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About This Document

This document describes DEFINITY® Communications System Generic 3
features. Differences between the various Generic 3 (G3) releases, are
specifically identified throughout this document.

Purpose

This document helps switch administrators and managers select communication
features to include in their initial system or to add after the system is in service. It
provides feature descriptions, administration and hardware information, and
other considerations applicable for each available feature.

Along with the DEFINITY Communications System Generic 3 System Description
and Specifications, 555-230-206, this document provides an overall reference for
the planning, operation, and administration of your DEFINITY switch. It is also a
tool for answering questions about the interactions between specific features.
Feature capacities and limitations are described in the System Capacity Limits
table in Appendix A.

This document is used in conjunction with the DEFINITY Communications System
Generic 3 Version 4 Implementation, 555-230-655, for software initialization and
subsequent changes in feature assignments for systems G3sV1, 555-230-650
and 555-230-650ADD; G3iV1, 555-230-650; G3rV1, 555-230-651; G3i-Global,
555-230-652; G3V2, 555-230-653; G3V3, 555-230-653ADD1; G3V4, 653ADD1.

Issue 3 March 1996 Ixxxv



About This Document

Intended Audiences

This document is intended for the DEFINITY switch administrators and managers
in your company, end-users interested in information about specific features, and
AT&T support personnel responsible for planning, designing, configuring, and
selling the system.

Reason For Reissue

This document is updated to include Generic 3 Version 4 information.

How to Use This Document

This document is designed to be used as a reference document. If you are
interested in information about a particular feature, use the table of contents or
index to locate the page number where the feature is described.

Organization

This document is organized as follows:

[Chapter 1, "Introduction" | provides an introduction to this document and
provides a general description of the functions and services provided with
the system. Chaéter 1| also recommends various security measures to
protect your system from unauthorized use.

[Chapter 2, "Functional Description" | provides descriptions of the
DEFINITY switch features, functions, and services. This chapter also
presents these capabilities classified into six categories: Voice
Management, Data Management, Network Services (including World
Class Routing), System Management, Hospitality Services, and Call
Center Services. Each group of functions and services, including a listing
of associated features, is described separately in a section of this chapter.

See[Chapter 3, "Feature Descriptions'|for detailed information on
individual features.

[Chapter 3, "Feature Descriptions" _|provides detailed information of the
system features. The features are arranged in alphabetical order,
regardless of the functional area to which they apply. The information for
each feature is presented under six headings: Feature Availability,
Description, Considerations, Interactions, Administration, and Hardware
and Requirements.

|[Appendix A, "System Parameters" | provides information relating to
overall system characteristics and capacities. This chapter includes items
that must be considered when planning for system implementation.
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Security Requirements

« |Appendix B, "References" |provides a list and brief descriptions of
reference documents.

« |Appendix C, "Generic 3 V3 to Generic 3 V4 Transition Reference" |
provides a list indicating new and enhanced features for G3V4 and briefly
describes G3V4 feature enhancements.

. provides a list of abbreviations for the entire document.
« [Glossary |provides a glossary for the entire document.
. provides an index for the entire document.

Security Requirements

[Chapter 1, "Introduction”|contains a section describing security practices you
should follow and list the features requiring special measures to secure them
from unauthorized use. (You can also consult the index under “Security
Measures.”)

The feature descriptions for these features have an extra section, entitled
“Security Measures,” describing the security steps you should perform.

Conventions Used in This Document

This document uses the following conventions:
= ltalic typeface is used to emphasize key words in text.

= Command names, file names, and parameters are shown in Helvetica
Bold typeface.

= Variables and information you type are shown in Helvetica Bold Italic .

=« System messages, screens, and responses are shown using Constant
Width typeface.

= Variables are shown in Helvetica Light Oblique typeface.
= Keyboard keys are shown inside an oval (for example, (RETURN)).

= Telephone dial-pad buttons are shown inside square boxes (for example,
or [x]) and may refer to either rotary or touch-tone telephones.

Trademarks and Service Marks

The following are trademarks or registered trademarks of AT&T:
» ACCUNET®
« AUDIX®

=« CallVisor™
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« CALLMASTER®
=« CentreVu™

« CONVERSANT®
« DATAPHONE®

« DEFINITY®

» DIMENSION®
» 4ESS™

« MEGACOM®
» MERLIN®

« MULTIQUEST®
« TELESEER®

= VOICE POWER®
= UNIX®

The following are trademarks or registered trademarks of other companies:
« Ascend®(registered trademark of Ascend, Inc.)
« Audichron® (registered trademark of the Audichron Company)
« MS-DOS® (registered trademark of the Microsoft Corporation)
« MicroChannel® (registered trademark of IBM Systems)
« MULTIQUEST® (registered trademark of Telecommunications Service)

« PagePac® (trademark of the Dracon Division of the Harris Corporation)

How to Make Comments About This
Document

[xxxviii

Reader comment cards are provided at the back of this document. While we
have tried to make this document fit your needs, we are interested in your
suggestions for improving it and urge you to complete and return a reader
comment card.

If the reader comment cards have been removed from this document, please
send your comments to:

AT&T

Product Documentation Development Group
Room 22-2C11

11900 North Pecos Street

Denver, CO 80234
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Introduction

Overview

This document describes the DEFINITY Generic 3 family of cost-effective digital
communication systems. These systems:

Route voice and data information between various endpoints (telephones,
terminals, computers, etc.)

Provide highly robust networking capabilities

Include an extensive set of standard features (for example, Attendant
Consoles, Voice Processing Interface, Call Coverage, DS1/E1
Connectivity, Hospitality Support, Recorded Announcement, and
Trunk-to-Trunk Transfer)

Provide flexibility and allow for the addition of optional features and/or
upgrades to the system as business needs change

The term “DEFINITY Generic 3" refers to four distinct hardware platforms:

DEFINITY Generic 3vs [A wall mounted unit] (G3vs)
DEFINITY Generic 3s [A small floor or table unit] (G3s)

DEFINITY Generic 3i [A medium size i386-based switch available in
several configurations] (G3i)

DEFINITY Generic 3r [A large MIPS-based switch also available in multiple
configurations] (G3r)

These switches meet and exceed the needs of a wide variety of businesses. For
example, G3s is a cost-effective switch for businesses with less than 200 stations
and 100 trunks. G3i, on the other hand, meets the requirements of larger
businesses that require more than 200 stations and 100 trunks. G3r, the largest
switch, provides even greater capacities.
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Introduction

The current release of Generic 3 introduces Version 4 of the G3 switches. These
phone switches are now more powerful and full-featured than ever.

This document describes versions of Generic 3. This chapter briefly describes
the differences between the various Generic 3 switches and is organized into the
following sections:

= |Generic 3 Version 1 |

This section describes the Generic 3 Version 1 offering; it compares the
G3i, G3i-Global, and G3r Version 1 switches to the earlier G1 switch; and
it compares the G3s and G3vs Version 1 switch to the G3i Version 1
switch.

« |Generic 3 Version 2 |

This section describes the Generic 3 enhancements introduced in Version
2.

[Generic 3 Version 3 |

This section describes the Generic 3 enhancements introduced in Version
3.

« |Generic 3 Version 4 |

This section describes the Generic 3 enhancements introduced in Version
4.

» |Generic 3 Notation |

This section explains notation used throughout this document to
differentiate the various switches, and the different versions of the same
switch.

For a list of the features available with each switch, see [Table 1-6|in this chapter;

for a summary of the system capacities for each switch, see [Appendix A]
[System Parameters"]
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Generic 3 Version 1

Generic 3 Version 1

Generic 3 Version 1 includes the following switches:

Generic 3iVersion 1
Generic 3i-Global (Contains features for international requirements)
Generic 3r Version 1
Generic 3s Version 1

Generic 3vs Version 1

Each switch is described next.

G3i Version 1

G3i Version 1 is an enhanced version of earlier DEFINITY switches and combines
many of the features of Generic 1 and Generic 2. G3i Version 1 addresses the
needs of businesses in the United States and supports up to 1600 stations and
400 trunks.

G3i Version 1 introduced the following features and functions that are not part of
Gl orG2:

Access Endpoints (See the Administered Connections Feature)
Administered Connections

Administration Without Hardware

Alphanumeric Dialing

Attendant Serial Calling

Attendant Intrusion (Call Offer)

Attendant Override of Diversion Features

Attendant Priority Queue

Call Pickup Alerting

Call Prompting

Call Vectoring

Callvisor™ AsAl (Adjunct/Switch Application Interface)
DCS Over ISDN-PRI D-Channel

Default Dialing

Non-Facility Associated Signaling and D-Channel Backup
Inbound Call Management

Integrated Services Digital Network — Basic Rate Interface (ISDN-BRI)
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=« Look Ahead Interflow

= Security Violation Notification
Additional G1 features are significantly enhanced for G3i Version 1. These
features include:

= ARS and AAR also known as “Ten-to-Seven Digit Conversion” are
enhanced to support Multi-National Call Routing and Multi-National Toll
Analysis

= Forced Entry of Account Codes, nhow known as CDR Account Code
Dialing

= Agent Call Handling — Stroke Counts, Call Work Codes, and Forced Entry
of Stroke Counts and Call Work Codes are added

= Automatic Call Distribution — Direct Agent Calling is added
= Call Detail Recording — New CDR record formats are added
« Class of Restriction — New restrictions are added

= Integrated Services Digital Network — Primary Rate Interface (ISDN-PRI)
— Software Defined Data Network (SDDN) was added

= Toll Restriction

G3i-Global Version 1

G3i Version 1 is an enhanced version of earlier DEFINITY switches and combines
many of the features of Generic 1 and Generic 2. G3i-Global Version 1
addresses business needs in the global market and supports up to 2400 stations
and 400 trunks.

The number of differences between G1 and G3i-Global is predicated on whether
you had an international version of G1 or the United States (US) version. Some
international features were built into the G1 switches produced for locations
outside this country.

G3r Version 1

1-4

G3r Version 1 is an enhanced version of earlier DEFINITY switches and
combines many of the features of Generic 1 and Generic 2. It is the DEFINITY
switch required for large applications or large offices. G3r Version 1 addresses
the needs of businesses in the United States and supports up to 10,000 stations
and 4,000 trunks.

G3r Version 1 introduced the following features and functions that are not part of
GL1. It also contains most of the G3iV1 features. New features are shown below:
= Alternate Facilities Restriction Levels

= Attendant Serial Calling
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= Attendant Intrusion (Call Offer)

= Attendant Override of Diversion Features

= Attendant Priority Queue

= ACD — Auto-Available Split

= Audible Message Waiting

= Auto-Start/Don’t Split

= Automatic Transmission Measurement System

= DCS Over ISDN-PRI D-Channel

= Extension Number Portability

= Extended Trunk Access

= Hold — Automatic

= Malicious Call Trace

= Multiple User Access — Maintenance and Administration

= Restriction — Fully Restricted Service

= Terminal Translation Initialization

= Transfer — Outgoing Trunk to Outgoing Trunk
Other G1 features are significantly enhanced for G3r Version 1. These features
include:

= Administration Without Hardware

= Attendant Dial Access

= Attendant Timers and Timed Reminders

= Automatic Alternate Routing (AAR)

= Automatic Route Selection (ARS)

= AUDIX

= Call Detail Recording (CDR) [Formerly called SMDR]

= CallVisor ASAI (Adjunct/Switch Application Interface)

= Class of Restrictions (COR)

= Conference — Attendant

= Conference — Voice Terminal

= Dial Plan

= Direct Inward Dialing (DID)

= Distinctive Ringing

=« DS1 Tie Trunk Service
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= Emergency Access to Attendant
= Facilities Test Calls

= Leave Word Calling

= Line Lockout

= Trunk Group Hunting

G3s Version 1

DEFINITY Generic 3s Version 1 is designed to provide businesses with up to 200
stations with greater flexibility in choosing their telecommunication systems. Not
only does G3s carry the same strength of architecture, price performance, and
investment protection provided by Generic 3i and Generic 3r, DEFINITY Generic
3s also includes many of the Generic 3i features and applications in packages
that serve a variety of business needs.

DEFINITY Generic 3s offers two distinct packages: the Premier Business
Package (PBP) and the Advantage Business Package (ABP). Each package
contains a subset of the DEFINITY Generic 3i features and options that meet
specific business needs and provide flexible communication solutions.

The Premier Business Package is designed for customers with up to 200 stations
and 100 trunks, while the Advantage Business Package is designed for
customers with up to 200 stations and 50 trunks. The optional features for PBP
are the same as for G3i; the optional features for ABP includes a subset of the
G3i optional features and are available through various option packages. See
[Table 1-6]for further details.

G3vs Version 1

1-6

DEFINITY Generic 3vs is a new member of the Generic 3 family of cost-effective
digital communications systems designed to: provide businesses with 80 or
fewer stations greater flexibility in choosing their telecommunication systems. It
also provides satellite affiliates of multi-location businesses with the same
telecommunication services available at larger locations using the G3s, G3i, and
G3r switches.

G3vs is a convenient compact single-carrier cabinet switch that is wall-mounted.
It has a FLASH memory cartridge that supports all G3s features and options
except, Integrated Services Digital Network — Basic Rate Interface (ISDN-BRI)
and CallVisor Adjunct/Switch Application Interface (ASAI).

As stated for G3s, the Advantage Business Package and the Premier Business
Package are available.
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Generic 3 VVersion 2

Version 2 combines almost all features available in Version 1 software across all
hardware platforms into one software base. This base is available on all
platforms. For example, the international features that were only available for
DEFINITY G3i-Global are now available for G3r, G3i, and G3s/G3vs. Generic 3
Version 2 includes the following switches:

Generic 3iVersion 2 (G3iV2)

G3i Version 2 also runs on two distinct processor platforms: an i286 and
i386. To distinguish between these products this document will sometimes
specify G3iV1-286 and G3iV1-386 or G3iV2-286 and G3iV2-386. The
mayjor differences between these packages are that G3i-386 has larger
capacity limits than the G3i-286 (see endix A, "System Parameters"|for
details).

Generic 3r Version 2 (G3rV2)
Generic 3s Version 2 (G3sV2)

G3s Version 2 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

Generic 3vs Version 2 (G3vsV2)

G3vs Version 2 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

New Features for Version 2

The following new features are supported in Generic 3 Version 2:

EAS (Expert Agent Selection)

ECMA (European Computer Manufactures Association) ISDN-PRI Basic
Call

Japan NTT ISDN-PRI Basic Call
Redirection on No Answer (RONA)
Spain Telephone System Compatibility
Voice Response Integration (VRI)

Wideband Switching

Generic 3 Version 3

Generic 3 Version 3 includes the following switches:

Generic 3iVersion 3 (G3iV3)

G3i Version 3 runs on the i386 processor platform.
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Generic 3r Version 3 (G3rV3)
Generic 3s Version 3 (G3sV3)

G3s Version 3 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

Generic 3vs Version 3 (G3vsV3)

G3vs Version 3 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

New Features for VVersion 3

The following new features are supported in Generic 3 Version 3:

Add/Remove Skills

Administrable Logins

Agent Sizing

Attendant Room Status

Constellation Voice/Data Terminal Support
Forced Password Aging

Multiple Call Handling

Switch Based Bulletin Board

VDN of Origin Announcements

VuStats

Many Generic 3 features were also enhanced for G3V3. See DEFINITY
Communications System Generic 3V2 to Generic 3V3 Transition Reference,
555-230-621, for a complete description of all V2 to V3 additions and
enhancements.

Generic 3 Version 4

1-8

Generic 3 Version 4 includes the following switches:

Generic 3iVersion 4 (G3iV4)

G3i Version 4 runs on the i386 processor platform.
Generic 3r Version 4 (G3rV4)

Generic 3s Version 4 (G3sV4)

G3s Version 4 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

Generic 3vs Version 4 (G3vsV4)
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G3vs Version 4 has two packages: the Premier Business Package (PBP)
and the Advantage Business Package (ABP).

New Features for VVersion 4

The following new features are supported in Generic 3 Version 4:

Advice of Charge (ISDN-PRI)

Call Forward Busy/Don’t Answer

DCS Call Coverage

Flexible Billing

Misoperation Handling (modified)

PC Application Software Translation Exchange (PASTE)
Ringing — Abbreviated and Delayed

Tenant Partitioning

World Class Core BRI

Many Generic 3 features were also enhanced for G3V4. See [Appendix C]

['Generic 3 V3 to Generic 3 V4 Transition Reference"|for a complete description of

all V3 to V4 additions and enhancements.
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Generic 3 Notation

The Generic 3 notation refers to ALL G3 releases. To differentiate between the
Generic 3 (G3) switches as a group, and the different implementations of the

Generic 3 switches, the notations listed below are used in this document

Table 1-1. Generic 3 Version 1 Switches
Abbreviation Refers to...
G3sV1 Generic 3s Version 1
G3sV1 ABP Generic 3s Version 1 Advantage Business Package
G3sV1 PBP Generic 3s Version 1 Premier Business Package
G3vsV1 Generic 3vs Version 1
G3vsV1 ABP Generic 3vs Version 1 Advantage Business Package
G3vsV1 PBP Generic 3vs Version 1 Premier Business Package
G3ivl Generic 3i Version 1
G3i-Global International Generic 3i Version 1
G3rv1i Generic 3r Version 1
G3Vv1 G3sV1, G3vsV1, G3iV1, G3i-Global, and G3rV1

Table 1-2. Generic 3 Version 2 Switches

1-10

Abbreviation Refers to...

G3sVv2 Generic 3s Version 2

G3sV2 ABP Generic 3s Version 2 Advantage Business Package
G3sV2 PBP Generic 3s Version 2 Premier Business Package
G3vsV2 Generic 3vs Version 2

G3vsV2 ABP Generic 3vs Version 2 Advantage Business Package
G3vsV2 PBP Generic 3vs Version 2 Premier Business Package
G3iv2 Generic 3i Version 2

G3iVv2-286 Generic 3i Version 2 on 286 processor

G3iV2-386 Generic 3i Version 2 on 386 processor

G3rv2 Generic 3r Version 2

G3v2 G3sV2, G3vsV2, G3iV2, and G3rv2
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Table 1-3. Generic 3 Version 3 Switches

Abbreviation Refers to...

G3sVv3 Generic 3s Version 3

G3sV3 ABP Generic 3s Version 3 Advantage Business Package
G3sV3 PBP Generic 3s Version 3 Premier Business Package
G3vsV3 Generic 3vs Version 3

G3vsV3 ABP Generic 3vs Version 3 Advantage Business Package
G3vsV3 PBP Generic 3vs Version 3 Premier Business Package
G3iv3 Generic 3i Version 3

G3rv3 Generic 3r Version 3

G3v3 G3sV3, G3vsV3, G3iV3 and G3rv3

Table 1-4. Generic 3 Version 4 Switches

Abbreviation Refers to...

G3sv4 Generic 3s Version 4

G3sV4 ABP Generic 3s Version 4 Advantage Business Package
G3sVv4 PBP Generic 3s Version 4 Premier Business Package
G3vsV4 Generic 3vs Version 4

G3vsV4 ABP Generic 3vs Version 4 Advantage Business Package
G3vsV4 PBP Generic 3vs Version 4 Premier Business Package
G3iv4 Generic 3i Version 4

G3rv4 Generic 3r Version 4

G3Vv4 G3sV4, G3vsV4, G3iV4 and G3rv4

Issue 3 March 1996 1-11



Introduction

1-12

The following table identifies switches independent of their versions.

Table 1-5. Generic 3 Switches

Abbreviation

Refers to...

G3s G3sV1, G3sV2, G3sV3, G3sV4
G3vs G3vsV1, G3vsV2, G3vsV3, G3vsV4
G3i G3iV1, G3iV2, G3iV3, G3iv4
G3i-Global G3V1-Global

G3r G3rv1, G3rv2, G3rv3, G3rv4

G3 G3V1, G3V2, G3V3, G3v4
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Security Measures

Security on the Remote Administration port cannot be overemphasized. If it is not
secure, an unauthorized user can compromise the system in many ways, such
as viewing Barrier and Authorization codes or viewing Feature Access Codes.

A WARNING:
If you suspect that unauthorized access has occurred, the system

administrator should change the barrier codes, authorization codes,
passwords, and any other sensitive codes.

To help secure the system, the system administrator should follow the steps
below:

= Change the factory default passwords after the system is powered up if
you have a DEFINITY release prior to G3V3. With G3V3 and higher, the
switch is equipped with init, inads, and craft passwords. These are the
only default logins and are AT&T services logins. The first superuser
customer login must be created during the installation process.

= If you are upgrading to V3 or V4, your logins and passwords will be
preserved as part of the upgrade process. In this case, change logins and
passwords following the upgrade.

= Change passwords quarterly.

= Administer the Security Violation Notification feature to report
unsuccessful attempts to access the system. With G3V3 and later
releases, the Security Violation Notification Feature has the added
capability of disabling a valid login ID following a security violation
involving that login ID and disabling remote access following a security
violation involving a barrier code or authorization code.

= Use the Recent Change History feature to determine if unauthorized
changes have been made to the system. To assist in identifying
unauthorized use of the system, in G3V4, the Recent Change History
Report lists each time a user logs in or off the system.

=> NOTE:
With the exception of log ins and log offs with G3V4 and later
releases, the Recent Change History feature does not record and
display administration commands that only display information.

Please pay special attention to the features and security measures discussed in
the following sub-sections.

For assistance with toll fraud prevention, call either AT&T Corporate Security at
800 821-8235 or the DEFINITY Helpline at 800 225-7585.

If you have identified fraudulent calling in progress, and require assistance in
stopping the fraud, call the AT&T Technical Service Center at 800 242-2121.
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When you have dialed the service center number from a touch-tone phone, you
will make selections on several menus to access toll fraud help. Follow the verbal
instructions provided by the menu topics.

Logoff Notification

G3V4 and later releases provide for notification at logoff when the Remote
Access or Facility Test Calls features remain active. Logoff Notification is
administered on the Login Administration form and can be assigned to any login
ID. The notification can be administered to force acknowledgment from the user.

Logoff Notification is primarily used to notify the system administrator when one
of these security risk features is still active at logoff. Notification guards against
inadvertently leaving a security risk feature active. It can also alert the system
administrator to unauthorized feature activation. See the GBCS Products Security
Handbook, 555-025-600, for more information.

Passwords

1. Change all default passwords in both the switch and adjuncts (CMS,
CSM, AUDIX, Trouble Tracker, VMAAP, Manager ll/Ill, Conversant, Intuity,
and others)

2. The following customer logins are included in the G1 and G3 (pre-V3)
product: cust, rcust, browse, bcms, and nms. The “cust” login is for
superuser access. The remaining logins are non-superuser access.
G3V3 and later releases have administrable logins.

3. AT&T will change the password quarterly on its login IDs.

4. Use the maximum number of digits, mixing both alpha and numeric

5. Change passwords at least quarterly
G3V3 and later releases enhanced switch security by adding Forced Password
Aging and Administrable Logins. This security feature enables the user to define
their own login IDs and specify a set of commands that each login has access

to. In addition, the user is required to change the password for each login at
specified time intervals when Forced Password Aging is administered.

Physical Security

1-14

1. Keep wiring closets and switch rooms secure
2. Keep any documentation pertaining to switch operation secure

3. Keep any reports that may reveal trunk access code, remote access
barrier codes, authorization codes, or password information secure
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Remote Administration Port

Security on the Initialization and Administration System (INADS) Remote
Administration Port is critical. The optional Remote Port Security Device (RPSD)
is a password encryption device that can be attached to the Remote
Administration Port for increased security. It is virtually impenetrable and
provides maximum protection.

To increase system security, G3V4 by default disables customer access to the
INADS Remote Administration Port. For a customer to have access, AT&T must
enable customer super-user login access. Once access is enabled, the
customer must enable port access as needed per user login.

If ARS is provided, do not allow Dial Access by Trunk Access Codes

Remove the Facility Test Call feature code (Feature Access Codes)

If provided, administer a trk-ac-alm on the console to alert whenever the

6. Disallow or limit outgoing calls from tie lines by assigning appropriate

Require Forced Entry of Account Codes or Authorization Codes on toll

Block International calls if no business is conducted overseas or use the
ARS tables to limit calling to specific country codes or North American

Limit voice mail to internal calling only by Outward Restricting the COR of
the voice ports and assigning the lowest possible FRL to the COR

Activate Enhanced Call Transfer if available in the AUDIX, DEFINITY

Trunks
1.
2.
3. On the COR form disable the Facility Access Trunk Test (N)
4.
Facility Test Call feature is enabled
5. Disallow Trunk-To-Trunk Transfer if not needed
FRL'’s
7.
calls
8.
area codes.
9. Block area codes if calls to certain states are not permitted
AUDIX
1.
2. Allow outbound calls to only certain numbers as defined by the
Unrestricted Call List
3.
AUDIX, or Intuity and if supported by the switch
4.

Restrict the transfer capability of AUDIX from accessing trunks by
assigning a COR that prohibits access.

For details on how to administer a DEFINITY AUDIX installation, refer to Switch
Administration for DEFINITY AUDIX System R1.0, 555-300-5009.
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Automated Attendant

1. Restrict menu options to internal extensions only, by Outward Restricting
the automated attendant ports

2. Restrict calls that transfer off-premises to specific numbers as defined in
the Restricted Call List

3. Force disconnect or route to an attendant any menu option that is not valid

=> NOTE:
The above values may differ in different switches. Always try to use the
maximum value for the feature as defined by the switch documentation.
This list is to provide ideas in preventing fraud and does not list all possible
ways fraud may occur. AT&T does not guarantee that the list above will stop
all fraud.

Call Forwarding

Use the list call-forwarding command, available with G3V4 and later releases,
to identify unauthorized Call Forwarding feature activation. The command can be
used to list: all stations with Call Forwarding Active; a subset of stations with Call
Forwarding active; or the Call Forwarding status of a specified station.

The list identifies stations with either Call Forwarding All Calls (on-net or off-net)
or Call Forwarding Busy/Don’'t Answer active. It shows the station extension, the
station name and the forwarded-to destination.

Call Vectoring

1-16

Call vectoring allows processing of incoming and internal calls according to a
programmed set of commands. Vector commands can direct calls to
on-premises or off-premises destinations, to a hunt group or split, or to a specific
call treatment such as an announcement, forced disconnect or delay treatment.
It is possible for the system to collect digits from the user and route calls to a
destination specified by those digits, and/or do conditional processing
according to the digits dialed (Call Prompting feature).

Calls access vectors using Vector Directory Numbers (VDNs). A VDN is a “soft”
switch extension not assigned to a physical equipment location but having many
of the properties of a normal extension number, including a Class Of Restriction
(COR). The VDN, when dialed (or inferred), routes calls to the vector. Calls
processed by the vector carry the permissions and restrictions associated with
the COR of the Vector Directory Number.

Putting this all together, if a vector in the switch is written to collect digits, and
then to route to the digits dialed, the restrictions on what calls can be placed are
determined by the COR of the VDN. An incoming caller can access Trunk
Access Codes, some Feature Access Codes, or most other sets of dialed digits.
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Action

In order to deny incoming callers access to outgoing facility paths, the COR of
the Vector Directory Number must be configured to disallow outgoing access.
This should include; lowering the Facility Restriction Level in the COR to the
lowest acceptable value (FRL=0 provides the most restricted access to network
routing preferences), assigning a Calling Party Restriction of “Toll” or “Outward”,
denying Facility Test Call capability, and blocking access to specific COR's
assigned to outgoing Trunk Groups using the Calling Permissions section of the
Class Of Restriction Screen.

Review the Classes of Restriction assigned to your VDNSs. If they are not
restricted, consider assigning restrictions on the VDN to prevent callers exiting
the system via the vector. For assistance, please contact the DEFINITY Helpline
at 800 225-7585.

Enhanced Call Transfer

When using AUDIX, DEFINITY AUDIX, or Intuity, remember to activate the
Enhanced Call Transfer (ECT) feature as part of your security plan. While this
powerful feature limits transfers to valid extensions, there are some extension
numbers that should NOT be made available to AUDIX transfers.

ECT allows callers to transfer out of AUDIX to valid extension numbers (as
determined by the switch’s Dial Plan.) However, there are certain extension
numbers, within the Dial Plan, that provide capabilities AUDIX transfers should
be denied access to. Examples would include extension nhumbers used to
dial-access system administration capabilities within the switch or extension
numbers that are associated with features that provide second dial tone (Remote
Access Extension).

To block AUDIX access to these extension numbers, they should be placed in
special Class(es) of Restriction (COR). Using COR-To-COR calling permissions,
the COR of the AUDIX analog ports should be denied access to the CORs
containing these special extension numbers. To do this, access the Change -
Class Of Restriction screen for the COR assigned to the analog ports that
connect to AUDIX.

=> NOTE:
AUDIX ports should always reside in a separate COR designed specifically
for them. In the COR-To-COR permissions area at the bottom of the screen,
enter “no” in each COR field corresponding to the CORs assigned to the
extensions you want protected.
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Action

Review the Classes of Restriction assigned to your AUDIX analog ports and your
Remote Access/Netcon (G3vs, G3s, G3i) or system port (G3r) data extensions. If
they are not restricted, consider assigning restrictions that would prevent callers
in AUDIX from being transferred to these extensions. For assistance, please
contact the DEFINITY Helpline at 800 225-7585.

Remote Access

1. Use maximum Barrier Code Length (7)

G3V3 and later releases provide a 7-digit barrier code with Remote
Access Barrier Code Aging. Remote Access Barrier Code Aging limits the
length of time a barrier code remains valid, and/or the number of times a
barrier code can be used. The ability to define the life span and number of
times a barrier code can be used reduces the opportunity for
unauthorized use of the Remote Access feature.

