller hears regular ringback instead of call-waiting ringback.

Call Waiting does not work with data calls.

If Recall is used while a user is hearing special ringback, the call is
disconnected and the user hears inside dial tone.

Reminder calls are not eligible for Call Waiting.

The Call Waiting tone is heard only at the extension that is receiving the
call. For example, the Call Waiting tone is not heard by the observed
extension if the waiting tone sounds at the Service Observer extension,
and vice versa.

If a Service Observer picks up a Call Waiting call while observing, he or
she is dropped from Service Observing.

With the Talk Time option enabled, timing for calls to Auto Login and Auto
Logout Calling Groups starts as soon as the system detects the calls.

An extension is considered busy when all SA or ICOM buttons (excluding
SA Originate Only or ICOM Originate Only) are in use. With a multiline
telephone, you can dial the Call Waiting feature code to pick up a waiting
call only when an SA Originate Only or ICOM Originate Only button is
available.



Features

Transfer If a transfer is completed to a busy extension, the destination hears the
Call Waiting tone, if programmed, and the caller hears Call Waiting
ringback. The call waits in queue until the transfer return time expires.
Calls answered by picking up a Call Waiting call cannot be transferred.

You can transfer a call received by using Call Waiting pickup only if an SA
or ICOM button on which to transfer the call becomes available.

UDP Features A private network call (Hybrid/PBX mode only) receives the same
treatment as an outside call. The person receiving the call hears the Call
Waiting tone and the caller hears ringback.

Call Waiting
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Callback

At a Glance

Users Affected Telephone users, DLC operators, data users

Reports Affected

Extension Information, Remote Access (DISA) Information,
System Information (SysSet-up)

Modes All
Telephones All except QCC
Feature Codes

Selective 55

Cancel request *55 (single-line telephones, data equipment)
4400-Series and MLX Display 5 - Auto,On [CbckA,on]
Label Cback Auto,Off [CbckA, Off]

Cback Sel [CbckS]

Maximums

Dialed digits for each 40

queued call

Queued calls in the system 64

Description

Callback provides an easy way to complete calls to busy extensions and, in Hybrid/PBX mode, to
outside numbers when all lines/trunks are busy in the pool through which calls are made. (See
“Line Request” on page 465 for information about busy lines in Key and Behind Switch modes.)

Two types of Callback can be programmed for an extension:

m Automatic. Callback is activated automatically whenever the caller reaches a busy extension
or when all lines/trunks in a pool are busy. This feature is set to on or off for each extension.

m Selective. Callback is activated only when a caller chooses it by dialing a feature code or, on
multiline telephones, by pressing a programmed Selective Callback button. On 4412D+,
4424D+, 44241 D+, and MLX display telephones, a caller can also select the feature from the
display.

When Automatic Callback is on and a caller reaches a busy extension or pool, he or she hears the
queuing tone (five short beeps) instead of the busy tone. The tone indicates that the system is
putting the call into the callback queue.

When a caller wishes to use Selective Callback for a call and reaches a busy extension, he or she
must activate Selective Callback while listening to the busy signal. If the caller tries to make a call
by using a pool in which all lines/trunks are busy, he or she hears a fast busy signal immediately
after dialing the pool dial-out code. After activating selective Callback, the caller hears the queuing
tone and the call is added to the Callback queue.

Callback
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With both types of Callback, a caller can either stay on the line until the call is completed or hang
up.

m If the caller stays on the line, the red and green LEDs next to the line button are lit. When the
busy extension or pool is available, the caller hears the out-of-queue tone (three short beeps)
and the call is completed automatically.

m If the caller hangs up, the green LED next to the line button flashes, indicating that the button is
being held for the queued call. When the busy extension or pool is available, the caller hears a
priority ring (three bursts and one long ring on a 4400-Series, MLX, ETR, TransTalk 9031/
9040, Business Cordless 905, or MLS telephone). If the user does not answer the callback call
within the number of rings programmed for the system (1-6), the Callback request is
cancelled.

For inside and outside calls, the caller hears ringback when the extension is available, but the
system does not make the call until the caller picks up.

Considerations and Constraints
Callback cannot be used for Personal Lines assigned to buttons on a telephone. See “Line
Request” on page 465 for additional information. If more than one call is waiting for the same
extension or pool, the call that has been queued the longest is connected first.

When a call is waiting in queue for an extension, no new calls are sent to the extension until after
the queued call is completed.

When the queue contains 64 calls (system limit), additional calls sent to the queue receive a busy
signal.

No more than 40 dialed digits can be included in a queued call.

In order to use Callback with pools consisting of loop-start lines, the loop-start lines must be
programmed for reliable disconnect.

System Programming

Automatic Callback Interval

Programmable by System Manager
Mode All

Idle Condition Not required
Planning Form 8a, System Features
Factory Setting 3 rings

Valid Entries 1to 6 rings

Inspect No

Copy Option No
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Procedure Specify the number of rings to the callback originator before the
system cancels a callback request:

Options—Callback—>Drop—Dial no. of rings (1-6)—
Enter—Back

Mode Differences

Hybrid/PBX Mode

Callback can be used for busy extensions and for outside calls on pools where all lines/trunks are
busy.

Key and Behind Switch Modes

Callback can be used only for busy extensions. Line Request is used for busy outside lines that are
assigned to line buttons.

Telephone Differences

Queued Call Consoles

A QCC operator cannot use Callback.

Other Multiline Telephones

On all other multiline telephones, Selective Callback is activated by pressing a programmed
Callback button, by dialing #55, or by pressing the Feature button and dialing 55. On 4412D+,
4424D+, 44241 D+, and MLX display telephones, Selective Callback is also activated by pressing
the Feature button and selecting the feature from the display. If you are on another call when the
system tries to call back, you hear an abbreviated ring.

On a multiline telephone, you can queue more than one call to the same extension.

On a multiline telephone, cancel a callback request by pressing the SA or ICOM button used to
make the call, lifting the handset, pressing the Drop button, and pressing the SA or ICOM button
again. The red and green LEDs next to the button go off, and the request is cancelled.

4400, 4400D, and Single-Line Telephones

A 4400, 4400D, or single-line telephone user can make and receive other calls while waiting for the
call to be completed. The request remains in the queue until the user who initiated the request is
available. Queued calls ring at a 4400, 4400D, or single-line telephone in the order in which they
were queued.

A 4400, 4400D, or single-line telephone can queue only one call at a time. If a 4400, 4400D, or
single-line telephone user who has already queued one call tries to transfer a second call to a busy
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pool, the transferred caller hears a fast busy tone. The system considers the transfer complete,
and the call is not returned to the 4400, 4400D, or single-line telephone user who transferred the

call.

Cancel a Callback request by lifting the handset and dialing #+*55 while listening to inside dial
tone. The system sends a confirmation tone to indicate that the request is cancelled.

A 4400, 4400D, or single-line telephone user cannot use Callback if another call is on hold. A
waiting outside call rings at a 4400, 4400D, or single-line telephone before any calls queued for

that extension.

Feature Interactions

Account Code
Entry/Forced
Account Code Entry

Automatic Route
Selection

Barge-In

Call Waiting

Calling Restrictions

You should enter an account code before activating Callback. If you do
not, you must wait until after the call is connected before entering the
account code. Account codes cannot be entered while the call is queued.

You must enter a forced account code before Callback is activated. If not,
you hear a busy tone.

When you use ARS to make a call, and all possible line/trunk routes are
busy, the call can be queued only for the first route in the pattern. If the

FRL for the extension does not allow the call to be made over the route,
however, the call is not queued.

If a voice call is queued for Callback on a digital line/trunk pool, it can get
stuck in an infinite loop of queuing. The caller hears a continuous stutter
tone and cannot get rid of it. To avoid this situation, be certain to correctly
program the voice and/or data capabilities of pools of PRI and BRI
facilities in the ARS tables.

In Release 1.5 or later systems, if an E911 call overflows to a busy main
pool, the call may be automatically or manually queued for the first
available trunk for a partition, the E911 Adjunct, or the main pool.

If Callback is used to request a busy extension or pool and the caller is
waiting on the line for the callback call, Barge-In cannot be used.

When Automatic Callback is used to queue a call at an extension that has
Call Waiting, Callback overrides Call Waiting. The user with Call Waiting
does not hear the Call Waiting tone, and the call is queued until the
extension becomes available.

When Selective Callback is used to queue a call at an extension that has
Call Waiting, a user with Call Waiting hears the Call Waiting tone and the
call is queued until the extension becomes available.

In Hybrid/PBX mode, a person with a restricted extension can use
Callback for a busy pool because restrictions are based on the specific
line/trunk being used to make the call. When a line/trunk in the busy pool
is available, the system checks for restrictions assigned to the extension.
If the extension is restricted, a fast busy signal indicates that the call is not
dialed.
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Conference

Coverage

Digital Data Calls

Display

Do Not Disturb

Extension Status

Forward and
Follow Me
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A queued call cannot be part of a conference. With Automatic Callback,
the call is automatically queued; however, if you try to add the queued call
to the conference, the system returns a busy tone. If you use Selective
Callback to queue a call while setting up a conference, the system returns
a busy tone. Press the Drop button and the line button with the queued
call to drop the busy tone from the conference.

The sender and all coverage receivers must be busy before a call to the
sender can be queued. The call is sent to coverage before it is put in the
Callback queue. Once a call is in the callback queue, it is not sent to
coverage again. A callback call indicating that a busy extension or pool is
available is not sent to coverage.

Videoconferencing systems that allow you to dial feature codes using #
can use Selective Callback. When a pooled line becomes available or the
busy video system is idle, the queued call is made, one B-channel at a
time. When the second B-channel becomes available, it can be used for
the connection as well, providing the video system supports this
capability.

Although video systems can use either off-hook or on-hook Callback, you
should use only off-hook Callback for 2B data connections. If you use
on-hook Callback, the returning callback call is connected using only one
B-channel.

Automatic Callback should be disabled for digital data and
videoconferencing extensions.

When a call is queued by Automatic Callback on a multiline telephone, the
display shows a feedback message. After the number is dialed, the
display provides the same feedback as on an Automatic Callback call.
When the queued call rings the user’s telephone, the display indicates
that it is a callback call.

Calls to extensions that are using Do Not Disturb are not eligible for
callback queuing. If a callback originator is using Do Not Disturb, the
system overrides the feature and the telephone rings when the busy
extension or line/trunk is available.

In Hotel mode, an extension in Extension Status 1 or 2 cannot use
Callback to request busy pools.

If a user queues a call and then uses Forward, Remote Call Forwarding,
or Follow Me, the call does not ring back at the forwarded-to extension or
telephone number; the Callback call returns only to the forwarding
telephone. Callback is not needed for Centrex Transfer via Remote Call
Forwarding calls, because the same Centrex line that carried the original
call is used to forward the call to the outside number.

If an inside caller using Automatic Callback calls an extension with
Remote Call Forwarding on and no pools are available, the caller hears
queuing tone, but the call queues for the extension only, not for the
remote number.



Group Calling

Headset Options

Hold

HotLine

Line Request

Multi-Function
Module

Music-On-Hold

Features

When the extension becomes available, dequeuing tone sounds and the
call is placed to the extension (not the Remote Call Forwarding number) if
the user has stayed on the line. If the caller has hung up, priority ring is
heard as the callback call is dispensed to the caller.

In a case where no pools are available and an inside caller is not using
Automatic Callback, a call to an extension with Remote Call Forwarding
follows the extension’s coverage path. If there is no coverage and the
inside caller activates Selective Callback while listening to the busy
signal, the call queues for the extension but not for the Remote Call
Forward number.

If all SA or ICOM buttons are busy at the forwarding extension, the call is
automatically forwarded.

Calls made to a Calling Group are not eligible for Callback because the
calls ring into the Calling Group’s queue. Callback, however, can be used
for calls to individual Calling Group member extensions or to the delay
announcement device. Calling Group calls are not sent to the group
member extension when another person is using Callback to reach a
Calling Group member and the callback call is ringing on that person’s
telephone.

When a call is sent to a Calling Group with a non-local member and no
tandem trunks are available, the system automatically provides Callback
to queue for an available trunk.

Callback calls are answered automatically by using Headset Auto
Answer, but a user hears the out-of-queue tone instead of the zip tone.
When both calling and receiving users have headsets with Headset Auto
Answer activated (multiline 4400-Series and MLX telephones only), the
person being called hears the zip tone when the Callback call is
completed; the Callback originator does not hear a zip tone or dequeuing
tone.

Pressing the Hold button while waiting for a callback call is similar to
hanging up. The green LED next to the line button flashes, indicating that
the button is being used for the queued call.

Callback is not intended for HotLine extensions. Automatic Callback,
however, can be used, if programmed, for inside and ARS (Hybrid/PBX
mode only) calls. Selective Callback is also available.

Returning Callback calls cancel Line Request.

Both Automatic and Selective Callback can be used from an MFM; a
callback call, however, cannot be manually cancelled because the MFM
does not recognize the switchhook flash produced by pressing the Drop
button.

An outside caller waiting in the callback queue hears Music-On-Hold if it is
programmed.
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Paging

Park

Personal Lines

Pickup

Pools

Primary Rate
Interface and T1

Queued Call
Console
Recall/Timed Flash

Reminder Service

Remote Access

Service Observing

Speed Dial

SMDR
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Callback cannot be used for calls to a speakerphone Paging Group. A
voice-announced inside call that is queued using Callback automatically
becomes a ringing call. Systems with Loudspeaker Paging can be set up
to allow calls to be queued for the Loudspeaker Paging system by placing
the Loudspeaker Paging jack in its own pool and having users access the
paging system through the pool. When the pool is busy, the call can be
queued.

Calls waiting in a Callback queue cannot be parked.

The Callback feature cannot be used to request a busy Personal Line.
See “Line Request” on page 465.

A Callback request cannot be picked up at another extension.

In Hybrid/PBX mode, Callback can be used to complete calls to an
outside number only when all lines/trunks in the pool are busy.

Callback cannot be used to request a busy PRI line assigned as a
Personal Line, but it can be used to request a line from a pool of PRl lines.
An idle PRI line is not considered an available pool member unless a
check determines that it is associated with an available B-channel. Even if
a B-channel is available when the pool selects a line for a queued call,
there may be none available when it is time to send a setup message to
the network. Or, after the setup message is sent, the network may
determine that the B-channel proposed by the system is not available. In
either case, the call fails and a fast busy tone is applied.

Some applications (such as video systems) that use data lines may work
improperly when releasing data facilities requested by Callback.

Calls to QCCs are not eligible for Callback because the calls ring into the
QCC queue. Callback cannot be used on a QCC.

If Recall is used while a user is off-hook with a queued Callback request,
the call is disconnected and the user hears dial tone.

Reminder calls cannot be queued by using Callback.

If the system is programmed for Remote Access, Remote Access users
can use Callback. (The factory setting for Automatic Callback is off, but
you can enable this feature in Hybrid/PBX mode only for Remote Access
callers.) The user cannot hang up, but must wait on the line until the
extension or pool is available.

A Service Observer can observe a callback call after the called extension
answers the call.

When a Stop character is programmed as part of a Speed Dial number,
stay on the line, wait for the callback call, and then reactivate Speed Dial.
This signals the system to continue dialing the digits following the Stop
character.

SMDR begins measuring the duration of a callback call when the call is
completed.



System Access/
Intercom Buttons

Tandem Switching

Transfer

Features

Callback can be used on an SA or ICOM button. When Callback is used
on an SSA button, the Callback call from the system rings (and the LED
next to the button flashes) only at the telephone that originated Callback.

If a user other than the person originating Callback selects a Shared SA
button with a queued Callback request and lifts the handset, the user
hears the queuing tone, and the green LED on the originator’s telephone
goes from flashing to on. If the user hangs up, the green LED on the
originator’s telephone goes back to flashing and the system directs the
callback call to the originator. If the user does not hang up, the system
directs the Callback call to the user and not to the Callback originator.

Selective Callback can be used from an SA or Shared SA button. The
green LED next to the button at the telephone that originated Callback
and all those next to other related SA and SSA buttons remain on.

Callback queuing works for lines/trunks connected to the caller’s local
system, including private network tandem trunks. When a call is sent
across the network and a non-local system’s trunks are busy, the caller
cannot queue the call using Callback.

If a caller attempts Selective Callback upon hearing a busy tone and the
busy condition is not derived from the originating system, Selective
Callback has no effect. A caller can use Selective Callback to queue for
Route 1 when all local routes for a networked call are busy.

A queued Callback call cannot be transferred, but calls transferred to busy
extensions are eligible for Callback. When a user reaches a busy
extension while transferring a call, Automatic Callback or Selective
Callback can be used to queue the call before completing the transfer.
The caller hears ringback or Music-On-Hold.

When the extension is available, the call is transferred to the extension
automatically. If the extension is not available before the transfer return
time expires, the call is removed from the Callback queue and returned to
the originator.
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Callback queuing is supported for lines/trunks connected to the caller's
local system, including private network tandem trunks. When a call is sent
across the network and a non-local system’s trunks are busy, the caller
cannot queue the call using Callback.

When an extension has Automatic Callback turned on and originates a
call to a non-local extension, the call is queued at the local system for
Route 1 only. If all routes are busy, the caller hears callback tone. If the
caller is using ARS or the non-local dial plan to call out over trunks
connected to a remote system and the outside facilities at the remote
system are busy, the caller hears the fast busy tone. The caller hears the
busy tone if he or she is calling a busy non-local dial plan extension.
Neither call activates Callback queueing because the caller is not
connected to the system from which the busy condition originates.

If a caller attempts Selective Callback upon hearing a busy tone and the
busy condition is not derived from the originating system, Selective
Callback has no effect. A caller can use Selective Callback to queue for
Route 1 when all local routes for a networked call are busy.



Features

Caller ID

At a Glance

Users Affected
Reports Affected
Modes

Telephones

Caller ID Number/Name
Toggle Button Programming
Code

4400-Series and MLX
Display Label

Special Services

Hardware

Type of Facility

Description

Telephone users, operators, data users
SMDR, System Information (SysSet-up), GS/LS Trunk Information
All

4400-Series, MLX, TransTalk 9031/9040, Business Cordless 905,
ETR, and MLS display telephones

*763

Caller ID Name [CName]

Custom Local Access Signaling System (CLASSSM) Caller
Identification

800 GS/LS-ID, 408 GS/LS-ID-MLX, and 412 LS-ID-TDL modules
Loop-start

The system supports Caller ID. This feature is part of local telephone companies’ Custom Local
Access Signaling Service (CLASS). It provides a user with calling party number information from
the central office when a call rings on a loop-start line connected to a module with Caller ID
capability. This information appears on 4400-Series, MLX, ETR, TransTalk 9031/9040, Business
Cordless 905, and MLS display telephones, much like the PRI Automatic Number Identification

(ANI).

NOTE} Calling number and/or name identification is not available in all areas or jurisdictions.
Check with your local telephone company. The availability of caller identification
information may also be limited by the local-serving (caller’s) jurisdiction, availability, or
central office equipment.

The system also supports Calling Party Name, which is part of Caller ID. Calling Party Name does
what its name suggests—it provides the name of the calling party. A button can be programmed on
the multiline 4400-Series, MLX, TransTalk 9031/9040, Business Cordless 905, ETR, and MLS
telephones to toggle between Calling Party Number and Calling Party Name. When the button’s
LED is lit, Calling Party Name and not Calling Party Number information appears and will continue
to appear until you press the button again (the LED turns off).
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Caller ID Modules

LS-

The following modules supply the ports capable of processing Caller ID information:
m 800 GS/LS-ID module

m 408 GS/LS-ID-MLX module

m 412 LS-ID-TDL module

ID Delay Option

Caller ID information is sent from the central office during the first silent interval of ringing.
Because it is possible to answer a call before this information arrives, you can turn on the LS-ID
Delay option, which suppresses ringing until the Caller ID information arrives. This option can be
programmed for each line. The factory setting is off.

On telephones with Personal Lines, the green LED next to the Personal Line button flashes when a
call arrives on the line. The red LED lights and the telephone rings after a 6-second delay or when
Caller ID information arrives, whichever occurs first. Telephones without Personal Lines do not
receive the call until after the 6-second delay or when Caller ID information arrives.

NOTE} The caller may hear one or two extra bursts of ringback if LS-ID Delay is programmed,
while the person receiving the call has not yet heard a ring.

When the option is programmed on a two-way trunk, the system does not seize a trunk from the
pool for an outgoing call while that trunk is receiving an incoming call.

The difference between LS-ID Delay and Delay Ring is that Delay Ring provides a fixed delay for
all calls that arrive on the button programmed for Delay Ring. LS-ID Delay affects calls that are
received on lines connected to an 800 GS/LS-ID, 408 GS/LS-ID-MLX module, or 412 LS-ID-TDL
module. LS-ID Delay causes a one-ring delay at every extension throughout the system on
incoming calls to 800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-TDL modules. The call is
delayed only until Caller ID information is received from the central office (on loop-start lines).

Facilities

The interface to Caller ID is provided by the 800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-TDL
line/trunk module. These modules support Caller ID only on loop-start lines.

N0'|‘E> Lines/trunks used for incoming Caller ID service should not have any equipment other
than the 800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-TDL module ports connected
to them.

Caller ID
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Display Operation

Caller ID information is displayed on 4400-Series, MLX, TransTalk 9031/9040, Business Cordless,
ETR, and MLS display telephones. You can display Calling Party Name on a 4400D telephone by
dialing #763. A QCC can display the Calling Party Number but not the Calling Party Name.

The display shows No caller ID when the call is answered before the Caller ID data arrives,
when the Caller ID data is corrupted, or when no Caller ID data is sent from the central office.

Private may appear if the caller has subscribed to a central office service that blocks call
identification. The phrase out of Area appears on the display when the call originates from a
line or caller area without Caller ID or caller information, or sometimes from areas run by local
service companies other than your own.

Hyphens are inserted between the digits—for example, 555-1234 for a 7-digit telephone number
and 916-555-1234 for a 10-digit telephone number.

See “Display” on page 289 for more information.

Normal Incoming Call

When a call comes in on a Personal Line or Shared SA button, the calling party number
information appears at the principal owner’s extension. Incoming call information is displayed on
Line 1 of the first and second screens.

Group Calling

Caller ID information appears on the second screen of the display.

Transferring a Call

The telephone receiving the transfer displays standard incoming call identification information until
the transfer is completed. The second screen shows call transfer information. Caller ID information

appears on the display.

Calls returned after the transfer return interval expires also display standard incoming call
identification information.

Calling Party Number Sent to a MERLIN Messaging
System

If you have a MERLIN Messaging System of Release 2.5 or later and a MERLIN MAGIX system of
Release 2.0 or later, the MERLIN MAGIX system sends the available Calling Party Number (not
the Calling Party Name) for incoming calls redirected to the MERLIN Messaging System.

The Calling Party Number can be used by the MERLIN Messaging System:

m Return the call from an external calling party from the Touch-Tone User Interface.

m Send the Calling Party Number to a pager by using the Outcalling feature.
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m Include the Calling Party Number in all voice message headers.

m  Use the Calling Party Number in the Avaya Web Communications Server enhanced mailbox
displays.

m Use the Calling Party Number in the www.messenger displays.

Considerations and Constraints

General
An organization must subscribe to the Caller ID service in order for incoming calls through the
800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-TDL module to receive Caller ID information
(loop-start lines only).
If you have a MERLIN Messaging System of Release 2.5 or later and a MERLIN MAGIX system of
Release 2.0 or later, program the LS-ID Delay Option to allow the Calling Party Number

information to be sent to the MERLIN Messaging System before the call is answered at the
messaging system.

Caller ID/PRI ANI Comparison
Caller ID information arrives between the first and second ring at an extension.

PRI ANI uses the second screen of the telephone display to show the called party number, while
Caller ID generally uses this page to display the facility number.

System Programming

Loop-Start Identification Delay

Programmable by System Manager

Mode All

Idle Condition Not required

Planning Form 2c, System Numbering: Line/Trunk Jacks
Factory Setting No delay

Valid Entries Loop-start line/trunk numbers

Inspect Yes

Copy Option Yes, but only to the same trunk type
Procedure m To program a single-line/trunk:

LinesTrunks—More—LS-1ID Delay—>Select entry mode—
Dial no. of the line/trunk—Enter—Back—>Back

m To program a block of lines/trunks:

Caller ID
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Behind Switch Mode

Features

LinesTrunks—More—LS-1ID Delay—>Select block of lines/
trunks—Toggle LED On/Off 5Enter—Back—Back

If a customer subscribes to both Caller ID and a central office’s call-waiting service on the same
line, Caller ID information for the first incoming call is transmitted and appears at the display. The
system, however, does not provide the Caller ID information for the second (Call Waiting) call.

Feature Interactions

Call Waiting

Centralized Voice
Messaging

Centrex Operation

Conference

Coverage

Display

Do Not Disturb

If you have both the system feature Call Waiting and the central-office
service Caller ID on the same line, the Call Waiting information appears
on the display, but not the Caller ID information for this second incoming
call.

When a call is transferred to a non-local voice messaging system, the
Calling Party Number is sent if PRI tandem trunks are used (Hybrid/PBX
mode only).

The 800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-TDL module can be
used to capture Caller ID information (subscribed to from the central
office on loop-start lines only, if available). 4400-Series, MLX, ETR, and
MLS display telephones show the number of an outside call received on a
line connected to the module. The name of the calling party also can be
received. If the customer also subscribes to central office Call Waiting
through Centrex, however, when the second call is answered by using
central office Call Waiting, the number/name of the waiting call is not
shown on the display.

A conference originator on a 4400-Series or MLX display telephone can
view Caller ID information associated with any participant by pressing the
Inspect button and the button the caller is on.

Caller ID information is available to users receiving coverage calls.

No Caller ID is displayed if the call is answered before the Caller ID
data arrives. Calling Party Number information appears in the PRI ANI
format. If selected, Calling Party Name information replaces the Calling
Party Number information. Outgoing calling information, however, is not
displayed.