2. Activate Authorization Code Required (Y)
3. Assign each barrier code a COR and COS that allow only necessary calls

4. Assign an appropriate Facility Restriction Level (FRL) and other
restrictions for each COR (outward, toll, etc.)

5. Use maximum Authorization Code Length (7)
6. If providing attendant coverage, activate Timeout To Attendant (Y)

7. Change or remove authorization codes when authorized users leave the
company

8. If Time of Day Routing is provided, raise the FRLs on route patterns during
hours that remote access should not be used.

9. Suppress dial tone in the Remote Access Dial Tone field (Y)

10. If Remote Access is not going to be used, permanently disable the
Remote Access feature. This feature is available on RV3, G1, and G3 V1.1
and higher.

Use the status remote-access command in G3V4 to check the status of the
remote access feature and barrier codes. The command displays information
that can help in determining why and when use of the remote access feature or a
particular barrier code was denied.

If Remote Access is not permanently disabled, but is not administered, set Logoff
Notification, available with G3V4 and later releases, to notify the system
administrator at logoff when the Remote Access feature is enabled. Logoff
Notification is administrable on a login ID basis.

For a detailed description of the status remote-access command and Logoff
Notification, see the GBCS Products Security Handbook, 555-025-600.
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Other Features Requiring Security Precautions

Follow the specific security measures recommended in this chapter when
administering the following features:

— AUDIX Interface

— Call Vectoring

— Facility Test Calls

— Remote Access

— Remote Administration

— Transfer - Trunk to Trunk

— Terminal Translation Initialization

(See the index under “Security Measures” for the specific page numbers where
the security measures are described for each of these features.)

Consult the GBCS Products Security Handbook, 555-025-600, for additional

steps to secure your system and to find out how to regularly obtain information
concerning security developments.
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Organization of Features

The next few chapters describe the DEFINITY switch features, functions, and
services.|Chapter 2| presents these capabilities classified into six categories:

[Voice Management Overview|

[Data Management]

[Network Services (including World Class Routing)
System Management|

[Hospitality Services|

[Call Center Services|

=>» NOTE:

It is useful to consider the features and functions from the perspective of
the following functional views: System View, Call Center View, PBX-to-Host
View, Voice Processing View, Network View (including World Class
Routing), System Management View, Desktop View, Hospitality View, and
Support View. Some features and functions support several of these views,
so the views should not be seen as discrete categories for listing features
and functions. For a description of the system organized from a functional
perspective, see An Introduction to DEFINITY Communications System
Generic 3, 555-230-020.

Organization of Each Feature Section

1-20

In|Chapter 3|the features are arranged in alphabetical order. The information for
each feature is generally presented under six headings with some differences
among the sections:

Issue 3

Feature Availability

Defines in which release(s) the feature is available. (Also see the table
later in this chapter for a listing of the G3 feature set.)

Description

Defines the feature, tells what it does for the user, or how it serves the
system, and briefly describes how it is used.

Considerations

Discusses the applications and benefits of the feature, followed by the
feature parameters and any other factors to be considered when the
feature is used.

Interactions

Lists and briefly discusses other features that may significantly affect the
feature being described. Interacting features are those that:
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— Depend on each other — one of the features must be provided if
the other one is.

— Cannot coexist — one of the features cannot be provided if the
other one is.

— Affect each other — the normal operation of one feature modifies,
or is modified by, the normal operation of the other feature.

— Enhance each other — the features, in combination, provide
improved service to the user.

= Administration

States whether or not administration is required, how the feature is
administered, who administers the feature, and lists items requiring
administration. See the DEFINITY Communications System Generic 3
Version 4 Implementation, 555-230-655, for details.

= Hardware and Software Requirements
Lists any additional hardware and/or software requirements needed for
the feature.

provides a complete list of the Generic G3 features and, for each
feature, indicates whether the feature is standard (always part of the offering) or
optional (can be purchased separately) with the Advantage Business Package,
the Premier Business Package, Generic G3i, and Generic G3r.

The following notations indicate feature availability:

LEGEND:

S Standard

@) Optional

N/A Not Available

V2 Only available with G3V1.1, G3V2 and later releases. Not

available with G3V1. Please note that feature availability
between G3V1.1 is somewhat different. Any feature identified
as V2 is NOT available with G3V1.1 except as an upgrade.

GD Available with G3i-Global and G3iV2 (and later releases). Not
available with G3iV1.

V3 Only available with G3V3 and later releases.
V4 Only available with G3V4 and later releases.
=> NOTE:

Customers outside of North America should refer to the column marked
G3vs PBP for feature availability.

Standard features may require additional hardware.

Issue 3 March 1996 1-21



Introduction

Table 1-6. Feature Availability

Feature G3vs ABP | G3vsPBP | G3s ABP | G3sPBP | G3i G3r
AAR/ARS Partitioning S S S S S S
AAR/ARS Digit Conversion (0] (0] (0] (0] S S
Abandoned Call Search S S S S S S
Abbreviated Dialing st s? s? s? s? s?
Abbreviated Dialing (Enhanced) N/A (0] N/A (0] O O
Add/Remove Skills V3 V3 V3 V3 V3 V3
Administrable Language Displays V2 V2 V2 V2 GD V2
Administrable Logins V3 V3 V3 V3 V3 V3
Administered Connections N/A S N/A S S S
Administration Without Hardware S S S S S S
Advice of Charge V4 V4 V4 V4 V4 V4
Agent Call Handling ok o* ok o* o* o*
Agent Sizing V3 V3 V3 V3 V3 V3
Alphanumeric Dialing S S S S S S
Alternate Facility Restriction Levels V2 V2 V2 V2 V2 (0]
Answer Detection by Call Classifier N/A (0] N/A (0] O S
Attendant Auto-Manual Splitting S S S S S S
Attendant Call Waiting S S S S S S
Attendant Control of Trunk Group Access S S S S S S
Attendant Direct Extension Selection With S S S S S S
Busy Lamp Field

Attendant Direct Trunk Group Selection S S S S S S
Attendant Display S S S S S S
Attendant Intrusion (Call Offer) V2 V2 V2 V2 GD S
Attendant Override of Diversion Features V2 V2 V2 V2 GD S
Attendant Priority Queue V2 V2 V2 V2 GD S
Attendant Recall S S S S S S
Attendant Release Loop Operation S S S S S S

1. Abbreviated Dialing is a standard feature; however, Enhanced Abbreviated Dialing is not available
with the Advantage Business Package.

2. Abbreviated Dialing is a standard feature; however, Enhanced Abbreviated Dialing is a Premier
Business Package, G3i, and G3r option.

3. Available when the Basic Call Center Option is active.
4. Available when ACD software is active.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP G3vs PBP G3s ABP G3s PBP G3i G3r
Attendant Room Status V3 V3 V3 V3 V3 V3
Attendant Serial Calling V2 V2 V2 V2 GD V2
Audible Message Waiting V2 V2 V2 V2 V2 S
Audio Information Exchange S S S S S S
(AUDIX) Interface

Authorization Codes (0] (0] (0] (0] (0] (0]
Automatic Alternate Routing (AAR) | N/A ol N/A o! o! o!
Automatic Callback S S S
Automatic Call Distribution (ACD) | 02 o) 0?2 o) o) o)
ACD Auto-Available Split (AAS) V2 V2 V2 V2 V2 S
Automatic Circuit Assurance S S S S S S
Automatic Hold V2 V2 V2 V2 GD S
Automatic Incoming Call Display S S S S S S
Automatic Route Selection (ARS) (0] (0] (0] (0] (0] (0]
Automatic Transmission V2l V2l V2l V2l V2l S
Measurement System

Automatic Wakeup S S S S S S
Auto-Start/Don’t Split V2 V2 V2 V2 GD V2
Basic Call Management System 0?2 o) 0?2 o) o) o)
(BCMS)

Bridged Call Appearance — S S S S S S
Multi-Appearance Voice Terminal

Bridged Call Appearance — S S S S S S
Single-Line Voice Terminal

Busy Verification of Terminals and S S S S S S

Trunks

1.
2.

Available with Private Network Access (PNA) software.
Available with the Basic Call Center Option.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3s ABP | G3sPBP | G3i G3r
Call-By-Call Service Selection N/A o! N/A o! o! o!
Call Coverage s? S s? S S S
Call Detail Recording (CDR) S S S S S S
Call Forwarding All Calls S S S S S S
Call Forward Busy/Don’t Answer V4 V4 V4 V4 V4 V4
Call Management System (CMS) o? ok ok ok ok ok
Call Park S S S S S S
Call Pickup S S S S S S
Call Prompting N/A O N/A (0] (0] (0]
Call Vectoring N/A (0] N/A o o o
CallVisor Adjunct/Switch Application N/A N/A N/A O O o
Interface (ASAIl)

Call Waiting Termination S S S S S S
Centralized Attendant Service (CAS) N/A (0] N/A (0] (0] (0]
Class of Restriction (COR) S S S S S S
Class of Service (COS) S S S S S S
CDR Account Code Dialing S S S S S S
Code Calling Access S S S S S S
Conference — Attendant S S S S S S
Conference — Terminal S S S S S S
Constellation Voice/Data Terminal V3 V3 V3 V3 V3 V3
Support

Consult

Coverage Callback S S S S S S
Coverage Incoming Call Identification S S S S S S
(icn

Customer-Provided Equipment (CPE) S S S S S S
Alarm

1. Auvailable as an option when ISDN-PRI software is purchased for public and private networking.

Linked Call Coverage Paths are not standard. However, Linked Call Coverage Paths are available
as part of the Voice Mail Application Support Option package.

3. CMSis optionally available as an adjunct.

1-24 Issue 3 March 1996



Organization of Features

Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3sABP G3sPBP | G3i G3r
Data Call Setup S S S S S S
Data Hot Line S S S S S S
Data-Only Off-Premises Extensions S S S S S S
Data Privacy S S S S S S
Data Restriction S S S S S S
DCS Alphanumeric Display for N/A o! N/A o! o! o!
Terminals

DCS Attendant Control of Trunk N/A 0? N/A 0? 0? 0?
Group Access

DCS Attendant Direct Trunk Group N/A 0? N/A 0?2 0?2 0?2
Selection

DCS Attendant Display N/A 02 N/A o! N/A o!
DCS Automatic Callback N/A 0? N/A o! o! o!
DCS Automatic Circuit Assurance N/A o?! N/A o! o! o!
(ACA)

DCS Busy Verification of Terminals N/A 0? N/A 0?2 0?2 0?2
and Trunks

DCS Call Coverage N/A V4/03 N/A v4/0® v4/08 | v4/0®
DCS Call Forwarding All Calls N/A o! N/A o! o! o!
DCS Call Waiting N/A o! N/A o! o! o!
DCS Distinctive Ringing N/A o! N/A o! o! o!
DCS Leave Word Calling N/A o! N/A o! o! o!
DCS Multi-Appearance N/A o! N/A o! o! o!
Conference/Transfer

1. Available when DCS software is purchased.

2. Available when DCS is purchased, but not available with DCS over PRI D-Channel when the PRI
D-Channel is connected to the public network.

3. Optional feature with DCS.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP G3vs PBP G3s ABP | G3sPBP | G3i G3r
DCS Over ISDN-PRI D-Channel N/A o! N/A o! o! o!
DCS Trunk Group Busy/Warning N/A o! N/A o! o! o!
Indication

Default Dialing S S S S S S
Dial Access to Attendant S S S S S S
Dial Plan S S S S S S
Digital Multiplexed Interface S S S S S S
Direct Department Calling (DDC) and S S S S S S
Uniform Call Distribution (UCD)

Direct Inward Dialing (DID) S S S S S S
Direct Inward and Outward Dialing

(DIOD) — International

Direct Outward Dialing (DOD) S S S S S S
Distinctive Ringing S S S S S S
Do Not Disturb S S S S S S
DS1 Trunk Service S S S S S S
E1 Trunk Service V2 V2 V2 V2 GD V2
EIA Interface S S S S S S
Emergency Access to the Attendant S S S S S S
Enhanced DCS (EDCS) V2 V2 V2 V2 GD V2
End-to-End Signaling V2 V2 V2 V2 GD V2
Expert Agent Selection N/A V2t N/A V2t Va2t v2t
Extension Number Portability V2 V2 V2 V2 V2 S
Extended Trunk Access V2 V2 V2 V2 V2 S

1.

Available when DCS software is purchased.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP SI:;S G3s ABP G3s PBP G3i G3r
Facility and Non-Facility Associated | N/A o! N/A o! o! o!
Signaling

Facility Busy Indication S S S S S S
Facility Restriction Levels (FRLs) S S S S S S
Facility Test Calls S S S S S S
Flexible Billing V4/0O V4/0 V4/0 V4/0 V4/0 V4/0
Forced Entry of Account Codes N/A (0] N/A (0] (0] (0]
Forced Password Aging V3 V3 V3 V3 V3 V3
Generalized Route Selection N/A o! N/A o! o! o!
Go to Cover S S S
Hold S S S S S S
Hold—Automatic V2 V2 V2 V2 GD S
Hot Line Service S S S S S S
Hunting S S S S S S
Inbound Call Management N/A (0] N/A (0] (0] O
Individual Attendant Access S S S S S S
Information System Network (ISN) S S S S S S
Interface

Integrated Directory S S S S S S
Integrated Services Digital Network | N/A N/A S

— Basic Rate Interface

Integrated Services Digital Network | N/A (0] N/A (0] (0] (0]
— Primary Rate Interface

Intercept Treatment S S S S S S
Intercom — Automatic S S S S S S
Intercom — Dial S S S S S S
Internal Automatic Answer S S S S S V2
Inter-PBX Attendant Calls S S S S S S
Intraflow and Interflow 0? (o} 0? (o} (o} (o}
Last Number Dialed S S S S S S

1.
2.
3.

Available when ISDN-PRI software is purchased for public and private networking.
Available when the Basic Call Center Option is purchased.
Available when ACD software is purchased.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3sABP | G3sPBP | G3i G3r
Leave Word Calling ot S o! S S S
Line Lockout S S S S S S
Look Ahead Interflow N/A (0] N/A (0] (0] (0]
Loudspeaker Paging Access S S S S S S
Loudspeaker Paging Access — Deluxe S S S S S S
Malicious Call Trace V2 V2 V2 V2 V2 S
Manual Message Waiting S S S S S S
Manual Originating Line Service S S S S S
Manual Signaling S S S S S:S
MERLIN./System 25 — Voice Terminal S S S S S V2
Support (731xH Series)

Modem Pooling S S S S S S
Move Agents from CMS 02 0? 0? 0?2 0? 0?
Multi-Appearance Preselection and S S S S S S
Preference

Multiple Call Handling V3/0 V3/0 V3/0 V3/0 V3/0 V3/0
Multiple Listed Directory Numbers S S S S S S
Music-on-Hold Access S S S S S S
Names Registration S S S S S S
Network Access — Private S S S S S S
Network Access — Public S S S S S S
Night Service — Hunt Group S S S S S S
Night Service — Night Console Service S S S S S S
Night Service — Night Station Service S S S S S S
Night Service — Trunk Answer from Any | S S S S S S
Station

1. Available when the Voice Mail Application Support Option is purchased.

2. CMS is optionally available as an adjunct. Move Agents from CMS is only available if CMS is
selected.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3sABP | G3sPBP | G3i | G3r
Night Service — Trunk Group S S S S S S
Off-Premises Station S S S S S S
PC Application Software Translation V4 V4 V4 V4 V4 V4
Exchange (PASTE)

PC Interface S S S S S S
PC/PBX Connection S S S S S S
Personal Central Office Line (PCOL) S S S S S S
Personalized Ringing S S S S S S
Power Failure Transfer S S S S S S
Priority Calling S S S S S S
Privacy — Attendant Lockout S S S S S S
Privacy — Manual Exclusion S S S S S S
Property Management System Interface S S S S S S
Pull Transfer V2 V2 V2 V2 GD | V2
QSIG Global Networking V2 V2 V2 V2 V2 V2
Queue Status Indications S S S S S S
Recall Signaling S S S S S S
Recent Change History S S S S S S
Recorded Announcement S S S S S S
Recorded Telephone Dictation Access S S S S S S
Redirection On No Answer (RONA) V2 V2 V2 V2 V2 V2
Remote Access S S S S S S
Report Scheduler and System Printer S S S S S S
Restriction — Controlled S S S S S S
Restriction — Fully Restricted Service V2 V2 V2 V2 GD S
Restriction — Miscellaneous Terminal S S S S S S
Restriction — Miscellaneous Trunk S S S S S S

Issue 3 March 1996 1-29



Introduction

Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3s ABP G3s PBP G3i G3r
Restriction — Toll S S S S S S
Restriction — Voice Terminal — Inward S S S S S S
Restriction — Voice Terminal — Manual S S S S S S

Terminating Line

Restriction — Voice Terminal — S S S S S S
Origination

Restriction — Voice Terminal — S S S S S S
Outward

Restriction — Voice Terminal — Public V2 V2 V2 V2 GD V2
Restriction — Voice Terminal — S S S S S S
Termination

Ringback Queuing S S S S S S
Ringer Cutoff S S S S S S
Ringing — Abbreviated and Delayed V4 V4 V4 V4 V4 V4
Rotary Dialing S S S S S S
R2-MFC V2 V2 V2 V2 GD V2
Security Violation Notification (SVN) S S S S S S
Send All Calls S S S S S S
Senderized Operation S S S S S S
Service Observing S S S S S S
Single-Digit Dialing and Mixed Station S S S S S S
Numbering

Straightforward Outward Completion

Subnet Trunking S S S S

Switch Based Bulletin Board V3 V3 V3 V3 V3 V3
System Measurements o! S o! S S S
System Status Report S S S S S S
Temporary Bridged Appearance S S S S S S
Tenant Patrtitioning V4/0 V4/0 V4/0 V4/0 V4/0 V4/0
Terminal Translation Initiation V2 V2 V2 V2 V2 S
Terminating Extension Group S S S S S S

1. Available when the System Measurements Option package or the Basic Call Center Option
package is purchased.
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Table 1-6. Feature Availability — Continued

Feature G3vs ABP | G3vsPBP | G3s ABP | G3sPBP | G3i G3r
Through Dialing S S S S S S
Time of Day Routing o! o! o! o! o! o!
Timed Reminder and Attendant s? s? s? s? s? s?
Timers

Touch-Tone Dialing S S S S S S
Transfer S S S S S S
Transfer Outgoing Trunk to Outgoing | V23 V2 V23 V2 V2 S
Trunk

Traveling Class Marks (TCMs) N/A (0] N/A O 0 0
Trunk Flash S S S S S S
Trunk Group Busy/Warning Indicators | S S S S S S
to Attendant

Trunk Identification By Attendant S S S S S S
Trunk-to-Trunk Transfer S S S

Uniform Dial Plan (UDP) N/A (0] N/A

Unrestricted Uniform Dial Plan (UDP) NA V2 NA V2 V2

VDN of Origin Announcements V3 V3 V3 V3 V3 V3
Visually Impaired Attendant Services V2 V2 V2 V2 GD V2
(VIAS)

Voice Message Retrieval S S S S S S
Voice Response Integration V2t V2t V2t V2t vat V2t
Voice Terminal Alerting Options V2 V2 V2 V2 V2 V2
Voice Terminal Display S S S S S S
VuStats V3 V3 V3 V3 V3 V3
Wideband Switching V2t V2t V2t V2t \74) V2t
World Class Core BRI V4 V4 V4 V4 V4 V4
World Class Tone Detection V2 V2 V2 V2 GD V2
World Class Tone Generation V2 V2 V2 V2 GD V2

1. Auvailable with ARS or Private Network Access (PNA) software.

2. Timed Reminder and Attendant Timers held call timer transfer to “aatd.” Standard in
G3vs/G3sABP, G3vs/G3sPBP, G3i, and G3r.

3. Transfer Outgoing Trunk to Outgoing Trunk is not available with G3vs/G3s ABP.
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Functional Description

Overview

This chapter describes the DEFINITY switch features, functions, and services,
and presents these capabilities classified into six categories: Voice
Management, Data Management, Network Services (including World Class
Routing), System Management, Hospitality Services, and Call Center Services.
Each group of functions and services, including a listing of associated features,
is described separately in a section of this chapter.

See for detailed information on individual features. (The feature
descriptions in|Chapter 3|are arranged in alphabetical order.)

=>» NOTE:
It is useful to consider the features and functions from the perspective of
the following functional views: System View, Call Center View, PBX-to-Host
View, Voice Processing View, Network View (including World Class
Routing), System Management View, Desktop View, Hospitality View, and
Support View. Some features and functions support several of these views,
so the views should not be seen as discrete categories for listing features
and functions. For a description of the system organized from a functional
perspective, see An Introduction to DEFINITY. Communications System
Generic 3, 555-230-020.
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Voice Management Overview

The Voice Management features try to meet the individual communications
needs of everyone in the system. As the individual needs change, the assigned
features can also be changed. The Voice Management features provide many
important services with benefits such as saving time and making calling more
convenient.

Voice Management Features

The following features are associated with Voice Management:
= Abbreviated Dialing
« Alternate Facilities Restriction Levels
= Attendant Auto-Manual Splitting
= Attendant Call Waiting
= Attendant Control of Trunk Group Access
= Attendant Direct Extension Selection With Busy Lamp Field
= Attendant Direct Trunk Group Selection
= Attendant Display
= Attendant Intrusion (Call Offer)
« Attendant Override
= Attendant Priority Queue
« Attendant Recall
= Attendant Release Loop Operation
= Attendant Serial Calling
= Audio Information Exchange (AUDIX) Interface
= Audible Message Waiting
= ACD - Auto-Available Split
= Auto-Start/Don’t Split
=« Automatic Callback
= Automatic Incoming Call Display
= Automatic Transmission Measurement System (ATMS)
= Authorization Codes
=« Automatic Callback
= Automatic Incoming Call Display

= Bridged Call Appearance — Multi-Appearance Voice Terminal
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= Bridged Call Appearance — Single-Line Voice Terminal
= Busy Verification of Terminals and Trunks
= Call By Call Service Selection

= Call Coverage

= Call Forwarding All Calls

= Call Forward Busy/Don’t Answer

= Call Park

= Call Pickup

= Call Waiting Termination

= CDR Account Code Dialing

« Centralized Attendant Service

» Class of Restriction

= Class of Service

= Code Calling Access

»« Conference — Attendant

« Conference — Terminal

= Consult

= Coverage Callback

= Coverage Incoming Call Identification
« Dial Access to Attendant

= Dial Plan

= Direct Department Calling and Uniform Call Distribution
= Direct Inward Dialing

= Direct Outward Dialing

= Distinctive Ringing

= Emergency Access to the Attendant
= Facility Busy Indication

= Go To Cover

= Hold

= Hold - Automatic

= Hot Line Service

= Hunting

= Individual Attendant Access
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= Integrated Directory

= Integrated Services Digital Network — Basic Rate Interface (ISDN-BRI)
= Intercept Treatment

= Intercom — Automatic

« Intercom — Dial

= Internal Automatic Answer (G3i)

= Inter-PBX Attendant Calls

« Last Number Dialed

= Leave Word Calling

= Line Lockout

= Loudspeaker Paging Access

= Loudspeaker Paging Access — Deluxe

= Manual Message Waiting

= Manual Originating Line Service

= Manual Signaling

= MERLIN/System 25 Voice Terminal Support — 731xH Series
= Misoperation Handling

= Multi-Appearance Preselection and Preference
= Multiple Listed Directory Numbers

= Multiple Music-on-Hold

= Music-on-Hold Access

= Night Service — Hunt Group

= Night Service — Night Console Service

= Night Service — Night Station Service

= Night Service — Trunk Answer From Any Station
= Night Service — Trunk Group

=« Personal Central Office Line

= Personalized Ringing

= Power Failure Transfer

= Priority Calling

= Privacy — Attendant Lockout

= Privacy — Manual Exclusion

= Recall Signaling
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= Recorded Announcement

= Recorded Telephone Dictation Access

= Remote Access

= Restriction — Controlled

= Restriction — Fully Restricted Service

= Restriction — Miscellaneous Terminal

= Restriction — Miscellaneous Trunk

= Restriction — Toll

= Restriction — Toll/Code

= Restriction — Voice Terminal — Inward

= Restriction — Voice Terminal — Manual Terminating Line
= Restriction — Voice Terminal — Origination

= Restriction — Voice Terminal — Outward

= Restriction — Voice Terminal — Termination

= Ringback Queuing

= Ringer Cutoff

= Ringing Abbreviated and Delayed

= Rotary Dialing

= Send All Calls

= Senderized Operation

= Single-Digit Dialing and Mixed Station Numbering
= Straightforward Outward Completion

= Temporary Bridged Appearance

= Tenant Partitioning

= Terminal Translation Initialization

= Terminating Extension Group

= Through Dialing

= Timed Reminder

= Touch-Tone Dialing

= Transfer

= Transfer - Outgoing Trunk to Outgoing Trunk Trunk Flash
= Trunk Group Busy/Warning Indicators to Attendant
= Trunk Identification by Attendant
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Trunk-to-Trunk Transfer
Voice Message Retrieval
Voice Terminal Display

Voice Terminal Alerting Options

Specific Attendant Features are listed below.

DCS Attendant Control of Trunk Group Access
DCS Attendant Display

DCS Attendant Direct Trunk Group Selection
Attendant Auto-Manual Splitting

Attendant Control of Trunk Group Access
Attendant Call Waiting

Attendant Direct Extension Selection With Busy Lamp Field
Attendant Direct Trunk Group Selection
Attendant Intrusion (Call Offer)

Attendant Override of Diversion Features
Attendant Priority Queue

Attendant Recall

Attendant Release Loop Operation

Attendant Serial Calling

Attendant Display

Conference — Attendant

Centralized Attendant Service (CAS)

Dial Access to Attendant

Emergency Access to the Attendant

Individual Attendant Access

Inter-PBX Attendant Calls

Privacy — Attendant Lockout

Trunk Group Busy/Warning Indicators to Attendant
Trunk Identification By Attendant

Timed Reminder and Attendant Timers

Visually Impaired Attendant Service (VIAS)
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Data Management

The DEFINITY switch is a private digital switching system that permits
connections with a variety of data equipment. Data terminals, printers, graphics,
facsimile equipment, and computers can be connected to the switch through
various protocols or interfaces. The physical connection can be through a digital
data module, analog modem, or access endpoint.

For use outside the United States, modems that comply with the ITU-T 108.1
signaling procedures are supported. Administration forms are available to
support combined (external) modem pools.

The system provides the ability to option data modules [or data-like devices such
as a Data Line Circuit (DLC)] for Terminal Dialing. Also, data modules can be
used without Terminal Dialing with host computers, printers, or other such
applications. Computer file transfer at a rate of 64 kbps is possible with the
Modular Processor Data Module (MPDM) and the Modular Trunk Data Module
(MTDM).

The family of data modules includes a Wideband Data Module (WDM), Processor
Data Module (PDM), a Digital Terminal Data Module (DTDM), a Trunk Data
Module (TDM), a Z702AL1-DSU Data Module Base, a 7400A Data Module, a
7500B Data Module, an ISDN Asynchronous Data Module (ADM), and a 3270
Data Module. The data modules are generally more versatile than modems,
operate at faster data rates, and provide additional features.

The WDM provides Wideband (128 kbps plus any multiple of 64 kbps, up to a
total of 1984 kbps) communications between a Wideband data and dialing
interfaces and an ISDN PRI interface. WDM provides for extremely high-speed
data transmission and is used by applications ranging from video conferencing
to data backup.

The DTDM provides synchronous or asynchronous data communications to
7403D and 7405D digital voice terminal users who have a terminal or personal
computer. The DTDM and voice terminal integrate data and voice into the Digital
Communications Protocol (DCP) to the digital switch.

The Z702AL1-DSU Data Module Base provides the Data Communications
Equipment (DCE) interface connection for a 7407D voice terminal to data
terminals. The module provides full-duplex asynchronous operation only. The
module and 7407D voice terminal integrate data and voice into the DCP to the
digital switch.

The MTDM provides an EIA RS-232D Data Terminal Equipment (DTE) interface
for connection to off-premises (out of building) private-line trunk facilities, or a
switched telecommunications network, and a DCP interface for connection to the
digital switch. The MTDM may also serve as part of a conversion resource for
modem pooling. The MTDM is also used to interface with DCE-type multiplexers.
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The MPDM provides a DCE asynchronous or synchronous interface for
connection to data terminals, Call Detail Recording (CDR) output devices,
DEFINITY Communications System Generic 3 Management Terminals (G3-MT),
Generic 3 Management Application Systems (G3-MA), on-premises (in building)
administration terminals, and host computers. The MPDM can be preset in the
factory to provide the following interfaces: EIA RS-232C, RS-449, V.35, and
RS-366 to support Automatic Calling Unit (ACU) type dialing. The MPDM can be
configured to support the Data Call Setup or Off-Premises Data-Only Extension
feature. The MPDM also supports data rates of 56 and 64 kbps for downloading
and other high-speed data transfer requirements.

The 7400A Data Module may be used instead of an MTDM when supporting the
combined Modem Pooling feature. The 7400A Data Module supports
asynchronous operation and provides a DCP interface to the switch and an EIA
RS-232C interface to the associated modem. The 7400A Data Module also can
be used with a data terminal and supports keyboard dialing in the same manner
as the MPDM.

The 7500B Data Module is a stand-alone unit that supports asynchronous or
synchronous DCE and asynchronous DTE on the ISDN Basic Rate Interface
(BRI) switch interface (G3, DEFINITY Generic 2 (G2) and the 5ESS switch). In
asynchronous mode, the 7500B supports packet or circuit-switched data
communications, and can be controlled via the front panel or the keyboard of a
connected terminal. In synchronous mode, the 7500B supports circuit-switched
or nailed-up data communications, requires either the Multipurpose
Enhancement Board or the High-Speed Synchronous Enhancement Board, and
only can be controlled via the front panel.