Caller ID information is not displayed when a user turns on Do Not
Disturb. If a user turns on Do Not Disturb while receiving Caller ID
information, the information remains on the display.
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Forward and
Follow Me

Group Calling

Headset Options

Night Service

Personal Lines

Pools

Remote Access

Caller ID
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The system-wide LS-ID delay, if programmed, is in addition to the
Forwarding Delay. The total delay is the LS-ID delay plus the Forwarding
Delay.

Forwarding can be used in combination with Caller ID on a loop-start
PSTN line connected to a networked system’s line/trunk module with
Caller ID capability (Hybrid/PBX mode only). This allows Caller ID
information to be sent across a private network. For each of these
module’s, the LS-ID Delay option must be programmed to On.

For Caller ID information to be forwarded across the private network, PRI
tandem trunks must be used. When the call is received on the destination
4400-Series, MLX, TransTalk 9031/9040, Business Cordless 905, ETR, or
MLS display telephone, the user sees the Caller ID information.

Delay Forward can be used to send calls to a non-local extension across
a private network (Hybrid/PBX mode only). Caller ID information is sent
with the forwarded call if PRI tandem trunks connect the systems.

Caller ID information appears on the second page of the display. Press
(») (multiline 4400-Series telephones) or the More button (MLX, ETR, and
MLS telephones) to get to the second page. Outgoing call information is
not displayed.

Caller ID information can be passed across a private network that uses
PRI tandem trunks (Hybrid/PBX mode only). This is done by assigning
the LS-ID lines connected to the 800 GS/LS-ID, 408 GS/LS-ID-MLX, or
412 LS-ID-TDL module to ring directly into a Calling Group containing a
single non-local member. The LS-ID Delay option must be programmed
to be on for each line routed.

If you press the Caller ID name/number toggle button after answering a
call, the Calling Group label is replaced with GrpcCl.

When using Headset Auto Answer, program the LS-ID Delay option to be
on to avoid loss of Caller ID information.

Caller ID information appears on the display, whether or not Night Service
has been activated.

Caller ID information appears on the display of shared Personal Lines.
Outgoing call information is not displayed.

If the LS-ID Delay option is programmed on a two-way line, the system
does not seize a line from a pool for an outgoing call when that line is
receiving an incoming call.

If a Remote Access call comes in on a loop-start line with Caller ID (via a
jack on a module with Caller ID capability), Calling Party Number is
recorded by SMDR. Calling Party Number is not retrieved on Remote
Access lines/trunks unless LS-ID Delay is programmed to be on for the
line/trunk, because the calls are answered too quickly. Calling Party
Name is not recorded on SMDR.



Ringing Options

Service Observing

SMDR

System Access/
Intercom Buttons

Transfer

Features

The Delay Ring option can be used as an alternative to the LS-ID Delay
option at automatically answering adjuncts so that Caller ID information is
received. LS-ID Delay delays ringing at all extensions in the system, while
Delay Ring delays ringing only at the extension programmed for it. Delay
Ring timing starts when LS-ID Delay ends.

Service Observers do not receive Caller ID information for an observed
call, including Calling Party Number, Called Party Number, Calling Party
Name, Call Type, and Facility ID.

Use the ISDN format if you subscribe to Caller ID, whether or not your
company subscribes to PRI. The calling party number of an incoming call
appears in the NUMBER field. Also, an I appears in the CALL TYPE
field. If no information has been received from the central office, the word
IN appears in the NUMBER field and a ¢ appears in the CALL TYPE
field. The calling party name is not recorded.

If you do not use any type of delay option and you are using a device with
automatic pickup, or if you manually pick up the call before the Caller ID

information arrives, IN appears in the NUMBER field and a C appears in
the CALL TYPE field.

Both SA and Shared SA extensions display Caller ID information on

Line 1 of the first screen of the display. This information remains on the
answering extension’s display and is cleared from the other extensions. If
another person picks up on that extension, he or she sees In Use on the
display, and the answering extension shows Shared Line: Ext Alpha/
# of the other extension on Line 2 of the first display screen. (ETR and
MLS display telephones do not show Line 2 information.) To view
information on Line 1 of Page 2, press (») (4400-Series telephones) or the
More button (MLX, ETR, and MLS telephones).

If Caller ID information is available, the caller’s telephone number is
shown on Line 1 of the first screen. Outgoing call information is not
displayed. The extension that initiated the transfer is shown on Line 1 of
the second screen. Caller ID information is also displayed when a call
returns from transfer.

If you have a MERLIN Messaging System of Release 2.5 or later and a
MERLIN MAGIX system of Release 2.0 or later, and a call is transferred
to the MERLIN Messaging System and the transfer is completed before
the MERLIN Messaging System answers the call, the Calling Party
Number is sent to the MERLIN Messaging System. If the MERLIN
Messaging System answers the call before the transfer is completed, the
information for the transfer originator is sent to the MERLIN Messaging
System.
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If a PRI tandem trunk conveys a call from the receiving system to a
remote networked system without user intervention, Caller ID information
is also conveyed (Hybrid/PBX mode only). If the tandem trunk is an
analog or digital tie trunk, no Caller ID information is sent to the remote
system. If a Caller ID call is transferred from the receiving system to the
remote system, no Caller ID information is conveyed.

When a system operator transfers a call to a non-local extension by using
a DSS with one-touch Transfer along with Automatic Completion (on a
DLC) or Automatic Extended Call Completion (on a QCC), the Caller ID
information is sent if PRI tandem trunks are used (Hybrid/PBX mode
only).
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Calling Restrictions

At a Glance

Users Affected
Reports Affected

Modes

Telephones

Description

Telephone users, operators, data users

Extension Directory, Extension Information, Remote Access (DISA)
Information

All
All

The Calling Restrictions features are used to control outgoing calls from individual extensions,
specific pools, types of lines/trunks used for Remote Access, or specific lines/trunks associated
with individual barrier codes. When used in conjunction with ARS, calling restrictions can be used
to apply ARS FRLs on specific extensions, routes, types of lines/trunks used for Remote Access,
and specific lines/trunks associated with individual barrier codes. (Incoming calls are never
restricted.) Through calling restrictions, users at individual extensions can be restricted from
making certain types of calls, as described in the following sections.

NOTE} See “Allowed/Disallowed Lists” on page 41, “Remote Access” on page 663, and “Night
Service” on page 497 for additional calling restrictions.

Outward and Toll Restrictions

An extension cannot be used to make toll calls if it is toll-restricted; it cannot be used to make any
outside calls if it is outward-restricted.

If the restrictions are too limiting, an Allowed List can be used in conjunction with calling
restrictions. An Allowed List is a list of telephone numbers (such as emergency numbers) that a
user with an outward- or toll-restricted extension can dial.

A Disallowed List can be used to supplement calling restrictions on an extension or to prohibit
some calls on extensions that have no calling restrictions assigned. A Disallowed List is a list of
telephone numbers (for example, 900 numbers) that cannot be dialed from an extension. See
“Allowed/Disallowed Lists” on page 41 for additional information.

Outward Restriction for VMI Ports

Any port programmed as a VMI port is programmed with outward restriction on.

If the System Manager wants to allow access to the voice messaging system Outcalling feature,
the outward restriction applies to Outcalling calls.

Calling Restrictions
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&SECURITY ALERT:

Any changes to the restrictions of these ports must be considered carefully in order to
minimize the potential for toll fraud.

If the System Manager changes a VMI port to a non-VMI port, the outward restriction of the port is
not turned off for the port. If outward restriction should be turned off, the System Manager must
change it through system programming.

Pool Dial-Out Code Restriction (Hybrid/PBX Only)

From a restricted extension, specific pool dial-out codes cannot be dialed. This restricts outgoing
calls from specific pools and can be used to reserve pools for special purposes—for example,
data communications.

The factory setting is for all extensions to be restricted from using any pool.

Facility Restriction Level (Hybrid/PBX Only)

The ARS FRL is used to restrict the extension to certain routes. When ARS is used, an FRL is
assigned to control or restrict access to specific routes in an ARS table. There are seven FRLs
assigned to routes, ranging from 0 to 6, where 0 is the least restricted and 6 is the most restricted.

FRLs from O to 6 are also assigned to extensions and are used to determine whether callers have
permission to use the routes. To use a route, an extension must have an FRL equal to or greater
than the route’s FRL. The restrictions of the FRL assigned to an extension, therefore, are the
opposite of the restrictions of an FRL assigned to a route. In other words, an extension with an
FRL of 0 has the fewest ARS privileges (routes with levels 1 through 6 cannot be used), and an
extension with an FRL of 6 has the most privileges (any route may be used). See “Automatic
Route Selection” on page 82 for additional ARS information.

Restrictions for VMI Ports

Any port programmed as a VMI port is factory-set with an FRL of 0.

N()TE} The FRL of the VMI port must be equal to or greater than the FRL of the UDP route. See
the Network Reference for details.

If the System Manager wants to allow access to the voice messaging system Outcalling feature,
the FRL applies to Outcalling calls.

&SECURITY ALERT:

Any changes to the FRL and other restrictions of VMI ports must be considered carefully in
order to minimize the potential for toll fraud.
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If the System Manager changes a VMI port to a non-VMI port, the FRL is not reassigned on the
port. If the default FRL should be changed, the System Manager must change it through system
programming.

Remote Access

Outward/toll and FRL calling restrictions can also be applied to Remote Access users. These
calling restrictions can be applied to each individual barrier code (up to 16) or, if barrier codes are
not used, to all Remote Access tie/DID trunks and all Remote Access non-tie/non-DID trunks. See
“Remote Access” on page 663 for additional information. Refer to the Network Reference for
additional information for private networks (Hybrid/PBX mode only).

Night Service

Other calling restrictions can be applied when Night Service is activated. Night Service can be set
up to require that a password be dialed before a non-emergency number can be dialed. When the
correct password is entered, the system then checks for calling restrictions assigned to each
extension before allowing calls to outside numbers.

A Night Service Exclusion List can be created to exempt specific extensions from the password
requirement. Normal calling restrictions (if any) assigned to the extension, however, are still in
effect. A Night Service Emergency Allowed List can also be created, which can contain up to 10
numbers that can be dialed without entering the Night Service password. See “Night Service” on
page 497 for additional information. If Night Service is programmed with outward restriction, the
restriction does not apply to non-local dial plan calls. Exclusion lists apply only to the local
system’s extensions and do not apply to UDP calls.

Considerations and Constraints

In Hybrid/PBX mode, a user on an outward-restricted extension can receive a PSTN call, or can
make or receive a private network call. Such an extension cannot be used to make an ARS call,
except to emergency numbers. See “Allowed/Disallowed Lists” on page 41 for additional
information.

Only outgoing calls are affected; users can receive inside, local, and toll calls on restricted
extensions and can join any type of call in progress.

When a user with an outward-restricted extension presses the dialpad while on a call, the call is
disconnected, a fast busy signal sounds, and the line/trunk is released. The system assumes that
the user is trying to make an outside call, which is not allowed because of the outward restriction
assigned to the extension.

Users with Pool buttons on their telephones can use the pool even if the pool dial-out restriction is
assigned to the extension.

Outward and Toll Restriction do not work with tie trunks or with T1 lines emulating tie trunks that
are set to tie-PBX. ARS or pool dial-out codes should be used to restrict these types of line/trunks.

Calling Restrictions
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Because calling restrictions apply to extensions used to initiate a transfer to an outside number, a
user with a restricted extension can circumvent restrictions by asking an operator with an
unrestricted console to connect an outside call.

When you use a marked System Speed Dial code to dial a number, Toll or Outward Restrictions
assigned to the extension are overridden. However, when you use a marked System Speed Dial
number that contains a dial pool access code, the number is dialed only if the extension has
access to the pool. The marked System Speed Dial number does not override pool dial-out code
restrictions assigned to the extension.

&SECURITY ALERT:
The use of loop-start lines without reliable disconnect may result in toll fraud.

If Centrex service is used, any calling restrictions for the extension must be programmed by the
telephone company at the central office.

System Programming

Calling Restrictions

Programmable by System Manager
Mode All

Idle Condition Extension idle
Planning Form 4d, MLX Telephone

4e, MFM Adjunct: MLX Telephone

4f, Tip/Ring Equipment

4h, ETR Telephone

4j, MLS Telephone

4k, 4400/4400D Telephone

4m, Multiline 4400-Series Telephone

40, Wireless Telephone

5b, Direct-Line Console (DLC)

5¢, MFM Adjunct: DLC

5d, Queued Call Console (QCC)

Data Form 1a, Modem Data Workstation
Data Form 1b, ISDN Terminal Adapter Data Workstation

Factory Setting Unrestricted

Valid Entries Unrestricted, Outward restricted, Toll restricted

Inspect No

Copy Option Yes

Procedure Assign or remove outward/Toll Restriction for individual extensions:

Extensions—Restriction—>Dial ext. no.—2Enter—
Select restriction (Unrestricted, Outward restricted, or Toll
restricted) >Enter—Back
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Pool Dial-Out Code
Programmable by
Mode
Idle Condition

Planning Form

Factory Setting

Valid Entries
Inspect
Copy Option
Procedure

Features

System Manager
Hybrid/PBX
Extension idle

4d, MLX Telephone

4e, MFM Adjunct: MLX Telephone

4f, Tip/Ring Equipment

4h, ETR Telephone

4j, MLS Telephone

4k, 4400/4400D Telephone

4m, Multiline 4400-Series Telephone

40, Wireless Telephone

5b, Direct-Line Console (DLC)

5¢c, MFM Adjunct (DLC)

5d, Queued Call Console (QCC)

Data Form 1a, Modem Data Workstation
Data Form 1b, ISDN Terminal Adapter Data Workstation

Main pool: 70; All other pools: 890 to 899. All telephones are
restricted from dialing any pool dial-out code.

Pool numbers
Yes
No

Assign or remove pool dial-out code restriction for individual
extensions:

Extensions—Dial OutCd—>Dial ext. no.—Enter—
Dial pool dial-out code—Enter—Back—>Back

Remote Access without Barrier Codes

Programmable by
Mode

Idle Condition
Planning Form

Factory Setting

Valid Entries
Inspect
Copy Option
Procedure

System Manager

All

Not required

3a, Incoming Trunks: Remote Access

Call restriction: Outward restricted
ARS restriction level: 3

Unrestricted, Toll Restricted, Outward Restricted; 0 to 6
No
No

m  Assign or remove outward/Toll Restriction from tie trunks or
non-tie trunks used for Remote Access including private network
calls:

Calling Restrictions
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LinesTrunks—RemoteAccss—>Select Non-TIE or TIE
Lines—Restriction—>Select restriction>Enter—Back—>
Back—Back—Back

m Assign or remove the ARS FRL associated with tie trunks or
non-tie trunks used for Remote Access including private network
calls:

LinesTrunks—RemoteAccss—>Select Non-TIE or TIE
Lines—ARS Restrict—Drop—Dial FRL value—Enter—
Back—Back—>Back—Back

Remote Access with Barrier Codes

Programmable by
Mode

Idle Condition
Planning Form

Factory Setting

Valid Entries

Inspect
Copy Option
Procedure

System Manager

All

Not required

3a, Incoming Trunks: Remote Access

Calling restrictions:

Barrier Code: outward restricted
All other barrier codes: unrestricted
ARS restriction level: 3

Unrestricted, Toll Restricted, Outward Restricted;
Oto 6

No
No

Assign or remove outward/Toll Restriction and ARS FRL for each
Remote Access barrier code:

LinesTrunks—>RemoteAccss—BarrierCode—>
Restriction—Dial barrier code no.—~>Enter—>Select
restriction—>Enter—ARS Restrict—>Dial barrier code
no.—Enter—>Drop—Dial FRL value—Enter—Select Allow
List orDisallow List—>Dial barrier code no. (1-16)—
Enter—Dial list no.—>Enter—Back—Back—Back—Back

Assigning ARS Restriction Level For an Extension

Programmable by
Mode
Idle Condition

Planning Form

Calling Restrictions
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System Manager
Hybrid/PBX only
Not required

4d, MLX Telephone

4e, MFM Adjunct: MLX Telephone
4f, Tip/Ring Equipment

4h, ETR Telephone

4j, MLS Telephone

4k, 4400/4400D Telephone



Factory Setting
Valid Entries
Inspect

Copy Option

Procedure

Programmable by

Mode
Idle Condition

Planning Form

Factory Setting

Features

4m, Multiline 4400-Series Telephone

40, Wireless Telephone

5b, Direct-Line Console (DLC)

5¢, MFM Adjunct: DLC

69, Call Restriction Assignments and Lists

3

0-6 (0 is most restrictive and 6 is least restrictive)

No

No

Assign or remove the ARS FRL for individual extensions:

Extensions—(») or More—ARS Restrict—>Dial ext.
no.—Enter—>Drop—Dial restriction level (0-6)—Enter—Back

Facility Restriction Level for ARS Route

System Manager
Hybrid/PBX
Not required

3f, Automatic Route Selection Tables
39, Automatic Route Selection Default and
Special Numbers Tables

3 (Table 18, the Default Local table has a factory setting of 2)

Valid Entries Oto6
Inspect No
Copy Option No
Procedure Assign or remove the ARS FRL associated with each route:
Tables—ARS—Sub A FRL (») or More and Sub B FRL—
Dial table no. (1-18) and pool route no. (1-6)—Enter—
Dial restriction level (0—6)—Enter—Back—Back
Mode Differences
Hybrid/PBX Mode

In Hybrid/PBX mode, all calling restrictions can be assigned.

Calling Restrictions
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Key and Behind Switch Modes

In Key and Behind Switch modes, outward and Toll Restrictions can be assigned, while pool
dial-out code restrictions and ARS FRL cannot be assigned.

Feature Interactions

Allowed/
Disallowed Lists

Auto Dial

Automatic
Configuration of the
MERLIN Messaging
System

Automatic Route
Selection

Callback

Centrex Operation

Conference

Calling Restrictions
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When used with calling restrictions, Allowed Lists can permit the dialing of
specific numbers (such as emergency numbers) from an outward- or
toll-restricted extension.

Disallowed Lists can prevent the dialing of specific numbers from either
an unrestricted or a toll-restricted extension.

A Disallowed List takes precedence over an Allowed List.

A user with a restricted extension cannot dial a restricted number
(outward or toll) by using an Auto Dial button unless the number is on the
Allowed List for that extension.

You must manually change the restrictions for the outcalling port after you
use the automatic configuration.

ARS does not allow users to avoid calling restrictions. The system checks
for outward or Toll Restrictions assigned to the extension before it selects
the best route for making the call. If the ARS FRL assigned to the
extension restricts use of the route, an error tone sounds and the call
does not go through. Because FRL assignment determines pools
selected for each route, a user may be allowed to select a pool using
ARS even if the extension is restricted from the pool dial-out code.

An Outward or Extension Status Restricted caller cannot call 911. Assign
an Allowed List with “911” to the restricted extensions.

In Hybrid/PBX mode, a user with a restricted extension can use Callback
for a busy pool because restrictions are based on the specific line/trunk
being used to make the call. When a line/trunk in the busy pool is
available, the system checks for restrictions assigned to the extension. If
the extension is restricted, a fast busy signal sounds to indicate that the
call is not allowed.

Centrex users should not be assigned calling restrictions; the calling
restrictions should be assigned through the central office.

With an outward-restricted extension, you cannot add an outside
participant to a conference unless the participant’s number is on that
extension’s Allowed List. A user with a toll-restricted extension can only
add a participant whose toll number is on an Allowed List assigned to the
extension.

You cannot add an outside number to a conference if the number is on a
Disallowed List assigned to your extension.



Coverage

Direct-Line Console

Directories

Display

Extension Status

Forward and
Follow Me

HotLine

Night Service

Personal Lines

Pools

Primary Rate
Interface and T1

Features

Users answering calls on Cover buttons can generate Touch Tones (for
example, by dialing 1 to accept a collect call) if their telephones are not
outward- or toll-restricted. If the telephone is outward- or toll-restricted,

the user hears the Touch Tones, but the tones are not sent out over the
line (and the user cannot, for example, accept collect calls by dialing 1).

Calling restrictions can be assigned to DLCs. This helps to prevent users
from bypassing restrictions on their extensions by asking system DLC
operators with unrestricted consoles to connect them to an outside call.

Using a marked System Directory listing to dial a number overrides any
calling restrictions (such as toll or outward restrictions) assigned to the
extension.

Call Denied appears on a 4400-Series or MLX display when a call is
denied because of calling restrictions. On an ETR display telephone, only
the number dialed appears. No message is shown on an MLS display
telephone.

To allow users in the Hotel configuration of Extension Status to dial
emergency or other selected numbers when the extension is in Status 1
or 2, the extension must be assigned to an Allowed List.

A user with an outward- or toll-restricted extension cannot forward calls to
a number (outward or toll) unless the number is on an Allowed List for
that extension. No error tone sounds when a user with a restricted
extension activates the Forward feature; however, when a call is received
at the extension, the system checks restrictions and denies the forward if
the number is not on the Allowed List.

Calling restrictions can be applied to HotLine extensions. The FRL value
for Hotline extensions should be set to 6 to enable unrestricted access
between private network switches.

For Night Service with outward restriction, a Night Service Emergency

Allowed List must be created; it consists of emergency numbers that can
be dialed from any extension without dialing the password (10 emergency
numbers, 9 digits each). Any restrictions assigned to an extension on the
Night Service Exclusion List are in effect when Night Service is activated.

Night Service restrictions do not apply to UDP calls.

A user with an outward- or toll-restricted extension cannot dial a toll or
outside number on a Personal Line button unless the number is on an
Allowed List assigned to the extension, nor can the user dial a number on
a Disallowed List.

Specific pools can be restricted from use for outgoing calls by assigning a
pool dial-out code restriction to extensions. The factory setting is for all
pool dial-out codes to be restricted for all users.

Outward and Toll Restrictions do not work with T1 lines emulating tie
trunks when the lines are set to Tie-PBX or Tie Switched 56 Data. ARS or
pool dial-out codes should be used instead.
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Queued Call
Console

Recall/Timed Flash

Service Observing

Speed Dial

System Access/
Intercom Buttons

UDP Features

Calling Restrictions
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Calling restrictions can be assigned to QCCs.

If Recall is used on a Personal Line or Pool button—or on an SA or ICOM
button—to access an outside loop-start line, the accessed line is kept, an
outside dial tone sounds and calling restrictions are reapplied.

Service Observers who are outward- or toll-restricted can still observe
outside calls.

When you use a marked System Speed Dial code to dial a number, Toll
or Outward Restrictions assigned to the extension are overridden.
However, when you use a marked System Speed Dial number that
contains a dial pool access code, the number is dialed only if the
extension has access to the pool. The marked System Speed Dial
number does not override pool dial-out code restrictions assigned to the
extension.

When a call is made on a Shared SA button, the calling restrictions that
apply are those programmed for the extension with the button, not those
for the principal extension.

Toll/outward restrictions, Night Service restrictions, and the prohibition of
trunk-to-trunk transfers do not apply to calls made to extensions in the
non-local dial plan.

Dial access to pools should not be permitted for pools of private network
trunks.



Features

Camp-On
At a Glance
Users Affected Telephone users, operators
Reports Affected System Information (SysSet -up)
Modes All
Telephones All except 4400, 4400D, and single-line telephones and data
equipment
Feature Codes 57

87 (Call Waiting Pickup)

4400-Series and MLX Camp On [Camp] + caller’s extension label
Display Label
Factory Setting
Return Interval 90 seconds (range 30—-300, in increments of 10 seconds)
Description

Camp-On allows you to complete a transfer to a busy extension. The call is put on hold until the
extension can receive a call; then it rings automatically. While the call is on hold, the caller (inside
or outside) hears special ringback. A Call Waiting tone sounds at the busy extension to indicate
that a call is waiting. If you do not answer the call within the programmed Camp-On return interval
(30300 seconds), the call returns to the originator. The originator hears a priority ring (one ring
and two beeps) to indicate a returning Camp-On call.

Camp-On can also be used to complete a transfer to an extension that is not busy. This can
increase the amount of time before the call returns to the originator, because the return call is
timed according to the Camp-On return interval (30-300 seconds) instead of the transfer return
interval (1-9 rings). Camp-On can be activated by using either a programmed button or a feature
code.

Camp-On
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Considerations and Constraints

A Camp-On return interval of 30 to 300 seconds in increments of 10 seconds can be programmed.
The factory setting is 90 seconds.

A Call Waiting tone sounds a destination telephone when a call is camped-on, even if Call Waiting
is not programmed on the destination extension.

Multiple calls can be camped on to individual extensions.

To use Camp-On, the feature must be activated while the person is listening to ringing, a busy
tone, or call-waiting ringback. Camp-On cannot be activated at other times, and no error tone
sounds when a caller unsuccessfully tries to use Camp-On at an inappropriate time.

Camp-On does not work for calls on non-local extensions.

System Programming

Camp-On Return Time
Programmable by
Mode
Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect
Copy Option

Procedure

Camp-On
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System Manager

All

Not required

6f, System Features

90 seconds

30 to 300 seconds, in 10-second increments
No

No

Change the amount of time before a camped-on call returns to
originator:

Options—CampOn—>Drop—Dial no. of seconds (30-300)—
Enter—Back



Features

Telephone Differences

Direct-Line Consoles

When a DLC system operator uses Camp-On to transfer a call to a busy extension, the call is
placed in the call-waiting queue; the caller hears the call-waiting tone whether or not the user has
the Call Waiting feature activated.

If the system is programmed for one-touch Transfer with automatic completion, an operator uses
Camp-On by pressing the Transfer button, dialing the extension manually, and activating
Camp-On.

If an operator presses an Auto Dial or DSS button, the transfer is automatically completed and
Camp-On cannot be used.

Queued Call Consoles

A Camp-On button cannot be programmed on a QCC. Instead, the operator makes a call to a busy
extension by selecting Camp On from the display. The call does not return to the QCC queue until
the Camp-On return interval expires. If the operator presses the Release button, the extension
being called receives the call-waiting tone, and the call returns to the QCC queue when the
transfer return interval expires.