When configured as an asynchronous DCE, the 7500B provides an EIA RS-232D
interface and supports full-duplex data transmission at rates of 300, 1200, 2400,
4800, 9600, and 19200 bps. The following optional enhancements are available
for the 7500B in an asynchronous DCE configuration: an RS-366 ACU interface
and a second asynchronous EIA RS-232D interface. With an additional
asynchronous EIA RS-232D interface, the 7500B can simultaneously support
either two D-channel packet data calls or one D-channel packet call and one
B-channel circuit call. However, the 7500B cannot simultaneously support two
B-channel circuit-switched calls.

When configured as an asynchronous DTE, the 7500B provides an EIA RS-232D
interface and supports full-duplex data transmission at rates of up to 19200 bps.
This configuration is most commonly used for modem pooling applications.

In order to be configured as a synchronous DCE, the 7500B must have either the
Multipurpose Enhancement Board or the High-Speed Synchronous
Enhancement Board. With the Multipurpose Board, the 7500B provides an EIA
RS-232D interface and an RS-366 ACU interface, and supports full-duplex data
transmission at rates of 1200, 2400, 4800, 9600, 19200, 56000, and 64000 bps.
The 7500B also supports half-duplex emulation at rates of 1200, 2400, 4800,
9600, 19200, and 56000 bps. With the High-Speed Synchronous Enhancement
Board, the 7500B provides a V.35 interface and supports full-duplex data

Issue 3 March 1996



Data Management

transmission at rates of 48000, 56000, and 64000 bps. The 7500B only provides
half-duplex emulation at a rate of 56000 bps. Regardless of the configuration, the
7500B provides no voice functions and is not used with voice terminals.

The ISDN ADM may be used with asynchronous DTE as a data stand for
7500-series BRI voice terminals. Consisting of a board located inside the BRI
voice terminal, the ISDN ADM allows simultaneous voice and data transmissions
through one terminal. The ISDN ADM supports the standard Hayes command set
for compatibility with existing PC communications packages and provides AT&T
extensions to the standard Hayes command set to allow even greater flexibility in
future applications. PC applications that use the ISDN ADM Applications
Programming Interface (API) can simultaneously control, monitor, and process
both voice and data calls.

The DLC, which provides eight ports to connect user’'s asynchronous EIA
RS-232D interface to DTE, can be used as an alternative to DTDM or PDM.

Data modules support the following interfaces:

= All data modules (except the WDM, MPDM, and 3270) provide a modified
EIA RS-232D interface.

= The WDM provides a ITU-T interface for Wideband transmissions.

= The MPDM provides either EIA RS-232D V.35 or RS-449 interface. The
MPDM can also emulate an Automatic Call Unit (ACU) and supports the
RS-366 interface. The ACU emulation and RS-366 interface are required
for Keyboard Dialing and are discussed in the Data Call Setup feature
description.

= The 3270 Data Module provides a Category A coaxial DCE interface for
connection to 3270-type data terminals or a cluster controller. It also
provides a DCP interface for connection to the digital switch.

The 3270 Data Module is available in the following three models:

= 3270T (Terminal) — connects to a Category A 3270-type terminal, such as
the IBM. 3278 Information Delivery System. The 3270T Data Module must
connect through the switch to a 3270C (Controller) Data Module.

= 3270A (Asynchronous) — provides the same function as the 3270T Data
Module. It also allows the 3270-type terminal to emulate a Digital
Equipment Corporation VT100 or an AT&T asynchronous terminal.

= 3270C (Controller) — connects an IBM 3274 or 3276 cluster controller to
the switch. A 3270C Data Module can contain as many as eight ports.

Trunks or channels of a DS1/E1 can also be used as non-signaling data
endpoints with the Access Endpoints function. An access endpoint is either a
non-signaling channel on a DS1/E1 interface or a non-signaling port on an
Analog Tie Trunk circuit pack that is assigned a unique extension. Since an
access endpoint is non-signaling, it neither generates nor responds to signaling.
As a result, an access endpoint cannot be used as a trunking facility (it cannot
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receive incoming calls or route outgoing calls). An access endpoint is used
primarily to support devices, switches, or services that have a trunk interface but
do not support signaling for the trunk. An access endpoint may be designated as
the originating (local) endpoint or destination endpoint in an Administered
Connection. The status of an access endpoint can be displayed by entering the
status access-endpoint command from the G3-MT/G3-MA or a PC with a
terminal emulator.

The system supports digital-to-digital, digital-to-analog, analog-to-digital, and
analog-to-analog data calls. For data calls, the user can access the system
through these digital or analog data endpoints. Digital data endpoints are data
modules and associated data equipment, PCs, and data channels [used for
remote G3-MT terminals, and CDR]. Analog data endpoints are modems (or
acoustic coupled modems) and associated data equipment connected to the
system through analog lines or trunks. Voice-band data calls using modems can
be connected to the system through digital trunks.

The system supports DCP. This protocol provides framing, control, and signaling
for each of two information channels. Only one channel is used for voice-only or
data-only applications. Both channels are used for simultaneous voice and data
transmission. Simultaneous voice and data information can be transmitted on
calls to or from a 7403D or 7405D voice terminal with a DTDM, a 7404D with its
built-in data module, any 7400-series with an optional data module base, and
any 8400 series voice terminal with listed 7400 data module. Calls to or from
other equipment are either voice-only or data-only.

ISDN-BRI provides one 16 kbps signaling channel (D-channel) and two 64 kbps
information channels (B-channels), with a total information rate of 144 kbps. The
primary purpose of the signaling channel is to convey Q.931 message-oriented
signaling for the setup and tear down of calls carried by the B-Channels on the
BRI. Since all the signaling is done on the D-channel, both B-channels are
“clear.” As a result, the entire widths of the B-channels are used for
simultaneously carrying voice and circuit-switched data. Voice and data
information can be simultaneously transmitted on calls to or from a 7505, 7506, or
7507 voice terminal equip ped with an optional ADM. Without the optional ADM,
the 7505, 7506, and 7507 voice terminals can handle voice-only calls.

Data Networking

2-10

Data networking connects two or more data endpoints. The system is a highly
reliable, centralized switch that provides switched access between endpoints.
Typical data communications configurations for the system are shown in [Figure|

-1]

Switched access allows one terminal to connect to one of any number of
devices. Therefore, more effective use of data equipment is obtained than with
dedicated (hard-wired) links. Switched access also reduces the need for
duplicated (dedicated) equipment. Switched Access systems can emulate
hardwired networks through use of the Administered Connections feature.
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The system uses twisted-pair standard building wiring and eight-pin modular wall
jacks. Each wall jack is a single outlet that can handle simultaneous voice and
data information.

The digital switch, data modules, DCP, twisted-pair wiring, modular wall jacks,
and switched data features give the system its unique capabilities. These
capabilities merge the business office data processing and telecommunications
functions into a single system.

RS-232C

DATA
TERMINAL

7404D WITH
BUTTON
DATA MODULE

DATA
TERMINAL

DIGITAL VOICE

TERMINAL WITH 513 BCT

AN ATTACHED TERMINAL
DIGITAL
TERMINAL DATA
MODULE RS-232C
EIA PRINTER
PROCESSOR
DATA MODULE
RS-232C DCP
PROCESSOR DCP
DATA MODULE —

DEFINITY

GENERIC 3 bcpP 515 BCT
TERMINAL
TERMINAL ANALOG
*
DATA MODEM e DCP
DATA RS-232C pct
TERMINAL 3270-TYPE
DATA MODULE RS-232C
ADUT
PROCESSOR
DATA MODULE
COAX A
DATA
TERMINAL
3270-TYPE
DATA
TERMINAL
LEGEND

* DCP - DIGITAL COMMUNICATIONS PROTOCOL
$ DLC - DATA LINE CIRCUIT
T ADU - ASYNCHRONOUS DATA UNIT

Figure 2-1. System Data Communications Configuration

Generally, data networks are either local area networks, extended networks, or
combinations of both. The two networks and their implementation within the
system are defined as follows:
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Local Area Networks (LANS)

The system provides this capability by connecting communication
devices physically located within a local-area or campus-like environment.

These include conventional, semi-intelligent, and intelligent data
terminals, personal computers, host computers, and virtually any device
with the proper communications interface.

The centralized network provides circuit-switched paths using twisted-pair
building cable that extends to the endpoints. Since the business office
equipment can access multiple data systems, the data equipment and
applications can be used more productively. The system also provides
several data-related features that are easy to use and contribute to
expedient use of the system and its networking capabilities.

Extended Networks

Extended networks mainly provide connections between the system and
other distant switches, including remote access facilities. With remote
access facilities, a local terminal can access remote host computers. Also,
remote terminals can access either local computer facilities or other
remote computer facilities. Extended networks are constructed of analog
or digital facilities and can be either public or private. Typical networking
configurations are shown in[Eigure 2-2 ] Public networks available in the
US include the following:

— Local Central Office (CO) switching extended through direct
distance dialing

— Foreign exchange (FX) central office trunking
— Wide Area Telecommunications Service (WATS)
— MEGACOM Telecommunications Service
— MEGACOM 800 Telecommunications Service
— Software Defined Network (SDN)
— Software Defined Data Network (SDDN) (G3i)
— ACCUNET. Digital Service
Private networks include:
— AT&T DATAPHONE. Data Communications Service
— Distributed Communications System (DCS)
— Electronic Tandem Network (ETN)
— Enhanced Private Switched Communications Service (EPSCS)
— Private line (PL)
— Software Defined Network (SDN)
— Software Defined Data Network (SDDN)

— Tandem tie trunk
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Figure 2-2. System Networking Configurations

Data Communications Protocols and Interfaces

A protocol is a set of conventions or rules that governs how data is transmitted
and received. The rules generally cover the following:

= Physical interface
= Mechanical interface
= Electrical interface

= Framing
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= Error detection and control

Communications protocols are designed to meet the transmission requirements
for specific data exchange and data communications equipment. These
communications protocols are sponsored by a national or international
organization or a major corporation. The system equipment and communications
processing software provide the following protocols:

= ISDN Protocols

» EIARS-232C

= RS-449

» RS-366

= Standard Serial Interface (SSI)

= Teletypewriter (TTY) Modes

= Digital Communications Protocol (DCP)
=  BX.25 Packet Switching

= [ITU-TV.35

= Wideband Switching

= Binary Synchronous Communications (Bisync)

ISDN Protocols

The ISDN Q.931 Protocol is used to support Layer 3 call control signaling for both
the network and user sides of an ISDN Primary Rate Interface (PRI). Both DS1
and E1 digital transmission standards are supported on a per-interface basis.
This implementation provides call state transition, proper message content, and
error recovery, as well as protocol support for other related features. For all
switches (except G3vs/G3s ABP), the ISDN Q.932 Protocol is used to support the
CallVisor Adjunct Switch Applications Interface (ASAI) required for the Inbound
Call Management feature.

Electronic Industries Association (EIA)

EIA RS-232D

This protocol is widely used for short distance and low-speed applications such
as data terminals and modems connecting data terminals. The data link consists
of a 25-conductor cable. The conductors are used for data-link control and
timing, as well as for transmitting and receiving signals. Data-link control is
accomplished by handshake signaling between the transmit and receive
devices. Data speeds are limited to 19.2 kbps or fewer.
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RS-449

RS-366

The EIA RS-232D protocol provides two interface connectors. The female side
connector is known as data communications equipment (DCE). The male side
connector is known as data terminal equipment (DTE). Data equipment
manufacturers design either the DCE or DTE interface into their products.
Products such as modems, data service units (DSUs), Digital Terminal Data
Modules (DTDMs), and Processor Data Modules (PDMs) have a built-in DCE
interface. Products such as some types of multiplexers, data terminals, printers,
computer ports, and Trunk Data Modules (TDMs) have a built-in DTE interface.
Modular Data Modules (MDMs) can be configured as either DCE or DTE.

The maximum cable length recommended by EIA for the EIA RS-232D protocol is
25 feet (15 meters). However, practical applications have shown that the cable
length can be much greater. Factors limiting cable length include transmission
speed, cable capacitance, and nearness of noise sources such as fluorescent
lights or electric generators. Each application should be considered separately.

This protocol allows longer cables than the EIA RS-232D. Maximum cable
lengths for various data speeds are as follows:

= 192 kbps — 200 feet (61 meters)
= 9.6 kbps — 400 feet (122 meters)
= 4.8 kbps — 800 feet (244 meters)
= 2.4 kbps — 1,600 feet (488 meters)

The RS-449 protocol is provided as a communications link interface on the
Applications Processor (AP). This standard uses a 37-conductor cable. The AP
RS-449 interface contains unbalanced driver/receivers that also permit
interconnection to the EIA RS-232D interface when used with a 37- to 25-pin
cable adapter. Since the AP RS-449 interface is compatible with the EIA
RS-232D protocol, it also is limited to the same maximum 19.2 kbps data rate.

The RS-366 communications protocol specifies the standards for interfacing
computers to ACUs. This permits a computer to originate data calls over a
switched telephone network. The AP provides one RS-366 interface for each six
EIA RS-232D interface ports.

Digital Communications Protocol (DCP) Interface

The DCP is used by the system’s digital switch, digital voice terminals, data
modules, the 510D terminal, and the 515 BCT. This protocol permits
simultaneous voice and data over the same communications link to the switch.

The DCP consists of a 160 kbps, four-wire serial data link that operates
full-duplex over standard twisted-pair building cable. For data-only transmission,
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the maximum cable length is 5,000 feet (1,524 meters). When voice and data
transmission is carried over the same data link, as when a 510D terminal, 515
BCT, or a DTDM is used, the cable length is limited by the voice transmission
distance.

The DCP sends digitized voice and digital data in frames. Each frame consists of
four fields or channels (see[Figure 2-3) ] The first field is a unique three-bit framing
pattern that defines the frame boundary. The second field is a one-bit control or
signaling channel between the digital switch and digital data endpoint. The third
and fourth fields are two independent information (I) channels. The information
channels are eight bits each and are used to send digitized voice or digital data.

FRAMING INFORMATION INFORMATION FRAMING
e SIGNAL e e o
FIELD #1 #2 FIELD

DCP FRAME

Figure 2-3.

Digital Communications Protocol Frame Structure

There are 8,000 frames per second. Therefore, the bit rate available is eight for
the signaling channel and 64 kbps for the information channel. The digital switch
routes each information channel independently so that simultaneous voice and
data can be completed to different destinations.

The full capacity of the information channels (64 kbps) is available for digitized
voice. Data terminals typically operate at speeds from below 300 bps up to 19.2
kbps, asynchronous or synchronous. The DCP uses data modules to map the
data terminal data into a 64 kbps information channel.

The framing rate of 8,000 per second and eight bits per information channel is
consistent with other telecommunication systems such as the DS1/E1 carrier.
This minimizes potential conversion problems when interfacing to different digital
facilities.

BX.25 Packet Switching Protocol

The BX.25 protocol implements the international standard for packet switching. It
is a multilayered protocol. [Layering is a structuring of specific protocol functions
(for example, error detection and correction) that are grouped together as a
unique layer or level.]
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The BX.25 protocol is similar to the ITU-T X.25 protocol and, from a user
perspective, is compatible with the standard. The BX.25 protocol has three
layers that are not specified for the X.25 protocol. These layers are Application,
Presentation, and Session. The Application and Presentation layers are defined
in the Transaction-Oriented Protocol (TOP) of the BX.25.

The TOP is a high-level protocol, intended to standardize communications
between transaction-oriented systems. Transaction-oriented communications
involve communication of small messages or requests describing a single unit of
work that may result in a reply being sent back to the originating system. The
Session layer is intended to establish, manage, and terminate sessions for use
by higher-level protocols or, in some cases, by user applications directly. Other
differences between X.25 and BX.25 are as follows:

= The X.25 protocol specifies network standards only; the BX.25 protocol
places requirements on the user interface as well.

= The X.25 protocol provides for datagram services while the BX.25 protocol
does not. Datagram service has not been implemented within the
continental United States.

= The X.25 protocol leaves the users in a point-to-point environment to
develop their own solutions to the following areas of potential conflict,
while the BX.25 protocol provides solutions:

— Link layer addressing
— Logical channel selection
— Call collision
Basic elements of the Application and Presentation layers must be user defined

under both protocols. The following figures shows the relationship and similarity
between the BX.25 and X.25 protocols.

The BX.25 protocol is used in the system to provide communications between
the switch and the switch-related features. The BX.25 protocol is also used in the
system to provide communications between the switch and the AUDIX and to
provide communication between DCS switches
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BX.25 Packet-Switching Protocol
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International Telecommunications
Union - Telecommunications,
Specifications Sector (ITU-T) Interface

X.25 Packet-Switching Protocol

2-20

The ITU-T (formerly CCITT) is one of three divisions of the International
Telecommunications Union, an agency of the United Nations. The standards set
by the ITU-T generally deal with public networks. Two series of standards or
recommendations specifically deal with data transmission:

= The V-series provides recommendations for data transmission over analog
or voice telephone networks.

= The X-series provides recommendations for data transmission over digital
networks.

The V-series includes the V.10, V.11, V.24, V.28, and V.35. Also, V.26, V.27, and
V.28 are modem recommendations for 2400, 4800, and 9600 bps, respectively.

V.10 and V.11 are the equivalent to the EIA RS-423 and RS-422.

V.24 provides definitions for all interchange circuits crossing the DTE/DCE
interface.

V.28 defines a set of electrical characteristics compatible with EIA RS-232D.
V.35 provides the constant current interface for 48 kbps operation.

The X.25 protocol is the ITU-T recommendation for implementing International
Standards Organizations Reference Model of Open Systems Interconnection.
This is the international model for packet-switching networks and is a
bit-oriented, layered-type protocol. The transport, network, data link, and
physical layers (levels) are defined functionally by the ITU-T.

The X.25 protocol specifies network requirements and procedures to provide the
user interface for a packet-switching network. Typically, users generate
low-speed asynchronous data. The X.25 software segments this data into
packets, adds framing and routing information, and queues the packets into a
buffer memory. User data packets, along with the added framing bits, are then
transmitted over high-speed carriers. This permits efficient and dynamic sharing
of these high-speed data links.

The X.25 protocol provides the communications links between multiple APs.
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Telecommunications, Specifications Sector (ITU-T)
Interface

Wideband Switching

Wideband Switching provides a range of data transmission speeds (from 128 to
1984 kbps for E1 services, 128 to 1536 kbps for T1 services). The higher

transmission rates are needed for applications such as video conferencing, data
backup, scheduled batch processing, and primary data connectivity.
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Data Management Features
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The following features are associated with Data Management:

Administered Connections

Alphanumeric Dialing

Data Call Setup [including Default Dialing and Alphanumeric Dialing]
Data Hot Line

Data-Only Off-Premises Extensions

Data Privacy

Data Restriction

Default Dialing

Digital Multiplexed Interface

DS1/E1 Tie Trunk Service

EIA Interface

Information System Network (ISN) Interface
Modem Pooling

PC Interface

PC/PBX Connection

Uniform Call Distribution (See Direct Department Dialing [a VOICE
Management Feature])

Wideband Switching
World Class Core BRI
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Network Services

Network Services allows a group of switches (consisting of DEFINITY Generic 1,
Generic 2, Generic 3, System 75 and System 85, and/or other systems) to be

configured to meet the communications needs of a medium- to large-size

corporation. Possible arrangements include an|'Electronic Tandem Network|

[(ETN)"I'Distributed Communications System (DCS)"]and Main/Satellite/ Tributary.

Each is briefly described in this chapter.

Do not assume that the system has any capabilities other than those explicitly

stated herein. Refer to the System 75/85 AT&T Network and Data Services

Reference manual, 555-025-201, for differences between this system and other
AT&T systems.

Network Services Features

The fol

lowing features are associated with Network Services:
AAR/ARS Partitioning

ARS to AAR Conversion

Automatic Alternate Routing

Automatic Circuit Assurance

Automatic Route Selection

DCS Alphanumeric Display for Terminals

DCS Attendant Control of Trunk Group Access
DCS Attendant Direct Trunk Group Selection
DCS Attendant Display

DCS Automatic Callback

DCS Automatic Circuit Assurance

DCS Busy Verification of Terminals and Trunks
DCS Call Coverage

DCS Call Forwarding All Calls

DCS Call Waiting

DCS Distinctive Ringing

DCS Leave Word Calling

DCS Multi-Appearance Conference/Transfer
DCS Trunk Group Busy/Warning Indication
Non-Facility Associated Signaling and D-channel Backup (G3i)

Facility Restriction Levels and Traveling Class Marks
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= Forced Entry of CDR Account Codes

= Generalized Route Selection

= Integrated Services Digital Network — Primary Rate Interface
= Network Access — Private

= Network Access — Public

= Off-Premises Station

=  QSIG Global Networking

= Restriction — Toll

= Subnet Trunking

= Time of Day Routing

= Uniform Dial Plan

Private Network Configurations

2-24

A private network is a configuration of trunk and switching facilities dedicated to
the use of a business or organization. It may have as few as two switches or it
may have hundreds of switches located throughout the world. Although they
normally serve moderate to heavy calling between locations, the following
configurations make it possible for organizations of all sizes to realize the
benefits of a private network.

['Electronic Tandem Network (ETN)"|— Serves the needs of customers with
many locations in a large geographic area. This configuration provides for
calling between locations without accessing toll facilities.

« |'Distributed Communications System (DCS)"|— Serves the needs of
customers with several locations in a small or large geographic area. A
Distributed Communications System (DCS) appears as a single switch
with respect to certain features.

« ['Main/Satellite/ Tributary"|— Serves the needs of customers with a few
locations in a small geographic area.

The system also can be used within a Tandem Tie Trunk Network (TTTN). ATTTN
is a nonhierarchical network of tie trunks interconnecting three or more switches.
User dialing into each switch in the call's path is required. That is, the user at one
switch dials the trunk access code for a tie trunk group to another switch,
receives dial tone from that switch, and then dials another trunk access code to
reach another switch. When dial tone is received from the final (desired) switch,
the user dials the desired extension number.
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Electronic Tandem Network (ETN)

An Electronic Tandem Network (ETN) is a hierarchical network of privately owned
trunk and switching facilities that can provide a cost-effective alternative to toll
calling between locations. An ETN consists of tandem switches, the intertandem
tie trunks that interconnect them, the access or bypass tie trunks from a tandem
switch to a main switch, and the capability to control call routing over these
facilities. A Main/Satellite/Tributary configuration can be served by an ETN or a
DCS can also be part of an ETN.

The system can serve as an ETN tandem switch.

Within an ETN each location is identified by a unique private network office code.
With G3i, this private network office code may be of the form RN, RNX, RX, XX,
RNX, RXX, XXX, and RNXX, depending on administration (R = digits 2 through 9,
N = digits 2 through 9, and X = digits 0 through 9). After accessing the ETN, the
user simply dials the private network office code plus the desired extension
number, for a total of ten digits or less.

Private network office codes are unique within an ETN. Private network office
codes are assigned when the ETN is established. When Direct Inward Dialing
(DID) is provided by the local central office, the extension numbers (last four
digits of the number) will match. Network Inward Dialing (NID) is the ETN
equivalent of DID and can be provided without DID.

The software program that controls call routing over an ETN is called Automatic
Alternate Routing (AAR). AAR not only determines the route for a call, but,
through the Facilities Restriction Level (FRL) function, defines up to eight levels of
calling privileges for users of the ETN. Another function of AAR, Subnet Trunking,
can convert an on-network number to a public network or international number.
This function is useful when all on-network routes are busy or are not provided.
The details of Automatic Alternate Routing, Facilities Restriction Level, and
Subnet Trunking are provided in this chapter.

AAR digit conversion can be used to convert private network numbers to other
private network numbers or public network numbers. This allows the system to
steer some AAR calls to other switches in the private network or, by changing
specific dialed digits to a public network number, eventually route some calls via
ARS. Also, unauthorized private network calls can be routed to an attendant or
receive intercept treatment. Details on AAR digit conversion can be found in the
Automatic Alternate Routing feature description.

Distributed Communications System (DCS)

A Distributed Communication System (DCS) is a cluster of private
communications switches (nodes) interconnected among several geographic
locations. These switches can be either a DEFINITY Generic 1, DEFINITY
Generic 2, DEFINITY Generic 3, System 75, System 85, or DIMENSION PBX.
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Refer to the System Parameters table In[Appendix Alfor the node limitations of
each system type.

An attribute of a DCS configuration that distinguishes it from other networks is
that it appears as a single switch with respect to certain features. This provides
simplified dialing procedures between locations, as well as the convenience of
using some of the system’s features between locations. DCS is particularly useful
if there is frequent interlocation calling.

Each DCS node is connected with every other DCS node by tie trunks or
ISDN-PRI trunks (DEFINITY Generic 3) for voice communications and data links
that send and receive control and feature information. However, each DCS node
does not have to be directly connected to every other node. Communication may
be through a DCS tandem node. The data links and voice channels may be
directly between nodes or may pass through a tandem node. Nodes that cannot
serve as a tandem node (that is, those that cannot receive information from one
node and pass it on to another node) are called endpoints (or endpoint nodes).
Nodes that can pass information are simply referred to as nodes. DEFINITY
Generic 3i can serve as either an endpoint node or a regular (tandem) node.

shows a typical DCS configuration.

A DCS can consist of all endpoints. That is, each node in the DCS may be
directly connected by data links and voice channels with every other node in the
DCS.

Some of the applications of the DCS configuration are as follows:

= Ina“campus environment” that has two or more separate buildings and
the nodes are connected by local cable.

= Inalarger area such as a city, several states, or even the entire country,
where the nodes are separated by distances too great for local cable and
may be connected to different central offices.

A DCS has the property of “transparency” with respect to inside calling and
some features. Transparency is the ability of the system, from the user’s
standpoint, to operate across several nodes in the same way it does at the local
node. This allows users to dial from any terminal to any other terminal within the
DCS without regard for which nodes are involved. Likewise, transparency allows
certain voice features to be used across nodes.
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Figure 2-6. Typical Distributed Communications System

Some voice features have transparency in a DCS configuration. The following
voice features have unique aspects in a DCS environment and are described in

detail in this book.

= DCS Alphanumeric Display for Terminals

= DCS Attendant Call Waiting (described under DCS Call Waiting)

= DCS Attendant Control of Trunk Group Access

= DCS Attendant Direct Trunk Group Selection

= DCS Attendant Display
= DCS Automatic Callback

= DCS Automatic Circuit Assurance

= DCS Busy Verification of Terminals and Trunks

= DCS Call Coverage
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= DCS Call Forwarding All Calls

= DCS Call Waiting — Termination (described under DCS Call Waiting)
= DCS Distinctive Ringing

= DCS Leave Word Calling

= DCS Multi-Appearance Conference/Transfer

= DCS Priority Calling (described under DCS Call Waiting)

= DCS Trunk Group Busy/Warning Indication.

= Enhanced DCS (described under Enhanced DCS).

Abbreviated Dialing and Last Number Dialed also have transparency in a DCS
configuration. These features operate the same in a DCS as they do at a single
switch.

A DCS cluster can consist of up to 64 nodes. Since AUDIX and the Call
Management System (CMS) and ISDN-PRI each require the same data link
facilities as a node, each of these included in the system reduces the number of
available data links, which, depending on the system configuration, may reduce
the maximum number of nodes.

Use of the DCS over the ISDN-PRI D-channel feature on the other hand, may
increase the maximum number of nodes. (Note that on G3r, ISDN-PRI does not
require the same data link facilities as a node.)

DCS Message Hopping lets a DCS message route through an intermediate node
without tandeming an associated trunk call. This is accomplished through the
use of hop channels. The system provides Message Hopping through up to two
hops.

DCS transparency is more restricted when the tandem node is an Enhanced
DIMENSION PBX or a System 85 Release 2 Version 1 than when it is a System 85
Release 2 Version 2, or later, or a DEFINITY Generic 2.1, or later. (See the DCS
Alphanumeric Display for Terminals and DCS Leave Word Calling features.)

Certain feature capabilities are unique to a particular type of node (for example,
a DEFINITY Generic 3 endpoint node). Therefore, a detailed feature description
should be consulted for each type of node.

The Centralized Attendant Service (CAS) feature can be used as an advantage in
DCS networks where all attendants are at one node. CAS reduces traffic volume
on interconnecting tie trunks caused by incoming attendant-seeking calls at the
endpoint nodes. DEFINITY Generic 3 can serve as the main location for CAS
attendants. Centralized Attendant Service capabilities are given in detail in this
manual.

With DCS Call Coverage (G3V4 and later releases), calls to an extension on one
system can be covered by extensions administered as coverage points on
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remote systems. DCS Call Coverage provides transparency across systems for
the Call Coverage feature.

Main/Satellite/Tributary

shows a Main/Satellite/Tributary configuration. It can function
independently or serve as an ETN access arrangement. For a Main/Satellite
configuration, attendant positions and public network trunk facilities are
concentrated at the Main, and calls to or from satellite locations pass through the
Main. To a caller outside the Main/Satellite complex, the system appears to be a
single switch with one Listed Directory Number. This is accomplished with the
optional Uniform Dial Plan software.

Tributary and Satellite locations are similar except that a Tributary has one or
more attendant positions and its own Listed Directory Number.

DEFINITY Generic 3 can serve as a Main, Satellite, or Tributary.

A small business can start with a single Main/Satellite or Main/Tributary complex
and add trunk and switching facilities as the business grows. In this situation, tie
trunks connect the main locations within an urban area and intercity traffic is
routed via the public network. This arrangement favors a medium-size
organization or one that has small isolated locations where the intercity traffic is
too small to justify the cost of tie trunks.