To use Camp-On when the system is programmed for automatic extended call completion, a QCC
operator must press the Start button, dial the extension manually, activate Camp-On, and either
press Release or hang up. If the operator presses a DSS button, the transfer is automatically
completed and Camp-On cannot be used.

Other Multiline Telephones

Camp-On can be used with a multiline telephone when you hear ringing, a busy tone, or
call-waiting ringback while transferring a call. To use Camp-On to complete the transfer, press a
programmed Camp-On button, press the Feature button and dial 57, or dial #57. With 4412D+,
4424D+, 4424L.D+, and MLX display telephones, you can also press the Feature button and select
Camp On from the display.

4400, 4400D, and Single-Line Telephones

Calls can be camped on to 4400, 4400D, and single-line telephones, but you cannot use Camp-On
from these telephones.
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Feature Interactions

Call Waiting

Coverage

Digital Data Calls

Direct-Line Console

Direct Station
Selector

Display

Do Not Disturb

Forward and
Follow Me

Group Calling

HotLine

Line Request
Music-On-Hold

Camp-On
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If there are no buttons available to receive a transferred call, you hear the
call-waiting tone when a caller uses Camp-On to transfer a call, even if
Call Waiting is not activated.

All individual and/or Group Coverage points must be busy before a call
can be camped on to a coverage sender’s extension. Coverage calls
answered by a receiver can be camped-on to another user.

You cannot camp onto data or video calls.

When a DLC operator uses Camp-On to transfer a call to a busy
extension, the call is placed in the call-waiting queue and the caller hears
the call-waiting tone, whether or not the extension has Call Waiting
activated. If the system is programmed for one-touch Transfer with
automatic completion, the operator uses Camp-On by pressing the
Transfer button, dialing the extension manually, activating Camp-On,
hanging up, and pressing either another line button or the Transfer button
again. If the operator presses an inside Auto Dial or DSS button, the
transfer is automatically completed and Camp-On cannot be used.

When Camp-On is used to complete a transfer and the call returns, the
LED for the DSS button for the extension to which the call has been
transferred goes off and does not flash as it does for a transfer return or
Park return.

After Camp-On is activated, the 4400-Series and MLX displays show a
feedback message. The Camp-On Return display depends on whether
the call is an inside or outside call and whether or not calling party
information is provided.

On the QCC only, returning camped-on calls are identified by call type
and by the name and extension number of the person to whom the call
was transferred. The second line of the QCC display also shows the caller
information.

A Camp-On call does not ring when Do Not Disturb is activated.

You cannot use Camp-On to complete a transfer to an extension that has
any type of Remote Call Forwarding turned on.

You can transfer a call to a Calling Group by using Camp-On, but the call
does not return to the originating extension, even if it is not answered
within the programmed Camp-On return interval. If the Calling Group is
made up of fax machines, a call-waiting tone is not given to the fax jack
when the call is camped-on.

HotLine calls can be camped onto, but a HotLine extension cannot camp
on to calls.

Returning Camp-On calls cancel Line Request.

When Camp-On is used to complete the transfer of an outside call, the
caller hears Music-On-Hold until the call is answered if the transfer
audible is set to Music-On-Hold. See Table 30 for more information.



Paging

Primary Rate
Interface and T1

Queued Call
Console

SMDR

System Access/
Intercom Buttons

Transfer

UDP Features

Features

You cannot use Camp-On for calls to busy speakerphone Paging Groups.

The system does not support Camp-On onto data calls.

A QCC operator can release a call to a busy extension either by selecting
Camp On from the display or by pressing the Release button. If Camp-On
is used, the call does not return to the QCC queue until the Camp-On
return interval expires. If the operator presses the Release button, the
extension being called receives the call-waiting tone and the call returns
to the QCC queue when the transfer return interval expires.

To use Camp-On when the system is programmed for automatic extended
call completion, an operator presses the Start button, dials the extension

manually, then selects camp On from the display. If the operator presses a
DSS button, the transfer is completed automatically and Camp-On cannot
be used.

If an incoming call is camped on, but not picked up by the called
extension, the extension of the originator appears in the STN (station—
that is, extension) field of the SMDR report. If an incoming call is camped
on and picked up by the destination extension, the destination extension
appear in the STN field.

You can pick up a camped-on call by using an idle SA Originate Only
button or an idle SA button.

A transfer can be completed by using the Camp-On feature, whether or
not the destination extension is busy. When the feature is used, the
Camp-On return interval is used instead of the transfer return time. The
Camp-On return interval is normally longer.

A transfer can be camped on to an inside extension only. If a user presses
the programmed Camp-On button or dials the Camp-On feature code
while transferring a call to an outside number, the call to the outside
number is disconnected. The original call remains on hold.

Camp-On does not work for calls at non-local extensions.
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Centralized Voice Messaging

At a Glance
Users Affected Telephone users, operators
Modes Hybrid/PBX

Description

A MERLIN MAGIX system without a voice messaging system (VMS) can use the VMS of another
MERLIN MAGIX, MERLIN LEGEND (Release 6.1 and later), DEFINITY ECS, DEFINITY BCS, or
DEFINITY ProLogix system. The sharing of the VMS is transparent to the users of both systems.
Thus, Voice Mail, Auto Attendant, and fax messaging can be used by extensions on a MERLIN
MAGIX system that does not contain a VMS.

Each MERLIN MAGIX system that is sharing the VMS must be connected directly by tandem
trunks to the system containing the VMS. No other system can be in between (see the Network
Reference for more information).

After a message has been received for a specific extension, the VMS turns on the Message
Waiting light on that extension’s telephone, regardless of whether the extension is on the local or
remote system.

Centralized Voice Messaging is supported with the following voice messaging systems:

m  MERLIN Messaging System

m  Octel 100 Messaging (also known as Messaging 2000)

m Intuity AUDIX

m IS lll AUDIX Voice Power (no longer available)

m  MERLIN LEGEND Mail (installed on a MERLIN LEGEND system of Release 6.1 or later only)

See the Network Reference for the “Considerations,” “Constraints,” and “Feature Interactions” for
Centralized Voice Messaging.

Centralized Voice Messaging

168



Features

Centrex Operation

At a Glance
Users Affected Telephone users, operators
Reports Affected System Information (SysSet -up)
Modes All
Telephones All Touch-Tone telephones

System Programming Specify mode of operation:

m SysProgram—System—Mode

Assign host system conference dial code:

m Options—(»)or More—»BehndSwitch—Conference
Assign host system drop dial code:

m Options—(») or More—»BehndSwitch—Drop

For additional programming requirements, see “Recall/Timed Flash”

on page 646.
Programming Codes
Conference *x772 (for all telephones in Behind Switch mode)
Drop *773 (for all telephones in Behind Switch mode)

Description

Centrex is an optional telephone service that business customers can obtain from telephone
companies. A Centrex line provides access to telephone features similar to those available from a
PBX switch located on the customer’s premises. Basic Centrex features often include the
following:

m Transfer

m Three-way Conference

m  Drop
m Hold
m  Recall

m Call Forwarding
m Call Waiting

m Call Pickup

m  Group Pickup

m Automatic Callback

Centrex Operation
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N0'|‘E> The term system here refers to the MERLIN MAGIX Integrated System, as distinguished
from the Centrex system provided by the central office.

Additional features, such as speed dialing and night service, may also be available from some
telephone companies. Centrex features other than those specifically discussed in this section are
accessed by sending a switchhook flash and dialing the appropriate feature code required by the
Centrex system. These codes are not intercepted or interpreted by the system.

To use the features available through Centrex, dial a Centrex feature code from a Touch-Tone
telephone or analog data device. Some features must be programmed by the telephone company
at the central office. The system can be configured for either full or limited Centrex service, as
described in the next two sections.

N0'|‘E> In Behind Switch mode, fixed Conference and Drop buttons do not work with the MERLIN
MAGIX system. Also, dialing the feature code or pressing the Feature button and entering
a code does not activate Conference or Drop. Instead, you must program Conference
and Drop buttons onto the telephone to use the MERLIN MAGIX Conference and Drop
features.

Outside calls arriving on Centrex analog loop-start facilities can be forwarded to an outside
number using the Centrex Transfer via Remote Call Forwarding feature. This system feature
allows remote forwarding of calls on the same line that received them, saving system resources by
freeing the line for another call. For additional information, see “Centrex Transfer via Remote Call
Forwarding” on page 174 and “Forward and Follow Me” on page 356.

N0'|‘E> The system supports Centrex on loop-start lines only, not on ground-start or ISDN
facilities.

Full Centrex

Full Centrex requires each extension to have a direct Centrex line/trunk (prime line) to the central
office. Full Centrex can also be used when only some extensions have prime lines, but the
extensions without prime lines have limited ability to use Centrex features. Prime lines can be
shared among extensions.

The prime line allows users to dial outside numbers directly after dialing an access code (usually
9). For this reason, any calling restrictions for the extension must be programmed by the telephone
company.

The prime line is also used to call other 4-digit Centrex extension numbers that may be located at
different sites served by the same telephone company. The system’s intercom lines are used to
dial other extensions in the system.
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With full Centrex, users can send a switchhook flash by using the Recall or Flash button. The
fixed-function buttons (Hold, Drop, and Transfer) control Centrex features rather than system
features. Additional buttons can be programmed for system use. The system does not intercept or
respond to Recall or fixed-function button signals. See “Recall/Timed Flash” on page 646 for
additional information.

For full Centrex operation, the system must be in Behind Switch mode. A full Centrex configuration
operates on three levels, as shown in Figure 6. The extension user must be aware of the level
where he or she is when making a call or activating a feature.

Central Office

(External Calls)

Centrex Service P
* 4-digit Centrex Calls 90
* Use of Centrex Features &
NS
MERLIN MAGIX <&
Integrated System B2
* 2, 3, or 4-digit intercom Q{\@
* Key Mode Features

Figure 6. Full Centrex Service

Limited Centrex

With limited Centrex service, users depend principally on the system’s features, but a limited
number of prime lines can be used to access the Centrex system. There are two key reasons for
selecting limited Centrex:

m Centrex lines/trunks may be less expensive than other lines.

m Different users may have different needs for telephone service, so that some users benefit
more from Centrex, while other users benefit more from direct use of the system.
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In the limited Centrex configuration, some extensions may have prime lines, while other extensions
access the prime lines through a pool. Extensions can also be assigned ground-start, tie, or DID

lines, which is not possible to do with full Centrex. In Hybrid/PBX mode, if your telephone does not
have a prime line, you can use a Pool button to access Centrex facilities or an SA button to access
pooled facilities by dialing an access code. Once connected to a pool, you can dial other Centrex
extensions or dial an access code for outside calls. You can make outside calls made by using an
SA button to access a pool require two access codes for outside calls: one for the pool and one for

outside lines on Centrex.

For limited Centrex operation, the system must be in Key or Hybrid/PBX mode. The total system
operates on three levels, as shown in Figure 7. The extension user must be aware of the level

where he or she is when making a call or activating a feature.

Central Office

(External Calls)

* 2, 3, or 4-digit Numbering Plan
* Hybrid/PBX Mode Features

R

§
@) .
5 Centrex Service
o * 4-digit Centrex Calls
@ * Use of Centrex Features
Q
a Pooy|
MERLIN MAGIX \><\®°“’
Integrated System 4 @e
Q

Figure 7. Limited Centrex Service
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Differences between Full and Limited Centrex

Full Centrex and limited Centrex differ in where and how PBX functions are provided:

In full Centrex, the Centrex service provides PBX-like services to all extensions.

In limited Centrex, the Centrex service provides PBX-like services to extensions making calls
at the Centrex level on prime lines, while other services are provided by the system, acting as
a switch for calls between extensions and for calls that do not require Centrex features.

In full Centrex service:

The system operates in Behind Switch mode.

Calls can be made between Centrex extensions at separate sites served by the same Centrex.
Key mode features are provided by the system.

Intercom calls can be made between system extensions.

A switchhook flash, feature access code, or Feature button-press is interpreted as intended for
the Centrex service.

In limited Centrex service:

The system operates in Key or Hybrid/PBX mode.
Intercom calls can be made between system extensions.
Calls to Centrex extensions require access to a prime line.

A switchhook flash, feature access code, or Feature button-press activates the system feature
or disconnects the call, and does not access a Centrex feature.

Outside calls using Centrex service are made through individual prime lines or pooled prime
lines.

Other types of lines (tie, DID, and T1) can also be used for outside calls without using Centrex
service.
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Centrex Transfer via Remote Call Forwarding

In full and limited Centrex systems, Centrex Transfer via Remote Call Forwarding allows the
remote call forwarding of outside calls that arrive on Centrex loop-start facilities. In this context, the
term outside calls refers to calls from outside the system that may originate at an extension in the
Centrex system, but are not connected to the local MERLIN MAGIX Integrated System or
anywhere in the PSTN. This saves line/trunk resources. Full details of this operation and its feature
interactions are discussed in “Forward and Follow Me” on page 356.

When an eligible call arrives and the feature is active, Centrex Transfer via Remote Call
Forwarding sends a switchhook flash to the central office, which puts the call on hold and supplies
Centrex dial tone for the call. The system then dials the programmed Remote Call Forwarding
sequence and hangs up, completing the transfer and leaving the line open for other calls.

The following rules apply to Centrex Transfer via Remote Call Forwarding:

m  Only outside calls arriving on loop-start Centrex lines are forwarded by using this feature.
Inside calls originating locally or anywhere on a private network, using private network
facilities, can be remote call forwarded, but regular Remote Call Forwarding should be used
instead.

m The system must be equipped with analog Centrex loop-start lines/trunks. All analog loop-start
lines in the system must be Centrex facilities. Other types of facilities may be used in the
limited Centrex configuration, but calls arriving on these facilities cannot be remote
call-forwarded.

m To transfer calls outside the Centrex system, the organization must subscribe to a Centrex
trunk-to-trunk transfer feature. Otherwise, the feature only works for forwarding to Centrex
system extensions that are, for example, not connected to the system.

m Transfers with consultation and conferences cannot be performed for extensions that have
Centrex Transfer via Remote Call Forwarding active. Similarly, in a limited Centrex
configuration that includes an Automated Attendant application, that application must support
and be set to unsupervised transfer operation.

m The Centrex lines, the extensions programmed for Centrex Transfer via Remote Call
Forwarding, and any Automated Attendant (limited Centrex configuration) that transfers calls
to the extensions must be connected to the same switch. The feature is not supported across
private networks.

m Extension programming of Centrex Transfer via Remote Call Forwarding may require the
Pause character. If so, with a multiline telephone on the system in a limited Centrex
configuration, you can program the feature. If the feature with a dialing Pause is required for a
single-line telephone, you must use the Authorization Codes feature in order to activate or
deactivate Centrex Transfer via Remote Call Forwarding.

When you activate or deactivate a forwarding feature by dialing your authorization code, the
activating and forwarding extensions must be on the local switch. After dialing the
authorization code, you then turn the feature on or off normally.

m Reliable disconnect on loop-start lines is not required for Centrex Transfer via Remote Call
Forwarding.

When extensions are using the Centrex Transfer via Remote Call Forwarding feature, do not
program Music-On-Hold as the transfer audible. If Music-On-Hold is programmed in this case, a
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caller being transferred hears a click, three seconds of Music-On-Hold, a second click, then
silence for about 10 seconds, then ringback or a busy tone from the central office. This can
confuse outside callers, who may hang up.

Two SMDR call records can be generated for Centrex remote call-forwarded calls: one for the
incoming or transferred call to the extension and one for the outgoing call to the remote telephone
number. In order for SMDR to report the calls, the SMDR minimum call length must be set to zero

(0).

Considerations and Constraints

To prevent confusion, extension numbers in the system should reflect the ending digits of the
Centrex prime line number. For example, an extension with a Centrex prime line number of 4322
should have an extension number of 4322 in a 4-digit (Set Up Space) numbering plan, 322 in a
3-digit numbering plan, or 22 in a 2-digit numbering plan. “System Renumbering” on page 748
provides information about numbering plans.

Centrex service supports only Touch-Tone telephones.

With full Centrex, the Recall or Flash button and fixed-function buttons (Conf, Transfer, and Drop,
including the programmed ETR Drop) control Centrex functions. Corresponding system functions
can be programmed on buttons if any are available (see “Recall/Timed Flash” on page 646 for
additional information). With limited Centrex, the Recall or Flash button and fixed-function buttons
control system functions. In either case, some Centrex functions can be programmed on the
Directory and on Auto Dial buttons, but not on other unused feature buttons.

Centrex service is supported only on loop-start lines. Some central offices offer Centrex features
on ground-start trunks; however, the MERLIN MAGIX Integrated System does not support Centrex
features on ground-start trunks or ISDN facilities. Centrex service on T1 trunks with loop-start
emulation is also not supported.

Full Centrex (Behind Switch mode) does not support data communications.

During high-traffic periods, the loop-start lines used by Centrex can cause glare when multiple
calls access the same line simultaneously. Loop-start lines also have higher cable losses than
ground-start lines/trunks and cannot guarantee secure Toll Restriction.

With limited Centrex in Hybrid/PBX mode, DID, tie, WATS, and T1 lines/trunks can be used. In Key
mode, tie, WATS, and T1 lines/trunks can be used. These lines/trunks cannot be used with full
Centrex in Behind Switch mode.

With limited Centrex, outside calls made by using an SA button to access a pool require two
access codes: one code for the pool, and one for outside lines on the Centrex service.

Centrex users should not be assigned calling restrictions, because the system prevents an
extension with calling restrictions from sending a switchhook flash to the central office. Calling
restrictions should be placed through the Centrex service.

Once a call connection is made to Centrex service, the system cannot detect additional calls that
are initiated following a Centrex switchhook flash. The SMDR and systems such as Call
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Accounting System (CAS), Integrated Solution II (IS Il), Integrated Solution Il (IS 1), and Call
Accounting Terminal (CAT), therefore, do not report the additional calls.

Users who have access to both Centrex and system features must know to which system they are
connected when they attempt to use a feature. Using Centrex buttons when connected to the
system, or using system buttons when connected to Centrex service, causes misdialed calls.

If a Multi-Function Module (MFM) is not being used on an MLX telephone, the second extension
should be removed, in order to reduce the number of Centrex lines. The automatic assignment of
two extension numbers to each MLX telephone may mean the installer must renumber the system,
because the removed numbers are not automatically reassigned and their removal leaves empty
places in the sequential numbering of extensions. See “System Renumbering” on page 748 for
additional information.

The 800 GS/LS-ID, 408GS/LS-ID-MLX, and 412 LS-ID-TDL modules can be used to capture
Caller ID information (subscribed to from the central office on loop-start lines only, if available).
4400-Series, MLX, TransTalk 9031/9040, Business Cordless 905, ETR, and MLS display
telephones in these systems show the number of an outside call received on a line connected to
the module. A name associated with the outside call can also be received. If the customer also
subscribes to Call Waiting through Centrex, however, the number and/or name of the waiting call is
not shown on the display. For more information, see “Caller ID” on page 145.

Centrex Transfer via Remote Call Forwarding is available only for outside calls that arrive on

analog Centrex loop-start lines. The calls may arrive directly, or they may be transferred without
consultation.

System Programming

Mode of Operation
Programmable by System Manager
Mode All
Idle Condition System idle
Planning Form 1, System Planning
Factory Setting Hybrid/PBX
Valid Entries Key, Behind Switch, Hybrid/PBX
Inspect No
Copy Option No
Procedure Specify mode of operation:

System—Mode—>Select mode (Key, Behind Switch, or Hybrid/PBX)
—Enter
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Host System Dial Codes for Behind Switch Mode

Programmable by System Manager

Mode Behind Switch

Idle Condition Not required

Planning Form 1, System Planning

Factory Setting No host dial codes are assigned

Valid Entries Host system dial code of up to six digits
Inspect No

Copy Option No

Procedure m  Assign host system conference dial code:

Options—>(») or More—BehndSwitch—Conference—
Drop—Dial host system dial code (up to 6 digits) >Enter—
Back—Back

m  Assign host system drop dial code:

Options—(») or More—>BehndSwitch—Drop—>
Drop—Dial host system dial code (up to 6 digits) >Enter—
Back—Back

For additional programming requirements, see “Recall/Timed Flash” on page 646.
Mode Differences

Hybrid/PBX Mode

Hybrid/PBX mode can be used only in a limited Centrex configuration. Centrex lines active on an
SA button (including a Shared SA button) can use Recall or switchhook flash.

Tie, WATS, and T1 lines can be used in pools. They can be used only as Personal Lines with
Centrex service in Key and Behind Switch modes.

Key Mode
Key mode can be used only in a limited Centrex configuration.
Key mode does not require each extension to have a prime line or shared prime line in order to
make Centrex calls. Key mode allows using an ICOM button to access Centrex lines. It also allows

using tie, WATS, and T1 lines as Personal Lines.

Centrex lines active on an ICOM button can use Recall or switchhook flash.

Centrex Operation

177



Feature Reference

Behind Switch Mode

For full Centrex configuration, the system must be in Behind Switch mode.

Behind Switch mode does not support voice messaging systems or Call Accounting System (CAS)
applications. These applications are supported only in Key and Hybrid/PBX modes.

Full Centrex service supports only loop-start facilities. While lines that are not loop-start lines are
not blocked by the system, they can cause dialing errors. Even random use of modules that are not
loop-start (such as E&M modules) throws off the default line assignments. If boards other than
loop-start boards must be used, they must be positioned after the last loop-start line module, or
prime lines on later modules may be assigned incorrectly. If a DS1 module is used, it must be
placed after all loop-start boards on the system so that default line assignments on the system are
not affected.

Digital facilities are not supported in Behind Switch mode.
In Behind Switch mode, during periods of high telephone traffic, you may experience delays in
obtaining dial tone from the Centrex system. This could cause misdialing when using System or

Personal Speed Dial.

Calls to Calling Groups in a system set up in Behind Switch mode follow the system ring pattern,
not the central office ring pattern.

Telephone Differences

Multiline Telephones

4400-Series and MLX Telephones

On 4400-Series and MLX telephones, special ringing patterns are used to differentiate various call
types. If personalized ringing is used, the personalized ring comes before the distinctive pattern.
m Centrex intercom calls are indicated by the personalized ring followed by a beep.

m  Centrex special or priority calls are indicated by the personalized ring followed by three short
rings.

m Outside calls are indicated by the personalized ring followed by two short rings.
m Centrex special signaling is indicated by the facility-tracking tone.
Adjuncts connected to a Multi-Function Module (MFM) on an MLX telephone cannot send a

switchhook flash to the Centrex line. (Whenever possible, such adjuncts should be attached to an
016 (T/R) module or to 016 ETR module ports that have been programmed for tip/ring operation.)

Centrex Operation

178



Features

ETR and MLS Telephones

On ETR and MLS telephones, special ringing patterns differentiate various call types. If
personalized ringing is used, the personalized ring comes after the distinctive pattern.
m Centrex intercom calls are indicated by a beep followed by the personalized ring.

m Centrex special signaling is indicated by the facility-tracking tone.

m  Centrex special or priority calls are indicated by two short rings followed by the personalized
ring.

m Outside calls are indicated by one short ring followed by the personalized ring.

4400, 4400D, and Single-Line Telephones

When 4400, 4400D, or single-line telephones are used in Behind Switch mode, a prime line is not
assigned automatically to the extension.

Centrex service supports only Touch-Tone telephones.

When single-line telephones are connected directly to a prime line, they have limited functionality
because they cannot access system features or make intercom calls. They can, however, use all
the Centrex features by dialing the proper access codes.

If a single-line telephone has the Idle Line Preference programmed for an ICOM Ring button, all
system features are available. You can access Centrex lines and features by dialing the Centrex
access code. With a 4400, 4400D, or single-line telephone, however, you cannot use the system’s
Conference, Transfer, or Drop, because the switchhook flash goes directly to the Centrex line and
is not intercepted or interpreted by the system.

Single-line telephones should be connected to a 016 (T/R) or Off-Premises Telephone (OPT)
module, or to 016 ETR module ports that have been programmed for tip/ring operation. If a
single-line telephone is connected to an MFM, it cannot send a switchhook flash.

In Hybrid/PBX mode, special ringing patterns are used on single-line telephones to differentiate
various call types (personalized ringing is not available):

m Centrex intercom calls are indicated by two-burst ringing.

m Centrex special or priority calls are indicated by three-burst ringing.

m Outside calls are indicated by three-burst ringing.

m Centrex special signaling is not indicated.

Centrex Operation

179



Feature Reference

Feature Interactions

Authorization Code

Caller ID

Calling Restrictions

Conference

Forward and
Follow Me

Group Calling

Recall/Timed Flash

Speed Dial
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In Key or Hybrid/PBX mode systems, you can activate or deactivate
forwarding features, including Centrex Transfer via Remote Call
Forwarding but excluding Follow Me, at an extension on the system by
entering the authorization code for the extension on the same system
from which calls are to be forwarded. You enter the authorization code,
then activate or deactivate the feature in the normal fashion. This is
especially useful for a single-line telephone where you must include a
Pause character in a Remote Call Forwarding dialing sequence, because
the character cannot be dialed at a single-line telephone. It is also useful
when you must change forwarding options for a phantom extension.

Companies can use the 800 GS/LS-ID, 408 GS/LS-ID-MLX, or 412 LS-ID-
TDL module to capture Caller ID information (subscribed to from the
central office on loop-start lines only, if available). 4400-Series, MLX,
ETR, and MLS display telephones in these systems show the number of
an outside call received on a line connected to the module. The name of
the calling party also can be received. If the customer also subscribes to
Call Waiting through Centrex, however, the number/name of the waiting
call is not shown on the 4400-Series or MLX display.

Centrex users should not be assigned calling restrictions; the calling
restrictions should be assigned through the central office.

In Behind Switch mode, the fixed-function Conf button applies to Centrex
operation and is not recognized by the system. A button can be
programmed for System Conference.

In Behind Switch mode, the fixed-function Drop button applies to Centrex
operation and is not recognized by the system. A button can be
programmed for system Drop.

In systems using the limited Centrex configuration, outside calls may be
remote call-forwarded on the same analog Centrex loop-start line on
which they arrived.

You can activate or deactivate Forwarding or Remote Call Forwarding by
entering the authorization code for the extension from which calls are to
be forwarded. You enter the authorization code, then activate the feature
within 15 seconds of entering the authorization code.

Calls to Calling Groups in a system set up in Behind Switch mode follow
the system ring pattern, not the central office ring pattern.

In Behind Switch mode, a Recall button should be programmed to send
switchhook flash to activate Centrex features. The system supports the
use of a Recall button only on loop-start lines.

During periods of high traffic, you may experience a delay in obtaining a
dial tone from the Centrex service. This could cause misdialing when
using System Speed Dial or Personal Speed Dial. Pause characters can
be programmed as part of the Speed Dial number after entering the
access code.



SMDR

Transfer

Features

Two SMDR call records can be generated for Centrex remote call-
forwarded calls: one for the incoming or transferred call to the extension
and one for the outgoing call to the remote telephone number. In order for
SMDR to report the calls, the SMDR minimum call length must be set to
zero (0).

In Behind Switch mode, the fixed-function Transfer button applies to
Centrex transfers and is not recognized by the system. A button can be
programmed for system transfer.
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Conference
At a Glance
Users Affected Telephone users, operators
Reports Affected System Information (SysSetup)
Modes All
Telephones Multiline 4400-Series, MLX, TransTalk 9031/9040, Business

Cordless 905, ETR, and MLS telephones

Programming Codes
ETR (and MLS) Drop button *777 (for ETR, MLS, Business Cordless 905, and TransTalk 9031
telephones in Hybrid/PBX or Key modes; this also applies to
TransTalk 9040 telephones connected to ETR ports)
4400-Series Drop button *787 (for multiline 4400-Series and TransTalk 9040 [when
connected to TDL ports] telephones in Hybrid/PBX or Key modes)

4400-Series and MLX Display .. ference [Conf]
Label Drop [Dropl

Maximums
Multiline and 4400D 5 participants (originator + 2 inside, 2 outside)
telephones
Single-line and 4400 3 participants (originator + 2)
telephones

Description

Conference allows conference calls that include people on inside lines, outside lines, or both.

Adding Conference Participants

You can consult privately with each participant before adding the person to the conference.
Anyone who shares a Personal Line or Shared SA button with the originator can join the
conference on that button and is counted as a participant.

Dropping Conference Participants

In Hybrid/PBX and Key modes, selectively drop conference participants while a conference is in
progress by using the Drop button. A QCC operator, however, cannot selectively drop participants
from a conference. When a QCC operator presses the Drop button, only the most recently added
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participant is dropped. On a 4400 or single-line telephone, you can drop the most recently added
participant from the conference by pressing a switchhook. On a 4400D telephone, you cannot drop
the most recently added participant; participants must hang up to be dropped from a conference.

N0'|‘E> 4400-Series, TransTalk 9031/9040, Business Cordless 905, ETR, and MLS telephones
have no fixed Drop buttons. On multiline 4400-Series and TransTalk 9040 (when
connected to TDL ports) telephones, program a Drop button in Hybrid/PBX and Key
modes by dialing a programming code of *787. You also can use the Drop feature by
pressing the programmed Feature button and dialing 78 7. On ETR, MLS, TransTalk 9031,
Business Cordless 905, and TransTalk 9040 (when connected to ETR ports) telephones,
program a Drop button in Hybrid/PBX and Key modes by dialing a programming code of
*777. You also can use the Drop feature by pressing the Feature button and dialing 777.

Leaving a Conference

The conference originator can leave the conference by pressing the Hold button (the conference
continues). If a conference originator (excluding a QCC operator) leaves a conference by either
hanging up or selecting another line, the entire conference is disconnected.

Considerations and Constraints
Transmission quality may vary during the conferencing of outside lines.
A call to a busy number cannot be added to a conference.

Pressing the Drop button and the line button for a participant also disconnects a participant who
joined the conference by using a shared Personal Line or an SA or ICOM button.

When a conference originator puts the conference on hold, Music-On-Hold is not activated.
The system automatically selects an SA or ICOM button when a user presses the Conf button.

Pressing the Conf button causes one of the following to happen:

m If the system is in Hybrid/PBX mode and SA buttons are available, the system automatically
selects one, in the following order:

1. SA Originate Only (Ring)
2. SA Originate Only (Voice)
3. SARing
4. SA Voice
m If the system is not in Hybrid/PBX mode or no SA button is available, the prompt Select a
Line appears on Line 2 of the display on a 4400-Series or MLX display telephone.

After the system selects an SA button or the originator selects a line on a 4400-Series or MLX
display telephone, Line 2 displays the prompt Dial. The originator can either dial a number or
select another line. Line 1 shows call-handling information, such as dialed digits, while Line 2 is
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unchanged. The originator should then press Conf to connect all parties. The prompt on Line 2 is
replaced by the date and time. Line 1 displays the number of parties in the conference.

&SECURITY ALERT:

If the system selects a voice button, the caller hears a beep instead of ringing. If a person
does not answer at the destination extension and the originator completes the conference,
the conversation of the other parties is broadcast on that extension’s speaker. The originator
must be sure to drop the unanswered destination extension on a voice button to prevent this
from happening. If the Conference feature is frequently used, the System Manager should
consider using the Transfer Type setting of Ring rather than Voice, to avoid this problem.

If the conference originator presses the Conf button, selects a line button, dials a number, and
presses the Conf button again before the person being called answers, all conference participants
hear ringback, which may cause voices to cut in and out. If the conference originator calls a
co-worker and presses the Conf button, and the co-worker while on hold for the conference
presses a Hold, Conf, or Transfer button, the call is disconnected.

If a conference participant (excluding the originator) who is included on a conference call on an SA
or ICOM button leaves the conference temporarily by putting the call on hold and then rejoins the
conference on a shared Personal Line or Shared SA button, the person is connected to the
conference. The LED for the original conference call line on the SA or ICOM button, however, is
turned to off.

A call on hold at a programmed Cover button can be added to a conference by an originator with a
Personal Line for the call.

Calls to non-local dial plan extensions are treated as outside calls for the purpose of conferencing
(Hybrid/PBX mode only). Each non-local conference participant takes up one of the two outside
calls permitted in a conference. For example, if you have added two outside calls to a conference,
you cannot add a non-local extension. Similarly, if two outside parties are already participating in a
conference, and an attempt is made to add a third participant on the local switch, the local user
can be added if he or she answers the call.

Mode Differences

Behind Switch Mode

The fixed Conf button on multiline telephones and on the 4400D activates conference from the
host system, provided that the dial code for Conference on the host system has been system
programmed. A multiline telephone user can program a Conference or Drop button to use the
system’s Conference or Drop features as described above.

A 4400 or single-line telephone user cannot activate Conference from the host system in Behind
Switch mode.

On multiline 4400-Series extensions, a programmed 4400-Series Drop button acts like a fixed
Drop button on an MLX extension: it activates Drop from the host system, provided that the dial
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code for Drop on the host system has been system programmed. Similarly, on ETR extensions, a
programmed ETR Drop button acts like a fixed Drop button on an MLX extension.

To activate Drop on the local system, a multiline 4400-Series user must use a programmed Drop
(not 4400-Series Drop) button.

Telephone Differences

Queued Call Consoles

To arrange a conference call by using a QCC, follow these steps:
1. Press the Conf button after receiving a call or dialing the first outside number or extension.

The green LED next to the Call button flashes to indicate that the person is on hold for the
conference. An outside participant hears Music-On-Hold if it is programmed; an inside
participant hears nothing.

Dial the next number and press the Conf button again; all participants are connected.

3. To add another person, press the Conf button again. The green LED next to the Call button
flashes, indicating a call on hold, and the participants can converse. Add more participants by
dialing their numbers and pressing the Conf button until up to two outside lines and three
extensions (including the operator and the originator) are added. You can converse privately
with each participant before pressing the Conf button to join other participants. (This is called
conference with consultation.)

Calls to busy numbers cannot be added to a conference. To disconnect a call to a busy number,
press the Call button with the conference call and then continue adding participants, if desired.

All conference participants are connected together on one Call button. This allows the operator to
put the conference on hold and to use other Call buttons to make or receive other calls. Since all
participants are on one Call button, the operator can drop only the last party added to the
conference by first pressing the Drop button and then the Call button used to originate the
conference.

To rejoin a held conference call, a QCC operator presses the Call button with the conference
participant. To end the conference, the operator joins the conference and presses the Forced
Release button; all participants are disconnected. If instead of pressing the Forced Release
button, the operator hangs up, the conference is put on hold. When the operator arranges a three-
participant conference (the operator and two other participants) and then presses the Release
button or hangs up, the operator is released from the call and the other two participants remain
connected. If the operator arranges a three- or four-participant conference, pressing the Release
button has no effect; however, if the operator hangs up, the conference is put on hold.

Conference

185



Feature Reference

Other Multiline Telephones

To arrange a conference call by using a multiline telephone, follow these steps:
1. Press the Conf button after receiving a call or dialing the first outside number or extension.

The green LED next to the button used to make the call flashes, indicating that the person is
on hold for the conference. While on hold for a conference, an outside participant hears Music-
On-Hold, if programmed, while an inside participant hears nothing.

2. To add another participant, select another line button, dial the next number, and press the Conf
button again. Pressing the Conf button a second time connects all participants, including you.

3. To add another person, press the Conf button again. The green LEDs next to the line buttons
flash, but the participants can converse. Then select a line or dial a number, and press the
Conf button again. Repeat the process for other conference participants.

Up to two outside lines and three extensions, including yours, can be in the conference. You can
converse privately with each participant before pressing the Conf button to join other participants.
This is called conference with consultation.

Calls to busy numbers cannot be added to a conference. An originator who reaches a busy
number can press any of the line buttons associated with the conference call to disconnect the call
to the busy number before continuing to add participants.

To selectively drop a participant, press the Drop button followed by the line button for the
participant to be dropped. To leave the conference call temporarily without disconnecting the call,
press the Hold button. To rejoin a held conference call, press any line button representing a
conference participant. To end the conference, hang up; all participants are disconnected.

4400, 4400D, and Single-Line Telephones

A total of three participants can be included on a conference call originated from a 4400 or
single-line telephone. A conference call originated from a 4400D telephone can have up to five
participants.

To arrange a conference call using a 4400 or single-line telephone, follow these steps:

1. Receive a call or dial the first outside telephone number or inside extension number.

2. Press and release either the Recall or Flash button or the switchhook (only if the telephone
does not have positive disconnect).

The participant automatically goes on hold. While on hold, an outside participant hears Music-
On-Hold, if programmed, while an inside participant hears nothing.

3. To add the next participant, dial another number and press the Recall or Flash button, or the
switchhook again, when the party answers to connect all participants on the conference call.
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On the 4400D telephone, follow these steps:
1. Receive a call or dial the first outside telephone number or inside extension number.
2. Press and release the Conf button.

The participant automatically goes on hold. While on hold, an outside participant hears Music-
On-Hold, if programmed, while an inside participant hears nothing.

3. To add the next participant, dial another number and press the Conf button again when the
party answers to connect all participants on the conference call.

4. Repeat Steps 3 for other conference participants.

You can converse privately with each participant before adding other participants. This is called
conference with consultation.

Calls to busy numbers cannot be added to a conference. If you reach a busy number, you can
press and release either the Recall, Flash, or Conf button or the switchhook to drop the outside
line.

A single-line telephone user can drop the most recently added participant from the conference by
pressing and releasing either the Recall, Flash, or Conf button or the switchhook. A 4400
telephone user can drop the most recently added participant by pressing and releasing the
switchhook. A 4400D telephone user cannot drop the most recently added participant; participants
must hang up to be removed from the conference.

If a single-line telephone with a timed or positive disconnect (for example, Avaya model
2500YMGK, 2500MMGK, or 8110M) is used, pressing the switchhook disconnects the call. With
this type of telephone, the Recall or Flash button must be used instead of the switchhook to add a
conference participant or drop the most recently added conference participant. The 8100M
telephone must have positive disconnect programmed on the telephone, as described in its user
guide.

Feature Interactions

Account Code A separate account code must be entered for each outside call added to
Entry/Forced the conference.
Account Code Entry

Allowed/Disallowed With a restricted extension, you cannot add a participant (outside or toll)
Lists to a conference call unless the participant's number is on the Allowed List
for that extension.

You cannot add an outside number to a conference if the number is on a
Disallowed List assigned to your extension.

Authorization Code  Enter an authorization code before each outside call for a conference is
made.

You may enter a different authorization code for different outside calls.
This may be useful if different restriction privileges are required for
different outside calls for the conference.
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Auto Dial

Barge-In

Basic Rate Interface

Call Waiting

Callback

Caller ID
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When programming an Auto Dial button, press the Conf button to enter
the Flash special character in a telephone number programmed on an
Auto Dial button. On a 4400-Series, ETR, TransTalk 9031/9040, or
Business Cordless 905 telephone, press the Trnsfr button to enter the
Stop special character in a telephone number programmed on an Auto
Dial button. On an MLX telephone, press the Drop button to enter the
Stop special character in a telephone number programmed on an Auto
Dial button.

Barge-In can be used to interrupt conference calls; all participants hear
the Barge-In tone. Barge-In, however, does not connect you to a
conference call if the conference already has the maximum number of
participants. If Barge-In is used to connect to a conference call that
involves an outside line/trunk and the person on the outside line/trunk
hangs up, the person using Barge-In is also dropped.

Calls on BRI lines can be part of a conference call that is processed by
the MERLIN MAGIX Integrated System rather than by the central office.
The MERLIN MAGIX Integrated System determines the number of active
parties on the call.

The MERLIN MAGIX Integrated System supports up to five people on a
conference: two within the system, two outside the system, and the call
originator.

If a MERLIN MAGIX Integrated System user is part of a conference
established by an outside party through the central office conference
feature, the MERLIN MAGIX Integrated System may play Music-On-Hold
(if so programmed) when the user puts the call on hold.

A Call Waiting tone is heard only by the person receiving the call and not
by other conference participants. If the conference originator reaches a
busy extension, hears the call-waiting special ringback, and tries to add
the call to the conference, the system returns a busy tone. To drop the
busy tone from the conference, the originator must press the Drop button
and then press the line button used to call the busy extension.

A queued call cannot be part of a conference. With Automatic Callback,
the call is automatically queued; however, if you try to add the queued call
to the conference, the system returns a busy tone. If you use Selective
Callback to queue a call while setting up a conference, the system returns
a busy tone. Press the Drop button and the line button with the queued
call to drop the busy tone from the conference.

A conference originator on a 4400-Series or MLX display telephone can
view Caller ID information associated with any participant by pressing the
Inspect button and the button the caller is on.



Calling Restrictions

Centrex Operation

Coverage

CTI Link

Digital Data Calls

Directories

Features

With an outward-restricted extension, you cannot add an outside
participant to a conference unless the participant’'s number is on that
extension’s Allowed List. A user with a toll-restricted extension can only
add a participant whose toll number is on an Allowed List assigned to the
extension.

You cannot add an outside number to a conference if the number is on a
Disallowed List assigned to your extension.

In Behind Switch mode, the fixed-function Conf button applies to Centrex
operation and is not recognized by the system. A button can be
programmed for system Conference.

In Behind Switch mode, the fixed-function Drop button applies to Centrex
operation and is not recognized by the system. A button can be
programmed for system Drop.

You can originate a conference call from a Cover button only when you
press the Transfer button, dial the number for another person, and then
press the Conf button to complete the transfer. In this case, however,
instead of the call being transferred, a conference call with three
participants (including the originator) is established.

CTl link applications can control conferences of up to three parties,
including those where one or two parties are outside the system.

When performed by a QCC operator or unmonitored DLC operator, the
Conference feature generates screen pop at screen pop-capable
destinations.

When a conference is initiated manually at the telephone of an extension
using a CTI application, screen pop is initiated for inside parties only (not
initiated for outside parties) at screen pop-capable destinations, even
when the application is used to complete the conference.

If the non-local dial plan recipient of a conference call is a PassageWay
Telephony Services client, the recipient’s display shows caller information
about the conference originator, not about any other caller. Users at CTI-
linked PassageWay Telephony Services extensions must use the
telephones at their extensions to add conferees to a conference. They
cannot use their PassageWay applications. A PassageWay Telephony
Services client display does not provide an indication when a conferee is

Conference does not function with data calls.
Video application conference features do not function with the system.

The Extension, Personal, and System Directory features can be used to
set up conference calls. Press the Conf button to enter the Flash special
character in a Directory listing telephone number. Press the Drop button
to enter the Stop special character.
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Display

Fax Extension

Forward and
Follow Me

Group Calling

Headset Options
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As with any other call, the dialed digits appear on Line 1 of the display as
you set up a conference call. On 4400-Series, MLX, and ETR telephones,
Line 1 of the display shows the number of conference participants. In
addition, the multiline 4400-Series or MLX telephone display prompts you
each time you press the Conf button. The display on a multiline 4400-
Series or MLX telephone also prompts you to drop a conference
participant after you press the Drop button; the updated conference
information then appears on Line 1, and the line or extension that was
dropped appears on Line 2.

If the system is not in Hybrid/PBX mode or you have no available SA or
ICOM button, the prompt Select a Line appears on Line 2 of the
display on a 4400-Series or MLX telephone. After the system selects an
SA or ICOM button line or the originator selects a line, Line 2 displays the
prompt Dial, then press Conf [Dial, press Conf]. After dialing a
number or selecting another line, the prompt on Line 1 changes to show
call-handling information, such as dialed digits. To connect all parties,
press Conf. The prompt on Line 2 is replaced by the date and time, while
Line 1 displays the number of parties active on the call.

If an extension is programmed as a Fax Extension, the telephone at that
extension is unable to use the Conference feature.

When calls received on a Personal Line are forwarded to an outside
telephone number, another user who shares the Personal Line and the
line/trunk selected to forward the call can join the in-progress call by
pressing the Personal Line button. In this case, the person joining the call
is considered the conference originator, and the forwarded call can be
conferenced. If the person joining the call hangs up, all participants on the
conference call are disconnected.

If you conference a call on a Centrex analog loop-start line when an
extension has activated Centrex Transfer via Remote Call Forwarding,
the call is not forwarded.

Calls waiting in the Calling Group queue or ringing at a Calling Group
member’s extension cannot be added to a conference call. A user must
be connected to a Calling Group member before the call can be added to
the conference.

Headset Auto Answer is turned off automatically while the user sets up a
conference and must be turned back on manually.



Hold

HotLine

Inspect

Multi-Function
Module

Music-On-Hold

Night Service

Paging

Park

Features

When adding other participants to a conference, the conference originator
hears the Hold reminder when the conference is on hold for longer than
one minute (if the originator is a telephone user) or for longer than the
operator hold timer setting (if the originator is an operator).

If DLC operator automatic Hold is programmed and used by a DLC
operator while setting up a conference, the entire conference goes on
hold.

Both parties on an inside call cannot put each other on hold. If a user
presses the Hold button while waiting on hold for a conference initiated by
another user (an inside call) or if the user presses the Conf button while
waiting on hold on an inside call, the entire conference call is
disconnected.

The initiator of a conference call can leave the conference by pressing
Hold. The conference initiator can rejoin the conference call by pressing
the line button of any conference participant.

A call that has been put on hold on a Cover button can be added to a
conference by a user who has a Personal Line for the call.

if a user presses the Conf button on a 4400D telephone to initiate a
conference and then presses the Hold button, the call placed on hold for
the conference is retrieved, and the conference is terminated.

Conference is not available at HotLine extensions.

If you press the Conf button while Inspect is activated, Inspect is
cancelled and the system tries to activate the Conference feature.

When a user joins a conference by using a shared outside line or Shared
SA button, the QCC display reflects the correct number of participants. If
the QCC operator uses the Inspect feature to verify the number of
participants, however, the number shown on the display does not include
participants joining the conference on a shared button.

The Conference feature cannot be used on the MFM because the system
ignores the switchhook flash sent by the MFM.

If the first participant put on hold for a conference is an outside call, the
caller hears Music-On-Hold until the second participant is added. When a
conference originator puts the conference on hold, Music-On-Hold is not
activated.

While in Night Service with Outward Restriction, no extension can
conference in an external party.

You cannot add speakerphone and loudspeaker paging calls to a
conference.

You cannot park conference calls. If a QCC operator tries to park a
conference call by pressing the Start button and then pressing the DSS
button for the Park Zone, the park is denied and the operator is
reconnected to the conference call.
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Pickup
Primary Rate

Interface and T1

Queued Call
Console

Recall/Timed Flash

Remote Access
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You cannot pick up a conference call at another extension. A conference
originator, however, can pick up a call and add it to the conference.

The system does not support conferencing onto data calls.

When a QCC operator arranges a conference call on a QCC, all
conference participants (maximum of 5) are connected on one Call
button. This allows the QCC operator to put the conference on hold and
have other Call buttons available to make or receive calls. Since all
participants are on one Call button, the operator can drop only the last
party added to the conference by first pressing the Drop button and then
the Call button used to originate the conference.

When a QCC operator arranges a three-party conference (the operator
and two other participants) and then presses the Release button or hangs
up, the QCC operator is released from the call and the other two
participants remain connected. If the QCC operator arranges a four- or
five-party conference, the Release button has no effect. If the QCC
operator hangs up or presses the Hold button, the QCC operator is
released and the remaining conference participants remain connected.
The Forced Release button disconnects all parties from the call.

The Conf button is used to enter the Flash special character, which
simulates pressing the Recall button in telephone numbers programmed
for Directories, Auto Dial buttons, or Speed Dial codes.

In Hybrid/PBX and Key modes, a single-line telephone user with a Recall
or Flash button can add a participant to a conference call and connect all
participants by using the Recall or Flash button. In addition, the Recall or
Flash button can be used either to drop the most recently added
participant or to drop a busy number.

In Behind Switch mode, the fixed Conf button on a 4400-Series, MLX,
TransTalk 9031/9040, Business Cordless 905, ETR, or MLS telephone
must be set through system programming to send a timed flash plus the
code expected by the host switch to activate conference on the host. If
the system’s Conference feature is also desired, it must be assigned to an
available line button on each multiline telephone through extension or
centralized telephone programming. Recall has no effect on a completed
conference call.

An inside user can initiate a conference with the callers involved in a
Remote Access call by selecting the active Remote Access line/trunk.



Service Observing

Signal/Notify
Speed Dial

SMDR

System Access/
Intercom Buttons

Transfer

Features

Service Observing does not interfere with the use of the conference
feature by observed extensions. While observing an extension, Service
Observers cannot use the Conference feature; a press of the Conf button
is ignored by the system. The consultation portion of a call may be
observed. Any member of a conference call that is observed does not
receive the conference display.

Service Observing follows the MERLIN MAGIX limitations for calls—
namely that no more than three internal extensions can be on one call,
whether it is an outside or inside call. Consequently, a Service Observer
is dropped from a call when the observed extension places the call on
hold for conferencing. If one of the conferencing parties is outside the
system, the Service Observer is reconnected when the conference is
complete. If the conferencing parties are all internal, the Service Observer
is not reconnected when the conference is complete.

Although a Service Observer may be dropped from a conference call, the
Service Observing session is still active for the observed extension. When
the observed extension receives another call after the conference call, the
Service Observer is connected to the call.

An observed extension cannot use Selective Drop to drop a Service
Observer from a call, nor can a Service Observer use Selective Drop to
hang up an observed call.

Signal and Notify can be used during a conference.

Press the Conf button to enter the Flash special character in a Personal
Speed Dial or System Speed Dial telephone number. Press the Drop
button to enter the Stop special character.

When a conference call includes inside and outside participants, records
are generated only for outside participants. If you drop a call from a
conference call, it is considered a completed call and is recorded.

Calls on SA and ICOM buttons (including Shared SA buttons) can be
included in a conference call. If a user involved in a conference call on an
SA or ICOM button also has an SSA button for one of the conference
participants, the call is active at the SA or ICOM button and not at the
SSA button for the other participant.

A conference call cannot be transferred. A user who starts a conference
sequence, however, can complete it by pressing the Transfer button and
transferring the original call instead of completing the conference.
Similarly, if a transfer originator has one person on hold for transfer and,
after dialing the destination extension or telephone number, decides to
establish a conference call, he or she can press the Conf button to
establish the conference instead of completing the transfer.
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UDP Features Calls to a non-local dial plan extension are treated as outside calls for the
purpose of conferencing (Hybrid/PBX mode only). For example, if you
have added two outside calls to a conference, you cannot add a non-local
extension. When a call on a conference is added or dropped, the display
at a non-local extension is not updated. At a PassageWay Telephony
Services client, a call cannot be added or dropped using the application;
the user must use the telephone and/or the display. The CTl-linked client,
when at a non-local extension, receives information only about the
conference originator, not about any outside or inside conferees.
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Copy Options for Lines/Trunks

At a Glance

Users Affected System Managers

Reports Affected Tie Trunk Information Report

DID Trunk Information Report
GS/LS Trunk Information Report
General Trunk Information Report

Modes All

Description

Use this procedure to copy options assigned to loop-start or ground-start trunks, tie trunks, or DID
trunks to other trunks. Many of these options apply to Hybrid/PBX systems only. The following
information is copied for each line/trunk type:

m Loop-Start or Ground-Start Trunks (including those emulated on T1 facilities). Toll type,
signaling type, and trunk pool assignment (Hybrid/PBX only).

m Tie Trunks. Direction, tie trunk type, E&M signal, dial mode, dial tone, answer supervision time,
disconnect time, and trunk pool assignment (Hybrid/PBX only).

m DID Trunks (Hybrid/PBX only). Block assignment and disconnect time.

To find out whether there is an optional feature assigned that you would like to copy, use Inspect
from the system programming console or from the WinSPM program running on a PC.

To copy an extension’s programmed buttons to other extensions, see “Copy Extension” on page J-
9.