TI E TRUNKS

SATELLI TE TRI BUTARY
SYSTEM SYSTEM

Figure 2-7. Main/Satellite/Tributary Configuration
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Trunking
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Trunking is the use of communications links to interconnect two switching
systems, such as connecting the switch to a local central office or to another
switch. These links, called trunks, can be grouped together in Trunk Groups
when all the trunks in the group perform the same function. This grouping
simplifies administration since the required service characteristics (parameters)
are assigned to the group rather than to each trunk. Grouping also simplifies call
processing. Calls requiring a trunk are routed to the appropriate trunk group and
an idle trunk, if available, is selected from the group.

There are analog trunks and digital type trunks. The type of signal is specified for
each trunk in the list below. The following types of trunk groups can be used with
the system:

Auxiliary — Provides internal trunk applications for features such as
Loudspeaker Paging and Music-on-Hold. This is an analog signal.

CO — Provides a link with the local Central Office (CO) for Direct Outward
Dialing (DOD) and manually completed incoming calls, not Direct Inward
Dialing (DID) calls. The signals may be analog or digital

Direct Inward Dialing (DID) — Provides a link with the local CO that is only
usable for incoming calls and allows the CO to send digits to the PBX so
the call can be routed to a particular station. The signal can be analog or
digital

Direct Inward/Outward Dialing (DIOD) — Provides a link with the local CO
that allows digits to be sent in either direction for incoming and outgoing
calls. The signal can be either analog or digital

DS1/E1 Tie Trunk — Provides for two types of digital tie trunk interfaces:
Voice-Grade DS1/E1 and Alternate Voice/Data (AVD) DS1/E1 tie trunks.
The Voice-Grade DSL1 tie trunks are an alternative to four-wire analog E&M
tie trunks and may be used to interface with other properly-equipped
switching systems. AVD DS1/E1 tie trunks permit alternate voice and data
calling between a System 75, DEFINITY Generic 1, DEFINITY Generic 3
and a System 85 or DEFINITY Generic 2. DS1/E1 tie trunks also can be
used with Release Link trunks for Centralized Attendant Service, and can
be used with AT&T unbanded telecommunications service. (digital signal)

FX — Provides a link with a CO other than the local CO. (analog or digital
signal)

ISDN-PRI — Provides end-to-end digital connectivity and supports a wide
range of voice and non-voice services. Calls to a variety of switched nodal
services and calls destined for different inter-exchange carriers can be
processed. (digital signal)

Tie and Release Link — Provide a link with another private switching
system for calls between the systems. Release link trunks are used only
with Centralized Attendant Service. The signal can be analog or digital.
Tie trunks are used on calls to or from the following:
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— aPrivate Branch Exchange (PBX)
— an ETN switch

— an EPSCS or Common Control Switching Arrangement (CCSA)
office

— MEGACOM Service (AT&T unbanded long distance service.)

= WATS —Provides access to a portion of the DDD network via dedicated
trunks to a WATS serving office. Each WATS trunk terminates as a WATS
line in the WATS serving office. The trunks used are always one-way
outgoing. Outgoing WATS calls to various geographic areas are made on
an attendant-handled basis or a station direct-outward-dial basis. Signals
can be analog or digital.

Tie trunks used with the system are administered as either internal or external.
The internal or external designation controls the type of ringing (which is
administrable) received at a voice terminal when an incoming tie trunk call
arrives and controls the routing of the call if it is redirected through the Call
Coverage feature. The default ringing pattern is the following:

= Incoming internal tie trunk calls cause internal-call ringing and will redirect
according to the redirection criteria administered for internal calls.

= Incoming external tie trunk calls cause external-call ringing and redirect
according to the redirection criteria administered for external calls.

The number of bursts for internal/external/priority calls is administrable in
G3i-Global and G3V2 and later releases. The['Call Coverage'|feature interaction
with Tie Trunks is described in detail in|Chapter 3|of this manual.

Selection of the trunk group to be used for a given call is determined by digit
translation on the trunk access code by the AAR/ARS routing tables. Assuming
an idle trunk in the selected group is found, a seizure signal (service request) is
sent to the distant switch. If the distant switch requires the called number, a start
dial signal is normally returned to the calling switch, indicating readiness to
accept digit transmission.

The start dial signal(s) used is dictated by the serving FX office, WATS office, or
local CO. For interconnection with other private switching systems, the System
Manager may select the start dial signal(s) to be used.

“Trunk type” refers to the physical design of a trunk circuit. Trunk type and the
start dial signal are often used interchangeably, although trunk type is a more
accurate term. A brief description of the available trunk types follows:

= Ground Start — A ground signal is sent over the trunk ring lead and is
received over the trunk tip lead.

= Loop Start — A closure signal is sent through the loop formed by the trunk
leads.
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= Immediate Start — No start dial signals are used. On outgoing calls, the
system waits at least 80 milliseconds (a configurable amount of time) after
sending the seizure signal before sending the digits required at the distant
switch. This gives the distant switch enough time to attach a digit receiver
to the call.

= Wink Start — A momentary signal (wink) is sent to the distant switch when
the trunk is ready to receive digits.

= Delay Dial — A steady signal is sent to the distant switch and is removed
when the trunk is ready to receive digits.

= Automatic — No dialing is performed. The seizure signhal sent or received
is sufficient to route the call. The call destination is specified when the
trunk group is administered. The destination can be the attendant group
or any extension number assigned in the system.

Trunk groups connecting with a WATS office, FX office, or local CO can be
ground or loop start. DID trunk groups can be immediate or wink start. Tie trunk
groups can be delay dial, wink start, immediate start, or automatic.

Trunk groups can be one-way incoming, one-way outgoing, or two-way. Whether
the trunk group is available for incoming, outgoing, or two-way traffic is called
direction. A two-way loop-start trunk is subject to glare. Glare occurs when the
distant switch is trying to use a given trunk for a call to a DEFINITY PBX at the
same time the DEFINITY system is trying to use the same trunk for a call to the
distant switch. Incoming calls are not aborted because of glare. The incoming
call will complete, and the outgoing call will receive reorder tone (G3i and
G3vs/G3s). In G3r and G3V2 and later releases, glare retry handling for two-way
trunks is administrable. Queuing at both ends of a two-way trunk group
compounds the possibility of glare and is, therefore, not recommended.

Each non-DCS outgoing and two-way trunk group can have a queue. If all trunks
in the group are busy, the call waits in the queue until a trunk becomes idle. The
gueue length, which is the number of calls waiting, may be from one to 100. A
gueue length of 0 (zero) indicates no queue has been established. This
information is entered on the trunk group form when the trunk group is
administered.

Dual Tone Multifrequency (DTMF) (touch-tone) signaling or rotary dial
(dial-pulse) signaling can be used between switches. The system can send or
receive either type of signaling required by the distant switch as well as
ISDN-PRI and R2-MFC and others.

An incoming trunk call to the system can be connected to another trunk, a voice
terminal, an attendant console, or an announcement. When the call is answered,
“an answer supervision” signal is sent to the distant public network switching
office. This signal initiates the recording of the call details normally used for
charging. Any CO call routed outward is deemed “answered” 10 seconds
(system default; however, this may be administered as higher or lower on the
trunk group form) after the last digit is dialed. Tie trunk calls are deemed
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“answered” when answer supervision is returned from the far end or when
answer supervision time-out expires. Also, if there is a trunk incoming from one of
the previously listed offices on a call of this type, then answer supervision is sent
to that office. An incoming call to a Direct Department Calling (DDC) or Uniform
Call Distribution (UCD) recorded delay announcement is deemed “answered”
when the calling party is connected to the announcement. Other types of
announcements, such as unassigned number announcements, are treated as an
unanswered call.
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System Management

System Management provides the capabilities to control and maintain the system
and also provides system usage reports to help determine if the system is being
used as intended. In short, System Management allows the System Manager to
establish the system, monitor its use, and make additions and/or changes as
necessary. System management devices are the Generic 3 Management
Terminal (G3-MT) or the Generic 3 Management Adjunct (G3-MA). The G3-MA
system management device is an enhanced PC-based administration system.

A WARNING:
Secure your system from unauthorized access by following the guidelines

suggested in the GBCS Products Security Handbook, 555-025-600, and in
thel"Security Measures"isection,|Chapter 1

System Management features and functions are described in this chapter.
Functions are more fully described in the following documents.

=« DEFINITY Communications System Generic 3 V4 Implementation,
555-230-655

= DEFINITY Communications System Generic 3 V2 Traffic Reports,
555-230-511

= DEFINITY Communications System Generic 3r Maintenance, 555-230-105

Changes made to system translations are effected only at the single system for
which the changes were made. If a system is part of a network, changes may
need to be made at more than one system to effect the desired changes to the
network. Similarly, changes intended for only a single system could affect the
network. Therefore, the System Manager must understand the effect on the
network before making any changes.

System Management Features

2-34

The following features are associated with System Management:
= Administration
= Advice of Charge
= Call Detail Recording (CDR)
= Customer-Provided Equipment (CPE) Alarm
= Facility Test Calls
= Move Agent From CMS
= Recent Change History
= Report Scheduler and System Printer

= Security Violation Notification
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« System Measurements

= System Status Report

System Administration

Allows the user to implement (initialize) and administer all the terminal and
system features and system parameters. System Administration allows the
following:

= Initializing the system

= Managing system, voice terminal, and data terminal features on a
day-to-day basis

= Performing system back-up procedures
= Monitoring, detecting, and determining system performance

= Maintaining system security

System administration and maintenance are performed at the G3-MT or G3-MA,
a Remote Administration terminal, or AT&T location. The G3-MT and G3-MA are
referred to from here on as the administration terminal. The G3r multiple
administration feature supports up to eight simultaneous system management
sessions. Up to five of these sessions may be performing administration updates
simultaneously. Up to five of these sessions may be executing a maintenance
command simultaneously.

The administration terminal can be any of the following:

= 715BCT
=« G3-MA
=« G3-MT

= MS-DOS compatible PC with 4410 emulation software

The administration terminal must be located within 50 feet of the system cabinet
and must be connected directly to the “terminal” or “duplication option terminal”
connected on the Switch Processing Element (SPE). The administration terminal
consists of a video display and keyboard that allow a System Manager to input
system commands and translations. The administration terminal is first used to
initialize the system. After initialization, the administration terminal is used to
reconfigure translations and to monitor system performance. Remote AT&T
service locations have access to the same administration capabilities as the local
administration terminal.

G3V3 and later releases provide enhanced login/password security by adding a
security feature that allows the user to define their own logins/passwords and to
specify a set of commands for each login. For complete instructions about
logging in and password administration, see the AT&T document DEFINITY
Communications System Generic 3 V4 Implementation 555-230-655.
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Remote Administration

Allows the system to be administered from a remote terminal located either on or
off the customer’s premises. A terminal located more than 50 feet from the
system cabinet is considered remote. A remote administration terminal can be on
the same premises as the local administration terminal or it can be off-premises.
The remote terminal performs the same functions as the local administration
terminal.

The VT 220, 610 BCT, 615 MT BCT, 715 BCT, 4410 terminal, or 4425 terminal
may be used as either an on-premises or off-premises remote terminal. If the
remote terminal is a 4410 terminal, VT220, 513 BCT, 610 BCT, 615 MT, or 715
BCT, it must be connected to the system through a PDM, 7400A data module,
7400B data module, or Data Line circuit pack. If a 4425 terminal (models that
include a built-in modem) is used as a remote terminal, a PDM, 7400A is not
required. See the DEFINITY Communications System Generic 1 and Generic 3
Installation and Test manual, 555-230-104, for additional information.

Technical Service Center (TSC)
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The TSC is an organization of AT&T service personnel who provide system
administration and maintenance from a remote location.

Personnel at the TSC access the system and perform administrative tasks
assigned to the System Manager. The administrative commands used by the
System Manager are also available to the TSC personnel. TSC personnel can
also execute maintenance routines.

During system access, the TSC personnel automatically receive major and minor
alarm notifications from the system. When an alarm is received, TSC personnel
can access the system and perform the following tasks:

« Clear errors

= Display alarms

= Display errors

= Download a copy of the system tape

= Perform any required administration

= Receive backup translations for the system

« Settime and date

= Test and busyout circuit packs, voice terminals, and trunks
= Dispatch field technicians when required

= Notify customer of disposition and status of alarms.
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Hospitality Services

The Hospitality Services features meet the lodging industry’s need to provide
services for their guests. The basic feature set is included in the basic voice
application software and is sometimes referred to as the hotel/motel feature
software package.

Hospitality Services Features

The following features are associated with Hospitality Services:
= Automatic Wakeup
=« Do Not Disturb
= Names Registration
= Property Management System Interface
— Check-In/Check-Out
— Housekeeping Status
— Controlled Restriction
— Guest Information Input/Change
— Room Change/Room Swap

— Message Waiting Notification
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Call Center Services

The Call Center Services features support industries such as airlines, travel
agencies, and catalogs that have a large number of similar incoming and/or
outgoing calls. These features can provide balanced call distribution to a large
group of voice terminals.

Call Center Services Features

The following features are associated with Call Center Services:
= Abandoned Call Search
= Agent Call Handling
— Stroke Counts
— Call Work Codes
— Forced Entry of Stroke Counts and Call Work Codes
= Automatic Call Distribution (ACD)
= Basic Call Management System (BCMS)
= Call Prompting
= Call Vectoring
= CallVisor (ASAI)
= Expert Agent Selection (EAS)
= Flexible Billing
= Inbound Call Management
« Intraflow and Interflow
=« Look Ahead Interflow

= Malicious Call Trace (MCT)

« Move Agent From CMS (Seel|Appendix A, "System Parameters")|

= Multiple Call Handling

= PC Application Software Translation Exchange (PASTE)
= Queue Status Indications

= Redirection on No Answer (RONA)

= Service Observing

= Voice Response Integration (VRI)

= VuStats
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Overview

This chapter defines the DEFINITY Communications System features. The
features are arranged in alphabetical order, regardless of the functional area to
which they apply. The information for each feature is usually presented under six
headings: Feature Availability, Description, Considerations, Interactions,
Administration, and Hardware and Software Requirements.

Feature Availability: Defines the release in which the feature is available.

Description : Defines the feature, describes what it does for the user or
how it serves the system, and briefly describes how it is used.

Considerations: Discusses the applications and benefits of the feature
and any other factors to be considered when the feature is used.

Interactions: Lists and briefly discusses other features that may
significantly affect the feature. Interacting features depend on each other;
one of the features must be provided if the other one is. Other features
may enhance each other; the features, in combination, provide improved
service to the user. Some features cannot coexist; one of the features
cannot be provided if the other one is. Finally, one feature can affect
another; the normal operation of one feature modifies, or is modified by,
the normal operation of the other feature.

Administration: States whether or not administration is required, how the
feature is administered, who administers the feature, and lists items
requiring administration.

Hardware and Software Requirements: Lists any additional hardware
and/or software requirements for the feature.
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AAR/ARS Partitioning

Feature Availability

This feature is available with all Generic 3 releases.

Description

3-2

Provides for the Automatic Alternate Routing (AAR) and Automatic Route
Selection (ARS) services to be partitioned among as many as eight different
groups of users within a single DEFINITY Generic 3 switch. This provides
individual routing treatment for the different groups of users.

A partitioned user group consists of those users who are grouped together and
share the same Partition Group Number (PGN). The PGN is not a restriction, but
a means used to indicate the choice of routing tables to be used on a particular
call. Each Class of Restriction (COR) is assigned a specific PGN or Time of Day
specification. Different CORs may be assigned the same PGN. Therefore, it is
possible for members of the same partitioned user group to have different CORs.

When the['AAR/ARS Partitioning'|feature is used in a hotel/motel or a hospital
environment, different facilities access is provided through ARS for guest/patient
voice terminals and administrative staff member voice terminals. For example,
within a hotel or motel, the guests and staff voice terminals might be partitioned
into two user groups. When a guest places an interstate call, the guest user
group’s ARS tables may specify that the call be routed using AT&T QUOTE
Service, a telephone billing information system that is used to bill back or allocate
long-distance charges. A similar call placed by a staff member might be routed
over a Direct Distance Dialing (DDD) trunk.

All partitioned user groups share the same pool of Routing Patterns. (See the
['Automatic Alternate Routing (AAR)"land['Automatic Route Selection (ARS)"|
features for further explanations on routing.) The translation tables that specify
the Routing Pattern number are unique for each partitioned user group. Routing
Patterns may be shared among the user groups or may be dedicated to a
particular user group. Once a user activates the['Automatic Route Selection|
[(ARS)"|or["Automatic Alternate Routing (AAR)'{feature and dials enough digits for
the system to search for the Routing Pattern, the PGN of the originator's COR is
used to select the table to look up the Routing Pattern.

Users of AAR/ARS Partitioning include the following:
= Single-Line Voice Terminals
= Multi-Appearance Voice terminals
= Attendants

= Remote Access Users
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Considerations

Data Endpoints
Incoming Tie Trunks

Other Trunks, used when calls are forwarded to an off-premises number

With AAR/ARS Partitioning, different groups of users within the same system can
receive individual routing treatment. For example, the following types of
situations may require AAR/ARS Partitioning:

Groups of users with different routing preferences for calls to a given area
due to special billing needs

Groups of users who wish to have dedicated use of a particular network
facility

Groups of users in different businesses in one or more buildings serviced
by a single system

Data users who require special facility types on outgoing calls

Partition user groups are only used with UDP, AAR and ARS. There is no
capability to access the partitioned user groups directly. Operation of the groups
is completely transparent.

Interactions

The following features interact with the['AAR/ARS Partitioning'{feature.

Bridged Call Appearance

If a Bridged Call Appearance is used for an AAR or ARS call, the system
will use the PGN of the bridged principal’s extension instead of the PGN of
the originating user’s extension.

Call Detail Recording (CDR)
The PGN used to route the call is not recorded in CDR.
Call Forwarding All Calls

If a call terminates at a voice terminal that has Call Forwarding All Calls
activated and the forwarded-to number uses AAR or ARS, the COR of the
calling user is used to look up the PGN for the call.

DCS

The['AAR/ARS Partitioning'|feature can cause different Routing Patterns to
be used on DCS calls. For example, one user’s Routing Pattern may
specify a DCS trunk group as a member of the pattern. A user of a second
PGN may use a different Routing Pattern that does not specify the DCS
trunk group. In this case, one user has DCS feature transparency and the
second user does not.
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Administration

When a call routes over a DCS trunk, no PGN information is sent to the
far-end PBX. Thus, the far-end PBX only will be capable of using the
incoming trunk’s PGN to route the call.

Remote Access

If a Remote Access user activates ARS, the COR assigned to the barrier
code dialed (or the Authorization Code, if required) is used to select the
PGN for the call.

Straightforward Outward Completion and Through Dialing

If the attendant assists or extends a call for a user and activates ARS, the
attendant’s COR is used to select the PGN for the call.

Uniform Dial Plan (UDP)

Since UDP calls expand the dialed digits into seven-digit numbers and
then use AAR to route the call, these calls will make use of partitioning.
Once the call begins to be handled by AAR, the user’s active COR will be
used to identify the proper PGN to handle the call.

AAR/ARS Partitioning is administered by the System Manager. The following
items require administration:

Different Digit Analysis tables must be administered for each partitioned
user group.

A PGN must be assigned to each COR table. Up to eight PGNs can be
used. If the [Time of Day Routing"|feature is assigned, a Time of Day Plan
Number is assigned to the COR instead of the PGN.

Hardware and Software Requirements

3-4

No additional hardware or software is required.
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Abandoned Call Search

Feature Availability

This feature is available with all Generic 3 releases.

Description

Provides identification of abandoned calls for CO offices that do not provide
timely disconnect supervision.

Before an incoming Automatic Call Distribution (ACD) split rings the hunt group
member or agent, the system checks to make sure the calling party has not
abandoned the call (hung up). If the calling party has abandoned the call, the
call does not ring the hunt group member or agent. Abandoned Call Search
adds an overhead of up to one second to each call delivered to an agent.

To see if the calling party has abandoned the call, after the call has been
abandoned by an announcement, the system must determine if the calling party
is still connected to the ground-start trunk at the central office (CO). To do this,
the system flashes (opens the tip-ring loop for 150 to 200 ms) the CO end of the
trunk. If the calling party is still connected, the CO will not respond. If the calling
party has hung up on the call, the CO will send a disconnect signal within 700 to
800 ms. The system interprets this as an abandoned call, releases the trunk, and
the call does not ring the hunt group member or agent.

Outside of the US, a flash of this duration may be responded to differently. Please

see the|'Trunk Flash"|feature for more information.

After it is administered for a trunk group, this feature is performed automatically
by the system. No operation is required by system users.

Considerations

Abandoned Call Search is suitable only for older COs that do not provide timely
answer supervision. Most COs provide timely disconnect supervision, and
therefore do not require the['Abandoned Call Search'|feature. Some older COs
can take as long as two minutes to notify the PBX of a disconnect and, thus,
require the PBX to determine, within one second, whether the call has been
abandoned, prior to extending the call. Even with Abandoned Call Search or
disconnect supervision, a small probability exists that a call will be extended to
the destination hunt group after the caller has hung up. Abandoned Call Search
and disconnect supervision significantly reduce that probability.

Abandoned Call Search works only with ground-start analog trunks.
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Abandoned Call Search allows agents and hunt group members to answer more
calls because time is not wasted on abandoned calls. In addition, call handling
statistics generated by the CMS are more accurate because the CMS knows
when a call is abandoned.

Interactions

None.

Administration

Abandoned Call Search is administered on a per trunk group basis by the
System Manager. Each ground start CO, FX, and WATS trunk group is
administered as either having Abandoned Call Search or not having it.

Hardware and Software Requirements

For G3i-Global, Abandoned Call Search requires the use of a TN747B CO Trunk
circuit pack. The same requirement is in effect if the serving CO is a No.1 or No.
5 Crossbar switch.

No additional software is required.
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Abbreviated Dialing (AD)

Feature Availability

Abbreviated Dialing is available with all Generic 3 releases. Enhanced
Abbreviated Dialing (also known as Enhanced Number List) is optional with all
releases except G3vs/G3s ABP. Enhanced Abbreviated Dialing is not available
with G3vs/G3s ABP. Automatic Dialing Buttons and designated user
programming of group lists are available with G3V4 and later releases.

Description

Provides lists of stored numbers that can be accessed to place local,
long-distance, and international calls; to activate features; or to access remote
computer equipment. Stored numbers can be accessed by voice terminal users
and data terminal users. Certain stored numbers can also be accessed by
attendants.

Automatic Dialing Buttons, available with G3V4 and later releases, allow users
direct access to a designated number that is not stored on an Abbreviated
Dialing list. See["Access Options"|later in this section for more information about
Automatic Dialing Buttons.

List Types

Desired numbers are stored in any of four types of lists. Each stored number is
one list entry. To use Abbreviated Dialing, a user accesses the appropriate list by
dialing an access code, and then dials the one-, two-, three or four-digit list entry
number where the desired number is stored. The number is then dialed
automatically by the system. For a frequently called number, the list and list entry
number can be stored on an Abbreviated Dialing button. In this case, simply
pressing the button places the call.

The following section describes the types of Abbreviated Dialing lists. The
number of lists per system and the number of entries per list is determined by the
type and version of the switch. See|'System Hardware and Software Capacity|
[Limits" on page A-12|for more information.

=« Personal Number Lists

Allow voice and data terminal users to have a personal set of stored
numbers. A user can have up to three Personal Number Lists. The user, or
the System Manager, programs the Personal Number Lists. The System
Manager determines the users that are allowed to have a personal list and
the size of each list.

The Personal Number Lists are created automatically when the capability
of accessing a personal list is administered for the individual station.
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= Group Number Lists

Allow access by a group of users, such as purchasing or personnel
departments, who frequently dial the same numbers. An individual user
can access up to three specific Group Number Lists, as set by the System
Manager.

The Group Number Lists are administered by the System Manager. G3V4
and later releases also provide for the administration of a designated user
(extension number) who can program a Group Number List. The
designated user for each list is specified on the “Abbreviated Dialing
Group List” form.

= System Number List

Can contain any number or dial access code. The System Manager
programs the System Number List and sets which users can access the
list. One System Number List is allowed per system.

= Enhanced Number List

One Enhanced Number List is allowed per system in addition to the
System Number List. The Enhanced Number List can contain any number
or dial access code. The System Manager programs the Enhanced
Number List and sets which users can access the list.

=—>» NOTE:
The enhanced number list capability is an optional feature which, if
desired, must be purchased separately. The Enhanced Number List
option is called the|'Enhanced Abbreviated Dialing (EAD)'|feature.

List Entries

3-8

The following sections describe the numbering schemes used to select a list
entry once an Abbreviated dialing list is accessed.

Personal Number List Entries

For Personal Number Lists administered for 5 or 10 entries, the user dials a single
digit to access a list entry number. Entries are numbered 1 through 9 and 0 (list
entry 10). For example, to access entry 6 the user dials 6, to access entry 10 the
user dials 0.

For Personal Number Lists administered for more than 10 entries (G3V4 and later
releases only), the user dials a two-digit number to access a list entry. For
example, to access entry 6 the user dials 06, to access entry 100 the user dials
00.
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Group Number and System Number
List Entries

G3V4 provides the option of selecting between two Group Number and System
Number List entry numbering schemes. The type of numbering scheme used is
administered on the “System-Parameters Customer-Options” form. The first
numbering scheme corresponds to the one used in G3V3 and earlier releases.
The second numbering scheme corresponds to the one used in G2 switches.

Table 3-1. Group Number and System Number List Entry
Numbering Schemes

List Entry Number User Dials (Scheme 1) | User Dials (Scheme 2)
1 11 01
2 12 02
10 20 10
11 21 11
89 99 89
90 00 90
91 01 91
100 10 00

Enhanced Number List

List entries for the Enhanced Number list are numbered 000 through 999 in G3V3
and earlier releases. With G3V4 and later releases, the system can be
administered to have list entry numbers of either 000 through 999 or 0000
through 9999.

List Assignments and Designations

Each extension nhumber can be assigned up to three Abbreviated Dialing Lists
— List 1, List 2, and List 3. Each of these three lists is designated as being either
Personal, Group, System, or Enhanced. The three lists may be any combination
of the above as long as there is no more than one System and/or Enhanced List.
When a list is designated as being a Group List, the particular number of the
Group List is specified (for example, group list 42). Personal Lists must have a
group number as well (Personal Lists are designated P1, P2, P3, etc.).
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To access Abbreviated Dialing, the user accesses List 1, List 2, or List 3 either by
dialing the access code or by using a button programmed with the access code.
The access codes for List 1, List 2, and List 3 are the same systemwide.
Therefore, it is possible for a System List or a particular Group List to have a
different access code at different voice terminals. For example, suppose the
feature access codes for List 1 and List 2 are 101 and 102, respectively.

One voice terminal may have List 2 administered as “group 42.” Another voice
terminal may have List 1 administered as “‘group 42.” In this case, the access
code for “‘group 42" is 102 for the first voice terminal and 101 for the second
voice terminal.

Privileged Lists

All Group Number Lists, the System Number List, and the Enhanced Number List
can be designated as Privileged by the System Manager. Calls automatically
dialed from a Privileged List are completed without Class of Restriction or FRL
checking. (FRLs are associated with the["Automatic Route Selection (ARS)"]and
[Automatic Alternate Routing (AAR)features.) This allows access to selected
numbers certain voice terminal users might otherwise be restricted from
manually dialing. For example, a voice terminal user may be restricted from
making long-distance calls. However, the number of another office location may
be long distance. This number could be entered in a list designated as
Privileged. The user could then call the office location using Abbreviated Dialing,
while still being restricted from making other long-distance calls.

Special Characters

3-10

A number stored in an Abbreviated Dialing List can be a combination of
numerical digits and special characters. A special character instructs the system
to take a different action when dialing reaches the point where the character is
stored. Each special character counts as two digits toward the maximum
number of digits in a list entry. Refer to the AT&T document DEFINITY
Communications System Generic 3 V4 Implementation, 555-230-655 for more
information. The following special characters can be stored:

=« Pause (~p)

When a Pause is included in a string of stored digits to be outpulsed over
a trunk, outpulsing of the digit(s) following the Pause is delayed 1.5
seconds. Outpulsing automatically resumes after expiration of the delay
timing.

The Pause is useful when there is good probability the far-end dial tone
(provided by another switch) will be returned within 1.5 seconds. Typical
applications include tandem switching through private networks and
end-to-end signaling over the public or a private network.

The pause characters may not operate properly if used on buttons
pressed after the call is connected. Use of pause characters on calls
where the total number of digits sent exceeds 36 may cause loss of digits.
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Wait (~w)

When a Wait precedes, or is included in, a string of stored digits to be
outpulsed over a trunk, outpulsing of the digit(s) following the Wait is
delayed 5 to 25 seconds or until dial tone is detected, whichever occurs
first. Outpulsing resumes after the End-Wait signal is received or when
delay timing expires.

The Wait is useful in cases where dial tone delays of variable length and/or
network blocking outside the system are frequently experienced. Typical
applications include tandem switching through private networks and
end-to-end signaling over the public or a private network.

Indefinite Wait (~W)

When an Indefinite Wait precedes, or is included in a string, outpulsing of
the digits following the Indefinite Wait is delayed until dial tone is detected
no matter how long it takes or until the calling party goes on hook. The
Indefinite Wait is useful in situations where Dial Tone is frequently delayed
for many minutes.

Mark (~m)

When a Mark precedes, or is included in a string of stored digits, all digits
following the Mark are treated as end-to-end signaling digits to be
outpulsed over an outgoing trunk in “Touch-Tone Signal” form even if a
dial pulse trunk was used to set up the call. As a typical application, a
DTMF data call can be made over a dial pulse trunk (for example,
retrieving messages from AUDIX). The mark character should be placed
immediately after the extension, before any digits being sent to the
answering station.

Suppress (~s)

When a Suppress precedes, or is included in a string of stored digits, the
system treats all digits following the Suppress the same as any other digits
for call setup and digit outpulsing. The Suppress character only affects
the display of the stored number. Stored numbers are normally displayed
when an alphanumeric display is provided through the [Voice Terminal|
[Display’]feature; however, the digits following the Suppress character are
not displayed. The display shows the lowercase letter s instead of the
stored digits.

The Pause and Wait special characters are needed to delay outpulsing of the
initial digits following access of an outgoing trunk if the system does not know
when to start outpulsing over a trunk (for example, in Europe). Use of these
characters as the very first character could cause calls to be aborted. These
characters are used when outpulsing should be delayed until dial tone is
returned from a distant point reached through a switched connection outside the
system.

Access Options

Abbreviated Dialing numbers can be accessed by any of the following options:
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3-12

= Abbreviated Dialing-Code (AD Code)

This option allows users to access a stored number by dialing the
['Abbreviated Dialing (AD)"|feature access code and a list entry number.
Each AD code automatically dials the number stored in the list the user
accessed.

= Abbreviated Dialing-Button (AD Button)

This option allows multi-appearance voice terminal users and attendants
to access stored numbers by pressing one or more buttons. Each AD
button automatically dials the number stored in the list and the list entry
number administered to the button.

Access to any list and associated list entry number can be programmed in
an AD button on a multi-appearance voice terminal. An AD button on an
attendant console can be programmed to access a Group List, the
System List, or the Enhanced List and associated list entry number.

The System Manager administers the AD button. If the button is
administered to access a number in the user’'s Personal Number List, the
user can change the number assigned to the button. If the number
assigned to the button accesses an entry on a Group List either the
System Manager or a designated user (G3V4 and later releases) can
make the change. If the number assigned to the button accesses an entry
on the System List or the Enhanced List only the System Manager can
make the change.

= Automatic Dialing Button

Available with G3V4 and later releases, this option allows users to directly
dial numbers by pressing one or more buttons. Each Automatic Dialing
button is administered to automatically dial a number that is not stored on
any of the Abbreviated Dialing lists. The number can be up to 16
characters long. The Automatic Dialing buttons are programmed by the
user or the System Manager.

A separate list, called the 7103A Group Number List, is used only by 7103A
Fixed Feature voice terminal users as a group. This list allows button access to
stored numbers and can have eight list entries. Any number can be stored in the
7103A Group Number List; however, it is intended primarily for feature access
codes. The System Manager programs the 7103A Group Number List.

All users can program their Personal Number List, any AD button that accesses a
number from their Personal Number List, and their Automatic Dialing buttons.
Only designated users can program an AD button that accesses a nhumber from
a Group Number List. Programming is done by dial access or by pressing the
PROGRAM button, if assigned.
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Programming Personal Lists, Abbreviated
Dialing Buttons and Automatic Dialing Buttons

To program an entry in a Personal Number List, the user dials the Program
access code or presses the PROGRAM button, then dials the personal list number,
the Dial Code number, and the number to be stored (up to 24-digits), and then
presses either the # key or the AD button. Confirmation tone is heard when the
number is stored. While in the program mode, users can program all Personal
Number List entries, if desired. To exit the program mode, the user simply hangs

up.

To program an AD button administered to access a particular entry in the
Personal Number List, the user dials the Program access code or presses the
PROGRAM button, if assigned. The user presses the AD button, dials the desired
number (up to 24-digits), and presses the # Confirmation tone is heard when the
number is stored. In the program mode, the user can program as many assigned
AD buttons (as well as Automatic Dialing buttons) as desired. To exit the
program mode, the user hangs up.

Only the System Manager and multi-appearance voice terminal users can
program special characters. Voice terminal users need PAUSE, MARK, WAIT,
INDEFINITE WAIT, and SUPPRESS buttons or a Function Entry button to program
special characters. Pressing a PAUSE, MARK, WAIT, INDEFINITE WAIT, or SUPPRESS
button programs the special character administered to the button. Pressing the
AD FUNCTION ENTRY button and then dialing 1, 2, 3, or 4 programs Pause, Wait,
Mark, or Suppress respectively. Special characters count as two toward the total
number of digits that can be stored in a list entry or button. See
[Characters" on page 3-10|for additional information.

Programming Group Lists

With G3V4 and later releases, voice terminal users can program the Group Lists
to which they are assigned as the designated user. For example, a department
secretary may be the designated user for a Group List created for the
department. Designated users are assigned (as Program Ext ) per Group List on
the “Abbreviated Dialing Group List” form. Users who attempt to program group
lists for which they are not the designated user receive intercept tone.

The method a designated user will use to program a Group List is dependent
upon the access codes and buttons administered for the terminal and system.
The designated user can:

= Program the Group List using the Program access code or AD Program
button (ABR_PROG) in conjunction with an Abbreviated Dialing (ABRV_DIAL)
button. In this case, the number to be programmed must be associated
with that AD button.
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= Program the Group List using the Program access code or AD Program
button (ABR_PROG) when an Abbreviated Dialing (ABRV_DIAL) button is not
available. In this case, the user can only program lists assigned (as List 1,
2 or 3) to the terminal he or she is using. Other lists for which the user is
the designated user cannot be programmed in this way.

Group Lists can only be programmed in this way if the “Abbr Dial
Programming By Assigned List” field is set to y on the “Feature-Related
System-Parameters” form.

= Program the Group List using the AD Group List Program FAC, which is
available with G3V4 and later releases. When the AD Group List Program
FAC is used to program a group list, the user can program any list for
which they are specified as the designated user.

The following instructions describe how designated users program group lists
from their voice terminals. Group lists can also be programmed on the switch by
the System Administrator.

= Programming the Group List With the AD Program Access Code or AD
Program Button With an Abbreviated Dialing Button

An Abbreviated Dialing button can be used by the designated user to
program the Group List number associated with that button. The user dials
the AD Program access code or presses the AD Program button. The user
then presses the AD button, dials the desired number, and then presses
the # Confirmation tone is heard when the number is stored.

= Programming the Group List With the AD Program Access Code or AD
Program Button (No Abbreviated Dialing Button)

The user dials the AD Program access code or presses the AD Program
button. The user then dials 1, 2, or 3 to select a Group List (administered
on their “Station” form) followed by the 2-digit List Entry Number of the
entry to be programmed. The user then dials the desired number, and
then presses the # Confirmation tone is heard when the number is stored.

= Programming the Group List With the AD Group List Program FAC

The user dials the AD Group List Program FAC. He or she then dials the

three, or four-digit Group List Number to select a Group List followed by

the two-digit List Entry Number of the entry to be programmed. The user

then dials the desired number, and then presses the # Confirmation tone
is heard when the number is stored.

Considerations

3-14

Abbreviated Dialing provides easy access to selected numbers by decreasing
the number of dialed digits required to place the call. Instead of dialing the entire
number, the user merely dials a short code to access the desired number. The
system then dials the stored number automatically. For frequently called
numbers, an Abbreviated Dialing button or Automatic Dialing button can be
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assigned, allowing the call to be placed by merely pressing the button. By
assigning a Privileged list of numbers, a user is allowed to place calls to selected
numbers that might otherwise be restricted.

Users can be assigned access to three AD lists. The three lists can be made up
of any combination of up to three Personal Lists, up to three Group Lists, the
System List, and the Enhanced List. A Personal List cannot be administered to an
attendant console.

A number stored in any list in the switch can contain up to 24 digits. A special
character used for Pause, Wait, Indefinite Wait, Mark, or Suppress counts as
2-digits.

A terminal or attendant cannot be removed if it is designated as the extension
number that is permitted to program a Group List.

Abbreviated dialing digits may be used after the call is connected to send digits
from the originator to other connected parties. Other parties may not use
abbreviated dialing buttons to send digits back to the originator. Pause
characters in abbreviated dialing strings may be ignored if used after the call is
connected, and may cause loss of digits when the total number of digits used
exceeds 36.

Security Measures

Privileged group, system and enhanced lists give access to calls from stations
that would otherwise be restricted.

Interactions

The following features interact with the['Abbreviated Dialing (AD)"[feature.

= Attendant Consoles
Automatic Dialing Buttons are not allowed on Attendant Consoles.
= AUDIX Interface

When using an Abbreviated Dialing button to access AUDIX, the user’s
login and password may be assigned to the button.

= Bridged Call Appearance

A user, accessing Abbreviated Dialing while on a bridged call
appearance, accesses his or her own Abbreviated Dialing lists. The user
does not access the Abbreviated Dialing lists of the primary extension
associated with the bridged call appearance.
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A designated user permitted to program a Group List is not permitted to
program the Group List from the bridged call appearance of the
designated extension number.

= Last Number Dialed

This feature places a call to the same number as called previously, even if
Abbreviated Dialing was used on the previous call.

If the previously called number was in an Abbreviated Dialing Privileged
List, and if the user is not normally allowed to dial the number because of
his or her Class of Restriction, Intercept Treatment is given when using
Last Number Dialed. To redial the number, the user must again use the
Abbreviated Dialing Privileged List.

= Remote Access

Remote Access users cannot access Abbreviated Dialing.

Administration

3-16

Abbreviated Dialing is administered by the System Manager. However, an
Abbreviated Dialing Personal List can be programmed by either the System
Manager or the voice terminal user. With G3V4 and later releases, the Group List
can be programmed by a designated user or the System Manager.

The System Manager must establish a Personal Number List. For example,
during implementation, a voice terminal must first be assigned a Personal
Number List on the “Individual Voice Terminal” form. The list can be established
on the “Abbreviated Dialing Personal List” form or from the user’s voice terminal.
In order to use all members of a Personal List for an individual voice terminal, the
list must be modified to expand it to the maximum members for that list on the
Abbreviated Dialing List form.

The following items, if required, are set by the System Manager:

= Feature Access Codes for List 1, List 2, and List 3, for accessing a
personal list. Also FAC for programming a personal or group list

= Voice Terminal Assignments
— AD buttons, if desired
— AD Program button, if desired
— Automatic Dialing buttons, if desired
— Mark, Pause, Suppress, Wait and Function Entry buttons, if desired
— Access to as many as three lists
= Data Module Assignments (Access to an Abbreviated Dialing list)
= Abbreviated Dialing Lists

— Personal Number Lists
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— Group Number Lists
— System Number List
— Enhanced Number List
— 7103A Group Number List
= Wait Delay Interval (5 to 25 seconds)
= Attendant Console Parameters
See DEFINITY Communications System Generic 3 Version 4 Implementation,
555-230-655 or DEFINITY Communications System Generic 3 V2/V3

Implementation, 555-230-653, for complete instructions for administering the
[Abbreviated Dialing (AD)"feature.

Hardware and Software Requirements

Additional tone detectors such as TN744C-Tone Detector/Call Classifier,
TN748C-Tone Detector, TN420C-Tone Detector, or TN2182-Tone
Clock/Detector/Generator may be required if the special wait character is used
frequently. See DEFINITY Communications System Generic 3 System
Description and Specifications, 555-230-206, for more specifics.

Optional software is required for the Enhanced Abbreviated Dialing list.
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Add/Remove Skills

Feature Availability

This feature is available with all G3V3 and later versions with the
[Selection (EAS)"|feature enabled.

Description

3-18

This feature allows agents using Expert Agent Selection (EAS) to add or remove
skills.

A skill is a talent or ability of an agent and a requirement of a caller that is
identified within the switch by a number. For example, if an agent has the ability
to speak English and Spanish, that agent could be assigned a Spanish speaking
skill that has a numerical identifier, such as 50. The agent can then add skill 50 to
his/her set of working skills. If a customer requires a Spanish-speaking agent, the
system can route the call to the agent(s) with that skill. Skills can be administered
for a vector directory number (VDN) and an ACD agent login ID, and can be
active for an ACD caller via vector commands. Each agent can have up to four
skills active at any one time.

=> NOTE:
In the EAS environment, agents must have at least one skill assigned to
them during a login session. Therefore, if an agent with only one skill tries to
remove that skill, the system does not remove the skill. Also, the system
does not allow an agent with four active skills to add a fifth skill.

This feature allows agents to add or remove a skill by dialing a feature access
code (FAC). Agents use one FAC to add a skill and another FAC to remove a
skill. Also, any voice terminal user with console permission can add or remove an
agent’s skill on behalf of the agent by entering the agent’s login ID.

Agents and supervisors can use queue-status indications, VuStats, or Call
Management System (CMS) or Basic Call Management System (BCMS)
information to determine if they need to add or remove a skill. When adding a
skill, the agent must specify if the skill is primary or secondary. A primary skill is
one that the agent answers before answering any secondary skills, if there are
calls in queue for both skills. Therefore, it is worth noting that adding or removing
a primary or secondary skill does impact how calls are distributed to an agent.
The system displays text to prompt the agent through the process of adding or
removing a skill (assuming the terminal is equipped with a display).

When an agent adds or removes a skill, the system displays on the voice terminal
(assuming the terminal is equipped with display) the updated set of skills. Each
skill number is preceded by either p for primary or s for secondary.
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If a supervisor with console permission adds or removes a skill for an agent, the
agent does not receive any notification that the change has taken place.

Feature History

This feature was available in the DEFINITY G2 Version 2 release with EAS.
Therefore, its addition to G3V3 and later releases fills a void in previous G3
releases. However, the feature has been enhanced in this release by the addition
of agent ability to designate a skill as primary or secondary when they add the
skill.

Considerations

A skill cannot be removed from an agent’s skill set if the agent is on a call for that
skill. A skill cannot be removed from an agent’s skill set if the agent is in the
After-Call-Work (ACW) state for that skill.

If a supervisor with console permission adds or removes a skill for an agent, the
agent does not receive any notification that the change has taken place. An
agent or other user does not need to be logged in for a skill to be added or
removed. Also, agents and users cannot add or remove a skill while on a call or
in ACW.

Interactions

= Auto-Available Splits (AAS)

If an agent adds a skill that is administered as Auto-Available, the agent’s
login ID must have the “AAS’ field set to y on the "Agent Login ID" form, or
the agent cannot add the skill.

= BCMS

BCMS begins tracking the new skill as soon as it is added. When an agent
removes a skill, the real-time agent information specific to that skill is
removed from the real-time reports. The data for the skill still appears on
the historical reports.

= VuStats

Because VuStats displays information gathered by BCMS (whether BCMS
is enabled or not), the BCMS interaction mentioned above applies to
VuStats also.

Administration

EAS must be enabled on the “Feature-Related System-Parameters” form before
using the ['Add/Remove Skills"|feature.
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Feature access codes (FACs) for adding and removing skills must be entered in
the “Feature Access Code” form. Also, for each class of restriction (COR), the
ability for users with that COR to add and remove skills must be enabled or
disabled. This is done on the “Class of Restriction” form. Console permissions
are administered on the “Class of Service” form.

Text for user-defined displays for the|'Add/Remove Skills"|feature are
administered on page 5 of the “Display-Messages Miscellaneous” form.

=—>» NOTE:

Skills are defined on the “Hunt Group” form. Each skill can be administered
on the ‘Vector Directory Number’ form or directly in vectors.

Hardware and Software Requirements

EAS is required.
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Administered Connections

Feature Availability

Administered Connections is available with all Generic 3 releases except
G3vs/G3s ABP and replaces the Permanent Switched Calls feature of previous
System 75 releases and of DEFINITY Generic 1.

Description

Automatically establishes an end-to-end connection between two access/data
endpoints. The["Administered Connections'|feature provides the following
enhanced capabilities.

= Support of both permanent and scheduled connections

= Auto Restoration (preserving the active session) for connections routed
over Software Defined Data Network (SDDN) trunks

= Administrable retry interval (from 1 to 60 minutes) per Administered
Connection

= Administrable alarm strategy per Administered Connection
= Establishment/retry/auto restoration order based on administered priority
The status of an Administered Connection (disabled, connected, and so on) can

be displayed by entering the status administered-connection = command from
the Management Terminal.

The endpoints which can be connected via the['/Administered Connections"|
feature are either access endpoints or data endpoints. Access endpoints are
nonsignaling trunks and data endpoints are devices that connect the switch to
data terminal/communication equipment. Throughout this section the term
endpoint is used to mean either data endpoint or access endpoint.

Access Endpoints

An access endpoint is either a nonsignaling channel on a DS1 interface or a
nonsignaling port on an Analog Tie Trunk circuit pack that is assigned a unique
extension. Since an access endpoint is nonsignaling, it will neither generate nor
respond to signaling. As a result, an access endpoint cannot be used as a
trunking facility (it cannot receive incoming calls or route outgoing calls). An
access endpoint is used primarily to support devices, switches, or services that
have a trunk interface but do not support signaling for the trunk. An access
endpoint may be designated as the originating (local) endpoint or destination
endpoint in an Administered Connection. The status of an access endpoint can
be displayed by entering the status access-endpoint command from the
Management Terminal.
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If a data call/connection between two access endpoints is set up from a voice
station via the[Transfer'Jfeature, the call can only be dropped (and the endpoints
freed) by busying out either one of the Access Endpoints or a trunk over which
the connection is routed (if one exists) from the Management Terminal. This is
required since neither of the endpoints can initiate a drop (access endpoints are
nonsignaling).

Typical Administered Connection Configurations

The['Administered Connections'|feature allows a great amount of flexibility in
assigning the destination address of the connection. As a result, many different
configurations are possible with an Administered Connection. An Administered
Connection can be established between two endpoints on the same switch;
between two endpoints in the same private network, but on different switches; or
between an endpoint on the controlling switch and another endpoint off the
private network. In all configurations, the Administered Connection must be
administered on the same switch as the originating endpoint.

If the two endpoints of the Administered Connection are on two different switches
within a private network, normally, the connection will be routed through tie trunks
(such as ISDN-PRI, DS1 or analog tie trunks) and possibly intermediate switches.
However, if preferred, the connection can be routed through the public network.

The following are typical Administered Connection configurations and their
application examples:
= A local data endpoint connects to a local or a remote access endpoint.
One example of this is an MPDM connecting to a T1 Multiplexer via a DSO.
= Alocal access endpoint connects to a local/remote access endpoint.

Two examples are a DSO cross-connect and a four-wire leased line
modem to a four-wire leased line modem connection via analog tie trunks.

= A local data endpoint connects to a local/remote data endpoint.

One example is a connection between two 3270 data modules.

Establishment of Administered Connections

The originating switch will only attempt to establish an Administered Connection
if the following conditions exist:

a. the Administered Connection is enabled

b. the Administered Connection is due to be active (either a permanent
Administered Connection or the time of day requirements are satisfied if a
scheduled Administered Connection)

c. the originating endpoint is in the in-service/idle state

If the originating endpoint is not in-service/idle, no activity will take place for the
Administered Connection until the endpoint transitions to the desired state. The
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destination address is used by the originating switch to route the connection to
the desired endpoint. When two or more Administered Connections are to be
established at the same time, they are established in priority order.

Administered Connection Establishment Retries

Administered Connection establishment attempts can fail for the following
reasons:

= resources are unavailable to route to the destination
= arequired conversion resource is not available

= access is denied. COR, FRL, BCC, or an attempt is made to route
voice-band-data over SDDN trunks in the 4ESS switch network (or other
public switch network)

= incorrect destination address
= destination endpoint is busy

= other network or signaling failure

In the event of a failure, an error will be logged in the error log and an alarm will
be generated, if it is warranted by the alarming strategy. The reason an
Administered Connection has failed can be displayed by the System Manager
via the status administered-connection =~ command. This information is also
contained in the error log.

As long as an Administered Connection is due to be active, continued attempts
to establish an Administered Connection will be made by the originating switch
unless the establishment attempt failed because of an administrative error (like a
wrong number) or service blocking condition (like outgoing calls barred).
Establishment attempts for Administered Connections that fail as a result of one
of these conditions will resume when the problem is resolved (that is,
Administered Connection administration has been changed). The frequency at
which failed establishment attempts are retried is determined by the
administered retry interval (1 to 60 minutes) of each Administered Connection.
Retries will be made after the retry interval has elapsed regardless of the
restorable attribute of the Administered Connection. If more than one
Administered Connection is to be retried at the same time, they will be retried in
priority order. When the customer changes the time of day on the switch, an
attempt will be made to establish all Administered Connections in the ‘waiting for
retry’ state.

Dropping an Administered Connection

Once established, an Administered Connection will remain active until one of the
following events occurs:
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= The Administered Connection is changed, disabled, or removed. (See the
“Administration” section for identification of which attributes, when
changed, will result in the dropping of an active Administered
Connection.)

= The time of day requirements of a scheduled Administered Connection
are no longer satisfied.

= One of the endpoints initiates dropping the connection. This could be a
result of a user initiated drop (in the case of a data endpoint),
maintenance activity resulting from an endpoint failure, or the busying out
of the endpoint or handshake failure. If the endpoints involved in an
Administered Connection are incompatible, the connection will
successfully connect before the handshake failure occurs.

=—>» NOTE:
Administered Connections between access endpoints will remain
connected even if the attached access equipment fails to
handshake.

= Aninterruption (that is, facility failure) occurs in the path between the
endpoints involved in the Administered Connection.

No action is taken if an Administered Connection drops because it was
disabled/removed or is no longer due to be active. If an Administered
Connection drops because of changed Administered Connection attributes, an
immediate attempt will be made to establish the connection with the changed
attributes if it is still due to be active. Existing entries in the error/alarm log are
resolved if they no longer apply. If it can be determined that handshake failure
resulted in the dropping of the connection, in the case of an Administered
Connection involving at least one data endpoint, no action will be taken for that
Administered Connection until the change administered-connection = command
has been executed.

Administered Connection Failure:
Auto Restoration and Fast Retry
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When an active (established) Administered Connection drops prematurely, either
auto restoration or fast retry will be invoked. It can be determined whether or not
auto restoration will be attempted for an active Administered Connection by
observing the contents of the restorable field displayed on the Status
Administered Connection screen.

Auto restoration will be attempted if the Administered Connection was optioned
for auto restoration and the connection was routed over SDDN trunks. During
restoration, connections are maintained between the switch and endpoint at both
ends of the connection. In addition to allowing the active session to be
maintained, this also provides a high level of security by prohibiting other
connections from intervening in active sessions. The ‘Auto Restoration’ feature
cannot guarantee restoration within a certain time period, but successful

Issue 3 March 1996



Administered Connections

restorations (involving remote endpoints on a G3i switch) must be completed
before the expiration of the 60-second endpoint holdover timer utilized during
restoration. If auto restoration is successful, the session that was active when the
failure occurred might be maintained (no guarantee). If the session is
maintained, the restoration is transparent to the user with the exception of a
temporary disruption of service while the restoration is in progress. A successful
restoration is reflected by the restored state on the Status Administered
Connection screen. The restored status will be displayed, even if the destination
endpoint was idle (that is, already dropped) when the restoration attempt arrived
at the destination node. (Although the restoration was successful, the data
session may not have been preserved.)

If the auto restoration function is not optioned or the Administered Connection is
not routed over SDDN trunk(s), the switch will immediately attempt to reestablish
the connection (fast retry). Fast retry will also be attempted if the originating
endpoint initiated the drop. In the event of a fast retry, connections are not
maintained on both ends. Fast retry will not be attempted for an Administered
Connection which was last established via fast retry, unless the Administered
Connection has been active for at least two minutes.

If the auto restoration or fast retry attempt fails to restore/reestablish the
connection, the connection will be dropped and the Administered Connection
will go into retry mode. Retry attempts will continue, at the administered retry
interval, as long as the Administered Connection is due to be active.

Interactions

The following features and functions interact with the['"Administered Connections'|
feature:

= Abbreviated Dialing

Abbreviated dialing entries can be used in the “Destination Address” field.
Entries must comply with the restrictions of the dial plan.

= AAR/ARS/Generalized Routing Selection (GRS)
These features may be used in the routing of an Administered Connection.
= Busy Verification of Stations and Trunks

This feature does not apply to access endpoints because access
endpoints are used only for data.

» Class of Restriction

A COR should be reserved for Administered Connection endpoints and
SDDN trunks. This would restrict endpoints, not involved in Administered
Connections, from connecting to SDDN trunks or endpoints involved in
Administered Connections.

= Class of Service/Call Forwarding
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An Administered Connection endpoint should be assigned a Class of
Service that will block call forwarding activation of the endpoint.

Data Call Setup

A Default Dialing destination should not be assigned to a data module that
is used in an Administered Connection.

Data Call Hotline

A hotline destination should not be assigned to a data module that is used
in an Administered Connection.

Digital Multiplexed Interface (DMI)

DMI endpoints can be used as the destination in an Administered
Connection. DMI endpoints do not have associated extensions, so they
cannot be used as the originator in an Administered Connection.

Facility Test Calls

The feature does not apply to access endpoints because an access
endpoint acts as an endpoint rather than as a trunk.

Hunting

A hunt group extension is not allowed to be used as the origination
extension of an Administered Connection.

Modem Pooling

If a conversion resource (pooled modem) is required in an Administered
Connection, one will be inserted. If no conversion resource is available,
the connection will be dropped.

Non-Facility Associated Signaling (NFAS) and D-Channel Backup

Auto Restoration for Administered Connections, initially routed over an
NFAS facility, may fail if the only backup route is over the facility on which
the backup D-channel is administered, since the backup D-channel may
not come into service in time to handle the restoration attempt.

Set Time Command

When the System Manager changes the system time via the set time
command, all scheduled Administered Connections are examined. If the
system time change causes an active Administered Connection to be
outside its scheduled period, the Administered Connection will be
dropped. If the time change causes an inactive Administered Connection
to now be within its scheduled period, the switch will attempt to establish
the Administered Connection.

Also, if any Administered Connection (scheduled or continuous) is in the
retry mode and the system time changes, the switch will attempt to
establish the Administered Connection immediately.

CDR
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For an Administered Connection that uses a trunk which has CDR
enabled, the origination extension of the Administered Connection will be
used as the originator of the call.

CDR is not available for access endpoints.
= System Measurements

Access endpoints are not measured. All other trunks in an Administered
Connection are measured as usual.

= Terminal Dialing

It is recommended that the terminal dialing capability be turned off for
data modules involved in an Administered Connection.

=> NOTE:
This will stop call processing related messages (INCOMING
CALL,...) from being displayed on the terminal.

= Trunk Groups

In order for auto restoration to be invoked, an Administered Connection
must be routed over SDDN trunks. Since a successful restoration
depends on there being an SDDN path over which to route the restoration
attempt, some SDDN trunks should be kept idle to be used in the event of
failure for restoration. SDDN trunk group usage should be restricted to
Alternating Current (AC) related traffic.

Administration

Each Administered Connection is administered by the System Manager. The
following items require administration.

= Endpoints

If an Administered Connection involves local endpoints, the endpoints
must be administered before the Administered Connection using those
endpoints can be administered. An endpoint cannot be removed if it is
involved in a locally administered Administered Connection, or if it is
currently involved in an active Administered Connection. If the user
desires to change any of the translation data associated with an endpoint
(except for the “Name” field which may be changed at any time) that is
involved in an active Administered Connection, the Administered
Connection must first be disabled or removed.

= Administered Connection

An Administered Connection must be administered on the same switch as
the originating endpoint. The System Manager may change the attributes
of an Administered Connection at any time, but not all changes take effect
immediately. These attributes are as follows (included in each description
is a statement as to whether or not changes take effect immediately):

Issue 3 March 1996 3-27



Feature Descriptions

— Originating Address — The address of the originating endpoint is

its local extension on the originating switch. When this attribute is
changed for an active Administered Connection, the connection will
be dropped and reestablished using the new originating address.

Destination Address — The destination address is used to route
the Administered Connection to the desired destination. When this
attribute is changed for an active Administered Connection, the
connection will be dropped and reestablished using the new
destination address.

Enable — The “Enable” field allows the System Manager to specify
whether the system should attempt to establish the connection
when it is due to be active. Answering yes to the enable option
indicates that the system should be established when the
Administered Connection is due to be active. Answering no
indicates that the System Manager does not want the Administered
Connection to be considered for activation at this time (that is, held
for future use). A disabled Administer Connection is displayed
along with the other Administered Connections administered locally
in response to the list administered-connection command. A
disabled Administered Connection may be enabled at any time.
Since Administered Connection administration is done on the
originating switch, disabling an Administered Connection can only
be done on the originating switch.

If an Administered Connection is currently active, answering no
causes the Administered Connection to be dropped immediately. If
an Administered Connection is disabled, answering yes will cause
the originating switch to attempt to establish the connection
immediately if the Administered Connection is due to be active. The
disabling and enabling of an Administered Connection after an
attribute of the Administered Connection has been changed
guarantees that the change will take effect inmediately.

Name — A one through 15 character long, optional “Name” field is
provided to allow for additional identification information. Changing
this field has no effect on the Administered Connection connection.

Authorized Time of Day — An Administered Connection may be
continuous (permanent) or scheduled. Scheduled Administered
Connections are described by indicating the days of the week, start
time, and the duration for which the Administered Connection is to
be active. The modification of any of the attributes associated with
the authorized time of day will not affect the current status of an
Administered Connection unless the change results in activating or
deactivating an Administered Connection.

Priority — The System Manager can specify the priority of a given
Administered Connection. This priority is used to determine the
order in which Administered Connections are established if two or
more Administered Connections are due to be active at the same
time. The “Priority” field allows the user to specify a number

3-28 Issue 3 March 1996



Administered Connections

between one and eight (with one being the highest and eight being
the lowest). Changes to the priority attribute have no effect on an
active Administered Connection.

— Auto Restoration — The System Manager may specify whether an
attempt should be made to restore an Administered Connection,
via the ‘Auto Restoration’ feature, if the connection is dropped due
to failure and the connection was routed over SDDN trunk(s).
Reestablishment (retry) of dropped connections is attempted
regardless of the value specified in this field. This field has no effect
on Administered Connections routed over non-SDDN trunks. The
System Manager must disable and enable an active Administered
Connection to have changes to this attribute take effect.