Considerations and Constraints
You can copy options to a block of lines/trunks only if they are all of the same type (loop-start,
ground-start, Tie, or DID). If you attempt to copy assignments and there is a mismatch in line/trunk
type, information is copied to that point only. You receive no error message.
Options cannot be copied from private lines/trunks.
If you are copying options to a block of lines/trunks, they must be sequentially numbered.
If the block you are copying to includes an invalid line/trunk type, the copying process stops at the
invalid type. Only the lines/trunks that were copied to before the invalid type was found are copied

successfully.

If you are copying assignments to a block of lines/trunks and one of the lines or trunks is in use,
you see the message Trunk Busy - P1ls wait on your display. The copying for the rest of the
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lines/trunks in the block is delayed until the busy line/trunk becomes idle. If you exit without waiting
for the copying to complete, the copying done up to that point is not cancelled.

The Inspect feature must be programmed on a line button on the 4424LD+ telephone and is a fixed
button on the MLX-20L telephone.

System Programming

Copy Options for Lines/Trunks

Copy Options for Lines/Trunks
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Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option

Console Procedure

System Manager
All (but note differences)
Not required

2c, System Numbering: Line/Trunk Jacks
3c, Incoming Trunks: TIE
3d, Incoming Trunks: DID

Not applicable

Not applicable

No

Not applicable

m To copy individual lines/trunks:

LinesTrunks—Copy—>Single—Dial copy-from trunk no.—
Enter—Dial copy-to trunk no.—Enter—Back—>Back—Back

m To copy blocks of lines/trunks:

LinesTrunks—Copy—>Block—Dial copy-from trunk no.—
Enter—>Dial first copy-to trunk no. in block—Enter—

Dial last copy-to trunk no. in block—Enter—Back—
Back—Back
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Coverage

At a Glance

Users Affected
Reports Affected

Modes

Telephones
Individual sender
Individual receiver
Group member (sender)
Group receiver

Programming Codes

Sender buttons
Coverage Off
Coverage VMS

Receiver buttons
Primary Cover
Secondary Cover
Group Cover
Coverage Inside Off
Coverage Inside On

4400-Series and MLX Display
Labels

Telephone users, DLC operators, data users

Direct Group Calling Information, Extension Information,
Group Coverage Information, Operator Information
System Information (SysSet-up)

All

All except QCC

All multiline telephones except QCC

All except QCC

Multiline telephones, QCC queue, Calling Group (if Calling Group,
no others)

*49
*46

*40 + sender’s ext. no.

*41 + sender’s ext. no.

*42 + sender’s group no.

**48 (send outside calls only)

*48 (send inside and outside calls)

CoverageOff [CvOff]
CoverInside,Off [CvIns,Off]
CoverInside,On [CvIns,On]
CoverageVMS [CvVMS]

Coverage, Primary [Cover, Prmry]
Coverage, Secondary [Cover, Secnd]
Coverage, Group [Cover, Group]
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Maximums
Individual Coverage
receivers for each extension
(sender)
Group Coverage receivers
for each coverage group
(senders)
Group memberships for
each extension (sender)
Cover buttons for each
multiline telephone
(receiver)
Coverage groups
Members for each coverage
group
Coverage groups sending
to one Calling Group or
QCC queue

Factory Settings

Extensions
Coverage
Coverage Inside
Coverage VMS
Group Coverage Ring
Delay
Primary Cover Ring Delay
Secondary Cover Ring
Delay
System-wide
Secondary Coverage
Delay Interval
Retry Timing Interval
Operator
QCC Queue Priority for
coverage group
QCC operator to receive
calls for coverage group

Description

8

8 (not counting QCC queue)

30
Unlimited

30

On

On (inside and outside calls covered)

On (inside and outside calls covered by VMS)
3 rings (range 1-9)

2 rings (range 1-6)

2 rings (range 1-6)

2 rings (fixed)

5 seconds (fixed)

4 (range 1-7)

Primary system operator

Coverage allows a call ringing at one extension (a sender) to ring at another extension (a receiver)
at the same time and to be answered at either extension. It is not necessary for the sender and
receiver to have shared Personal Lines or Shared SA buttons. A coverage sender, whose calls are
covered, can be an individual extension (/ndividual Coverage) or a group of extensions (Group

Coverage).

An extension becomes a sender and has its calls covered in either or both of the following ways:

m  An Individual Cover button is programmed for the sender on the multiline telephone of a

receiver.
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m The sender is made a part of a coverage group through system programming. A receiver for
the group is programmed in any of the following ways:

— A Group Cover button is programmed for the group on a multiline telephone (a receiver).
— The QCC queue is programmed to be a receiver for the group.

— A Calling Group is programmed to be a receiver for the group (this option can be used to
provide voice mail coverage for a coverage group).

An individual multiline telephone can have any combination of up to eight Individual Cover and
Group Cover buttons.

Several timers, summarized in Table 6 on page 200, affect the delivery of a call to coverage and/or
how a covered call rings. Additional settings allow System Managers to customize coverage delays
on an extension-by-extension basis, rather than by specifying delay intervals for all extensions on
the system. These extension timers replace the system-wide settings for Coverage Delay Interval
and Delay Ring Interval. Explanations of these timers are included in the descriptions of Individual
Coverage and Group Coverage later in this section.

Individual Coverage

An Individual Coverage receiver, who covers calls for a sender, has a programmed button that
corresponds to the sender’s extension. A given sender can have up to eight Individual Coverage
receivers covering calls. A receiver, who must have a multiline telephone, can have separate
buttons for up to eight senders, but can have only one button to provide Individual Coverage for a
given sender.

A button for Individual Coverage can be programmed as either Primary Cover or Secondary Cover.
The Secondary option provides a 2-ring delay, the Secondary Coverage Delay Interval, to allow
the sender to answer before the receiver.

N0'|‘E> You cannot program a button for Individual Coverage to cover calls for an extension
located on another system.

The System Manager sets additional ring delays for each extension, rather than programming only
system-wide settings. The Secondary Cover Ring Delay is applied in addition to the fixed system-
wide Secondary Coverage Delay Interval; it does not affect Secondary or Group Coverage call
delivery. The Primary Cover Ring Delay option also permits extension-by-extension control of ring
delays on Primary Cover buttons programmed for Delay Ring. The Group Coverage Ring Delay
option allows the System Manager to control the delay before a given sender’s covered calls are
sent to Group Coverage receivers, whether or not Group and Individual Coverage are combined.

Table 6 summarizes the system-wide and extension-by-extension settings that the System
Manager programs. In addition, a user or System Manager can program Cover buttons with Ring
Timing options: Immediate Ring, Delay Ring, or No Ring.

Coverage
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Table 6. Ring Delays Affecting Coverage

Factory
Timer Setting Range Description
Group Coverage  3rings 1-9 rings Programmable for each extension. Delay before sending calls
Ring Delay to Group Coverage when:

m Sender has Individual Coverage and receiver is available
(in addition to Primary Cover Ring Delay).

m Sender does not have Individual Coverage or receiver is
not available, and Group Coverage receiver is Calling
Group only or QCC queue only (no Group cover buttons
on multiline telephones).

Primary Cover 2 rings 1-6 rings Programmable for each extension. This timer sets:
Ring Dela
g y m The delay before a Primary Cover button programmed for
Delay Ring begins to ring audibly.

m The delay, in addition to the Group Coverage Ring Delay,
before calls are sent to Group Coverage when the sender
has Individual Coverage and any receiver is available.

Secondary Cover 2 rings 1-6 rings Programmable for each extension. In addition to the fixed
Ring Delay Secondary Coverage Delay Interval (2 rings), this timer sets
the delay before a Secondary Cover button programmed for

Delay Ring begins to ring audibly. This setting does not affect

Primary or Group Coverage call delivery.

Secondary 2 rings Fixed Delay before sending Individual Coverage calls to a Secondary
Coverage Delay Cover button programmed for Immediate Ring.
Interval

The delay (in addition to the Secondary Cover Ring Delay

setting for the sender) before a Secondary Cover button

programmmed for Delay Ring begins to ring audibly.
Retry Timing 5 sec Fixed Repetition interval for trying to send calls to group coverage
Interval when no receivers are available; continues until call is

answered by sender or receiver (or caller hangs up).

Ring Timing Options are programmable on any buttons, including programmed Cover buttons on
multiline telephones.

Depending on how these ringing options are programmed, the green LED next to the Cover button
on the receiver’s telephone flashes immediately when a call begins ringing at the sender’s
telephone. The receiver’s telephone rings audibly, as shown in Table 7. Both telephones continue
to ring as programmed. The green LED on both telephones continues to flash until the call is
answered either by the sender or by the receiver or the caller hangs up.
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Table 7.  Ringing on Individual Coverage (Receiver) Buttons
Ringing Option  Primary Cover Secondary Cover
Immediate Ring Immediately After sender’s telephone rings 2 times
(SC, fixed)
Delay Ring After sender’s telephone rings 1-6  After sender’s telephone rings
(PRD) times 2 times (SC, fixed) + 1-6 (SRD) times
No Ring Does not ring Does not ring
Where:

PRD = Primary Cover Ring Delay

SC = Secondary Coverage Delay Interval

SRD = Secondary Cover Ring Delay

Group Coverage

Up to 30 coverage groups can be programmed for the system. Group Coverage is an arrangement
in which senders are organized into coverage groups, and calls received by any unavailable group
member are sent to one or more receivers. There is no limit to the number of members in a group,
but a given extension can be a member of only one group. Any telephone except a QCC can be a
member of a coverage group.

Three types of receivers can be assigned to cover calls for coverage groups:

A multiline telephone can have a Group Cover button for a specific coverage group, assigned
through either extension programming or centralized telephone programming. The button is
usually labeled with the name of the group, for example, Sales. A given coverage group can
send its calls to up to eight Group Cover buttons; all eight can be programmed on one multiline
telephone or can be distributed on as many as eight telephones.

Each Group Cover button can be programmed for Immediate Ring, Delay Ring, or No Ring.

A single-line telephone cannot be programmed individually as a Group Coverage receiver. It
can, however, be a member of a Calling Group that is a receiver.

N0'|‘E> You may not program a Group Cover button to receive calls for a coverage group
located on another system.

The QCC queue can be assigned through system programming as a receiver for up to 30
coverage groups, with up to four QCC operators (the maximum allowed number of QCCs)
assigned to receive calls for each coverage group. A QCC cannot have programmed Group
Cover buttons. The QCC queue can be the only receiver or can be used in addition to Group
Cover buttons on multiline telephones. If both are used, the QCC queue is not counted in the
8-receiver maximum for the group, and the call rings immediately at the QCC queue. Because
QCC calls are queued, an operator cannot distinguish a coverage call from any other type.
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N0'|‘E> A coverage group may not send its calls directly to a QCC on another system.
However, the same result can be achieved by having the coverage group send calls
to a local Calling Group whose sole member is a remote QCC or remote Listed
Directory Number (LDN) extension.

A Calling Group can be assigned, through system programming, as a receiver for up to 30
coverage groups.

When a Calling Group is programmed as a receiver for a coverage group, a call to a coverage
group member enters the Calling Group queue and waits for an available Calling Group
member. When the call rings at an available member’s telephone, it stops ringing at the
sender’s telephone and the sender’s green LED turns off. Because Calling Group calls are
queued, a Calling Group member cannot distinguish a coverage call from any other type.

Group Coverage by a Calling Group is used to provide coverage by a voice messaging system
(VMS).

N0'|‘E> A coverage group may not send its calls directly to a Calling Group on another
system. However, the same result can be achieved by having the station send calls
to a local Calling Group whose sole member is a remote Calling Group extension.

The System Manager can control the delay before calls are sent from each sender’s extension
to Group Coverage receivers. When Individual and Group Coverage are combined, the
Primary Cover Ring Delay controls the interaction between Group and Individual Coverage for
each extension. Table 6 on page 200, summarizes the ways that these options work together.
Further information about interactions between Group and Individual Coverage is included
later in this section, in the topic “Interaction of Individual and Group Coverage” on page 204.

N0'|‘E> If a Calling Group is assigned to take calls for a coverage group, no other types of
receivers—multiline telephones with Group Cover buttons nor the QCC queue—can
be assigned for that coverage group.

Selective Coverage

When an extension has calls covered, all of its eligible calls are covered unless the sender uses
one of the following coverage options:

Coverage Off turns off all coverage. (If a Group Coverage sender uses Coverage Off, other
telephone users cannot use Group Pickup to answer the sender’s calls; however, they can use
Individual Pickup.)

To turn coverage off or on, the sender must have a programmed Coverage Off button.
Coverage Inside prevents or allows coverage of inside calls:

— With Coverage Inside Off, only outside calls are covered, including calls from another
system in the network.

— With Coverage Inside On, inside and outside calls are covered.
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To use Coverage Inside Off/On, the sender must use the programming code or select it
from the display of a display telephone (using ListFeature) in extension programming.
It cannot be programmed on a button.

Turning Coverage VMS off prevents outside calls and private network calls from being sent to
voice mail. With Coverage VMS off, only inside calls are covered by the assigned voice malil
system Calling Group. Outside calls go to any other points of coverage. To use this feature, the
sender must have a programmed Coverage VMS button.

The System Manager can set the Night Service feature to control the active/inactive status of
programmed Coverage VMS buttons at extensions in a Night Service group. When the system
is put into Night Service operation, all Coverage VMS buttons are automatically deactivated,
so that the assigned VMS Calling Group can cover eligible calls with the normal ringing delay.
When normal business-hours operation resumes and Night Service operation ceases, the
programmed Coverage VMS buttons are automatically turned on; inside calls are sent to voice
mail, and outside calls go to any other coverage receivers.

A user at an extension can override Night Service control of Coverage VMS buttons by
pressing the Coverage VMS button at the extension. At the next transition into or out of Night
Service, however, the Coverage VMS button follows Night Service status (inactive during Night
Service operation, active during normal business-hours operation). Consider the following
example where a Coverage VMS button has been manually pressed when Night Service with
Coverage Control goes on (see “Night Service” on page 497 for more information):

— If the Coverage VMS button is active and lit, the Night Service with Coverage Control
option turns it off.

— If the Coverage VMS button is already inactive and unlit, it remains so.

Do Not Disturb. Calls go to coverage, if programmed.

N0'|‘E> Non-local UDP calls (Hybrid/PBX mode only) are treated as outside calls by the
system and by Selective Coverage features: Coverage Off, Coverage Inside, and
Coverage VMS off.
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Eligibility for Coverage

Not all calls are eligible for coverage. Eligibility is determined by the type of call and by how the
sender’s telephone is set up. Table 8 shows which calls at the sender’s telephone are eligible for
coverage.

Table 8.  Calls Eligible and Calls Ineligible for Coverage

Call Rings on Eligible Ineligible

SA or ICOM button programmed for Immediate or Delay Ring
Inside calls
DID trunk calls
Inside or outside transferred calls
Calls forwarded from another extension
Calls on Shared SA buttons
Calls on Cover buttons
Voice-announced calls
Transfer return calls
Returning parked calls
Reminder service calls

AN

AR NN

Personal Line button programmed for Immediate or Delay Ring
Sender is principal user
Someone else is principal user
No principal user is assigned

Pool button programmed for Immediate or Delay Ring v

\
N

Any button programmed for No Ring v

NOTES}I When a coverage receiver calls a coverage sender, the call can be sent to coverage. If
a receiver calls a sender for whom he or she is covering and the sender is busy or
unavailable, the call proceeds to other points of coverage. It does not come back to the
receiver who originated the call.

m If a sender sets the Ring Timing option for No Ring on any Personal Line, Pool, SA, or
ICOM buttons, calls arriving on those buttons do not go to coverage.

Interaction of Individual and Group Coverage

Group Coverage can be used alone or with Primary and/or Secondary Individual Coverage. When
both Individual Coverage and Group Coverage are used, the interactions between them follow this
principle: If possible, a caller should always get personal attention from someone with a Cover
button for the sender—going first to an Individual Coverage receiver, then to a multiline telephone
with a Group Cover button. In these cases, the receiver can answer with either the name of the
individual or the name of the group being covered. Only when these types of receivers are
unavailable or not programmed does the call go to another, more impersonal type of Group
Coverage—either the QCC queue or a Calling Group (including a voice messaging system Calling
Group).
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A call to a sender that is also ringing on Primary Cover, Secondary Cover, and/or Group Cover
buttons rings until answered (or the caller hangs up). When the call is answered, the ringing and
flashing green LED are removed from all other telephones providing coverage for the sender.
When a Calling Group is programmed as the receiver for a coverage group, however, the ringing
and flashing green LED are removed from the sender’s telephone as the call leaves the Calling
Group queue and is sent to an available Calling Group member. (A call on a Personal Line button
on the sender’s telephone is an exception. The ringing and flashing green LED remain on that
button until answered, either by the sender or by a receiver.)

N0'|'E> The duration of the ringback heard by an outside caller is shorter than the actual ring

heard at a 4400-Series, MLX, ETR, or MLS telephone. An outside caller, therefore, hears
one or two rings and may also hear the number of rings programmed for the Coverage
Delay Interval plus the number of rings programmed for the Delay Ring Interval. For
example, if the Coverage Delay Interval is programmed for one ring and the Delay Ring
interval is programmed for two rings, an outside caller hears four rings before the call
begins ringing at receivers’ telephones. If both intervals are set to their maximum values,
the caller can hear up to two additional rings.

A call goes to Group Coverage depending on the following conditions:

Whether the sender is available or unavailable.

Whether the sender has Individual Coverage (Primary Cover or Secondary Cover buttons
programmed on other extensions) and, if so, whether an Individual Coverage receiver is
available.

The type of Group Coverage receivers programmed:

— Only Group Cover buttons on multiline telephones
— Both Group Cover buttons and the QCC queue
— Only the QCC queue

— Only a Calling Group

The Group Coverage Ring Delay is set for each sender’s extension. When Group Coverage is
used in conjunction with Individual Coverage, calls should ring at receivers for Individual
Coverage first. Consider the following factors before setting the Group Coverage Ring Delay
for an extension:

— If a sender has only Primary Coverage and any receiver’'s Primary Cover buttons are set
to Delay Ring, the value for the Group Coverage Ring Delay should be set to the number
of rings the receiver wants to hear before the call is sent to Group Coverage.

— If a sender has both Primary and Secondary Coverage and all the receivers’ Cover
buttons are set for Immediate Ring, the Group Coverage Ring Delay should be set the
number of rings the receiver wants to hear plus two rings before the call is sent to Group
Coverage.

— If both Primary and Secondary Cover buttons are programmed for a sender and any
receiver’'s Primary and/or Secondary Cover buttons are programmed for Delay Ring, the
value should be set for the number of rings to be heard at the Secondary Cover button
before going to Group Coverage.
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A sender is considered unavailable (his or her telephone does not ring) under the following
conditions:

m The sender has turned on Do Not Disturb. (In this case, the receiver can call the sender.)
m All SA or ICOM buttons are in use on the sender’s telephone.
m The sender is using extension programming or testing the telephone.

m The sender has a 4412D+, 4424D+, 4424L.D+, or MLX display telephone and is using the
Alarm Clock or Directory feature.

m The sender’s telephone is forced idle for system programming or centralized telephone
programming.
m The sender’s telephone is not responding (for example, it is not connected).

m The sender has activated Remote Call Forwarding.

A receiver is considered unavailable (his or her telephone does not ring) under the following
conditions:

m The receiver has turned on Do Not Disturb. (In this case, the sender can call the receiver.)
m Another call is ringing or answered on the receiver's Cover button for that sender.
m  The receiver is in extension programming or is testing the telephone.

m  The receiver with a 4412D+, 4424D+, 4424LD+, or MLX display telephone is using the Alarm
Clock or Directory feature.

m The receiver’s telephone is forced idle for system programming or centralized telephone
programming.

m The receiver’s telephone is not responding (for example, it is not connected).

If a call is sent to Group Coverage and no receiver is available, the system continues trying to send
the call every five seconds until a Group Coverage receiver becomes available. This repeated
attempt to send the call is called retry timing. The 5-second retry timing interval cannot be
changed.

NOTE} Calls arriving at one system cannot be covered by extensions or Calling Groups on a
remote system (Hybrid/PBX mode only).

Table 9 on page 207 shows when a call goes to Group Coverage receivers. The rules for sending
calls to Group Coverage apply after the calls first go to any available Individual Coverage receivers
(as described in Table 7 on page 201).

See Figures 8 and 9, on pages 208 and 209 for examples of LED and ringing patterns. Figures 8
and 9 show examples of what happens when only Group Coverage is used or when all Individual
Coverage receivers are unavailable. Figures 9 and 11 show examples of what happens when both
Individual Coverage (Primary and Secondary) and Group Coverage are programmed for an
individual sender.
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Table 9. Group Coverage Call Delivery Rules
Primary
Sender Coverage Secondary Coverage Sent to Group
Receiver Type |Status Receiver Status |Receiver Status Coverage after
Group Cover Available Available Available GCD + PRD
button(s) only, or Unavailable or GCD + PRD
Group Cover unassigned
g‘gténézéﬁgd Unavailable or Available GCD + PRD
unassigned Unavailable or Immediate
unassigned
Unavailable |Available Available GCD + PRD
Unavailable or GCD + PRD
unassigned
Unavailable or Available GCD + PRD
unassigned Unavailable or Immediate
unassigned
QCC Queue only | Available Available Available GCD + PRD
Unavailable or GCD + PRD
unassigned
Unavailable or Available GCD + PRD
unassigned Unavailable or GCD
unassigned
Unavailable |Available Available GCD + PRD
Unavailable or GCD + PRD
unassigned
Unavailable or Available GCD + PRD
unassigned Unavailable or Immediate
unassigned
Calling Group only | Available Available Available GCD + PRD
Unavailable or GCD + PRD
unassigned
Unavailable or Available GCD + PRD
unassigned Unavailable or GCD
unassigned
Unavailable |Available Available GCD + PRD
Unavailable or GCD + PRD
unassigned
Unavailable or Available GCD + PRD
unassigned Unavailable or Immediate
unassigned
Where:
GCD = Group Coverage Ring Delay
PRD = Primary Cover Ring Delay
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Settings:

Primary Cover Ring Delay = 2 rings
Secondary Cover Ring Delay = 2 rings
Group Coverage Ring Delay = 3 rings
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Coverage

208

Group Coverage Only or All Individual Coverage Receivers Unavailable




Features

Settings:

Primary Cover Ring Delay = 2 rings
Secondary Cover Ring Delay = 2 rings
Group Coverage Ring Delay = 3 rings
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Figure 9.

Individual (Primary and Secondary) and Group Coverage Ringing Patterns
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Cover to Voice Mail with Escape to System Operator

When DID or an Auto Attendant is used, users receive calls directly, without the intervention of an
operator. In these situations, the telephone should have voice mail coverage instead of coverage
by a receptionist (operator). The caller then has the option to leave a message or press 0 in order
to talk to the receptionist. If after talking to the receptionist, the caller wants to leave a message,
the receptionist can transfer the call back to voice mail using the Direct Voice Mail (DVM) feature.

Call comes in
for ext 111.

Rings at ext
111
Goes to
Voice Mail

pyM

Operator
transfers
directly to
voice mail.

Caller
leaves a
message.

Caller
dials 0.

Figure 10. Cover to Voice Mail with Escape to System Operator

This configuration is usually the best solution for coverage to voice mail because of the following

advantages:

m  Reduces the burden on the receptionist or operator.

m Allows the caller to make the choice whether to leave a message or speak to an operator.

m Allows the caller to leave a message without waiting for the receptionist.

Cover to System Operator before Voice Mail

If calls must go to a receptionist, coverage can be set up using one of the following methods:

m Primary Coverage (eight or fewer extensions).

m Delayed Auto Attendant

m Phantom Calling Groups (30 or fewer extensions).

m Phantom extensions (30 or more extensions).
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Primary Coverage

If eight or fewer extensions require coverage to the system operator, use delayed Primary
Coverage or Secondary Coverage to allow calls to be covered by the operator. When a caller dials
the user’s number, the call is covered by the operator, and the operator can then send the call to
voice mail using the Direct Voice Mail feature. If the operator does not answer, the call may or may
not go to coverage, depending on the status of the user’'s Coverage VMS button. If the Coverage
VMS button is not selected (the light is off), the call goes to voice mail. If the Coverage VMS button
is selected (the light is on), the call continues to ring at the extension.

To set up Primary Coverage to the operator before going to voice mail, do the following:

1. Assign an extension to a coverage group. Assign the coverage group to Calling Group 7929
(voice mail).

2. Program a Primary Cover button for the extension on the operator’s Direct-Line Console.
(A QCC cannot be used.) Set it for Delay Ring.

3. To keep calls from going to voice mail when the operator does not pick up, program a
Coverage VMS button on the extension.

Call comes in
for ext 12.

Rings at ext
12

Covers to
Operator

Operator
answers

Goes to Operator

Voice Mail if transfers
Coverage directly to
VMS Off is voice mail.
not activated

Figure 11. Primary Coverage

For example, consider how the primary coverage configuration works when a caller dials a DID
number. The extension for the DID number (in Figure 11, Extension 12) rings several times. If the
telephone is not answered, an operator gets the call. If the operator fails to answer, the call either
goes to voice mail or keeps ringing, depending on the Coverage VMS status on the extension for
the DID number. When the operator answers and the caller asks to leave a message, the operator
uses Direct Voice Mail to transfer the caller to the extension’s voice mail. The caller leaves a
message, and the extension’s message LED goes on.
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Delayed Auto Attendant Coverage

To set up Delayed Auto Attendant Coverage for the operator, do the following:
1. Select a Calling Group extension (for example, 791) that has no members.

2. Program the lines assigned to the buttons on the DLC system operator position to ring directly
into the phantom Calling Group.

3. Assign the MERLIN Messaging Calling Group as the overflow receiver for the phantom Calling
Group.

4. Change the factory setting for the number-based overflow from 1 to 99 calls and set the time-
based Overflow Threshold to the appropriate setting (approximately 5 seconds for each ring).
For example, if you want a call to ring at the DLC system operator’s position 5 times before
being transferred, set the time-based overflow to 25 seconds.