— Retry Interval — The System Manager must specify a retry interval
of 1 to 60 minutes. The default is two minutes. This interval is the
number of minutes waited before a retry is attempted. When this
field is changed, the new interval will be used for the next retry. An
Administered Connection, which is in retry mode when this field is
changed, will retry after the old interval has elapsed and then use
the new interval for the next retry time. Twenty-three of the
Administered Connections will be restored within the required time.
The remaining Administered Connections will be restored, but after
the time limit.

— Alarm Type — An alarm type of none, warning, minor or major
must be chosen. The default will be warning. None indicates that
no alarms will be generated on establishment or restoration failure.
A choice of warning will cause alarms to be generated and logged
in the alarm and error log. A minor or major indication will also
cause alarms to be generated and logged in the alarm and error
log and forwarded to an Operations Support System such as
INADS if OSS is administered.

Changing this field to none will cause an existing alarm to be
cleared. Changing the field to one of the other values will cause the
upgrading or the downgrading of an existing alarm.

— Alarm Threshold — The “Alarm Threshold” field indicates the
number of consecutive failures (1 to 10) that must occur before an
Administered Connection alarm is generated. Entering 1 in this field
will cause alarms to be generated immediately upon failure to
establish or reestablish an Administered Connection.

Changes to this field take effect immediately. A comparison of the
new value and the current retry count will be made to determine if
an alarm should be generated or possibly cleared due to the
change.

= Access Endpoint

The access endpoint has the following attributes which must be
administered:
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— Extension — This is a unique one- to five-digit identifier, consistent
with the current dial plan, by which this access endpoint is
addressed.

— Port — This is the port address of the DS1 or analog tie trunk port.
A DS1 trunk can be used regardless of the signaling mode of the
DS1 circuit pack.

— Name — This can be any alphanumeric string (up to 10
characters) representing a name that is useful to the customer.

— Communication Type — A communication type of 64K data, 56K
data, or voice-band data must be assigned. An access endpoint
on an analog tie trunk port is restricted to a communication type of
voice-band data. In addition, a communication type of 64K is not
allowed for access endpoints on DS1 circuit packs administered for
robbed-bit signaling.

— COR — A Class of Restriction may be administered for each
access endpoint.

— COS — A Class of Service may be administered for each access
endpoint. Class of Service administration should be used to block
call forwarding activation of an endpoint.

Hardware and Software Requirements
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Hardware requirements vary depending on the type of Administered Connection
desired. The following hardware may be required for Administered Connections:

Access Endpoint Circuit Packs — TN767 DS1 Interface circuit pack
(TN464B/C/D support A-law), TN760B Analog Tie Trunk (TN760D
supports A-law).

Data Endpoint Circuit Packs — TN726 Data Line or TN754 Digital Line
(TN413, TN754B support A-law).

Data Modules — 700A/700D PDM or MPDM, 700B/700C/700E TDM or
MTDM, 7400D series voice terminal with DTDM, PC/PBX, 510D, 515BCT.

Trunk Circuit Packs — TN767 DS1 Interface circuit pack (TN464B/C/D
support A-law), TN760 Analog Tie Trunk (TN760D supports A-law).

TN758 Pooled Modem circuit pack.

No additional software is required.
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Administrable Language Displays

Feature Availability

This feature is available with Generic G3i-Global and all Generic V2 and later
releases.

The user-defined display language option is only available with the Generic V2
and later releases.

Description

There is a set of messages that appear on a DCP/ISDN-BRI Station/Attendant
users set that provide call related information.

The['Administrable Language Displays"|feature allows 40-character display
station users or an attendant user to select a display language for these
messages. This display language selection is made via administration; with the
options being English (default), French, Italian, or Spanish. Note that the
messages themselves do not change, only the wording that is used to present
the message is changed.

The Generic V2 and later releases allow the addition of one user customized
language display message set to the system. This additional display message
set is entered into the system via administration by either a customer or an AT&T
in-country partner and is accessed by a user as their display language
preference by selecting the user defined display language option.

Feature Displays

This section shows the English, French, Italian, and Spanish language display
message sets subdivided by feature. Since none of the feature functions are
modified, no explanation of the feature is made.

The user-defined language display message set is the user customized
language display message set that was added to the system via administration.
If user-defined is selected as the display language preference and the
user-defined language display message set has not been entered into the
system, all display messages appear as a string of asterisks.

When the time is displayed, only the English display set uses the AM/PM
notation, all others use the 24 hour clock.

Automatic Wakeup

The following displays are associated with the['Automatic Wakeup"|feature.
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= “AUTO WAKEUP - Ext: xxxxx Time: --:-- xM" (English)

— French - “REVEIL AUTO. - POSTE: xxxxx HEURE: --:--"

— ltalian - “SERVIZIO SVEGLIA - Tel: xxxxx Ora: --:--"

— Spanish - “DESPERT AUTOMA - EXT: xxxxx HORA: --:--"
= “INVALID EXTENSION - TRY AGAIN” (English)

— French - “NUMERO DE POSTE EST ERRONE - REESSAYER”

— ltalian - “NUMERO ERRATO - RIPETERE”

— Spanish - “EXTENSION NO VALIDO - INTENTE DE NUEVO”
=  “WAKEUP ENTRY DENIED - INTERVAL FULL"” (English)

— French - “DEM. REVEIL REFUSEE - INTERVALLE PLEIN”

— ltalian - “SVEGLIA NON ATTIVATA - ORARIO OCCUP”

— Spanish - “ENTRADA DENEGADA - INTERVALO COMPLETO”
= “WAKEUP ENTRY DENIED - NO PERMISSION’’ (English)

— French - “DEM. REVEIL REFUSEE - SANS AUTORISATION”

— ltalian - “SVEGLIA NON ATTIVATA - NON PERMESSO”

— Spanish - “ENTRADA DENEGADA - SIN PERMISO”
= “WAKEUP ENTRY DENIED - SYSTEM FULL” (English)

— French - “DEM. REVEIL REFUSEE - ENCOMBREMENT”

— ltalian - “SVEGLIA NON ATTIVATA - CONGESTIONE™”

— Spanish - “ENTRADA DENEGADA - SISTEMA COMPLETO”
= “WAKEUP ENTRY DENIED - TOO SOON" (English)

— French - “DEM. REVEIL REFUSEE - TROP TOT”

— ltalian - “SVEGLIA NON ATTIVATA - TROPPO PRESTO”

— Spanish - “ENTRADA DENEGADA - MUY PRONTO”
= “WAKEUP REQUEST CANCELED"” (English)

— French - “DEMANDE DE REVEIL EST ANNULEE”

— ltalian - “RICHIESTA SVEGLIA CANENTRYATA”

— Spanish - “SOLICITUD DE DESPERTADOR CANCELADA”
= “WAKEUP REQUEST CONFIRMED"” (English)

— French - “DEMANDE DE REVEIL EST CONFIRMEE”

— ltalian - “RICHIESTA SVEGLIA CONFERMATA”

— Spanish - “SOLICITUD DE DESPERTADOR CONFIRMADA”
= “Wakeup Call” (English)
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— French - “APPEL DE REVEIL”
— ltalian - “Serv. Sveglia”

— Spanish - “Despierte”

ASAI

The following display is associated with the['CallVisor Adjunct/Switch]
[Applications Interface (ASAI)'|feature.

= “You have adjunct messages” (English)
— French - “MESSAGES SUPPLEMENTAIRES”
— ltalian - “MESSAGGI AGGIUNTIVI”
— Spanish - “TIENE MENSAJES ADICIONALES”

Busy Verification of Stations and Trunks

Table 3-2|lists the displays associated with the['Busy Verification of Terminals|
and Trunks"|feature.

Table 3-2. Busy Verification of Stations and Trunks Displays.
English Display | French Display | Italian Display Spanish Display
“ALL MADE BUSY” | “TOUS OCC.” “TUTTI OCCUPATI” “TODAS OCUPADAS”
“BRIDGED” “EN DERIVATION” | “OCCUPATO” “PUENTEADA”
“DENIED” “INTERDIT” “NON PERMESSO” “DENEGADO”
“INVALID" “ERRONE” “NON VALIDO” “NO VALIDO”
“NO MEMBER” “AUCUN MEMBRE” | “NESSUN ELEMENTO” | “NINGUN MIEMBRO”
“OUT OF SERVICE” | “HORS SERVICE” “FUORI SERVIZIO” “FUERA SERVICIO”
“RESTRICTED” “RESTREINT” “RISTRETTO” “RESTRINGIDO”
“TERMINATED” “TERMINE” “TERMINATO” “TERMINADO”
“TRUNK SEIZED” “CIRCUIT SAISI” “GIUNZIONE IMP.” “ENLACE OCUPADO”
“VERIFIED” “VERIFIE” “VERIFICATO” “VERIFICADO”

Call Appearance Designation

For each of the display language options, the display to indicate call appearance
designation appears as:

= ‘“a="(English)

Call appearance buttons are designated on the display by a lower case
letter (a through z for the first 26 call appearances then A through Z) in
position 1, followed by an “=."
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Call Detail Record

The following display is associated with the['Call Detail Recording (CDR)'|
feature.

«  “CDR OVERLOAD” (English)
— French - “SURCHARGE EDA”
— Italian - “SVRACCARICO DAC”
— Spanish - “SOBRECARGA DAT”

Call Progress Feedback
Table 3-3|lists the call progress displays.

Table 3-3. Call Progress Feedback Displays

“English Display” “French Display” “Italian Display” “Spanish Display”
(stands for) (stands for) (stands for) (stands for)
“busy” “OCCUPE” “occ” “OCUPADA”
(Extension Busy, (Occupe) (Occupato) (Ocupada)

Intrusion Not Allowed,
Call Waiting Not Allowed)

“busy(l)” “OCC.(E)” “occ(l)” “OCUP(1)”
(Extension Busy, (Entree ligne (Occupato- (Ocupada-
Intrusion Allowed, occupe) Intrusione) intrusion)
Call Waiting Not Allowed)

“ringing”’ “SONNE” “libero” “LIBRE”
(Extension Ringing) (Libre) (Libero) (Libero)
“wait” “ATTENTE” “auat” “ESPERA”
(Extension Busy, (Attente) (Autoattesa) (Espera)

Intrusion Not Allowed,
Call Waiting Allowed)

“(1) wait” “(E) ATTENTE” “(1) auat” “(1) ESPERA”
(Extension Busy, (Entree ligne (Intrusione- (Intrusion,
Intrusion Allowed, attente) Autoattesa) en espera)

Call Waiting Allowed)
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Class of Restriction
Table 3-4]lists displays associated with the ['Class of Restriction (COR)'{feature.

Table 3-4. Class of Restriction Displays
Restriction “English Display” “Fr ench Display” |“Italian Display” ‘|Spanish Display”
Toll “TOLL” “INT.” “TASS” “TARF”
Full “FULL” “COM.” “DISB” “LLEN”
No Restrictions | “NONE” “AUC.” “ABIL” “NING”
Origination “ORIG” “DEP.” “ORIG™” “ORIG”
Outward “OTWD” “SOR.” “USCN” “SALI”

Date/Time Mode and Formats

The following displays are associated with the ‘Date & Time' feature.

If the time is not available:

« English - “SORRY, TIME UNAVAILABLE NOW”
« French - “HEURE ET DATE INDISPONIBLES”

« ltalian - “ORA E DATA TEMP. NON DISPONIBILI”
»« Spanish - “HORA Y FECHA NO DISPONIBLES AHORA”

If the time is available, Screen 3-1 lists the English date/time mode and formats
attributes; Screen 3-2 lists the French, Italian, Spanish, or user-defined date/time
mode and formats attributes;

— English -

/<DATE/TIME> <TIME><b><b><DATE>

~

<TIME> <HR>:<MIN><b><M>

<HR> 1-12 (hour of day, no leading zeroes)

<MIN> 00-59 (minute of hour)

<M> *am” or “pm”

<DATE> <DOW><b><MONTH><b><DOM><b><YEAR>
<DOW> Day of week, upper case, unabbreviated
<MONTH> Month of year, upper case, unabbreviated
<DOM> 1-31 (day of month, no leading zeroes)
<YEAR> Year in 4 digits

<b> Blank

Screen 3-1. Date/Time Mode and Formats — English

— French, Italian, & Spanish, user-defined -
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/<DATE/TIME> <TIME><b><b><DATE>
<TIME> <HR>:<MIN>

<HR> 0-23 (hour of day, no leading zeroes)
<MIN> 00-59 (minute of hour)
<DATE> <DOW><b><DOM><b><MONTH><b><YEAR>
<DOW> Day of week, upper case, unabbreviated
<DOM> 1-31 (day of month, no leading zeroes)
<MONTH> Month of year, upper case, unabbreviated
<YEAR> Year in 4 digits
<b> Blank
Screen 3-2. Date/Time Mode and Formats — French, Italian,

Spanish, or User-Defined

Table 3-5|lists the days of the week format.

Table 3-5. Days of the Week Format

3-36

“English Display” [|French Display” “lialian Display” “Spanish Display”
“SUNDAY” “DIMANCHE” “DOMENICA” “DOMINGO”
“MONDAY” “LUNDI” “LUNEDI” “LUNES”
“TUESDAY” “MARDI” “MARTEDI” “MARTES”
“WEDNESDAY” “MERCREDI” “MERCOLEDI” “MIERCOLES”
“THURSDAY” “JEUDI” “GIOVEDI” “JUEVES”
“FRIDAY” “VENDREDI” “VENERDI” “VIERNES”
“SATURDAY” “SAMEDI” “SABATO” “SABADO”
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Table 3-6|lists the months of the year format.

Table 3-6. Months of the Year Format
“English Display” |French Display” “lialian Display” “Spanish Display”
“JANUARY” “JANVIER” “GENNAIO” “ENERO”
“FEBRUARY” “FEVRIER” “FEBBRAIO” “FEBRERO”
“MARCH” “MARS” “MARZO” “MARZO”
"APRIL” "AVRIL” “APRILE” “ABRIL”
“MAY” “MAI” “MAGGIO” “MAYO”
“JUNE” “JUIN” “GIUGNO” “JUNIO”
“JULY” “JUILLET” “LUGLIO” “JULIO”
“"AUGUST” “AoUT” “AGOSTO” “AGOSTO”
“SEPTEMBER” “SEPTEMBRE” “SETTEMBRE” “SEPTIEMBRE”
“OCTOBER” “OCTOBRE” “OTTOBRE” “OCTUBRE”
“NOVEMBER” “NOVEMBRE” “NOVEMBRE” “NOVIEMBRE”
“DECEMBER” “DECEMBRE” “DICEMBRE” “DICIEMBRE”

Do Not Disturb (Hotel/Motel feature)

The following displays are associated with the Do Not Disturb (DND) feature.

=  “DO NOT DIST - Group: xx Time: --:-- xM" (English)

— French - “NE PAS DERANGER GROUPE: xx HEURE: --:--"
— ltalian - “NON DISTURBARE - Grp: xx  Ora: --:--"

HORA: --:--"
“DO NOT DIST - Ext: xxxxx Time: --:-- xM" (English)

— Spanish - “NO MOLESTAR - GRUPO: xx

— French - “NE PAS DERANGER POSTE:xxxxx HEURE: --:--"

— ltalian - “NON DISTURBARE - Tel: xxxxx Ora: --:--"

— Spanish - “NO MOLESTAR - EXT: xxxxx HORA: --:--"
“DO NOT DISTENTRY DENIED - INTERVAL FULL” (English)

— French - “DEMANDE EST REFUSEE - INTERVALLE PLEIN”

— ltalian - “SERVIZIO NON ATTIVATO - ORARIO OCCUP”

— Spanish - “ENTRADA DENEGADA - INTERVALO COMPLETO”
“DO NOT DISTENTRY DENIED - NO PERMISSION’’ (English)

— French - “DEMANDE EST REFUSEE - SANS AUTORISATION”
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— ltalian - “SERVIZIO NON ATTIVATO - NON PERMESSO”
— Spanish - “ENTRADA DENEGADA - SIN PERMISO”
« “DO NOTDISTENTRY DENIED - SYSTEM FULL” (English)
— French - “DEMANDE EST REFUSEE - ENCOMBREMENT”
— ltalian - “SERVIZIO NON ATTIVATO - CONGESTIONE”
— Spanish - “"ENTRADA DENEGADA - SISTEMA COMPLETO”
« “DO NOTDISTENTRY DENIED - TOO SOON’ (English)
— French - “DEMANDE EST REFUSEE - TROP TOT”
— ltalian - “SERVIZIO NON ATTIVATO - TROPPO PRESTO”
— Spanish - “ENTRADA DENEGADA - MUY PRONTO”
=« “INVALID GROUP - TRY AGAIN” (English)
— French - “GROUPE ERRONE - REESSAYER”
— ltalian - “GRUPPO NON VALIDO - RIPETERE”
— Spanish - “GRUPO NO VALIDO - INTENTE DE NUEVO”
“THANK YOU - DO NOT DIST ENTRY CONFIRMED” (English)
— French - “MERCI - DEMANDE EST CONFIRMEE”
— ltalian - “NON DISTURBARE - RICHIESTA CONFERMATA”
— Spanish - “NO MOLESTAR - ENTRADA CONFIRMADA”
“THANK YOU - DO NOT DIST REQUEST CANCELED” (English)
— French - “MERCI - DEMANDE EST ANNULEE”
— ltalian - “NON DISTURBARE - RICHIESTA CANENTRYATA”
— Spanish - “MUCHAS GRACIAS - SOLICITUD CANCELADA”

Expert Agent Selection

The following displays are associated with the["Expert Agent Selection (EAS)"|
feature.

= “Skills:” (English)
— French - “Capacites:”
— ltalian - “Capacita:”
— Spanish - “Capacidades:”
= “p”(English for Primary)
— French (for Principale) - “p”
— ltalian (for Primaria) - “p”’

— Spanish (for Primaria) - “p”

3-38 Issue 3 March 1996



Administrable Language Displays

“s” (English for Secondary)
— French (for Secondaire) - “s”

— lItalian (for Secondaria) - “s”

— Spanish (for Secundaria) - “s”

Field Separator

The following displays show field separation.
= <calling party> “to” <called party> (English)
— French - <calling party> “a” <called party>
— ltalian - <calling party> “a” <called party>

— Spanish - <calling party> “a” <called party>

Integrated Directory Display Mode
The following displays are associated with the["Integrated Directory"|feature.

“DIRECTORY - PLEASE ENTER NAME” (English)
— French - “ANNUAIRE - ENTRER LE NOM”
— ltalian - “ELENCO UTENTI - INTRODURRE NOME”
— Spanish - “GUIA TELEFONICA - INTRODUZCA NOMBRE”

“DIRECTORY UNAVAILABLE - TRY LATER” (English)

— French - “ANNUAIRE INDISPONIBLE - REESSAYER”

— Italian - “ELENCO UTENTI TEMP. NON DISPONIBILE”

— Spanish - “GUIA TEL INDISPONIBLE - INTENTE DESPUES”
“NO MATCH - TRY AGAIN” (English)

— French - “INTROUVABLE - REESSAYER”

— Italian - “NESSUNA CORRISPONDENZA - RIPETERE”

— Spanish - “NO CORRESPONDE - INTENTE DE NUEVO”

ISDN
The following displays are associated with the ‘ISDN’ feature.

«  “ANSWERED BY” (English)
— French - “REPONDU PAR”

— ltalian - “RISPOSTA DA”
— Spanish - “RESPONDIDO POR”

«  “CALL FROM” (English)
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— French - “APPEL DE”

— ltalian - “CHIAMATA DA”

— Spanish - “LLAMADA DE”
= “INTL” (English) - “International”

— French - “INTL”

— ltalian - “INTL”

— Spanish - “INTL”

Leave Word Calling

The following screens list displays associated with the
Calling"feature.

The format of the English Leave Word Calling message is listed in Screen 3-3:

= English -

ﬂCALLER_ID><b><DATE><b><T|ME><M><b><C><b>CALL<EXT_NO> \

<CALLER_ID> The calling identifier, up to 15 characters
<DATE> <MONTH>/<DOM>

<MONTH> 1-12 (month of year, no leading zeroes)
<DOM> 1-31 (day of month, no leading zeroes)
<TIME> <HR>:<MIN>

<HR> 1-12 (hour of day, no leading zeroes)

<MIN> 00-59 (minute of hour)

<M> “a” or“p”

<C> Number of calls received, 1 digit *

<EXT_NO> Calling extension number, up to 5 digits

(b> blank j

Screen 3-3. Leave Word Calling — English

=>» NOTE:
If nine or more identical messages accumulate, the count remains at nine
but the date and time are updated.
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The format of the French Leave Word Calling message is listed in Screen 3-4:

=« French -

/<CALLER_ID><b><DATE><b><T|ME><b><C><b>APPL<b><EXT_NO>

<CALLER_ID> The calling identifier, up to 15 characters
<DATE> <DOM>/<MONTH>

<DOM> 1-31 (day of month, no leading zeroes)
<MONTH> 1-12 (month of year, no leading zeroes)
<TIME> <HR>:<MIN>

<HR> 0-23 (hour of day, no leading zeroes)

<MIN> 00-59 (minute of hour)

<C> Number of calls received, 1 digit *

K<EXT_NO> Calling extension number, up to 5 digits

~

/

Screen 3-4. Leave Word Calling — French

=>» NOTE:

If nine or more identical messages accumulate, the count remains at nine

but the date and time are updated.

The format of the Italian Leave Word Calling message is listed in Screen 3-5:

=« ltalian -

K<CALLER_ID><b><DATE><b><T|ME><b><C><b>TEL<b><EXT_NO>

<CALLER_ID> The calling identifier, up to 15 characters
<DATE> <DOM>/<MONTH>

<DOM> 1-31 (day of month, no leading zeroes)
<MONTH> 1-12 (month of year, no leading zeroes)
<TIME> <HR>:<MIN>

<HR> 0-23 (hour of day, no leading zeroes)

<MIN> 00-59 (minute of hour)

<C> Number of calls received, 1 digit *

(EXT_NO> Calling extension number, up to 5 digits

~

J

Screen 3-5. Leave Word Calling — Italian

=—>» NOTE:

If nine or more identical messages accumulate, the count remains at nine

but the date and time are updated.
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The format of the Spanish Leave Word Calling message is listed in Screen 3-6:

= Spanish -

K<CALLER_ID><b><DATE><b><T|ME><b><C><b>LLAM<b><EXT_NO> \

<CALLER_ID> The calling identifier, up to 15 characters

<DATE> <DOM>/<MONTH>

<DOM> 1-31 (day of month, no leading zeroes)

<MONTH> 1-12 (month of year, no leading zeroes)

<TIME> <HR>:<MIN>

<HR> 0-23 (hour of day, no leading zeroes)

<MIN> 00-59 (minute of hour)

<C> Number of calls received, 1 digit *

<EXT_NO> Calling extension number, up to 5 digits

o

J

Screen 3-6. Leave Word Calling — Spanish

=—>» NOTE:

If nine or more identical messages accumulate, the count remains at nine
but the date and time are updated.

The format of the user-defined Leave Word Calling message is listed in Screen

3-7:

= user-defined -

@ALLER_ID><b><DATE><b><TIME><b><C><b><b><EXT_NO> \
<CALLER_ID> The calling identifier, up to 15 characters
<DATE> <DOM>/<MONTH>
<DOM> 1-31 (day of month, no leading zeroes)
<MONTH> 1-12 (month of year, no leading zeroes)
<TIME> <HR>:<MIN>
<HR> 0-23 (hour of day, no leading zeroes)
<MIN> 00-59 (minute of hour)
<C> Number of calls received, 1 digit *
< The user-defined language string for the
English string “CALL”
QEXT_NO> Calling extension number, up to 5 digits j

Screen 3-7. Leave Word Calling — User-Defined

Following are the list of Leave Word Calling messages and their respective
translations. Messages can be a maximum of 40 characters.

« “CANNOT BE DELETED - CALL MESSAGE CENTER"” (English)
— French - “NE PEUT ETRE SUPP./APPELER RECEP. MESS.”

— ltalian - “NON CANENTRYATO. CHIAMARE CENTRO MESSAGGI!”

— Spanish - “NO ELIMINADO-LLAMA CENTRO DE MENSAJES”
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“DELETED” (English)

— French - “SUPPRIME”

— ltalian - “MESSAGGIO CANENTRYATO”

— Spanish - “ELIMINADO”’
“END OF MESSAGES (NEXT TO REPEAT)” (English)

— French - “FIN DES MESSAGES (SUIVANT POUR REPETER)”

— ltalian - “FINE MESSAGGI. <successivo> PER RIPETERE”

— Spanish - “FIN DE MENSAJES (SIGUIENTE PARA REPITIR)”
“GET DIAL TONE, PUSH Cover Msg Retrieval” (English)

— French - “TONALITE D’ENVOI - <LECT. MESS. COUV.>"

— ltalian - “<rec mess copert> DOPO IL TONO DI CENTR”

— Spanish - “OBTENGA TONO OPRIMA <RECUP MNSJE COBERT>"
“IN PROGRESS" (English)

— French - “EN COURS”

— ltalian - “ATTENDERE...”

— Spanish - “EN CURSO”
“MESSAGE RETRIEVAL DENIED” (English)

— French - “LECTURE DE MESSAGES INTERDITE”

— ltalian - “LETTURA MESSAGGIO NON PERMESSA”

— Spanish - “RECUPERACION DE MENSAJES DENEGADA”
“MESSAGE RETRIEVAL LOCKED" (English)

— French - “LECTURE DE MESSAGES BLOQUEE”

— ltalian - “LETTURA MESSAGGIO BLOCCATA”

— Spanish - “RECUPERACION DE MENSAJES BLOQUEADA”
“MESSAGES FOR” (English)

— French - “MESSAGES POUR”’

— ltalian - “MESSAGGI PER”

— Spanish - “MENSAJES PARA”
“MESSAGES UNAVAILABLE - TRY LATER” (English)

— French - “MESSAGES INDISPONIBLES - REESSAYER”

— ltalian - “MESSAGGI TEMPORANEAMENTE NON DISPONIBILI”

— Spanish - “MENSAJES NO DISPONIBLES, INTENTE DESPUES”
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“Message Center (AUDIX) CALL” (English)
— French - “APPEL DE LA RECEPTION DE MESS. (AUDIX)”
— ltalian - “Chiamata dal Centro Messaggi (AUDIX)"
— Spanish - “LLAMADA DEL CENTRO DE MENSAJES (AUDIX)”
“NO MESSAGES” (English)
— French - “PAS DE MESSAGES”
— ltalian - “NESSUN MESSAGGIO”
— Spanish - “NINGUN MENSAJE”
“WHOSE MESSAGES? (DIAL EXTENSION NUMBER)" (English)
— French - “MESSAGES DE QUEL NO.? (ENTRER NO. POSTE)”
— ltalian - “LETTURA MESSAGGI. INTRODURRE NUMERO TEL.”
— Spanish - “MENSAJES DE QUIEN? (MARCAR EXTENSION)”

Malicious Call Trace

3-44

The following displays are associated with the['Malicious Call Trace (MCT)']
feature:

“MALICIOUS CALL TRACE REQUEST” (English)
— French - “DEPISTAGE D’APPELS MALVEILLANTS”
— ltalian - “RICHIESTA RINTRACCIO CHIAMATE MALEVOLE”
— Spanish - “RASTREO DE LLAMADA MALINTENCIONADA”
“MCT activated by: for:” (English)
— French - “DAM ACTIVE par: pour:”
— ltalian - “RCM attivato da: per:”
— Spanish - “RLM activada por: para:”
“original call redirected from:” (English)
— French - “redirection appel initial de: (EXTENSION)”
— ltalian - “chiamata iniziale rinviata da:”
— Spanish - “llamada orig. transferida de:”
“party: (EXTENSION)” (English)
— French - “demandeur: (EXTENSION)”
— ltalian - “utente: (INTERNO)”
— Spanish - “usuario: (EXTENSION)”
“party: (ISDN SID/CNI)"” (English)
— French - “demandeur: (NIP/INA ISDN)”
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— ltalian - “utente: (NIC/INC ISDN)”
— Spanish - “usuario: (ISDN NIE/INU)”
= ‘“party: (PORT ID)"” (English)
— French - “demandeur: (REF. PORT ISDN)”
— ltalian - “utente: (ID DELLA PORTA ISDN)”
— Spanish - “usuario: (ID DEL PUERTO ISDN)”
= ‘“party: (ISDNPORT ID)” (English)
— French - “demandeur: (REF. PORT)"”
— ltalian - “utente: (ID DELLA PORTA)”
— Spanish - “usuario: (ID DEL PUERTO)”
= “END OF TRACE INFORMATION" (English)
— French - “FIN DES INFO DE DEPISTAGE”
— ltalian - “INFORMAZIONI FINALI SUL RINTRACCIO”
— Spanish - “FIN DE INFORMACION DE RASTREQ”
= ‘‘voice recorder port:” (English)
— French - “port enregistreur vocal:”
— ltalian - “porta del registratore:”

— Spanish - “puerto de grabado de voz:”

Miscellaneous Attendant Features

The following displays are associated with miscellaneous attendant features.

Caller Information
= “Info:” (English)
— French - “INFO.:”
— ltalian - “Info:”

— Spanish - “INFORM:”

Emergency Access to Attendant
n amXO0XXXXXXXXXXX EXE xxxxx xx in EMRG Q” (English)
— French - “a=xxxxxxxxxxxxxxx POSTE xxxxx xx FIL URG”
— ltalian - “a=xxxxxxxxxxxxxxx Der xxxxx xx in C EMRG"

— Spanish - “a=xxxxxxxxxxxxxxx EXT xxxxx xx EN C EMRG”
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Queue Status
= “HUNT GROUP <x> NOT ADMINISTERED" (English)
— French - “GROUPE DE DIST. <x> NON ADMINISTRE”
— ltalian - “GRUPPO <x> NON AMMINISTRATO”
— Spanish - “GRUPO BUSQUEDA <x> NO ADMINISTRADO"”

Queue Status Indication
= <15 chrs> Q-time xx:xx calls xx’’ (English)
— French - “<15 chrs> TEMPS-F xx:xx APPELS xx”
— ltalian - <15 chrs> T-coda xx:xx chiam xx"

— Spanish - “<15 chrs> HORA-C xx:xx LLAMADAS xx"

Miscellaneous Call Identifier
Table 3-7|lists displays associated with Miscellaneous Call Identifiers.