Phantom Calling Groups

If fewer than 30 extensions require coverage to the main operator, phantom Calling Groups can be
used to provide a second extension number for each user’s voice mail. A phantom Calling Group is
one without any members; however, the phantom Calling Group still has Priority Queuing and
Overflow Coverage. The actual extension covers to the operator (Group Coverage), and the
Calling Group covers to voice mail. When someone dials the user's number, the call covers to the
operator, who can then transfer the call to the voice mail extension.

To set up phantom coverage to the operator before voice mail coverage, do the following:

1. Assign an extension to a coverage group. (In Figure 12 the extension is 101.) Assign a Group
Cover button to the operator (if a DLC), or assign the coverage group to ring at the QCC.

2. Renumber a Calling Group to a number that is easy to associate with the sender extension.
(For example, change 771 to 201. You may have to renumber an existing 201 first.)

3. Assign the Calling Group to overflow to Calling Group 7929 (voice mail) with a threshold of 1.
(In Figure 12, the Calling Group extension is 201.) Assign 101 as the message receiver for
Calling Group 7929.

With the phantom Calling Groups coverage configuration, a caller dials a DID number (for
example, 555-5101). The extension for the DID number (in the example, Extension 101) rings
several times. If the telephone is not answered, the call is covered by an operator. The operator
answers the call, and the caller asks to leave a message. The operator transfers the call to 201,
and the call goes to voice mail. The Message light goes on at the extension for the DID number (in
the example, 101).

N0'|‘E> A user can give out a regular telephone number (555-5101) and a voice mail number
(555-5201). This way, callers can leave a message without ringing the telephone. This is
necessary to receive messages outside of office hours. Callers cannot leave messages
after hours unless they know the second DID number.
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Call comes in
for ext 101.
Rings at ext

101.
Covers to
Operator

Operator
answers

Operator
transfers to
201 (Voice
Mail).

Figure 12. Phantom Calling Groups
Phantom Extensions

If more than 30 extensions require coverage to the operator, phantom extensions can be used
after the maximum number of phantom Calling Groups is reached. Use the second extension
number assigned to each TDL port as a phantom extension first before using other extensions.

This setup is slightly different from the Primary Call Coverage and Phantom Calling Group
scenarios. In this case, the published DID number is the number for the actual telephone. The
operator covers the actual telephone and can use the Direct Voice Mail feature to send calls to the
phantom extension’s voice mail.

To set up phantom coverage to the operator before going to voice mail, do the following (see
Figure 13):

1. Select a phantom extension (see Figure 13, on page 214). You may have to renumber an
extension first. If the extension does not have an adjunct, using the adjunct extension number
helps avoid confusion. (See “System Renumbering” on page 748 for details about adjunct
extension numbers.)

2. Assign the phantom extension to a coverage group. Assign a Group Cover button to the
operator if the operator is a DLC, or assign the coverage group to ring at the QCC.

3. Assign the extension (in Figure 13, Extension 114) to coverage group 1. Assign coverage
group 1 to the voice-mail Calling Group, 7929.
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Call comes in
and rings at
ext 114.

Ext 114 Covers
to Operator

Operator

answers

Operator transfers
directly to 214’s
Voice Mail.

Figure 13. Phantom Extensions

Consider how the phantom extensions coverage configuration works when a caller dials the DID
number—for example, 555-5214. Extension 114 rings several times on a Shared SA button. If
the call is not answered, it is covered by an operator, and the display shows Cover Ext214. The
operator answers the call and the caller asks to leave a message. The operator transfers the caller
to the extension’s voice mail, Extension 114, using Direct Voice Mail. The caller leaves a message
for the person at the extension, and the Message light goes on.

N0'|‘E> A user can give out a regular telephone number (in this example, 555-5214) and a voice
mail number (555-5114). This way, callers can leave a message without ringing the
telephone. This is necessary to receive messages outside of office hours. Callers cannot
leave messages after hours unless they know the second DID number. The user must
use Extension 214, not Extension 114 to retrieve messages stored in the voice
messaging system.

Cover to Personal Secretary before Voice Mail

If you need coverage by a personal secretary who is not a system operator at an operator console,
then Primary Coverage can be used on the secretary’s telephone. The secretary can use Direct
Voice Mail to transfer the call back to the user’s voice mail. If the secretary is out, calls can either
continue to ring or go to voice mail, depending on the status of the user’'s Coverage VMS button.

To set up Primary Coverage to a personal secretary before going to voice mail, do the following:

1. Assign the extension to a coverage group. Assign the coverage group to Calling Group 7929
(voice mail).

2. Program a Primary Cover button for the extension on the secretary’s telephone. Program it for
Delay Ring.
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3. If you want to keep calls from going to voice mail when the secretary does not pick up,
program a Coverage VMS button on the extension.

Call comes in
for ext 23.

Rings at ext
23
Covers to Secretary
Secretary answers

Goes to
Voice Mail if
Coverage
VMS off is
not activated

Secretary
transfers
directly to
voice mail.

Figure 14. Coverage and Direct Voice Mail

A caller dials the DID number. Extension 23 rings several times. The covering secretary answers,
and the caller asks to leave a message. The secretary uses the Direct Voice Mail feature to
transfer the call to the extension’s voice mail. The caller leaves a message, and the extension’s
Message light goes on. If the operator fails to answer, the call either goes to voice mail or keeps
ringing, depending on the Coverage VMS status at the extension for the DID number.

Considerations and Constraints

If a receiver calls a sender for whom he or she is covering and the sender is busy or unavailable,
the call proceeds to other points of coverage. It does not come back to the receiver who originated
the call.

A maximum of eight Primary Cover and Secondary Cover buttons can be assigned to provide
Individual Coverage for a given sender. Only one Cover button for each sender can be
programmed on a multiline telephone.

A maximum of eight Group Cover buttons can be assigned to provide Group Coverage for each
coverage group. All eight can be programmed on one multiline telephone, or the Group Cover
buttons can be distributed on as many as eight multiline telephones.

A receiver with a multiline telephone can have as many as eight Cover buttons, which can be
programmed for any combination of Group and Individual Coverage.

If a receiver has both a Primary Cover or Secondary Cover button for a sender and a Group Cover
button for the group of which the sender is a member, a call for the sender rings only at the
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receiver’s Primary Cover or Secondary Cover button. This prevents multiple deliveries of the same
call to the same receiver.

Each coverage group can have any number of members, from none to all the extensions in the
system.

Each sender can be a member of only one coverage group.

If a sender without Individual Coverage is a member of a coverage group and no receivers are
assigned for the group, a caller hears ringback instead of a busy tone when the sender is
unavailable.

If a Calling Group is assigned as a receiver for a coverage group, it is the only receiver for that
group; no other types of Group Coverage receivers can be programmed. Individual members of
the coverage group, however, can be senders to Individual Coverage receivers.

A Calling Group can be a receiver for up to 30 coverage groups.

A receiver with a Group Cover button can also be a member of the coverage group for which the
button is programmed. Calls to that receiver are sent to all other receivers programmed for the

group.

When both the QCC queue and multiline telephones are programmed as receivers for a coverage
group, the QCC queue is not counted in the 8-receiver maximum for the group.

A QCC cannot be a coverage sender.

When Group Coverage is the only type of coverage programmed for a sender, the QCC queue
should not be programmed along with Group Cover buttons on multiline telephones. Because the
QCC cannot be programmed for Delay Ring, eligible calls ring immediately both at the sender’s
telephone and at the QCC queue. This may not allow the sender enough time to answer the call
before a QCC operator answers.

If a call is sent to coverage because the sender does not have a button available to take the call,
the call does not return to the sender’s telephone, even if a button becomes available while the call
is ringing at a coverage receiver’s telephone.

An inside voice-announced call made on an SA Voice or ICOM Voice is not covered. If it is
converted to a ringing call—for example, because the sender’s speakerphone is in use—the
ringing call is sent to coverage.

No type of Cover button can be used to make calls.
When the sender also has Individual Coverage and an Individual Coverage receiver is available,
the Delay Ring interval is used as an delay in addition to the Coverage Delay Interval before a call

goes to Group Coverage.

Non-local UDP calls (Hybrid/PBX mode only) are treated as outside calls by the system and by
Selective Coverage features: Coverage Off, Coverage Inside, and Coverage VMS.
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When no principal user is assigned for a Personal Line, calls received on the Personal Line cannot
be forwarded to outside telephone numbers. Calls follow the Individual Coverage patterns of all
senders who share the line and the Group Coverage pattern of the extension with the lowest
logical identification number (lowest numbered jack on the module).

Coverage delay settings affect the ability of Integrated Administration to program some Coverage
options for AUDIX Voice Power.

Night Service Coverage Control, when enabled through system programming (factory setting is
Disabled), controls VMS coverage only and has no effect on Individual Coverage (Primary or
Secondary) or on other types of Group Coverage. When disabled, the feature has no effect
whatsoever on coverage.

In a system with Night Service Coverage Control enabled, Night Service transitions do not toggle
the programmed Coverage VMS button to the opposite status. Instead, when Night Service goes
on or off after a user has manually pressed the button, the button follows Night Service status just
as other programmed Coverage VMS buttons do. The status of programmed Coverage VMS
buttons is always set to match the most recent user press or transition into or out of Night Service
operation. For more information about Night Service, see “Night Service” on page 497.

System Programming

Group Coverage Member Assignments

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

Procedure

Group Coverage Receiver

Programmable by
Mode

Idle Condition
Planning Form

Factory Setting

System Manager

All

Not required

7¢c, Group Coverage

Not applicable

Extension numbers

Yes

No

Assign extensions to a coverage sender group:

Extensions—(>) or More—Group Cover—Dial group no.
(1-30)—Enter—Dial ext. no.—»Enter—Back—>Back

System Manager
All

Not required

7¢c, Group Coverage

Not applicable
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Valid Entries
Inspect
Copy Option

Procedure

Group numbers

Yes

No

Assign a Calling Group as a Group Coverage receiver:

Extensions—>(») or More—Grp Calling—Grp Coverage—
Dial Calling Group ext. no.—~Enter—Dial coverage group no.—
Enter—Back—Back—Back

Group, Primary, and Secondary Coverage Ring Delay

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option
Procedure
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System Manager
All
Not required

4d, MLX Telephone

4e, MFM Adjunct: MLX Telephone
4f, Tip/Ring Equipment

4h, ETR Telephone

4j, MLS Telephone

4k, 4400/4400D Telephone
4m,Multiline 4400-Series Telephone
40, Wireless Telephone

5b, Direct-Line Console (DLC)

5¢c, MFM Adjunct: DLC

3 rings
1-9rings
No

No

m Change number of rings before call is sent to Group Coverage
receivers:

Extensions—(») or More—(») or More—Cover Delay—>
Group—Dial sender’s extension—Enter—Dial no. of rings
(1-9)—>Enter—Back—Back

m Change the delay for Primary Cover buttons programmed for
Delay Ring; change additional delay before a call is sent to Group
Coverage receivers when Primary or Secondary Coverage
Receivers are available:

Extensions—(») or More—(») or More—Cover Delay—
Primary—Dial sender’s extension—>Enter—>Dial no. of rings
(1-6)—Enter—>Back—Back

m  Change the delay for Secondary Cover buttons programmed for
Delay Ring:



Features

Extensions—(») or More—(>) or More—»Cover Delay—
Secondary—Dial sender’s extension—Enter—Dial no. of
rings (1-6)—>Enter—Back—>Back

Principal User for Personal Line

Programmable by
Mode
Idle Condition

Planning Form

Factory Setting
Valid Entries
Inspect

Copy Option
Console Procedure

System Manager
All
Not required

4d, MLX Telephone

4e, MFM Adjunct: MLX telephone

4f, Tip/Ring Equipment

41, Extension Copy: Multiline 4400-Series Telephone Template
4m, Multiline 4400-Series Telephone

40, Wireless Telephone

5b, Direct Line Console

5¢, MFM Adjunct: DLC

No principal user
Not applicable
No

No

Assign or remove principal user of a Personal Line (calls follow
coverage pattern of principal user only):

LinesTrunks—(») or More—PrncipalUsr—>Dial line/trunk
no.—Enter—Dial ext. no.—Enter or Delete—Back—Back

QCC Operator to Receive Group Coverage Calls

Programmable by
Mode

Idle Condition
Planning Form

Factory Setting

Valid Entries
Inspect

Copy Option

System Manager

Hybrid/PBX

Not required

6a, Optional Operator Features

QCC operator receives the following calls:
Dial 0

Unassigned DID

Listed Directory Number

Returning

Not applicable
Yes
No
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Procedure

Assign QCC operator as receiver for specific coverage groups:

Operator—Queued Call—>Call Types—>GrpCoverage—>
operator—>Dial coverage group no.—Enter—Dial ext. no.—
Enter—Back—>Back—Back—>Back—Back

Group Coverage Queue Priority Level

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

Procedure

Telephone Differences

Direct-Line Consoles

A DLC can be both an Individual or Group Coverage receiver and a member of a coverage group.

Queued Call Consoles

System Manager

Hybrid/PBX

Not required

6a, Optional Operator Features

4

1to7

No

No

Assign QCC Queue Priority for Group Coverage calls:

Operator—Queued Call—Call Types—>GrpCoverage—»
Priority—>Dial group coverage number (1-30)—Enter—
Drop—Dial priority level (1-7)—Enter—Back—Back—>Back—>
Back

The QCC cannot be a sender for either Individual or Group Coverage. The QCC queue can be a
Group Coverage receiver for up to 30 coverage groups. Because Cover buttons cannot be
programmed on the QCC, the queue is not counted in the 8-receiver maximum allowed for each
coverage group. The QCC cannot be an Individual Coverage receiver.

The QCC queue priority and the individual QCC operator who receives calls for each coverage
group are assigned independently for each group.

If a line/trunk is programmed to ring in the QCC queue and also is assigned as a Personal Line on

a telephone that is a member of a coverage group covered by the QCC queue, a call on that line/
trunk does not appear as a coverage call at the QCC.

Coverage
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If Group Cover buttons are programmed for a coverage group in addition to the QCC queue, and
all QCC operators are in Position-Busy mode, a Group Coverage call goes to all receivers except
the QCC queue.

When Group Coverage is the only type of coverage programmed for a sender, the QCC queue
should not be programmed in addition to Group Cover buttons on multiline telephones. Because
the QCC cannot be programmed for Delay Ring, eligible calls ring immediately both at the sender’s
telephone and at the QCC queue. This may not allow the sender enough time to answer the call
before a QCC operator answers.

When the QCC queue is assigned as a receiver for a coverage group and a call transferred to a
group member is not answered, the call returns to the queue as follows:

m If the QCC return ring interval is shorter than the Group Coverage Delay setting, the call
returns as a returning transfer call.

m Ifthe QCC return ring interval is longer than the Group Coverage Delay setting, the call returns
as a Group Coverage call.

4412D+ Telephone

If you assign a Coverage button of any kind to a line button without LEDs, the only visual indication
that the button is active is on the display.

Other Multiline Telephones

Any type of multiline telephone can be a sender and/or receiver for either Individual Coverage or
Group Coverage and can have up to eight Cover buttons.

4400, 4400D, and Single-Line Telephones

A 4400, 4400D, or single-line telephone can be a sender for either Individual or Group Coverage. A
4400, 4400D, or single-line telephone can be a receiver for Individual Coverage. It can be a
receiver for Group Coverage only when it is a member of a Calling Group assigned as a receiver
for a coverage group.

Transferred calls to a busy 4400, 4400D, or single-line telephone are not eligible for coverage
unless Coverage Inside is on. A transferred call to a busy single-line telephone with Group
Coverage and Coverage Inside off camps on at the single-line telephone and returns to the
originator, if not answered before the transfer return interval expires.

Coverage
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Feature Interactions

Account Code
Entry/Forced
Account Code Entry

Automatic
Configuration of the
MERLIN Messaging
System

Automatic Line

Selection

Barge-In

Call Waiting

Callback

Caller ID

Calling Restrictions

Coverage

When answering calls on a programmed Primary Cover, Secondary
Cover, or Group Cover button, a receiver cannot enter an account code.
When attempting to enter an account code, the receiver hears no error
tone, but the account code does not appear on the SMDR report.

Because Cover buttons are not required when the QCC queue is
assigned as a receiver for a coverage group, a QCC operator can enter
an account code, and the account code appears on the SMDR printout.

During a Default Configuration, multiline extensions are removed from
their current coverage groups and assigned to Coverage Group 30.

During a Default Configuration, all Group Cover buttons for Coverage
Group 30 are removed.

During a Default Configuration, QCC coverage for Coverage Group 30 is
removed.

A member of Coverage Group 30 can have primary and secondary
receivers.

When Ringing/Idle Line Preference is on for a coverage receiver, the
system automatically selects a Primary Cover, Secondary Cover, or
Group Cover button with a ringing call. These buttons cannot be
programmed in an ALS sequence, however, because they cannot be
used to make calls.

Barge-In can be used to join an Individual or Group Coverage call
answered at any receiver extension, but not at a VMI port. VMI ports
always have Privacy on. If an operator uses Barge-In to reach an
extension with Coverage, however, the call from the operator is not
directed to the receiver’s extension.

A call to a sender with Call Waiting turned on goes to Individual and/or
Group Coverage first. If all coverage points are busy, the sender receives
the Call Waiting tone.

Changing the status of Coverage On/Off to on after hearing the Call
Waiting tone does not force the waiting call to coverage receivers, but
sends subsequent calls to coverage.

The sender and all receivers must be busy before a call to a sender is
eligible for Callback. The call is sent to coverage before it is put in the
callback queue. Once a call is in the callback queue, it is not sent to
coverage again. A callback call indicating that a busy extension or pool is
now available is not sent to coverage.

Caller ID information is available to users receiving coverage calls.

Users answering calls on Cover buttons can generate Touch Tones (for
example, by dialing 1 to accept a collect call) if their telephones are not
outward- or toll-restricted. If the telephone is outward- or toll-restricted,

the user hears the Touch Tones, but the tones are not sent out over the
line (and the user cannot, for example, accept collect calls by dialing 1).



Camp-On

Centralized Voice
Messaging

Conference

CTI Link

Digital Data Calls

Direct-Line Console

Direct Station
Selector

Direct Voice Mail

Features

All individual and/or Group Coverage points must be busy before a call
can be camped on to a coverage sender’s extension. Coverage calls
answered by a receiver can be camped-on to another user.

Calls received by a MERLIN MAGIX system without a VMS can be sent
by coverage to a centralized VMS located on another MERLIN MAGIX
system (Hybrid/PBX mode only).

You can originate a conference call from a Cover button only when you
press the Transfer button, dial the number for another person, and then
press the Conf button to complete the transfer. In this case, however,
instead of the call being transferred, a conference call with three
participants (including the originator) is established.

When an extension is programmed as a CTI Link, it is removed from
membership in coverage groups.

When a call is transferred from a programmed Cover button on an
unmonitored DLC, screen pop is not initiated at the destination extension,
even if it is using a CTI application.

A CTI application can control all call functions on calls on Cover buttons,
except for making calls.

Individual Coverage is not recommended for 2B data calls. Because a
coverage receiver can have only one Cover button for each coverage
sender, only a 1B data call arrives at the receiver. The second call of a 2B
call continues to ring at the coverage sender.

Coverage delays do not apply to data calls. Calls ring immediately.

A DLC can be both an Individual or Group Coverage receiver and a
member of a coverage group. No more than eight Primary Cover,
Secondary Cover, or Group Cover buttons can be assigned on a DLC. A
DLC can also be a sender.

When a DLC is used in a system with a CTI link and is not itself using a
CTl link application (that is, the DLC is unmonitored), calls transferred
from a Cover button on the DLC do not initiate screen pop, even at
screen pop-capable destinations.

When a system operator transfers an Individual or Group Coverage call
and the call returns, the red LED next to the DSS button for the sender
does not flash as it does for a transfer return for calls received on other
types of line buttons.

Direct Voice Mail overrides coverage-inhibiting features such as
Coverage Off, Coverage VMS Off, and Coverage Inside Off.
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Display

Do Not Disturb

Forward and
Follow Me

Coverage
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When an Individual or Group Coverage call is answered by a receiver
with a display telephone, Cover or Cov is shown for the call type,
followed by the sender’s name (on 24-character displays only), if
programmed, or the extension number. The display also shows the
reason why the call went to coverage: No Ans [No 2], Busy [Bsy], or
DND. On a 4400-Series or MLX telephone, other reasons why calls are
sent to coverage are also shown: Cover DID#? [Cov DID?] or Cover
DISA#? [Cov DISA?]. The receiver sees the caller information by
pressing () on the 4400-Series telephone or the More button on the MLX
telephone.

When a sender turns on Do Not Disturb, Individual Coverage or Group
Coverage receivers for that sender can call the sender. All other calls to
the sender go to coverage.

When a receiver turns on Do Not Disturb, he or she does not receive
coverage calls. A sender whose calls are set to be covered by the
receiver, however, can call that receiver, despite Do Not Disturb.

If both a sender and all receivers have Do Not Disturb on, the sender’s
calls do not go to coverage and the caller hears a busy signal. On a
Personal Line, the caller hears ringback and the green LED flashes, but
the telephone does not ring.

Calls received on Personal Lines with Do Not Disturb on go immediately
to coverage, instead of waiting for the Coverage Delay Interval.

If the Forwarding Delay is programmed to zero rings, when a coverage
sender forwards, calls are forwarded and sent to coverage at the same
time. Calls received on any type of Cover button are not forwarded.

If a coverage receiver has activated any type of Remote Call Forwarding,
calls sent to that extension by Coverage are not forwarded to the remote
location.

If both coverage and forwarding are on and the Forwarding Delay is
greater than 0, one of the following occurs:

m Acall that is sent to Group Coverage before the Forwarding attempt
is not forwarded.

m A call that is remote call-forwarded before any coverage is not
covered.

m A call that is remote call-forwarded while Primary and/or Secondary
Coverage extensions are alerting is removed from those coverage
points and is not sent to Group Coverage.

m Ifacallis sent to Group Coverage after forwarding, the call is
removed from the called extension, the forwarded-to extension, and
any Primary and Secondary Coverage buttons.

m If a user tries to forward a call before the coverage interval is
reached, the call is not forwarded.



Group Calling

Hold

Features

A Calling Group can be a receiver for up to 30 coverage groups. A Calling
Group cannot be a receiver for Individual Coverage. A coverage group
can have only one Calling Group as a receiver, but members of the
coverage group can also have Individual Coverage receivers.

As soon as a Group Coverage call is sent from the Calling Group queue
to a Calling Group member, ringing and LED flashing are removed from
the sender’s telephone, except for outside calls received on Personal
Lines.

A Calling Group cannot be a sender, but an individual Calling Group
member can be a sender for Individual Coverage and/or a member of a
coverage group. When a call to the Calling Group extension number is
sent from the queue to the Calling Group member, it goes only to the
member’s Individual Coverage receivers and not to the member’s Group
Coverage receivers. Calls to the member’s individual extension go to
both Individual and Group Coverage receivers.

When a Calling Group member with a 4400-Series, MLX, TransTalk 9040
(when connected or ETR telephone) receives an outside call for the
Calling Group, the label of the Calling Group or GrpC1l appears on the
display, along with the label for the line on which the call came in. If ANI,
station identification (SID), or another PRI-based caller identification
service is available, the number of the calling party is shown on the
display on 4400-Series, MLX, or ETR telephones after (») (4400-Series)
or the More button (MLX and ETR) is pressed. MLS telephone users can
view the calling party number by pre- or post-selecting the line button the
call is on.

Coverage VMS can be turned off if the user does not want outside calls to
be sent to the voice messaging system.

Calls from the system to a VMI port are not sent to Primary, Secondary,
or Group coverage.

A Calling Group with a non-local member can be used to provide group
coverage across the private network to a voice messaging system,
Calling Group, QCC queue, DLC, or any individual extension on a remote
MERLIN MAGIX, DEFINITY ECS, or DEFINITY Prologic system; or to the
PSTN via UDP routing. Refer to the Network Reference for details.

Coverage calls directed to a Calling Group are not subject to queue
control.

Coverage calls answered by any type of receiver can be put on Hold. The
hold timer or operator-hold timer applies to a coverage call on Hold.

A call that has been put on Hold on a Cover button can be picked up by a
user who has a Personal Line for the call. When the call is picked up, the
green LED next to the Personal Line lights steadily; however, the call is
still on hold at the coverage receiver's telephone. The user who picked up
the held call, therefore, cannot transfer the call. In order to transfer a call
on hold at a Cover button, use Pickup instead of picking up on a Personal
Line button.
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HotLine

Multi-Function
Module

Night Service

Park

Personal Lines

Coverage
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Coverage features are not recommended for HotLine extensions.

An MFM can be a sender or a receiver for Individual or Group Coverage.
This allows an MLX telephone user to screen calls by using an answering
machine connected to the MFM or to supplement ringing with an external
alert connected to the MFM. A sender can use Coverage Off to prevent
calls from being sent to an answering machine.

Calls can be redirected to the MFM by assigning a Primary Cover,
Secondary Cover, or Group Cover button. Coverage and Forward and
Follow Me should not be used simultaneously.

When the System Manager enables the Coverage Control option, a
transition into Night Service operation (either by pressing the Night
Service button at an operator’s console or through the Time Set feature)
automatically deactivates all programmed Coverage VMS buttons (LED
is off) at extensions in the Night Service group. This allows calls to go to
voice messaging system coverage at night.

When the system is taken out of Night Service—either by a press of the
Night Service button at an operator’s console or through the Time Set
option—the Coverage Control option automatically activates all
programmed Coverage VMS buttons, turning the LED on at extensions in
the Night Service group. Outside calls no longer go to the voice
messaging system.

A user at the extension can override the Night Service with Coverage
Control option by pressing the programmed Coverage VMS button at any
time.

A returning parked call is not eligible for coverage. A call answered on a
Primary Cover, Secondary Cover, or Group Cover button cannot be
parked on that button. To park calls received on a Cover button at your
extension, press the Transfer button, dial your own extension, and press
the Transfer button again to complete parking the call.

Assigning a sender as the principal user of a Personal Line specifies that
the calls received on the Personal Line are sent to the principal user's
individual and group receivers. A principal user with Remote Call
Forwarding on can forward calls received on the Personal Line to an
outside number. Calls received on Personal Line buttons programmed for
No Ring or on senders’ extensions other than the principal user’s are not
eligible for coverage.

If no principal user is assigned and the Personal Line is shared by other
senders, calls received on the Personal Line are sent to all available
Individual Coverage receivers for all senders sharing the line and to the
Group Coverage receivers programmed for the sender with the lowest
logical ID.

A call answered on a Personal Line using a Cover button can be picked
up by anyone with a button for that Personal Line. The picked-up call,
however, cannot be transferred because it is still considered to be on hold
at the other extension.



Pickup

Pools
Primary Rate

Interface and T1

Queued Call
Console

Recall/Timed Flash

Reminder Service

Features

Calls received on Personal Lines with Do Not Disturb on go immediately
to coverage instead of waiting for the Coverage Delay Interval.

A coverage sender or receiver can be a member of a Pickup group. This
allows Pickup to be used to answer a ringing Individual or Group
Coverage call. If a sender who is a member of a Pickup group uses
Coverage Off to stop calls from going to Individual or Group Coverage
receivers, his or her calls can be picked up by using the Individual Pickup
feature. Calls cannot be picked up, however, by using the Group Pickup
feature. When a coverage call is answered using Pickup, the call is
removed from other extensions in the coverage arrangement.

Calls received on a sender’s Pool button programmed for Immediate or
Delay Ring are eligible for Individual or Group Coverage.

Data calls do not follow coverage delay settings. All data calls ring
immediately.

An individual QCC operator cannot be a sender or receiver for Individual
or Group Coverage. However, the QCC queue can be a receiver for up to
30 coverage groups when one or more QCC operators are assigned to
receive the calls. The QCC queue can be assigned as a receiver in
addition to multiline telephones programmed with Group Cover buttons;
the QCC queue is not counted in the 8-receiver maximum for each group.
The QCC queue priority and the individual QCC operator to receive
Group Coverage calls are set independently for each group.

If Group Cover buttons are programmed for a coverage group in addition
to the QCC queue and if all QCC operators are in the position-busy state,
a Group Coverage call does not go to the backup Calling Group.

When the QCC queue is programmed as a receiver for a coverage group
and a Personal Line on a coverage group member’s extension is also
programmed to ring into the QCC queue, calls received on that Personal
Line are not sent to the queue as coverage calls. Calls received on the
Personal Line, however, can be sent to multiline telephone group
coverage receivers.

When the QCC queue is programmed as a receiver for a coverage group
and a call transferred to a group member is not answered, the call returns
to the queue as a transfer return if the QCC return ring interval is shorter
than the coverage delay. If the QCC return ring interval is longer than the
coverage delay, the call returns to the QCC queue as a Group Coverage
call.

Recall has no effect on a call answered on any Cover button.

Recall can be used on a Group Coverage call answered by a member of
a Calling Group.

Reminder calls are not eligible for Individual or Group Coverage.
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Ringing Options

Service Observing

SMDR

System Access/
Intercom Buttons

Coverage
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Calls received on line buttons programmed for No Ring are not sent to
coverage.

Primary Cover, Secondary Cover, and Group Cover buttons can be

programmed for Immediate Ring, Delay Ring, or No Ring. If an Individual
or Group Coverage receiver is on a call when a coverage call is received,
the receiver hears an abbreviated ring (if abbreviated ringing is enabled).

Calls received on a Primary Cover, Secondary Cover, or Group Cover
button ring with the receiver’s (not the sender’s) personalized ringing
pattern.

The ringing at a programmed Primary or Secondary Cover button, set for
Delay Ring, is controlled by the Primary or Secondary Ring Delays set for
the sender’s extension. The system-wide Secondary Ring Delay Interval
(fixed at two rings) also augments ringing on Secondary Cover buttons
set for Delay Ring. For more information, see Figure 8 on page 208 and
Figure 9 on page 209.

Calls that arrive on Primary or Secondary Coverage buttons can be
observed.

Calls that arrive on Group Coverage buttons can be observed.

Calls that go to Group Calling Coverage and are answered by a Calling
Group agent can be observed.

Integrated or Generic VMI ports cannot be members of Service
Observing groups; a call sent to one of these ports cannot be observed.

The extension number answering an Individual or Group Coverage call is
shown on the SMDR report.

When an Auto Login or Auto Logout Calling Group is programmed as a
Group Coverage receiver and the SMDR Talk Time option is enabled,
calls are reported following the same rules that apply to other incoming
Calling Group calls. This is true even if a call is transferred from an
operator to a Group Coverage sender before being directed to the Calling
Group.

A covered call remains on the sender’'s SA or ICOM button until it is
answered at the receiver’s telephone. Once answered by a receiver, the
call is removed from the sender’s SA (including Shared SA) or ICOM
button. When a Calling Group is programmed as a Group Coverage
receiver, however, the call is removed from the sender’s telephone as
soon as it is sent from the Calling Group queue to an available member.

A call received on a Shared SA button is not eligible for any coverage.

If a receiver programs a Primary Cover, Secondary Cover, or Group
Cover button for a sender and also has an SSA button associated with
the sender, the green LEDs next to both the Cover button and the Shared
SA button flash. The red LED stays on at the Shared SA button, but does
not go on at the Cover button.



Transfer

UDP Features

Voice Announce

Features

A call answered on any Cover button can be transferred.

Calls transferred to a sender are eligible for Individual and/or Group
Coverage. However, the sender hears a call-waiting tone if he or she is
using Coverage Off to prevent calls from going to coverage and does not
have an available SA or ICOM button to receive a transferred call.

With one-touch Transfer, a call answered on a Cover button can be
transferred by using a DSS button, but not by using an Auto Dial button.

Transfer returns are not eligible for coverage.

Non-local UDP calls are treated as outside calls by the system and by
Selective Coverage features: Coverage Off, Coverage Inside, and
Coverage VMS (Hybrid/PBX mode only).

Calls cannot be covered by non-local extensions or non-local Calling
Groups.

Although calls cannot be sent directly to non-local extensions or Calling
Groups for coverage, they can be sent to a local Calling Group that has a
non-local Calling Group extension as its only member (Hybrid/PBX mode
only).

If the sender’s speakerphone is available, a voice-announced call is
answered as soon as it is made. If the sender’s speakerphone is in use,
the call is converted to a ringing call and sent to coverage.
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CTI (Computer Telephony Integration) Link

At A Glance
Users Affected 4400-Series, ETR, MLX, and single-line telephone users at
companies with local area networks (LANs) running Microsoft
Windows NT® 4.0 Server or Workstation
Reports Affected System Information (SysSet -up) and Extension Information
Mode Hybrid/PBX
Telephones All telephones
4400-Series and MLX Display CTILINK
Label
Description

The MERLIN MAGIX Integrated System supports the use of an MLX port as a Computer
Telephony Integration (CTI) link in Hybrid/PBX mode. The CTI link feature allows CTI applications
to interact with the MERLIN MAGIX Integrated System over a local area network (LAN). The CTI
link is the system’s hardware and software interface to the Avaya CentreVu Telephony Services
product, which supports the Windows 95, Windows 98, Windows NT, and Windows 2000 systems
platforms on the client side. CTI link circuitry connects to an MLX port on the system and to a LAN
server using Windows NT 4.0 Server or Workstation software (Server is recommended).

Client software using the CTI link can perform the following actions on a user’s computer:

Basic call control
Screen pop (Calling Party Number, not Calling Party Name)
Power dial

Reporting for Calling Group Queues and Agents

Following are brief descriptions of the platform requirements for a CTI link and the features listed
above.

CTI (Computer Telephony Integration) Link
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Platform Requirements

A CTI link requires the following equipment:
m  MERLIN MAGIX Integrated System in Hybrid/PBX mode.

m  An MLX line/trunk or extension module, with a free extension jack, installed in the system
control unit. A free extension jack cannot be the first or fifth port on a 008 MLX, 408 GS/LS-
MLX, or 408 GS/LS-ID-MLX module; or the first, fifth, ninth, or thirteenth port on a 016 MLX
module. A free extension jack cannot be a port programmed as an operator or programming
console.

N()TE} If you have a 008 MLX or 408 GS/LS-ID-MLX module with Firmware Version 29, or
with Firmware Version 42 with Application Version 24, replace the board with an
appropriate version; or for a flash card update, call the Avaya Customer Care
Center at:

1 800 628-2888
Follow the voice prompts for MERLIN MAGIX/LEGEND system support.

m Additional equipment and software is needed:
— A 350 MHz or higher Pentium® class computer with at least 64MB of RAM, a CD-ROM
drive, and a 3.5-inch floppy drive (for authorization and license diskettes).

— 11 MB of available disk space in the system volume. Additional memory may be needed if
additional applications will be running on the Telephony Server machine.

— Windows NT 4.0 Workstation or Server.

N0'|‘E> With Windows NT 4.0, you should install Windows NT Service Pack 5 or later,
available from Microsoft®.

— MERLIN MAGIX PBX Driver, Version 2.0 or later,
— CentreVu Telephony Services software, Release 9.1 or later.

— Network interface card configured for TCP/IP (for CentreVu Telephony Services client
access).

— Eicon DIVA 2.0 ISDN (PCI) board, an ISDN interface card from Eicon Technology
Corporation, Eicon Diva Driver Version 2.40, and its associated cable for the CTI link.

— An available 16-bit slot for the Eicon DIVA ISDN interface card

For more information about these requirements and about installing a CTI link, see the Network
Manager’s Guide for MERLIN MAGIX Integrated System PBX Driver.

Basic Call Control

A CTl application on your PC can control an extension’s operations. Basic call control includes the
following for calls on System Access buttons, Cover buttons, Personal Line buttons, and Pool
buttons:

m  Answering calls
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m  Making calls (System Access buttons only)

m Hanging up calls

m Holding and retrieving a call

m  Consulting with a second party

m Transfer

m Three-party conference, including those conferences where one or two parties are outside the
system

CTI applications vary in how they use the system’s features. The list of basic call control activities
includes the functions that a CTI application may control; a given application does not necessarily
use these system features.

All extensions with the exception of a QCC and MFM can use CTI applications. CTI applications
can make calls on behalf of all extension types except:

m Single-line telephones

m  Transtalk 9031/9040 telephones

m Business Cordless 905 telephones

m 4400 and 4400D

m ETR ports programmed as Tip/Ring

All other services may be used by all sets. It is important to understand that in order for CTI
applications to make use of all information concerning a call, that the services be used throughout

the life of a call. If a user has started using services for a call (i.e. Make Call), they should continue
using the services for any other activity that they wish to perform (i.e. Consult or Transfer).

Screen Pop

CTI
232

A screen pop occurs when a CTI application takes caller information and uses it as input to a
database to provide information to the receiving extension. The screen pop may be on the calling
number (provided through Caller ID, PRI or BRI lines). Some applications pop on called number
(obtained from PRI or BRI calls). Check with your vendor to see if they support this feature.

Screen pops can happen when a call arrives at an extension in any manner except when the call
arrives on a Shared System Access button. The most common occurrences of this are from Group
Calling distribution, transfers from an automated attendant, or direct calls to extensions.

The MERLIN MAGIX system treats external calls that are transferred from a non-controlled DLC,
QCC, or VMI port to a controlled extension as if the call came directly from the outside to the
transfer destination (that is, the call does not contain information about the transfer originator).
This allows the screen pop to occur on the original calling party and not the transfer originator.

The Transfer and Conference features, when activated manually (by using the telephone) at a non-

operator extension, do not provide the original caller's information (telephone or extension
number) to the recipient who has screen pop capability. For example, if you manually press the
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Transfer button, instead of using the application, and then dial an extension and have the
application complete the transfer, the original caller information is not sent to the receiver.
To obtain calling party information for a loop-start line, you must have:

m A line/trunk module that supports ICLID

m ICLID Delay programmed on the ICLID line/trunk

m ICLID service from your network service provider

N0'|'E> The system supports Caller ID Name, but only the number is available for CTI.

Collected Digits

Another method of using the screen pop capability is to display a screen based on information
entered directly by the caller rather than based on the caller's telephone number. This requires an
integrated voice response (IVR) application (such as the MERLIN Messaging System) capable of
collecting the caller's input.

When the IVR application answers a call, it plays a message instructing the caller to enter
additional digits, such as a social security number, zip code, or customer account number. These
additional digits are referred to as collected digits.

Based on the caller's input, the IVR application transfers the call to the MERLIN MAGIX Integrated
System, which then routes the call to the proper destination. When the call arrives at the monitored
extension, the MERLIN MAGIX system passes the digits to the CTI application, which, in turn,
passes these digits to the customer's existing database. The database searches its records for
information relating to the collected digits and returns a screen displaying the data it found.

See the documentation that came with the IVR application for instructions on installing and
programming the Collected Digits feature.
If you plan to use an application that uses Collected Digits, you must program the following:

m In the application that collects the digits, the “Transfer to Subscribers Only” option must be
active, and the extensions must be allowed to transfer calls.

m In the voice messaging system, program regular voice mailboxes as normal cover-answer
mailboxes.

N0'|‘E> Collected digit information is not sent to a non-local extension, even if tandem PRI
private network trunks carry the call.

CTI (Computer Telephony Integration) Link
233



Feature Reference

Power Dial

Power Dial is an application feature where software on the computer initiates a voice call on a
specified telephone to an inside or outside number. It is generally used by people who must make
a large volume of calls to individuals whose telephone numbers are stored in a customer or client
database. For example, telemarketers and fundraisers often use Power Dial.

Reporting For Calling Group Queues and Agents

A CTI application can get the following information about Calling Group Queues and Agents:
m  The members of a particular group

m The lines associated with that group

m  The number of calls in a queue at a particular time

m  When a call has been queued

m  When a call has left the queue

m The state of an agent (Logged in, Logged out, in After Call Work State)

m  Whether an agent is ready to accept a call

m The type of call an agent is on

A CTI application can also get the status of a trunk, change the state of an agent, and move a call
from a queue or agent to a different queue or agent.

CTlI applications vary in how they use these features. You need to check with your application
vendor to see which of these services are used.

In a private-networked configuration (where there are non-local members of Calling Groups), when
a call has left the system with the CTI server, information is no longer presented to the application
about that call. You should not use non-local members of Calling Groups on systems where a CTI
application is used for reporting.

Private Network Operation
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Operation for non-local extension calls in CTl-linked CentreVu Telephony Services applications
depends upon the application implementation as well as the type of private-networked trunk (PRI,
analog tie, or T1 tie) that carries calls between the systems, according to the following rules:

m If the application does not strip leading zeros, the client displays the ANI information with any
leading zeros needed to make the information seven digits long.

m If the application strips leading zeros, the recipient client displays the ANI information in its
original length. The call displays as an inside or outside call, depending on whether ANI
information or a trunk identifier in the delivered eventis used to differentiate the call.

If the non-local dial plan recipient of a transfer or conference call is a client, the recipient's display

shows caller information about the conference or transfer originator, not about any other caller. A
client display does not provide an indication when a conference participant is dropped.
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A call may come in from the PSTN to an Automated Attendant, such as MERLIN Messaging, that
collects digits from the caller (a customer number, for example). If the application then sends the
call to a non-local client, the collected digits do not trigger screen pop at the recipient display,
regardless of the type of trunks over which the call is routed.

If a call that has collected digits associated with it is answered and then transferred, the collected
digits do not transfer to a non-local client, regardless of the facility.

Considerations and Constraints

The Transfer and Conference features, when activated manually (by using the telephone) at a non-
operator extension, do not provide the original caller's information to the recipient who has screen
pop capability.

Transferred calls from non-local extensions can only initiate the correct screen pop when the
transfer is without consultation and the private network systems are connected by PRI tandem
trunks. Otherwise, only the transfer originator information is available for screen pop. If the private
network trunks are tandem tie trunks, they do not convey screen pop information over the private
network.

When a DLC is not using a CTI application, calls transferred from a DLC's programmed Cover
button do not initiate screen pop, even when the destination is a screen pop-capable extension.

The CTI link programming requires that you busy-out the control unit slot where the MLX module
with the CTI link is being added or removed. If the slot that is being programmed is the slot used
for the system programming console, you must use WinSPM software to program the CTI link. The
busy-out programming procedure is available from the system's Maintenance menu. For details
about busying-out a slot in the control unit, see the Maintenance and Troubleshooting guide.

You cannot program the first or fifth port on an MLX module as the CTI link extension, because
these ports are reserved for potential operator positions. On the 016 MLX module there are
potential operator positions on the ninth and thirteenth ports, as well as on the first and fifth ports.

If you program a CTI link for a jack that is already programmed for 2B data, the CTI programming
overrides the 2B data programming, and a 2B data device that you later connect to the jack will not
function as such. You cannot use a system programming port as the CTI link extension.

You cannot program a port as a CTI link if it has a telephone or other device connected to it.
However, the port may have the CTI link hardware plugged in.

An extension programmed as a CTlI link should not be used as a phantom extension (an extension
that does not serve equipment plugged into the system but is used for a special purpose—for
example, coverage by a voice messaging system).

If you are on a client extension with a call on an analog Centrex loop-start line and you attempt to
transfer that call to an extension with Centrex Transfer via Remote Call Forwarding activated, the
call is immediately transferred without consultation. The originator is disconnected.
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System Programming
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When you program a CTI link, ensure that no telephone, fax, videoconferencing system, or digital
communications equipment is connected to the MLX port. A working or potential system
programming or operator position extension cannot be programmed as a CTI link; therefore, a CTI
link cannot be programmed on the first or fifth extension jack of an MLX module. On the 016 MLX
module there are potential operator positions on the ninth and thirteenth ports, as well as on the
first and fifth ports.

In order to program a new CTI link, or remove an existing one, you must first busy-out the slot
where the MLX module for the CTl link is located or where you plan to install it. For this reason, if
you program the CTI link by using an MLX-20L telephone programming console, that console must
not be connected to the same MLX module where you have installed, or plan to install, the CTI
link. (For details about busying-out a slot in the control unit, see the System Manager's Quick
Reference.)

N0'|‘E> If your system includes only one MLX extension module, you must use a PC and
WinSPM software to program the CTI link.

& CAUTION:
The Maintenance procedures that you use to busy-out and restore a module are normally

reserved for Avaya technicians only.
When you add a CTI link, the system performs the following actions:
m Reverts button programming to the default for a non-operator MLX telephone.

m Informs you when there are programmed Cover buttons for the CTI link extension on other
extensions in the system. These Primary and/or Secondary Cover buttons are not removed
from the associated extensions. To identify these extensions and remove the Cover buttons,
consult the Extension Information Report for the system, or refer to the relevant system
planning forms for extensions and groups (for example, Form 4d, MLX Telephone, and Form
7¢, Group Coverage). Appendix D includes instructions for removing button programming.

m Deactivates forwarding to the extension.

m Removes the extension from membership in Calling Groups.

m  Removes the extension from membership in coverage groups.

m Changes the Extension Directory label for the extension to CTILINK.
m Sets the Alarm feature to the default setting (on) for a CTI link.

m Restricts dial access to pools for the extension.

m Renders the 2B data programming nonfunctional if the jack is programmed for 2B data. The
2B data programming is not removed from the main or adjunct extension. If you want to use 2B
data, reassign the feature to another port.
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Programmable by
Mode
Idle Condition
Planning Form
Factory Setting
Valid Entries

Inspect
Copy Option
Procedure

Mode Differences

Features

System Manager

Hybrid/PBX

Not required

2b, System Numbering: Digital Adjuncts
No port programmed as CTI link

Any extension on an MLX port board except the System
Programming console port and the first and fifth ports.

Yes
No

m  Busy out the board first. This is a Maintenance step. Start the
procedure from the Main menu, not the System Programming
screen.

Menu—Maintenance—Slot—>Dial slot no. (1-17)>Enter—
Busy-Out—Yes

m  Program the CTl link:

AuxEquip—CTI Link—>Dial extension no.—~Enter—Back—
Back

m Restore the slot. This is a Maintenance step. Start the procedure
from the Main menu, not the System Programming screen.

Menu—Maintenance—Slot—>Dial slot no. (1-17)>Enter—
Restore—Yes

Key and Behind Switch Modes

A CTI link cannot be used with systems operating in Key mode or Behind Switch mode.

Telephone Differences

Queued Call Consoles

A QCC cannot be controlled by a CTI application.

When an external call is transferred by a QCC, the call is treated as if it came directly from the CO

and not the QCC.
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Direct-Line Consoles

A DLC either can function as an operator and unmonitored extension or can use a CTI application
and function as a monitored extension. An unmonitored extension uses the telephone to transfer
or conference a call.

A monitored DLC position functions like any other MLX extension that is using a CTI application.
An outside call to the position initiates screen pop at the DLC extension. When a monitored DLC
manually transfers or conferences a call, only the DLC extension number is passed to the
destination extension or extensions.

When an external call is transferred by a non-controlled DLC, the call is treated as if it came
directly from the CO and not the QCC.

Feature Interactions

Alarm When a CTl link is reset (called a broadcast reset), any programmed Alarm
buttons on operator consoles or connected alarm devices go on.

Conference CTI link applications can control conferences of up to three parties,
including those where one or two parties are outside the system.

When performed by a QCC operator or unmonitored DLC operator, the
Conference feature generates screen pop at screen pop-capable
destinations.

When a conference is initiated manually at the telephone of an extension
using a CTI application, screen pop is initiated for inside parties only (not
initiated for outside parties) at screen pop-capable destinations, even when
the application is used to complete the conference.

If the non-local dial plan recipient of a conference call is a client, the
recipient’s display shows caller information about the conference
originator, not about any other caller. Users at client extensions must use
the telephones at their extensions to add conferees to a conference. They
cannot use their CTl applications. A client display does not provide an
indication when a conferee is dropped.

Coverage When an extension is programmed as a CTl link, it is removed from
membership in coverage groups.

When a call is transferred from a programmed Cover button on an
unmonitored DLC, screen pop is not initiated at the destination extension,
even if it is using a CTI application.

A CTI application can control all call functions on calls on Cover buttons,
except for making calls.

Digital Data Calls If you program a CTI link for an extension that is already programmed for
2B data, the 2B data programming is overwritten. The 2B data
programming should be removed from the extension.
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Direct-Line
Console

Directories

Forward and
Follow Me

Group Calling

Hold

Service Observing

System Access/
Intercom Buttons

System
Renumbering

Tandem Switching

Features

A DLC’s calls can be controlled by a CTI application. When they are, the
DLC position functions like any other extension that is using a CTI
application. An outside call to the position initiates screen pop at the DLC
extension.

The extension that is programmed as a CTI link can have its label changed
through system programming.

When an extension is programmed as a CTI link, forwarding to the
extension is deactivated.

If you are on a client extension with a call on an analog Centrex loop-start
line, and you attempt to transfer that call to an extension with Centrex
Transfer via Remote Call Forwarding activated, the call is immediately
transferred without consultation. The originator is disconnected.

When an extension is programmed as a CTI link, the extension is removed
from membership in Calling Groups.

An application can receive information about group membership, line
assignment, and agent information.

A CTI link application can put a call on a System Access, Cover, Personal
Line, or Pool button on hold.

Service Observing cannot be programmed on a CTI link. Extensions
serving as CTI links cannot be programmed as Service Observers nor as
members of Service Observing groups. If an extension is programmed as a
CTllink, it is removed as a Service Observer or a Service Observing group
member.

CTl user (client) extensions can be Service Observers as well as members
of Service Observing groups.

A CTI application can control all call functions on calls on System Access
buttons, including making calls. Shared System Access buttons cannot be
controlled by a CTI application.

When the dial plan changes, the applications must use the new extension
number in any request. The CentreVu Telephony Services security
database should be updated with the dial plan changes so that permissions
are set for the new extension numbers and cleared for the old extension
numbers. Some settings in the CTI software applications may need to be
updated as well.

Operation for non-local dial plan extension calls, both incoming and
outgoing, in applications depends upon the application implementation as
well as the type of private-networked trunk (PRI or tie) that carries calls.

In a private network configuration with non-local members assigned to
Calling Groups, when a call has left the MERLIN MAGIX system with the
CTl server, information is no longer presented to the application about that
call. In these cases, the CTI application may lose track of the call.
Therefore, you should not use non-local members of Calling Groups on
systems where a CTI application is used for reporting.
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Transfer

UDP Features

CTl link applications can control inside and outside transfers. When a CTI
application is used to initiate a transfer, caller information is passed to a
screen pop-capable destination.

When a transfer is initiated manually by using the telephone at an
extension where a CTl application is installed, screen pop is not initiated at
a screen pop-capable destination, even if the CTI application is used to
complete the transfer.

A transfer by a QCC or unmonitored DLC operator generates screen pop of
inside or outside caller information at screen pop-capable destinations.

Operation for incoming and outgoing non-local dial plan extension calls
(Hybrid/PBX mode only) depends on the application implementation, the
type of private-networked trunk (PRI or tie) that carries calls, and how the
application differentiates between calls received from outside telephone
numbers and calls received from inside extensions and non-local
extensions.
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Digital Data Calls
At a Glance
Users Affected Users with digital data communications devices or
videoconferencing systems only
Reports Affected Extension Directory, Extension Information
Modes Key, Hybrid/PBX
Description

The MERLIN MAGIX Integrated System supports many options for high-speed digital data transfer
over Integrated Services Digital Network (ISDN) and T1 Switched 56 facilities, or between two
extensions on the MERLIN MAGIX Integrated System. To transfer data, you must have an ISDN
terminal adapter or other system-compatible digital communications device connected to an MLX
port.

N0'|‘E> A communications device may be included in a hardware and software application, for
example, a video system. For more information about digital data and 2B data, see the
Data/Video Reference.

The supported connections for making digital data calls are:
m ISDN PRIl lines

m ISDN BRIl lines

m T1 Switched 56 lines

An extension that includes a digital data communications equipment (DCE) device is called a
digital data workstation. It may or may not include a telephone, but it is always connected to at
least one MLX extension jack. If the DCE includes an ISDN-BRI interface, it can use the system’s
2B Data feature to combine the B-channels of a single MLX jack. Many group and desktop
videoconferencing systems support 2B data, as do some DCE devices used for data only (not
video) communications. 2B data is described in more detail in “2B Data” later in this topic.