Table 3-7. Miscellaneous Call Identifiers

“English Display”
(stands for)

“French Display”
(stands for)

“Italian Display”
(stands for)

“Spanish Display”
(stands for)

“Sa” UASII Ilasll IIASII

(ACD Supervisor (Assistance (Assistenza (Ayuda del

Assistance) surveillant) Supervisoree) supervisor)

“aC” UAA” llaoll IIAO”

(Attd (Appel (Assistenza (Ayuda de

Assistance Call) assistance) Operatore) operadora)

Utcll MCFII llfC” IICEII

(Attd Control Of (Commande (Fascio (Control

A Trunk Group) faisceau) Controllato) enlaces)

“an!l HTRII “On” IIONII

(Attd No Answer) (Telephoniste (Operatore (Operadora
sans reponse) Non Risponde) no responde)

“pe” wAp “cp” w p

(Attd (Appel (Chiamata (Llamada

Personal Call) personnel) Personale) personal)

o “RA” o wp

(Attd Recall Call) (Rappel) (Richiamata) (Rellamada)

i “RE" g e

(Attd Return Call) (Retour) (Ritornata) (Retorno)
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Table 3-7. Miscellaneous Call Identifiers — Continued

“English Display” “French Display” “Italian Display” “Spanish Display”

(stands for)

(stands for)

(stands for)

(stands for)

“sc” “AS” “ic” “L.S”

(Attd (Appel (Inoltro (Llamada
Serial Call) en serie) a Catena) en serie)
“co” “RD” “cu” “RS”
(Controlled (Restriction (Controllata (Restriccion
Outward de depart) Uscente) saliente)

Restriction)

Continued on next page
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Table 3-7. Miscellaneous Call Identifiers — Continued

“English Display
(stands for)

“French Display
(stands for)

“Italian Display”
(stands for)

“Spanish Display
(stands for)

”CS” HRPII “Cd” IICSII

(Controlled (Restriction (Controllata (Control

Station to Station vers postes) Derivati) estacion)

Restriction)

ot “AR” ot “RE”

(Controlled (Restriction (Controllata (Restriccion

Termination d’arrivee) Terminante) entrante)

Restriction)

Ildbll IIOPII llpoil IIEO”

(DID Find Busy (Occupation (Passante (Estacion

Station With du poste) Occupata) occupada)

CO Tones)

“da” MRT” uprll “RDH

(DID Recall (Rappel (Richiamata (Rellamada

Go To Attd) telephoniste) su Passante) directa)

“qfn MFPH “den “DE”

(Emerg. Queue (File d’'urgence (Deviata (Desvio

Full Redirection) pleine Emergenza) de emergencia)
deviation)

lth” UAGII llat” IILR”

(Held Call (Indicatif d’appel (Avviso Chiamata (Recordatorio

Timed Reminder) en garde) in tenuta) de llamada retenida)

UI‘CH UINH “I'n” “IN”

(Intercept) (Interception) (Intercettata) (Intercepcion)

”ip” 11/4/” “ipn “EPH

(Interposition (Appel (Interposizione) (Entre

Call) interposition) posiciones)

ll/d” USDH “pdn “LD”

(LDN Calls on (Selection (Diretta (Larga

DID Trunks) directe) Passante) distancia)

“SOH UESII “['S” ISS”

(Service (ecoute (Inclusione (Supervision

Observing) du service) Supervisore) del servicio)
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Table 3-7. Miscellaneous Call Identifiers — Continued

“English Display” “French Display” “Italian Display” “Spanish Display”
(stands for) (stands for) (stands for) (stands for)

“na” “SR” “pn” “SR”
(Unanswered or (Sans reponse) (Passante (Sin respuesta)

Incomplete DID
Call)

Non Risposta)

“ACB” “‘R. AUTO.” “PRN” “RA”

(Automatic (Rappel (Prenotazione (Rellamada

Callback) automatique) Automatica) automatica)

“callback” “RAPPEL” “prenotaz” “RELLAM”

(Callback Call) (Rappel) (Prenotazione) (Rellamada)

“park” “G. 1" “parch.” “ESTAC”

(Call Park) (garde par) (Parcheggiata) (Estacionamiento
indicatif de llamada)

“control” “CONTROLE” “cntr.op.” “CONTROL”

(Control) (Controle) (Controllo (Control)

Operatore)

“lIcom” “INTERCOM” “ICOM” “INTERF”

(Intercom Call) (Intercommunicatio  (Intercom) (Llamda interfono)
n)

“OTQ” HFFDH IIRFOH IIEESII

(Outgoing (File faisceaux (Richiamata su (Espera de enlace

Trunk Queuing) de depart) Fascio Occupato) de salida)

“priority” “PRIORITE” “priorita” “PRIORIT”

(Priority Call) (Appel prioritaire) (Priorita’) (Llamada prioritaria)

“recall” “APP.RAP.” “richiam” “REPET”

(Recall Call) (Appel rappel) (Richiamata) (Rellamada)

“return” “RETOUR” “ritorno” “RETORNO”

(Return Call) (Retour) (Chiamata (Llamada

Ritornata) de retorno)

“ARS” USAA 1 IISAI” IISAR”

(Automatic (Selection (Selez. Autom. (Seleccion

Route Selection) de 'acheminement  Instradam.) automatica)
automatige) de rutas)

“forward” “RENVOI” “deviata” “REENVIO”

(Call Forwarding) (Renvoi) (Deviata) (Reenvio de llamada)

Continued on next page
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Table 3-7.

Miscellaneous Call Identifiers — Continued

“English Display”
(stands for)

“French Display”
(stands for)

“Italian Display”
(stands for)

“Spanish Display”
(stands for)

“cover” “SUPPL.” “copert.” “COBER”
(Cover) (Suppleance) (Copertura) (Cobertura)
HDNDII MNPDH “ndil “NMH
(Do Not Disturb) (Ne pas deranger)  (Non Disturbare) (No molestar)
llp” UP” lla” IIC”
(Call Pickup) (Prise) (Assente) (Captura
de llamada)
o ag o o
(Cover All Calls) (Suppleance) (Copertura) (Cobertura
de toda llamada

an N an N
(Night Sta. Serv., (Service nuit, (Serv. Notte, (Servicion noct.
Incoming entrant Esterna ext. no responde)
No Answer) pas reponse) Non Risposta)
UBH “O” IIOI! IIOI!
(All Calls Busy) (Tous occupes) (Tutte Occupate) (Todas ocupadas)
Ufn MRH “d!l “R”
(Call Forwarding) (Renvoi) (Deviata) (Reenvio de llamada)
“b” uo” “O” “O”
(Cover Busy) (Suppleance (Copertura (Cobertura

occupee) per Occupato) ocupada)
“d” un” “n” “n”
(Cover Don't (Suppleance (Copertura per (Cobertura
Answer) pas de reponse) Non Risposta) sin respuesta)
ag e apr wEn
(Send All Calls) (Envoi (Rinvio) (Envio de toda

tous appels) llamada)
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Party Identifiers

lists displays associated with Party Identifiers. Party Identifiers can
show up in two different ways (through administration and through DCS).
Identifiers administrable are not translated. Party identifiers appearing on a
display, due to DCS calling, are translated.

Table 3-8. Party Identifiers Displays

Identifier “English Display” “French Display”  “Italian Display” “Spanish Display”
Attendant! "OPERATOR"* “TELEPHONISTE” “OPERATORE” “"OPERADORA”
Conference Call | “CONFERENCE” “CONFERENCE"” “CONFERENZA” “CONFERENCIA”
Extension "EXT” “POSTE” “DER” "EXTENSION”
Paging2 "PAGING” “PAGING” “PAGING” “PAGING”

Trunk Grou p1 "OUTSIDE CALL” “APPEL EXT.” “ESTERNA” “LLAMADA EXT.”
Unknown "UNKNOWN NAME” | “INTROUVABLE” “NOME SCONOSC.” | “DESCONOCIDO”

1. These displays are administrable and appear translated if associated with a DCS call. If not
associated with a DCS call, the name that appears is the name administered on the “Associated
Administration” form.

2. This display is never translated.

Property Management System Interface

The following displays are associated with the['Property Management System]

[[PMS) Interface|feature.

“CHECK IN - Ext:” (English)
— French - “ENREGISTREMENT - POSTE:”
— ltalian - “CHECK IN - Tel:”
— Spanish - “REGISTRARSE - EXTENSION:”

“CHECK IN: ROOM ALREADY OCCUPIED” (English)
— French - “ENREGISTREMENT: CHAMBRE OCCUPEE”
— Italian - “CHECK IN: CAMERA OCCUPATA”
— Spanish - “REGISTRARSE: HABITACION OCUPADA”

“CHECK IN COMPLETE” (English)

— French - “ENREGISTREMENT EFFECTUE”
— ltalian - “CHECK IN COMPLETATO”
— Spanish - “REGISTRO TERMINADO”

Issue 3 March 1996

3-51



Feature Descriptions

3-52

Issue

3

“CHECK IN FAILED” (English)
— French - “"ECHEC D’ENREGISTREMENT”
— ltalian - “CHECK IN ERRATO”
— Spanish - “REGISTRARSE: FALLIDO”
“CHECK OUT - Ext:” (English)
— French - “DEPART - POSTE:”
— ltalian - “CHECK OUT - Tel:”
— Spanish - “PAGAR LA CUENTA - EXTENSION:”
“CHECK OUT COMPLETE: MESSAGE LAMP OFF” (English)
— French - “DEPART: PAS DE MESSAGES”
— ltalian - “CHECK OUT COMPLETATO: NESSUN MESSAGGIO”
— Spanish - “PAGO TERMINADO: NINGUN MENSAJE”
“CHECK OUT COMPLETE: MESSAGE LAMP ON” (English)
— French - “DEPART: MESSAGES”
— ltalian - “CHECK OUT COMPLETATO: MESSAGGI IN ATTESA”
— Spanish - “PAGO DE CUENTA TERMINADO: MENSAJES”
“CHECK OUT FAILED” (English)
— French - “ECHEC PROCEDURE DE DEPART”
— ltalian - “CHECK OUT ERRATO”
— Spanish - “PAGAR LA CUENTA: FALLIDO”
“CHECK OUT: ROOM ALREADY VACANT” (English)
— French - “DEPART - CHAMBRE INOCCUPEE”
— ltalian - “CHECK OUT: CAMERA NON OCCUPATA”
— Spanish - “PAGAR LA CUENTA: HABITACION VACANTE”
“MESSAGE LAMP OFF” (English)
— French - “PAS DE MESSAGES”
— ltalian - “NESSUN MESSAGGIO IN ATTESA”
— Spanish - “LUZ DE MENSAJE APAGADA”
“MESSAGE LAMP ON” (English)
— French - “MESSAGES”
— ltalian - “MESSAGGI IN ATTESA”
— Spanish - “LUZ DE MENSAJE ENCENDIDA”
“MESSAGE NOTIFICATION FAILED” (English)
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— French - “ECHEC D’AVIS MESSAGES”
— ltalian - “NOTIFICA MESSAGGI ERRATA”
— Spanish - “AVISO DE MENSAJE FALLIDO”
= “MESSAGE NOTIFICATION OFF - Ext: xxxxx" (English)
— French - “AVIS DE MESSAGES DESACTIVE - POSTE:xxxxx"
— ltalian - “NOTIFICA MESSAGGI DISABIL. - Tel: xxxxx"
— Spanish - “AVISO DE MENSAJE APAGADO - EXT: xxxxx"
= “MESSAGE NOTIFICATION ON - Ext: xxxxx" (English)
— French - “AVIS DE MESSAGES ACTIVE - POSTE: xxxxx"
— ltalian - “NOTIFICA MESSAGGI ABILITATA - Tel: xxxxx"
— Spanish - “AVISO DE MENSAJE ENCENDIDO - EXT: xxxxx"

Security Violation Notification

The following displays are associated with the['Security Violation Notification|

feature.
“Barrier Code Violation” (English)

— French - “VIOLATION DU CODE D’ENTREE”

— ltalian - “Violazione di codici di taglio”
— Spanish - “VIOLACIAON CONDIGO LIMITE”
= “Login Violation” (English)
— French - “VIOLATION DE L’ACCES A L’ADMINISTRATION”
— ltalian - “Violazione di inizio di registrazione”

— Spanish - “VIOLACION CLAVE ACCESO”

Stored Number
The following displays are associated with the ‘Stored Number’ feature.
= “NO NUMBER STORED"” (English)
— French - “AUCUN NUMERO EN MEMOIRE"
— ltalian - “NESSUN NUMERO IN MEMORIA”
— Spanish - “NINGUN NUMERO ALMACENADOQO”

Stored numbers are displayed just as dialed. Numeric and touch-tone characters
are not changed. Special codes appear as listed in|Table 3-9.
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Table 3-9. Stored Number Special Codes

“English Display”
(stands for)

“French Display”
(stands for)

1

“Italian Display
(stands for)

7

“Spanish Display
(stands for)

“m oy “m oy
(Mark) (Marquer) (Marcato) (Marca)
“p wpr “p” wpr
(Pause) (Pause) (Pausa) (Pausa)
g g g g
(Suppress) (Supprimer) (Soppresso) (Suprimir)
g wpr g g

(Wait) (Attendre) (Attesa) (Espera)
a g wpn g
(Indefinite Wait) (Attendre) (Attesa) (Espera)

Time of Day Routing

3-54

The following displays are associated with the['Time of Day Routing"[feature.

«  “ENTER ACTIVATION ROUTE PLAN, DAY & TIME” (English)

— French - “ENTRER PLAN D’ACTIVATION, JOUR ET HEURE"

— ltalian - “INTRODURRE PIANO DA ATTIV., GIORNO E ORA”

— Spanish - “INTRODUZCA PLAN ACT DE RUTAS, DIA Y HORA”
“ENTER DEACTIVATION DAY AND TIME” (English)

— French - “ENTRER JOUR ET HEURE DE DESACTIVATION”

— ltalian - “INTRODURRE GIORNO E ORA DI DISATTIVAZ”

— Spanish - “INTRODUZCA DIA Y HORA DE DESACTIVACION”
“OLD ROUTE PLAN: x ENTER NEW PLAN:” (English)

— French - “ACHEMINEMENT ANT.: x ENTRER NOUVEAU:”

— ltalian - “INSTRADAMENTO PREC: x INTROD IL NUOVO:”

— Spanish - “PLAN RUTAS ANT: x INTRODUZCA EL NUEVO:”
“OLD ROUTE PLAN: x NEW PLAN: y” (English)

— French - “ACHEMINEMENT ANT.: x NOUVEAU PLAN: y”

— ltalian - “INSTRADAMENTO PREC: x NUOVO PIANO: y”

— Spanish - “PLAN RUTAS ANT: x NUEVO PLAN: y”
“ROUTE PLAN: x FOR yyy ACT-TIME: zz:zz"" (English)
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— French - “ACHEM.: x POUR yyy ACT-HEURE: zz:zz"
— ltalian - “INSTRADAMENTO: x PER yyy ATTIV ORE:zz:zZ"
— Spanish - “PLAN RUTAS: x PARA yyy HORA-ACT: zz:zz"
=  “ROUTE PLAN: x FOR yyy DEACT-TIME: zz:zz"(English)

— French - “ACHEM.: x POUR yyy DESACT-HEURE: zz:zz"
— ltalian - “INSTRADAM.: x PER yyy DISATTIV ORE:zz:zz"
— Spanish - “PLAN RUTAS: x PARA yyy HORA-DESACT:zz:zz"

For the above displays, x and y denotes the Route Plan Number (RPN 1-8), yyy

is a three letter abbreviation for the day of the week and zz:zz is the activation
time (military time). The three-letter abbreviations for the day of the week are

listed in[Table 3-10.

Table 3-10. Three Letter Abbreviation for Days of Week

“English Display” [|French Display” *“ltalian Display” “Spanish Display”
“Mon” “LUN” “Lun” “LUN”
“Tue” “MAR” “Mar” “MAR”
“Wed” “MER” “Mer” “MIE”

“Thu” “JEU” “Gio” “JUE”

“Fri” “VEN” “Ven” “VIE”

“Sat” “SAM” “Sab” “SAB”
“sun” “DIM” “Dom” “DOM”

— To enter the day of the week, the user dials 1 for Sunday, 2 for Monday,

and so on.

Considerations

Each DCP/ISDN-BRI user and each attendant can select the language of their
choice. In other words, one user can view his or her call related messages in
Italian and another user can view his or her call related messages in English.
Language selection is made via administration (English is the default language).
Once the language is selected and administered on the “Station/Attendant” form,
all display messages (except those that are administered, for example, station
and group names) are in the language selected.

Users of a 32-character display set do not have the option of choosing a display

language. These sets (in particular, the hybird MERLIN 7315H and the 7317H
sets) default to English.
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One additional language display message set can be added to the system. This
allows the flexibility of one additional language (in addition to those already
provided by the system) in which a user can view his or her call related
messages. This user customized language display message set is entered into
the system via administration by either a customer or an AT&T in-country partner
and is accessed by a 40-character display user as their display language
preference by selecting the display language option, user-defined.

If user-defined is selected as the display language preference and the
user-defined language display message set has not been entered into the
system, all display messages appear as a string of asterisks.

Interactions

See the “Feature Displays” section above for the details about the displays
associated with specific features.

Administration

The “Attendant” form and the “Station” form (if the station is equipped with a
forty-character display) ask for the display language preference. The choices are
English (the default), French, Italian, Spanish, and user-defined.

The addition of the user customized language display message set to the system
(the user-defined language display message set) is accomplished by translating
the English language display message set into another language via
administration. This process is done either by a customer or an AT&T in-country
partner. To select this language display message set as a user’s display
language, set the display language option to user-defined. If user-defined is
chosen as the display language preference, and a user-defined language
display message set has not been entered into the system, all display messages
appear as a string of asterisks.

Hardware and Software Requirements

3-56

None required.
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Administration Without Hardware
(AWOH)

Feature Availability

Administration Without Hardware is available with all Generic 3 releases.

Description

Provides the ability to administer “Station” forms without specifying a port
location. Such stations are referred to as phantom and do not generate alarms
and errors when the station is translated but not yet installed. The fAdministration]
[Without Hardware (AWOH)"[feature works for administration the same way as
administration with hardware translation does. For example, when terminals are
moved, user-activated features such as call forwarding and send all calls are
preserved and functional.

An AWOH station is considered disassociated when no hardware ports are
assigned to the station. Once a port is assigned, the AWOH station is considered
associated.

The['Administration Without Hardware (AWOH)"|feature supports the following
applications:

= The ability to ‘Administer Station’ forms without specifying a port location.

= The ability by use of a phantom extension to provide call coverage
(including AUDIX) for users who do not have stations physically located
on the switch.

= The ability to use phantom extensions for ACD Dialed Number
Identification Service (DNIS). This application allows a phantom extension
to be administered on the switch for each call type that needs to be
identified to ACD agents. The phantom extension is either Call Forwarded
(via an attendant console) to an ACD split, or its coverage path is defined
to include the ACD split. The “Name” field that is administered for the
phantom extension will identify to the ACD agent which service the caller
is attempting to reach, allowing the agent to properly address the caller.

= The ability to store station templates that can later be used with the
duplicate station command when implementing many ‘Station’ forms of
the same type in the system.

=—>» NOTE:
G3rVv1, G3V2, and later releases offer two methods for joining an
AWOH translation to a port location. The terminal can be
administered to include a valid port location (this method is also
available for G3iV1) or, for G3rv1, G3V2, and later releases, the
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Terminal Translation feature can be used. For more information see
the|'"Terminal Translation (with Security Measures)"|feature.

Considerations

The primary use of the["Administration Without Hardware (AWOH)"[feature is to
streamline system initializations, major additions, and rearrangement/changes by
allowing voice terminal translations to be entered before the actual ports are
assigned. Port assignments can be done at a later time, as required.

For G3i prior to V2, use of this feature is limited to voice-only terminal types
including analog, Digital Communications Protocol (DCP) 7400D series of
terminals, and hybrid terminal types.

For G3r prior to V2, use of this feature is limited to analog, Basic Rate Interface
(BRI) sets, certain data modules, attendants, queue warning ports, DCP (7400D
series of terminals), and hybrid terminal types.

For G3V2 and later releases all terminal types mentioned above are supported.

Interactions

Unless otherwise stated, AWOH terminals act like busy terminals. This section
describes how feature interact if association or disassociation is performed while
a feature is active.

= G3iV1 and G3vsV1/G3sV1 supports a limited form of AWOH as described
in “Considerations” above but does not support TTI.
Association/disassociation gives a port to a station formerly translated with
an x in the “Port ID” field.

= For G3r and G3V2 and later releases, see the ‘Terminal Translation
Initialization (TTI)’ feature for more information on interactions.

Voice Terminal Interactions

3-58

The following are descriptions of how voice terminal features interact with the
['Administration Without Hardware (AWOH)"|feature.

= Abbreviated Dialing

Abbreviated dialing used to call a station administered without hardware
behaves as a normally dialed station-to-station call to an extension
administered without hardware. A station with abbreviated dialing that
becomes disassociated will not lose any entries in its lists.
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= ACD

A voice terminal user may transfer an ACD call to a bridged appearance
of an AWOH station, put the call on hold, and/or receive another call. A
bridged appearance of an AWOH extension cannot be logged into an
ACD split and cannot receive calls directed to a hunt group to which it
belongs.

= Automatic Callback

Attempting automatic callback to any station administered without
hardware translation sends an intercept tone to the caller, indicating that
the feature cannot be activated.

= Bridged Call Appearance

A normal station with a bridged call appearance can originate a call on the
bridged call appearance even if the primary extension associated with the
bridged appearance has been administered without hardware translation.
Bridged call appearance buttons are lit on a normal set when the bridged
appearance has been administered without hardware translation. Calls
can be made to the bridged call appearance of terminals administered
without hardware translation. A station without hardware translation may
contain bridged call appearances.

A bridged appearance of an AWOH extension cannot be logged into an
ACD split and cannot receive calls directed to a hunt group to which it
belongs.

= Busy Verification of Terminals and Trunks

A terminal administered without hardware translation will appear to be out
of service when busy verification of terminals and trunks is attempted on
that terminal.

= Call Coverage

Stations administered without hardware translation interact with

Coverage"|feature as if all their call appearances were busy. A
disassociated station can have call coverage active. The call coverage
groups referred to are:

— coverage answer groups

— hunt groups

— intercom groups

— pickup groups

— terminating extension groups
« Call Forward

A station administered without hardware translation can have call
forwarding activated while in a disassociated state. When the station is
associated, call forward is active and must be turned off by the user.
Association of the station turns on the call forward light.
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Call Park

A call to a station administered without hardware translation can only be
parked if the primary extension of that station is a bridged call appearance
on a normal station. When a call is parked from a bridged call
appearance, it is parked on the primary extension assigned to the bridged
call appearance.

Call Waiting Termination

Call waiting termination can be administered on a single-line terminal
administered without hardware translation, but, the caller receives a busy
signal, as long as the station is disassociated.

Conference

No direct conferencing of stations without hardware translation is allowed.
A bridged appearance button can be used to make conference calls.

Customer-Provided Equipment (CPE) Alarm

If a CPE alarm is activated for a terminal without hardware translation, no
equipment is available to ring or light.

Data Buttons

Data buttons are not lit for data modules administered without hardware
translation.

Display

The display for calls originating/terminating from a bridged call
appearance for stations administered without hardware translation, is the
same as for normal bridging.

Facility Busy Indication

Normal stations can have busy indicator lights for stations administered
without hardware but the lights are not lit.

The reason for this particular interaction is that Facility Busy Indication is
designed to indicate if a station is off or on-hook. Since a station without
hardware translation is always on-hook (even if it is treated as busy), any
busy indicator lights pointing to it are not turned on.

When a port is assigned to the AWOH station, busy indicator lights
function the same as for a normal station. Busy indicator lights can be
administered on stations administered without hardware translation.

The operations invoked by pressing a facility busy indicator button do not
deviate from the current operation of the feature. That is, depressing the
button rings the station.

Incoming Destination

If the incoming destination is a station without hardware, the caller hears a
ringback tone from the central office. Incoming destination calls are routed
based on features active for the station, such as, call forwarding and call
coverage.
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= Leave Word Calling

A station administered without hardware can be left a leave word calling
message.

A leave word calling message left by a user on a bridged call appearance
leaves a message for the called party to call the primary extension number
assigned to the bridged call appearance. When a user calls a primary
extension and activates Leave Word Calling, the message is left for the
primary extension even if the call was answered at a bridged call
appearance.

= Manual Message Waiting

If Manual Message Waiting is activated, and the receiving terminal is
administered without hardware translation, then only the originating
terminal’s light goes on. The status of this light is held by the receiving
terminal while in a disassociated state, and is turned on upon association.

= Manual Signaling

If the receiving terminal is administered without hardware translation,
Manual Signaling is denied. The status light for the Manual Signaling
button at the originating voice terminal flutters briefly to indicate the denial.

= Personal Central Office Line

Stations administered without hardware translation can be administered
with the [Personal Central Office Line (PCOL) [feature. If a call is
terminated at a station administered without hardware translation and it
has no coverage, the caller receives ringback (no answer). Otherwise, the
call is routed to coverage.

= Priority Calling

A priority call terminating to a station administered without hardware
translation hears a busy signal.

= Send All Calls

Send all calls can be active on a station administered without hardware
translation.

= Station-to-Station Call

A call attempting to terminate on an extension administered without
hardware translation is treated like a call to a station with all call
appearances busy.

= Transfer

See “Station-to-Station Call” and “Call Coverage.”
Attendant Interactions

Below are descriptions of how active attendant features interact with the AWOH
characters.

Issue 3 March 1996 3-61



Feature Descriptions

= Attendant Group

If all attendants of the group are administered without hardware, the caller
receives ringback tone indefinitely for all calls made internally. Attendants
administered without hardware translation will behave the same as
stations without hardware in group interactions.

Responses are similar for these features:
— Centralized Attendant Service (CAS)
— Inter-PBX Attendant Service (IAS)

— Attendant Call Waiting (cannot be activated on a call to a terminal
administered without hardware translation)

— Attendant Direct Extension Selection with “Busy Lamp” field

— Attendant-to-Station Call (the attendant is not allowed to extend a
call to a terminal administered without hardware translation)

= Emergency Access to Attendant

If emergency access to the attendant is activated while all attendants are
administered without hardware translation, and there is no backup
extension or the backup extension is also administered without hardware
translation, the originating party will receive a busy signal. This is the same
situation as an attendant queue being full and no backup extension.

= Interposition Calling (Attendant to Attendant)

Using the individual attendant access extension, as opposed to the group,
the caller hears a busy signal for all attendants administered without
hardware translation.

= Night Station Service

If a night console is not assigned or not operational and an attendant
activates the night station service feature, response to the caller depends
on the administration of the destination endpoint. For instance, if the
endpoint is a station administered without hardware translation, the caller
hears a busy signal. This response is governed by the endpoint rather
than the feature.

= World Class Attendant
This feature and its two subfeatures apply.
— Attendant Override

If an attendant activates Attendant Override (and therefore
bypasses coverage), the attendant hears a busy signal for calls to
terminals administered without hardware.

— Attendant Serial Calling

Attempting to extend a call to a terminal administered without
hardware translation causes a busy signal.
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Data Terminal Interactions

Below are descriptions of how active data terminal features interact with the

[FAdministration Without Hardware (AWOH)']feature

= Data Call Setup

Three methods are provided to set up a data call:

Data Terminal Dialing — An attempt to use keyboard dialing to
terminate a call to a data endpoint administered without hardware
translation causes a BUSY message on the screen, indicating that
the terminal is in use, out of service, or administered without
hardware translation.

Voice Terminal Dialing — see “Station-to-Station Call” section.

Other Devices — [like a modular processor data module (MPDM)
equipped with an automatic calling unit (ACU) interface module]
Depending on the attached hardware, the call is handled like a
data call.

Voice Terminal Dialing.

= Hunt-Group (UCD/DDC) See “Coverage” section.

= Incoming Destination

See “Incoming Destination” section

= Administered Connections

Endpoints for ACs can be administered without hardware translation.

= Terminal-to-Data Module Call

If the data endpoint has been administered without hardware translation,
the result is either be a printed BUSYon the screen or a busy signal,
depending on the hardware associated with the terminal originating the
call. See “Station-to-Station Call” section.

Association/Disassociation of Terminal Feature

Interactions

This refers to whether a voice terminal has been assigned a port location.
Association/Disassociation interactions are described next. Some of these
functions are limited to multibutton sets.

= Automatic Callback

If a station becomes disassociated while a normal station has automatic
callback activated for that station, the normal station’s automatic callback
light is turned off and the sequence is broken.
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Bridged Call Appearance

If a station has a bridged call appearance of another station, which is
off-hook, the station administered with the bridged call appearance can
disassociate at any time and not disrupt the call in progress on the bridge.

If a station with a bridged appearance of a normal station associates itself
while the extension for the bridged appearance is on a call, the station
associating itself can join the call after it has completed the association
sequence.

Disassociation cannot be performed from a bridged call appearance.
Disassociation (TTI) of a station must be performed from the port on which
the set resides. For example, the port from which disassociation is
performed, must match the port for the extension that is to be
disassociated.

Call Coverage

If a station disassociates while Send-all-calls or Go-to-coverage is active,
then these features remain active while the station has no hardware
translation.