If a videoconferencing system requires two B-channels but does not have an ISDN-BRI interface
(some older group video systems have V.35 interfaces, for example), it may need to use the
adjunct extension numbers of two different MLX extension jacks.
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Primary Rate Interface

The ISDN Primary Rate Interface (PRI) is a standard access arrangement that can be used to
connect the system to a network providing voice and digital data services.

PRI is a standard access arrangement that uses a DS1 facility (also called a pipe) to support
twenty-three 64-kbps data connections (known as B-channels) and one 64-kbps connection
(known as a D-channel). The D-channel is used to convey signaling information. Some PRI
service allows only voice calls and does not support data. For more information, see “Primary
Rate Interface (PRI) and T1” on page 555.

T1 Switched 56 Lines

A T1 facility can be connected to the MERLIN MAGIX Integrated System to supply a number of
data and voice services. The system can support one Switched 56 (56 kbps) data connection on
each Digital Signal Level 0 (DS0) channel of the T1 facility. There are 24 DS0 channels on each T1
facility. For more information, see “Primary Rate Interface (PRI) and T1” on page 555.

Basic Rate Interface

Basic Rate Interface (BRI) is a standard ISDN access arrangement that can be used to connect
the system to a network providing voice and digital data services. The full designation for BRI
service is ISDN NI-1 BRI. BRI supports two 64-kbps data connections (known as B-channels or
lines) for up to 128 kbps data throughput. For more information, see the section “Basic Rate
Interface (BRI)” on page 119.

2B Data

The combination of two data-bearing channels (B-channels) allows ISDN-BRI devices (such as
desktop and group video systems with ISDN-BRI interfaces) to connect to a single MLX port and
make full 128-kbps connections using ISDN NI-1 BRI or ISDN PRI B-channels, or make 112-kbps
connections when T1 Switched 56 facilities are used.

N0'|‘E> For more information about 2B data, see the Data/Video Reference.

Devices used for 2B data must be connected to MLX jacks that are programmed as 2B data-
capable. Devices that do not support 2B data should not be connected to ports programmed for 2B
data.

The MLX extension numbers used to add 2B data capability must correspond to the adjunct
extension number for the MLX telephone. By default, in a two-digit numbering plan, these adjunct
extensions are numbered with the digit “7” preceding the two-digit extension number. If the MLX
extension is 20, its corresponding adjunct extension is 720. In a 3-digit or Set Up Space numbering
plan, the adjunct extension number is, by default, the main extension number plus 200. (For
details, see “System Renumbering” on page 748.)
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Once an MLX jack is correctly programmed, a 2B data-capable device properly connected to the
jack should operate at the same data rate (up to 128 kbps) as an NI-1 BRI line connected directly
to a central office.

2B data calls are really two calls, one for each B-channel. (Similarly, ISDN terminal adapters that
connect to V.35 video systems must make and receive two calls in order to provide double the
speed of a single digital call.)

NOTES} m Users can use any combination of PRI, NI-1 BRI, and T1 lines to obtain a 2B data
connection. However, data transfer speeds are slower on T1 Switched 56 lines (56
kbps on each line). Because of potential speed and other conflicts, it is best to use the
same type of facility for both calls that make up a 2B data call.

m MERLIN MAGIX Integrated Systems can be connected to one another or to DEFINITY
ECS or DEFINITY ProLogix Solutions systems in a private network. If the tandem
trunks connecting the systems are PRI and two B-channels are available, 2B data
digital calls between the systems can take place at 128 kbps. If the tandem trunks
connecting the systems are T1-emulated tie data trunks and two channels are
available, 2B data digital calls between the systems can take place at 112 kbps.

Considerations and Constraints

Features that redirect calls (for example, Coverage, Forwarding, Data Hunt Groups, and Night
Service) can present problems for 2B data calls. For example, a video system should not be a
coverage sender because another video system receiving calls for it can be assigned only one
Cover button for the sending extension. Therefore, only one of the calls of a 2B data call is sent to
the receiver, and the second call continues to ring at the sending system. (See “Feature
Interactions,” later in this topic, for more information.)

When MERLIN MAGIX and/or MERLIN LEGEND, DEFINITY ECS, or DEFINITY ProLogix
Solutions systems are connected in private networks, 2B digital data calls across these networks
can take place over PRI tandem trunks or T1-emulated tie data tandem trunks, at speeds up to
128 kbps for PRI or 112 kbps for T1-emulated tie data. If any analog tandem tie trunks are in the
communications path, only analog data calls can take place.

MLX modules of firmware vintage 29 are not compatible with 2B data. You must program the
feature on a jack whose module is of earlier or later vintage.
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System Programming

2B Data Capability

Programmable by System Manager

Mode Key, Hybrid/PBX

Idle Condition Required

Planning Form Data Form 2b, Digital Data Workstation

Factory Setting Disabled

Valid Entries Adjunct extension number up to four digits

Inspect Yes

Copy Option No

Procedure To assign the 2B Data feature to an MLX adjunct extension:

(») or More—Data—2B Data—>Dial adjunct ext. no.—Enter—
Back—Back

Applications

The high-speed data capabilities of the MERLIN MAGIX Integrated System can be used for a
number of applications, including videoconferencing, Internet access, and data transfer.

Depending upon its capabilities, a videoconferencing system may offer application-sharing, video
collaboration, and data-sharing on either one or two data channels at a time (most video systems
require two channels for 2B data). If one channel is used, the maximum data speed is 64 kbps
(PRI) or 56 kbps (T1 Switched 56); if two channels are used, the maximum data speed is 128 kbps
or 112 kbps.

Telephone Differences

Queued Call Consoles

QCCs cannot be programmed for 2B data. If a DLC is programmed for 2B data, the DLC cannot be
changed to a QCC unless 2B data programming is first removed from the DLC.
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Account Code
Entry/Forced
Account Code Entry

Authorization Code

Auto Dial

Automatic Route
Selection

Barge-In
Call Waiting

Callback

Camp-On

Conference

Coverage

Features

Account Code Entry can be entered for calls made by digital data
workstations and by video systems that support the use of # for feature
codes. The account code must be entered before the telephone number.

Data calls can use Authorization Codes. If Account Code Entry is also
used, the Authorization Code must be entered after the account code.

Authorization codes can be used by video systems that support the use
of # for feature codes.

A terminal adapter can make a call using an Auto Dial button by dialing
the virtual number of the button (for example #01). A video system that
supports entering # for feature codes can use Auto Dial in the same
fashion.

Data calls can be made using ARS. To make calls using ARS, digital
devices simply dial the ARS dial-out code (usually 9) followed by the
telephone number. Data calls must be routed through ARS pools that
access only PRI, NI-1 BRI, and/or T1 Switched 56 data lines. To make a
2B data call, you must make two calls on different lines.

You cannot barge into data calls.

Call Waiting does not work on data calls. A call appears to wait but does
not return to the extension when it becomes available. This feature
should be disabled at video systems and data extensions.

Videoconferencing systems that can dial feature codes using # can use
Selective Callback. When a pooled line becomes available or the busy
video system is idle, the queued call is made, one B-channel at a time.
When the second B-channel becomes available, it can be used for the
connection as well, providing the video system supports this capability.

Although video systems can use either off-hook or on-hook Callback, you
should only use off-hook Callback for 2B data connections. If you use
on-hook Callback, the returning callback call is connected using only one
B-channel.

Automatic Callback should be disabled for digital data and
videoconferencing extensions.

You cannot camp onto data or video calls.
Conference does not function with data calls.
2B data video calls require both B-channels at a video workstation.

Individual Coverage is not recommended for 2B data calls. Because a
coverage receiver can have only one Cover button for each coverage
sender, only a 1B data call arrives at the receiver. The second call of a 2B
call continues to ring at the coverage sender.

Coverage delays do not apply to data calls. Calls ring immediately.

Coverage is not recommended for video extensions.
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CTI Link

Directories

Do Not Disturb

Forward and
Follow Me

Group Calling

Hold

Messaging

Multi-Function
Module

Night Service

Paging

Park

Digital Data Calls

If you program a CTI link for an extension that is already programmed for
2B data, the 2B data programming is no longer functional. The 2B data
programming should be removed from the extension.

Digital communications devices and videoconferencing systems cannot
make use of Extension, Personal, or System Directories.

Digital communications devices can activate Do Not Disturb by dialing the
virtual button number (for example #01) of the Do Not Disturb button. Do
Not Disturb can be activated by video systems that have the ability to dial
strings and feature codes that begin with #.

Digital communications devices can forward calls by dialing the
associated feature code.

Forward can be activated by video systems that have the ability to dial
strings and feature codes that begin with #. 2B data calls are forwarded
as two 1B data calls.

Remote Call Forwarding features are not available at video system
extensions.

Lines intended for data calls should not be mixed in the same Calling
Group with lines intended for voice calls.

Video systems can connect only with 1B data connections (provided that
the video application supports 1B data) when receiving a call through a
Calling Group (called a Data Hunt Group when used for data calls),
because a Calling Group dispenses only one call to each Calling Group
member.

Data calls cannot be put on Hold.
2B data video calls require both B-channels at a video workstation.

Messaging features are not available for data or video extensions, but
they can be used by telephones at these workstations.

An MFM cannot be used to connect a digital communications device or
videoconferencing system.

If a digital communications device or videoconferencing system is a
member of the Night Service group, voice calls to the Night Service group
do not ring at these extensions. Data or video calls do ring, and 2B data
calls can be established. However, if there are two or more 2B data
extensions receiving Night Service calls, the two 1B data calls that form a
2B data call may be directed to different extensions instead of the same
one during Night Service operation.

Digital communications devices and videoconferencing systems can be
assigned to Paging Groups; however, they should not be: they are not
alerted if there is a call to a Paging Group, and they cannot make group
pages.

Data calls cannot be parked.



Personal Lines

Pickup

Pools

Privacy

Redial

Reminder Service

Remote Access

Ringing Options

Signal/Notify

Speed Dial

System Access/
Intercom Buttons

Features

Personal Lines can be assigned to digital communications devices and
videoconferencing systems, which ideally should not share Personal
Lines except with extensions at the same workstations. If they do share
Personal Lines, the System Manager should ensure that enough idle
lines are available, particularly when a video system is receiving 2B data
calls. Otherwise, the video system may receive only 1B data while
another extension is using a second Personal Line.

When a Personal Line is shared between a digital data device and a
telephone, voice calls are directed only to the telephone, and data calls
are received only by the digital communications device.

Personal Lines can be shared between an MLX telephone and a digital
communications device connected to the MLX adjunct extension,
provided that the communications device supports this capability.

A digital communications device can pick up a data call. Pickup is not
recommended at video system extensions.

If a videoconferencing system is programmed to have a single Pool
button, two calls to that pool result in a 1B data call. However, if two
separate pools are assigned to a videoconferencing system extension,
then a 2B data call can be established. If a system includes two or more
video systems sharing the same pools, incoming 2B data calls can be
misrouted.

Privacy is activated automatically for digital data calls.

Terminal adapters can use Redial by dialing the Redial feature code.
Redial can be activated by video systems that can dial strings and feature
codes that begin with #.

Digital communications devices and videoconferencing systems cannot
receive reminder calls.

Data calls cannot be made into lines programmed for Remote Access.
Personalized ringing has no effect on digital data calls.

Some terminal adapters follow programmed ringing options and should
be set to Immediate Ring.

Videoconferencing systems are not affected by ringing options.

Signaling can be activated by video systems that have the ability to dial
strings and feature codes beginning with #.

Personal and System Speed Dial codes can be used on digital
communications equipment (DCE).

Speed Dial codes can be used only on digital video systems that have the
ability to dial feature codes or number strings that begin with #.

Data calls cannot be presented as voice calls, although digital equipment
can make calls using ICOM or SA Voice Announce buttons.

Digital Data Calls
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Tandem Switching

Transfer

Voice Announce

Digital Data Calls
248

Digital data calls between networked systems (Hybrid/PBX mode only)
must travel over PRI tandem trunks or T1-emulated tie data tandem
trunks. 2B data is supported when two B-channels or T1 channels are
available. Digital data calls can take place at 64- and 128-kbps data
speeds over tandem PRI trunks that are routed for data-only or voice/data
operation. T1-emulated tie data tandem facilities are UDP-routed for data
only; 56- and 112-kbps data speeds are supported on these facilities.

Data calls cannot be transferred.
2B data video calls require both B-channels at a video workstation.

Voice Announce should be disabled at digital data workstations.
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Direct-Line Console (DLC)

At a Glance

Users Affected
Reports Affected

Modes
Telephones

Maximums
Operator positions (total
DLCs and QCCs)
DLCs for each module

4400-Series and MLX Display
Labels
Factory Settings
Personal Lines on DLC
Primary System Operator
Position
Park Zone Extensions

Description

DLC operators only

System Information (SysSet -up), Operator Information,
Extension Information

All

4424D+, 4424LD+, MLX-20L, MLX-28D®

8

2 for 412 LS-ID-TDL, 008 MLX, and 408 GS/LS-ID-MLX modules;
4 for 024 TDL and 016 MLX modules

See “Display” on page 289.

Lines 1-18
First (lowest) jack on first TDL or MLX extension module

881-888

A Direct-Line Console (DLC) is an answering position that system operators use to:

m  Answer outside calls that are not directed to an individual user or group.

m  Answer inside calls.

m Transfer inside and outside calls to local or non-local extensions or to an outside telephone

number.

m  Make outside calls, for example, for users with extensions restricted from making outside calls.

m  Set up conference calls.

m  Monitor system operation.

m  Monitor group member or room status when used with Extension Status in Group Calling
Supervisor or Hotel mode.

A DLC operates like other multiline telephones. In all three modes of operation, outside lines are
assigned as Personal Lines to individual buttons on the console. The lines assigned on an
individual DLC can also be assigned to buttons on other consoles or other extensions. Incoming
calls can ring on any of the line buttons, and several calls can ring simultaneously. The operator
uses the Transfer button to direct calls to other extensions or outside numbers.

Direct-Line Console (DLC)
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Private networked trunks must not be programmed on a DLC as Personal Lines. DLC operators
can call UDP extensions by using an SA button.

When programmed system-wide, DLC operator automatic Hold puts an active call on hold when a
DLC operator presses another line button. When one-touch Hold is programmed system-wide and
the DLC operator is on a Personal Line, pressing an Auto Dial button or DSS button also puts an
active outside call on hold. Both of these Holds speed call handling and prevent accidental
disconnection of callers. A DLC operator hears an abbreviated ring as a reminder of a call on hold
every time the interval programmed for the operator hold timer (10-255 seconds) expires.

N0'|‘E> A DSS button can be used to access a non-local extension, but an inside Auto Dial button
cannot. No busy indication, however, appears on the DSS for a non-local extension.

A multiline telephone, assigned as a DLC through system programming, can use both operator
features and telephone features available for non-operator multiline telephones to increase
call-handling efficiency. The operator features that can be assigned to buttons on the console are
Alarm, Night Service, Missed Reminder, and Send/Remove Message.

The first 18 lines on an MLX DLC are always factory-set as Personal Lines.
Each DLC can have one or two Direct Station Selector (DSS) adjuncts attached.

Inside Auto Dial buttons can also be programmed on DLCs. The operator can use these buttons to
transfer a call to a local extension, make an inside call, determine whether a local extension has
Do Not Disturb turned on, or monitor extension status (see “Direct Station Selector” on page 258).

Considerations and Constraints

The maximum number of operator positions is eight. These can be all DLCs or a mixture of DLCs
and QCCs. When both DLCs and QCCs are assigned, no more than four can be QCCs. In a
system with both DLC and QCC positions, the primary system operator position must be a QCC.
The primary operator position is the first (lowest) jack on the first TDL or MLX extension module.

Only multiline telephones connected to the following jacks on the stated modules can be assigned
as DLCs. This includes DLC positions used for Calling Group supervisors.
m  First and fifth jack on:

— 412 LS-ID-TDL module
— 008 MLX module
— 408 GS/LS-ID-MLX module

m  First, fifth, ninth, and thirteenth jack on the 016 MLX module
m  First, fifth, thirteenth, and seventeenth jack on the 024 TDL module

The maximum number of DLCs assigned on a module depends on the module:
m  Maximum of 2 on a 412 LS-ID-TDL, 008 MLX, or 408 GS/LS-ID-MLX module
m  Maximum of 4 on a 024 TDL or 016 MLX module

Direct-Line Console (DLC)
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A DLC cannot be located off premises.

When only DLCs (and not QCCs) are assigned, the first DLC connected to the control unit is the
primary system operator position. When the system is first connected, all Dial 0 calls, invalid
destination calls from Remote Access users, and unassigned DID calls are directed to this

position.

If an extension is changed from a Direct-Line Console to a QCC, pool dial-out codes are
disallowed on the QCC. You must use system programming to allow the use of pool dial-out codes

on the QCC.

System Programming

Assign or Remove DLC Operator Positions

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries

Inspect
Copy Option

Procedure

System Manager

All

System idle

2a, System Numbering: Extension Jacks
Type: DLC

First or fifth extension jack on the 412 LS-ID-TDL, 008 MLX, or 408
GS/LS-ID-MLX modules (maximum: two per module; eight DLCs per
system).

First, fifth, thirteenth, or seventeenth extension jack on a 024 TDL
module

First, fifth, ninth, or thirteenth extension jack on the 016 MLX module.

Yes
No
Assign or remove an individual DLC position:

Operator—Positions—Direct Line—>Dial ext. no.—
Enter or Delete—Store All

DLC Operator Automatic Hold

Programmable by
Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries
Inspect

Copy Option

System Manager

All

Not required

6a, Optional Operator Features
Disabled

Disabled, Enabled

No

No

Direct-Line Console (DLC)
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Procedure

One-Touch Transfer/Hold

Programmable by

Mode

Idle Condition
Planning Form

Factory Setting

Valid Entries

Inspect

Copy Option

Procedure

Operator Hold Timer

Programmable by

Mode

Idle Condition
Planning Form
Factory Setting
Valid Entries

Inspect

Copy Option

Procedure

Direct-Line Console (DLC)
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Enable or disable DLC operator automatic Hold system-wide:

Operator—DLC Hold—Automatic Hold Enable or
Automatic Hold Disable—Enter—>Back

System Manager

All

Not required

8a, System Features

One-Touch Transfer, automatic completion (One-Touch Hold is the
factory setting in Behind Switch mode.)

Transfer, Hold
No
No

m  When one-touch Transfer is programmed, select either automatic
or manual completion for system operators:

Options—Transfer—0One Touch—Transfer—
Enter—>Select Manual or Automatic—Enter—
Back—Back

m To program One-Touch Hold:

Options—Transfer—0One Touch—Hold—>Enter—
Back—Back

System Manager

All

Not required

6a, Optional Operator Features

60 seconds

10 to 255 seconds

No

No

Change the duration of the timer signaling a call still on hold:

Operator—Hold Timer—>Drop—Dial no. of seconds (10-255)—
Enter—Back
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Mode Differences

Hybrid/PBX Mode

If QCCs are assigned with DLCs, a QCC must be connected to the first extension jack on the first
TDL or MLX module in the first carrier as the primary system operator position.

Pool buttons cannot be assigned on a DLC; however, lines/trunks included in a pool can be
assigned as Personal Line buttons on a DLC. private network trunks must not be assigned as
Personal Lines on a DLC.

Lines that are not assigned to buttons on the DLC can be selected by the operator only by dialing
the pool dial-out code from the SA button or by selecting a DSS button for the pool dial-out code. A
DLC should not be given dial access to private network trunk pools.

Lines that are not assigned to a pool cannot be selected from a DLC unless they are assigned to
buttons on the console. Shared SA buttons cannot be assigned to DLCs.

Key and Behind Switch Modes
Only DLCs (not QCCs) are allowed in Key and Behind Switch modes.

A DLC operator cannot select lines that are not assigned to buttons on the console.
Telephone Differences

4400-Series and MLX Telephones

A 44241 D+ or MLX-20L telephone assigned as a DLC can also be used for system programming
by connecting it to any of the first five extension jacks on the first TDL (for the 4424LD+ telephone)
or MLX (for the MLX-20L telephone) module and designating that extension jack for system
programming.

When the 4424D+, 4424LD+, MLX-20L, and MLX-28D telephones are used as DLCs, their Home
screens are the same as those of non-operator telephones.

All Dial 0 calls are directed to the QCC queue and do not ring at any DLC positions. A DLC cannot
use Position Busy, which is available only for QCCs. A DLC cannot be assigned as a position-busy
backup for a QCC. (Only Calling Groups can provide backup for a QCC.)

If you plug a 4400D, 4406D+, 4412D+, or TransTalk 9040 telephone into a port assigned as a DLC,
the display shows Invalid 44xx DLC, and the port is busied out. If you plug a 4400 telephone
into a DLC port, the telephone does not work and beeps.

Direct-Line Console (DLC)
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Feature Interactions

Alarm A DLC operator uses an Alarm button to monitor system operation. The red
LED next to the Alarm button on the operator console goes on when the
system detects a problem that requires immediate attention. An operator
with a DLC can use Inspect to display the number of alarms.

The Alarm button is not a fixed feature and can be assigned to any available
button on a DLC.

Allowed/ Allowed and Disallowed Lists can be assigned to DLCs.
Disallowed Lists

Auto Dial An inside Auto Dial button can be programmed on a DLC. A DLC operator
can use the button to transfer a call, make an inside call, or determine
whether or not the extension is available.

Automatic Route In Release 1.5 or later systems, the E911 Adjunct Alarm lights the Attendant
Selection Alarm button if the alarm button is programmed.

Call Waiting and When a DLC operator uses Camp-On to transfer a call to a busy extension,

Camp-On the call is placed in the call-waiting queue and the caller hears the
call-waiting tone, whether or not the extension has Call Waiting activated. If
the system is programmed for one-touch Transfer with automatic
completion, the operator uses Camp-On by pressing the Transfer button,
dialing the extension manually, activating Camp-On, hanging up, and
pressing either another line button or the Transfer button again. If the
operator presses an inside Auto Dial or DSS button, the transfer is
automatically completed and Camp-On cannot be used.

Calling Calling restrictions can be assigned to DLCs. This helps to prevent users
Restrictions from bypassing restrictions on their extensions by asking system DLC
operators with unrestricted consoles to connect them to an outside call.

Coverage A DLC can be both an Individual or Group Coverage receiver and a member
of a coverage group. No more than eight Primary Cover, Secondary Cover,
or Group Cover buttons can be assigned on a DLC. A DLC can also be a
sender.

When a DLC is used in a system with a CTl link and is not itself using a CTI
link application (that is, the DLC is unmonitored), calls transferred from a
Cover button on the DLC do not initiate screen pop, even at screen pop-
capable destinations.

CTI Link A DLC’s SA calls can be controlled by a CTl application. When they are, the
DLC position functions like any other TDL or MLX extension that is using a
CTI application. An outside call to the position initiates screen pop at the
DLC extension.

Calls to DLCs not using a CTI application do not initiate screen pop at the
operator extension; however, when transferred or conferenced—even if they
arrive on the DLC’s Personal Line button—they do initiate screen pop at a
destination extension using a CTl application. Calls transferred from a DLC’s
programmed Cover button, also do not initiate screen pop, even at screen
pop-capable destinations.

Direct-Line Console (DLC)
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Directories

Do Not Disturb

Extension Status

Forward and
Follow Me

Group Calling

Headset Options

Features

An operator with a DLC can use all Directory features.

The green LED next to an Auto Dial or DSS button on a DLC turns on when
a user activates Do Not Disturb. An operator can inspect a DSS button with
a red LED on to see whether the local extension is busy or using Do Not
Disturb. If the user at the extension has turned on Do Not Disturb, the Do
Not Disturb message is posted and appears on the operator’s display. The
message may also mean that the user has posted the message without
turning on the feature.

Extension Status capability can be assigned to DLCs only. In Hotel
configuration, only a DLC operator can change an extension to Status 0. In
the Group Calling Supervisor configuration, a Calling Group supervisor uses
a DLC to monitor and change group member status.

A DLC operator can forward calls to local and non-local extensions and, if
the capability is assigned in system programming, to outside telephone
numbers. In Key mode, because outside lines are assigned as Personal
Line buttons on the console, the ability to forward calls received on each
outside line (excluding loop-start lines with unreliable disconnect) to an
outside number must also be assigned by system programming; it can be
assigned to only one telephone for each individual line/trunk. In addition, the
DLC must be designated as the principal user. In Hybrid/PBX mode, it can
be assigned to multiple telephones for each pool.

A DLC can be a member of a Calling Group; it is used in the Calling Group
supervisor position.

When you have Headset Status activated and have a Headset Hang Up
button on the telephone you are using (manually programmed on a DLC,
factory-set assignment on a QCC), if you press a button on the DSS for an
extension, instead of dialing the extension, you send a manual signal. If you
want to dial an extension by using the DSS button, you must manually select
the System Access or call button, receive a dial tone, and press the
corresponding DSS button for that extension.

On a 4424LD+ telephone programmed as a DLC and with a programmed
Headset Hangup button, if Headset Auto Answer is activated, calls are
automatically answered whether or not Headset Status is activated or even
present on the telephone.

Direct-Line Console (DLC)
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Hold

Messaging

Multi-Function
Module

Night Service

Paging

Park

Personal Lines

When programmed system-wide, DLC operator automatic Hold places an
active call on hold when a DLC operator presses another line button. How
Hold works depends on the type of call and its appearance on the
telephone:

m  When one-touch Hold is programmed system-wide and the operator is
active on a Personal Line, pressing an Auto Dial button or DSS button
also puts the call on Hold. This prevents accidental disconnection of
callers and speeds call handling. If the operator is active on an inside
call and the call is on Hold, the DLC operator hears an abbreviated ring
as a reminder each time the interval programmed for the operator hold
timer (10-255 seconds) expires.

m If the operator is active on an inside