Call Coverage Answer Group

Members in a group cannot be disassociated while there is an incoming
call to the group. In this case all sets are seen as active and therefore
cannot be disassociated.

If any endpoint previously administered without hardware translation is
inserted into translation via TTI or station administration, that endpoint is
excluded from all transactions taking place in the call coverage answer
group. This means that a member cannot join the other members of an
incoming call for one that is taking place during the binding of the station
to the port location. The member can join in all subsequent calls to the
group.

Call Forward

A station can disassociate while call forwarding is active. If a destination
extension for call forwarding disassociates, call forwarding to that
extension remains active.

Call Park

A terminal is not allowed to be disassociated while placed in a parked
state by another set. It is virtually put on hold. If a normal station parks an
incoming call, the station that parked the call can disassociate itself after
the call is parked and still perform the retrieval sequence from another
voice terminal.

Call Pickup

The primary extension of a call pickup group cannot disassociate while a
call is being attempted. All secondary members are allowed to
disassociate while a call is ongoing to a primary extension.
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If a call is ongoing to any extension in the group, any member of the group
can disassociate. Any member of the group can associate. That member
will not join the group for the call that is currently in progress, but is
available for all subsequent calls to the group.

» CPE Alarm

If a station that has been administered with a CPE alarm enters the system
translation while an alarm is active, then the newly associated station
receives the alarm indication upon entering the system.

= Hunt Group UCD/DDC

Any member of a hunt group that is not the target of the current call (not
ringing) can disassociate itself. The primary, or ringing, extension cannot.

If any endpoint previously administered without hardware translation is
inserted into translation via TTI or station administration, that endpoint is
excluded from all transactions taking place in the hunt group. This means
that a member does not become available to take an incoming call that
was already taking place during the binding of the station to the port
location. The member is available for subsequent calls to the group.

= Hold

A station that is on hold or has put another call on hold cannot undergo
disassociation.

= Incoming Destination

See “Station-to-Station Call” section
= Intercom Group - Auto/Dial

See “Station-to-Station Call” section
= Message Light

All messages needn'’t be deleted before disassociation. If a station
receives messages while it is in the disassociated state, when the terminal
receives hardware translation, the message light is updated.

= Send All Calls
Send all calls remains activated when a station becomes disassociated.
= Station-to-Station Call

No disassociation can be performed while a call is in progress. No
disassociation can be performed while a set is ringing.

= Terminating Extension Group

Members in a group cannot be disassociated while there is an incoming
call to the group. This is because all members of the group are seen as
active, since they are ringing and busy indicator lights are flashing.

If any endpoint previously administered without hardware translation is
inserted into translation via TTI or station administration, that endpoint is
excluded from all transactions taking place in the terminating extension
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group. This means that a member cannot join the other members of an
incoming call for one that is taking place during the binding of the station
to the port location. The member can join in all subsequent calls to the
group.

= Transfer

After a connection has been made from first to third party, the second
party, the one who performed the transfer, can be disassociated. Parties
one and three are treated as a station-to-station call.

= Attendant

Because the attendant is a central focus for incoming calls, it is advisable
to have the attendant in position busy mode so as to route incoming calls.
Attendant Priority Queuing, which a World Class Core feature, provides
that individual attendant access and interposition calling are not
reclassified and directed to the attendant group. These calls queue for the
individual attendant and prevent the attendant from disassociating. To
prevent the attendant from attempting to disassociate while in
position-available mode, calls queued, held, or seen as active for the
attendant, will prevent disassociation.

= Incoming Destination

An incoming destination is not allowed to be disassociated while a call is
in progress to that extension, regardless of whether the extension is a
station or an attendant.

= Attendant Night Service

The night service station cannot be removed while in night service. For the
removal of any endpoint administered without hardware translation while
night service is activated, see “Night Service” section.

= Attendant Release Loop Operation

All calls held with the release loop operation by the attendant are
reclassified as attendant group calls if the attendant disassociates before
the attendant timed reminder interval expires.

= Night Service-Trunk Group

If the night service destination is a station, disassociation operates the
same way as disassociation for stations. See “Station-to-Station” section. If
the night service destination is an attendant, disassociation operates the
same way as disassociation for attendants. See “Attendants”.

World Class Attendant
Below are ‘World Class Attendant’ features that interact with AWOH.
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Data Modules

Serial Calling

In a serial call, the attendant is not in a busy state after releasing a call. In
this situation, the attendant is allowed to perform disassociation. If the
attendant is disassociated upon return from a call that has been extended
to a station, the call is reclassified as an attendant group call and is routed
to the group.

Attendant Return Call

If the attendant is disassociated upon return from a call that has been
extended to a station, the call is reclassified as an attendant group call
and is routed to the group.

This section describes association/disassociation of data terminals. Data
modules can be associated/disassociated by:

— Data Terminal Dialing

— Voice Terminal Dialing

— Other Devices - this includes using a default set type to make the

association, and then removing the default set type and replacing it with
the proper data endpoint.

Since DTDM'’s reside on certain station types, the port is automatically inherited
from the host station. The DTDM receives its port identification when the station is
associated/disassociated.

Hunt Group (UCD/DDC)

See “Hunt Groups” section.
Incoming Destination

See “Incoming Destination” section.
Administered Connections

If an administered connection is administered without hardware translation
the system attempts to establish a connection only when both endpoints
are associated with hardware translation.

AC can be disassociated by changing the port for the data module to an
X, either by administration or via TTI.

Terminal to Data Module Call
See “Station-to-Station Call” section.
Transfer

See “Transfer” section.
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Administration

AWOH is administered on a per-voice terminal basis by the System Manager.
Normal station administration is required with the exception of entering an X in
the “Port” field to indicate that there is no hardware associated with the station.

Four maintenance commands can be executed on terminals administered
without hardware translation:

= Busy-out extension object

= Release extension object

= Status extension object

= Test extension object

In all cases, the message: hardware not administered is displayed on the
G3-MT.

Hardware and Software Requirements

No additional hardware or software is required.
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Advice of Charge

Feature Availability

Advice of Charge (AOC) is available with G3V4 and later releases. It is only

available in France, Germany, Australia, and countries with public networks

running European Telecommunication Standards Institute (ETSI) compatible
ISDN-PRI. It is not available in the United States.

Description

AOC collects charge advice information from the public network for each
outgoing call and enters the information in that call's Call Detail Record (CDR).
Charge advice is a number representing the cost of a call; it is recorded as either
a charging or currency unit. AOC is the ISDN equivalent of Periodic Pulse
Metering (PPM).

AOC is only available for outgoing calls placed on an ISDN-PRI trunk. It is not
available for incoming calls.

The system administrator can use AOC information to account accurately for the
cost of outgoing calls without waiting for the next bill from the local
telecommunications provider. This is especially important in countries where
telephone bills are not itemized, but contain only the total number of units used.
AOC information can also be used to let employees know the cost of their phone
calls, thereby encouraging employees to manage the company’s
telecommunications expenses. Note, however, that AOC information cannot
necessarily be relied upon to dispute telephone bills with the network service
provider.

The type of AOC information that is received, the way in which the information is
received, and the switch administration required to receive AOC information, all
vary from country to country. For example:

= In some countries AOC is only received at the end of a call. In others it
can accumulate during a call as well.

= In some countries, users must subscribe to AOC from the public network.
In others it is available simply by administering the switch to receive AOC
information.

= In some countries once subscribed to, AOC information will be received
automatically for each call. In others, the system must request AOC
information for each call.

See the country application notes or your AT&T representative for
country-specific parameter settings for the|'Advice of Charge'|feature.
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When Information Is Received

Depending upon what is available in any given country, and how the DEFINITY
switch is administered, AOC information can be received either during and at the
end of a call, or only at the end of a call. The following sections describe these
options.

During and End

With this option, the public network provides AOC information periodically
throughout a call and at the end of the call. Cumulative charge values are stored
and the final value received is reported on the call CDR. For the ‘CDR Call
Splitting’ feature to work properly, updates during a call are required. However,
periodic updates increase message activity on the signaling channel and may
reduce the maximum call capacity of the DEFINITY Communications System.
This is especially true in countries such as Germany and France where the
network sends charging information updates as often as every 3 to 10 seconds
for each active international call. See "CDR Call Splitting" later in this description
for more information about AOC with the ‘CDR Call Splitting’ feature.

End Only

With this option, the public network provides AOC information for a call when the
call is dropped. The value is reported on the call CDR. AOC only at the end of the
call eliminates the performance cost due to extra ISDN-PRI messaging on the
signaling channel associated with periodic updates. However, if the ‘CDR Call
Splitting’ feature is enabled, the CDR record associated with the final party on the
call will contain the AOC for the entire call. This is true because no charge advice
data is available until the final party drops off the call. The charge advice in all
earlier CDR records will be zero. See the "CDR Call Splitting" feature for more
information about the |'Advice of Charge"|with the ‘CDR Call Splitting’ feature.

AOC in CDR Reports

3-70

Because AOC information is cumulative, it is assumed that each succeeding
value will be larger than the previous value. If a charge update is received that is
smaller than the previous value, the new smaller value is ignored.

If an ISDN-PRI trunk group has CDR enabled, and has been administered to
expect AOC information, and if the selected CDR output format contains an
“ISDN Call Charge (ISDN CC)" field, then the “ISDN Call Charge” field will
contain the following information:

= If the Call Splitting or Attendant Call Recording feature is enabled with
AOC being received during the call, and if a CDR record is generated
because a call has been transferred for the first time, the “ISDN Call
Charge” field contains the cumulative charge most recently received from
the network. For all subsequent transfers, the “ISDN Call Charge” field
contains the difference between the cumulative charge most recently
received and the value generated in the previous CDR record for the
same call.
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= When a CDR record is generated because a call is dropping, the “ISDN
Call Charge” field contains the last cumulative charge received from the
network.
Four CDR report formats support AOC:
= Enhanced 24-word Standard ASCII unformatted record (unformatted)
= Enhanced 24-word Standard ASCII expanded record (expanded)
= International ISDN Expanded record (int_isdn)
= Customized record (customized)
A zero appears in the “Call Charge” field when: no AOC information is received;
a value of zero is the last charge information received; or the outgoing trunk
group is not administered for AOC.
Reported Units

The public network may send AOC information either as charging units or
currency value. This charging unit or currency encoding is country dependent.
The DEFINITY Communications System does not differentiate the stored charge
as currency or charging unit.

Considerations

The DEFINITY Communications System does not tandem AOC information via
ISDN-PRI messages through a private network to other DEFINITY switches.
Therefore, the CDR adjunct that records AOC information must receive its input
from the DEFINITY system directly connected to the public network.

Interactions

= Call Forwarding — Off Net

AOC for a call to a station whose calls are forwarded over a
public-network PRI trunk is charged to the forwarding station, not the
calling station.

=« Call Transfer

If a transferred call is routed over a public-network ISDN-PRI trunk group,
AOC administration for the outgoing trunk group controls whether AOC
information is requested or recorded for the call. If two or more outgoing
trunks are connected together via trunk-to-trunk transfer, the DEFINITY
Communications System may receive AOC information from the network
for each outgoing trunk involved in the call.
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= CDR Call Splitting

If Call Splitting is enabled, when an outgoing call is transferred, a CDR
record is issued for the initial portion of the call and the “ISDN Call
Charge” field reports the AOC information received thus far. Subsequent
AOC information received from the network for the outgoing call is
charged to the party remaining on the call until the call is dropped or
transferred again. Attendant Call Recording, a form of Call Splitting,
generates a CDR record when an attendant drops from a call.

Users who rely on Call Splitting or Attendant Call Recording should
subscribe to or request AOC information during the call in order to have
correct AOC information recorded for each party that participated in the
call. However, this increases message activity on the signaling channel
and reduces Busy Hour Call Capacity of the DEFINITY system.

In some countries, or with specific protocols, AOC information during a
call is not available. However, the Elapsed Time in the CDR records can
be used to allocate the AOC among the parties on the call.

For more information about Call Splitting and its interactions see the['Call
[Detail Recording (CDR)'|feature.

Administration

Administration of AOC is dependent upon the country where the feature is being
used. See DEFINITY Communications System Generic 3 Version 4
Implementation, 555-230-655, or DEFINITY Communications System Generic 3
V2/V3 Implementation, 555-230-653, for general instructions for administering
AOC. See the country application notes or AT&T representative for
country-specific instructions for administering AOC.

Hardware and Software Requirements
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A CDR adjunct or printer is required to record AOC information. No additional
software or hardware is necessary.
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Agent Call Handling

Feature Availability

Agent Call Handling available with all Generic 3 releases. ACD software is
required.

Description

Provides ACD agents with the capabilities required to answer and process ACD
calls.
The agent capabilities provided by this feature are:
= Agent Log-In and Log-Out
= Agent Answering Options
— Automatic Answer (zip tone)
— Manual Answer
= ACD Work Modes
— Auxiliary Work Mode
— After Call Work
— Auto-In
— Manual-In
= Agent Request for Supervisor Assistance
= ACD Call Disconnecting (Release button)
= Stroke Counts
= Call Work Codes
= Forced Entry of Stroke Counts and Call Work Codes

This feature description also explains Agent Sizing.

=>» NOTE:

All of the agent capabilities listed above are also supported through the
CallVisor ASALI. For information on CallVisor ASAI, consult the ['CallVisor
[Adjunct/Switch Ap plications Interface (ASAI)"[feature.

Agent Log-in and Log-out

The information below applies generally to traditional ACD. See the[Expert|
[Agent Selection (EAS)"|feature for additional EAS procedures.
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Toreceive ACD calls, the agent must log into the system. An agent logging into a
split automatically enters the Auxiliary Work mode (described later) for that split.
An agent can be logged into multiple splits. An agent will be required to enter a
log-in identification number when logging in if the hunt group is measured via
CMS or BCMS. If the hunt group is not measured, entry of a login ID is optional.
Entry of a login is also optional with BCMS.

To log in, an agent must go off-hook and dial the log-in feature access code,
followed by the two-digit split group number (three-digit split group number for
G3r) and the log-in identification number (if required). If the log-in procedure is
successful, the agent enters the Auxiliary Work mode and the lamp associated
with that split's Auxiliary Work button, if provided, lights steadily on the agent’s
terminal and the agent hears confirmation tone. At the same time, the system
sends two messages to the CMS or BCMS (if it is a measured split): a message
that the agent has logged in (including the identification number) and a message
that the agent has entered the Auxiliary Work mode.

If, during the log-in process, any of the following situations occur, the log-in
attempt is canceled and the agent receives Intercept Treatment.

= The agent dials an invalid log-in feature access code.

= The agent dials an invalid split group number (that is, the agent dials the
number of a split that does not exist or of one to which the agent is not
assigned).

= The agent is already logged into the maximum number of splits. In this
case, Intercept Treatment is received after dialing the split group number.

= The agent dials a split group number for a split that he or she is already
logged into.

= The agent dials the wrong number of digits.

The agent should log out when he or she leaves his or her position for an
extended period of time (such as the end of a shift or when changing voice
terminals) and is therefore unavailable for ACD calls. If an agent logs out and is
administered for measurement by CMS or BCMS, a message is sent to the
BCMS/CMS so that it no longer measures the agent’s status. If an agent is
logged into more than one split, he or she should log out of each split. AUX work
mode is typically used for temporary situations when BCMS/CMS tracking of the
Aux-Work time is desired. Otherwise, log out.

To log out of a split, the user goes off-hook and dials the log-out feature access
code followed by the split group number. If the log-out attempt is successful, the
agent hears confirmation tone and all lamps associated with work mode buttons
(described later) go dark. If the agent is logged into more than one split, logging
out of one split does not affect the state of the other split.

If, during the log-out process, any of the following situations occur, the log-out
attempt is canceled, and the agent receives Intercept Treatment.

= The agent dials an invalid log-out feature access code.
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= The agent dials an invalid split group number.

= The agent dials a split group number for a split that he or she is not logged
into.

If an agent is in the Automatic Answer mode (described later) and is using a
handset, the agent can log out simply by hanging up. (This does not mean
pressing the release button on a Call Master voice terminal.) If an agent in the
Automatic Answer mode is using a headset instead of a handset, the agent can
log out by turning off the headset. This does not apply to quick-disconnect. If this
method is used to log out, the agent is automatically logged out of all splits that
he or she has logged into.

If calls are in the split queue, the last available agent in a non-vector controlled
split can still log out of the split by dialing the log-out feature access code.

Agent Answering Options

An agent can answer ACD calls by using either a headset, handset, or
speakerphone. An agent can be assigned one of two answering options:
Automatic Answer or Manual Answer.

Automatic Answer

The following procedure applies to traditional ACD and EAS environments.

An agent assigned to Automatic Answer is connected directly to incoming calls
without ringing. Instead of the usual process where an agent receives ringing
and then goes off-hook and answers the call, the agent hears zip tone through
the headset, handset, or speakerphone and is automatically connected to the
incoming ACD call.

It is recommended that Automatic Answer be used with a headset. In this case,
the agent hears zip tone through the headset and is then automatically
connected to the call. (If the incoming trunk group is data restricted, the zip tone
is not heard. If the agent’s extension is data restricted, the zip tone is not heard.
A headset user should not be assigned data restriction.)

Although possible, it is not recommended that a handset or speakerphone be
used with Automatic Answer. In order for an agent with Automatic Answer and a
handset or speakerphone to answer an ACD call, the handset or speakerphone
must be off-hook (handset lifted or speakerphone turned on) at all times. While
off-hook, the agent hears zip tone through the handset or speakerphone.

=> NOTE:
Automatic Answer can be administered to apply only to ACD calls or to
apply to all calls terminating to the agent’s set. If all calls terminating to the
set are automatic answer and if the agent receives direct extension calls,
he or she should always activate Call Coverage, Call Forwarding or Send
All Calls when leaving his or her position and make himself or herself
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unavailable for ACD calls (by logging out or entering AUX work mode) so
calls will not terminate to an unmanned station.

Manual Answer

An agent is assigned to Manual Answer hears ringing, and then goes off-hook to
answer the incoming call. If the agent does not go off-hook, the call will continue
ringing. The agent can use either a headset, handset, or speakerphone to
answer the call.

ACD Work Modes
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This information generally applies to a traditional ACD environment. See the

"Expert Agent Selection (EAS)"[feature for more specific EAS procedures. If the
"Multiple Call Handling"|feature is enabled, it will affect when agents can enter

different work modes and when calls will be delivered to agents in Manual-In or
Auto-In work modes. See the['Multiple Call Handling"|feature for detailed
information.

At any given time, an agent can be in one of four work modes. An agent can
change work modes at any time. If an agent is not active on a call or does not
have a call on hold, the mode change is immediate. However, if an agent tries to
change modes while he or she is active on a call or has a call on hold, the mode
is not changed until the agent is disconnected from the calls. An agent can
change modes by using either button or dial access. The four work modes are
described in the following paragraphs.

= Auxiliary Work
= Auto-In
= Manual-In

= After Call Work

Auxiliary Work Mode: An agent should enter the Auxiliary Work mode for a
particular split whenever he or she is doing non-ACD activities such as taking a
break or going to lunch. This makes the agent unavailable for ACD calls to that
split (and the agent is not in the most idle agent [MIA] queue), but BCMS/CMS
tracking of the agent continues.

When an agent logs into a split, he or she automatically enters this mode for that
split. To change to the Auxiliary Work mode while in another mode, the agent can
dial the feature access code for the Auxiliary Work mode followed by the split
group number or can press the Auxiliary Work button for that split. If the attempt
to change modes is successful and the agent has no active or held calls, the
lamp associated with the Auxiliary Work button lights steadily and the
BCMS/CMS is informed of the mode change for that agent. If the attempt to
change modes is successful, but the agent has any active or held calls, the lamp
flashes until all calls are dropped, at which point the AUX lamp lights steadily and
the BCMS/CMS is informed of the agent’s state change. The attempt is canceled
and the agent receives intercept treatment if the agent:
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= Tries to enter the Auxiliary Work mode for an invalid split

= Tries to enter the Auxiliary Work mode for a split of which he or she is not a
member

= Dials an invalid feature access code

If an agent is the last agent logged into a non-vector controlled split and calls are
in queue for that split, the agent cannot enter the Auxiliary Work mode until the
queued calls are handled. Refer to the considerations section near the end of
this feature description for more details. An attempt to enter the Auxiliary Work
mode under these conditions prevents new calls from entering the queue for that
split.

Once an agent has entered the Auxiliary Work mode for a particular split, the
agent is no longer available to answer other ACD calls to that split. However, the
agent may be available for ACD calls to other splits that the agent is logged into
depending on the agent’s state in those splits and the agent is still available for
non-ACD calls. The BCMS/CMS is notified whenever an agent in the Auxiliary
Work mode receives an incoming non-ACD call or makes an outgoing call.

=> NOTE:
Agents in vector-controlled splits can go into AUX work even if they are the
last agent and calls are queued to that split.

Auto-In Mode: When an agent enters the Auto-In mode, he or she, upon
disconnecting from an ACD call, automatically becomes available for answering
new ACD calls.

To change to the Auto-In mode while in another mode, the agent can dial the
feature access code for the Auto-In mode followed by the split group number or
can press the AuTo-IN button for that split. If the attempt to change modes is
successful, the lamp associated with the AuTto-IN button lights steadily and the
BCMS/CMS is informed of the mode change for that agent. If the attempt to
change modes is successful, but the agent has any active or held calls, the lamp
flashes until all calls are dropped, at which point the lamp lights steadily and the
BCMS/CMS is informed. If the agent tries to enter the Auto-In mode for an invalid
split or for a split of which he or she is not a member, or if the agent dials an
invalid feature access code, the attempt is canceled and the agent receives
intercept treatment.

Manual-In Mode: When an agent enters the Manual-In mode, he or she, upon
disconnecting from an ACD call, automatically enters the After Call Work mode
(described later) for that split, and is not available for any ACD calls. The agent
must then manually reenter either the Auto-In mode or Manual-In mode to
become available for ACD calls.

To change to the MANUAL-IN mode while in another mode, the agent can dial the
feature access code for the Manual-In mode followed by the split group number
or can press the MANUAL-IN button for that split. If the attempt to change modes is
successful, the lamp associated with the MANUAL-IN button lights steadily and the
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CMS is informed of the mode change for that agent. If the attempt to change
modes is successful, but the agent has any active or held calls, the lamp flashes
until all calls are dropped, at which point the lamp lights steadily and the CMS is
informed. If the agent tries to enter the Manual-In mode for an invalid split or for a
split of which he or she is not a member, or if the agent dials an invalid feature
access code, the attempt is canceled and the agent receives intercept
treatment.

After Call Work Mode: An agent should enter the After Call Work (ACW) mode
when he or she needs to perform ACD-related activities. For example, an agent
may need to fill out a form as a result of an ACD call. The agent can enter the
ACW mode to fill out the form. The agent is unavailable for ACD calls to all splits
while in the ACW mode, although the agent is placed in the MIA queue upon
entering this state and advances in queue until entering the AUX state or until he
or she becomes available and reaches the front of the MIA queue and receives a
call.

When an agent is in the Manual-In mode and disconnects from an ACD call, he
or she automatically enters this mode. To change to the ACW mode while in
another mode, the agent can dial the feature access code for the ACW mode
followed by the split group number, or press the ACW button for that split. (Since
BCMS/CMS statistics for ACW provide the average ACW time, entering the ACW
node manually may skew reports.) If the attempt to change modes is successful,
the lamp associated with the ACW button lights steadily and the BCMS/CMS is
informed of the mode change for that agent. If the attempt to change modes is
successful, but the agent has any active or held calls, the lamp flashes until all
calls are dropped, at which point the BCMS/CMS is informed. If the agent tries to
enter the ACW mode for an invalid split or for a split of which he or she is not a
member, if the agent is already in the ACW mode for another split, or if the agent
dials an invalid feature access code, the attempt is canceled and the agent
receives intercept treatment.

Once an agent has entered the ACW mode for a particular split, the agent is no
longer available to answer ACD calls to that or any other split. [The agent is
automatically placed in the AUX work mode for any other split(s).] However, the
agent is still available for non-ACD calls. The BCMS/CMS is notified whenever an
agent in the ACW mode receives an incoming non-ACD call or makes an
outgoing call.

Agent Request for Supervisor Assistance
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Agents can request assistance (whether on an active ACD call or not) from the
split supervisor by pressing the AssIST button or by putting the call on hold and
dialing the Assist feature access code, followed by the split group number. The
agent must be logged into the split. Assist generates three burst ring at the
supervisor's station. If a split supervisor is not assigned, the agent receives
intercept tone.

To request supervisor assistance using the Assist button, the agent does as
follows:
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If the agent is active on an ACD call, the agent presses the ASSIST button
for that split. This automatically places the ACD call on hold and places a
call to the split supervisor. The BCMS/CMS is notified of the request and
the supervisor’s display (if provided) shows that the call is a request for
assistance. After the agent has talked to the supervisor, the agent can
drop the assist call and return to the ACD call, or the agent can set up a
conference call with the agent, the supervisor, and the calling party. The
agent can also transfer the call to the split supervisor, if desired. The
calling party hears silence or music on hold (if administered) when the
agent depresses the assist button.

If the agent is an attendant, he or she should first press the START button
before pressing the AssIST button. This will allow the attendant to later
transfer the call. This rings like a priority call at the supervisor’s set.

If the agent is not active on a call, the agent goes off-hook and presses the
AssIST button. This automatically places a call to the split supervisor. The
BCMS/CMS is notified of the request and the supervisor’s display (if
provided) shows that the call is a request for assistance. This rings like a
priority call at the supervisor’s set.

To request supervisor assistance using the Assist feature access code, the
agent does as follows:

If the agent is active on an ACD call, the agent places the call on hold,
receives dial tone, and dials the Assist feature access code followed by
the split group number. The Assist call is then placed to the split
supervisor. The Call Management System is notified of the request for
assistance, and the supervisor’s display (if provided) shows the call is a
request for assistance. After the agent has talked to the supervisor, the
agent can drop the Assist call and return to the ACD call, or the agent can
set up a conference call with the agent, the supervisor, and the calling
party. The agent can also transfer the call, if desired. This rings like a
priority call at the supervisor’s set. Assist calls will not follow the
supervisor’s call coverage path.

If the agent is not active on an ACD call, the agent goes off-hook and then
dials the Assist feature access code followed by the split group number.
The Assist call is then placed to the split supervisor. The CMS is notified of
the request for assistance, and the supervisor’s display (if provided)
shows that the call is a request for assistance. This is an exception report
and must be set up. This rings like a priority call at the supervisor’s set.
Assist calls will not follow the supervisor’s call coverage path.

ACD Call Disconnecting

An agent can be disconnected from an ACD call in either of four ways.

The agent can press the RELEASE button (if provided). Dial tone is not
heard after the RELEASE button is pressed.

The agent can press the DrRop button (if provided). The agent hears dial
tone after pressing the DRoOP button and is not available for calls.
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= The call can be dropped by the calling party.
= The agent can go on-hook (hang up).

Agents using Automatic Answer are logged out of all splits when they
disconnect from an ACD call by going on hook (hanging up). The
preferred method of operation is to use the RELEASE button (if provided).

Stroke Counts
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Stroke Counts provide ACD agents with the ability to record up to nine
customer-defined events on a per-call basis when the adjunct CMS is active. The
feature also provides a tenth event count to track audio difficulty. Stroke Count
“0” is reserved for Audio Difficulty and the other nine Stroke Counts are customer
definable.

Stroke counts are reported to the CMS in real time. The switch does not store any
Stroke Count information. Therefore, Stroke Counts are only useful when CMS is
connected and ACD splits are administered to be measured by CMS

ACD Stroke Counts allow agents to record relevant events on a per-call basis. A
Stroke Count represents an event that the customer wants to measure. For
example, a Stroke Count may be used to keep track of the number of inquiries
about a specific item. Each time an agent receives an inquiry on a specific item,
he or she can enter the Stroke Count (one through nine) assigned to that item.

Stroke count “0” is used to indicate audio difficulty. For troubleshooting
purposes, CMS will record the equipment location for the trunk the agent was
using when the Audio-difficulty button was depressed. This count refers to calls
with poor transmission quality experienced by ACD agents. Audio transmission
quality is not improved by pressing the Audio Difficulty Stroke Count button, the
specific trunk used for the call is recorded

Ten button types maybe assigned for use with Stroke Counts: 0-Stroke, 1-Stroke,
2-Stroke, 3-Stroke, and so on.

An ACD agent enters a Stroke Count by pressing a Stroke Count button while
off-hook. The system then validates that the activating agent is either active on an
ACD call or in the ACW work mode for an ACD split. If these conditions are met,
the feature lamp lights steadily for two seconds to indicate successful activation
and a message is sent to the CMS containing the Stroke Count. If the preceding
conditions are not met, the feature lamp will flutter to indicate unsuccessful
activation and no message will be sent to the CMS. The lamp goes dark after two
seconds.
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Call Work Codes

Call Work Codes allow ACD agents to enter up to 16 digits for an ACD call to
record the occurrence of customer-defined events (such as account codes,
social security numbers, or phone numbers). The switch does not store any Call
Work Code information. Call Work Codes are sent to an adjunct CMS for storage.
Release 3 of the CMS is required to record Call Work Code information.

Data will be sent to the CMS only for the splits that are measured by the CMS and
only when the link to the CMS is up. The activating agent must be on an ACD call
or in the ACW mode after disconnecting from a call while in the Manual-In mode
or in the Auto-In mode and pending for the ACW mode. Activation in any other
work mode is denied.

To enter a Call Work Code, while off-hook and active on an ACD split, the agent
presses the CALL WORK CODE button.

To enter a Call Work Code after disconnecting from a Manual-In ACD call
(Auto-In and pending ACW applies as well, the agent must remain off-hook after
disconnecting from the ACD call. To disconnect from the ACD call while
remaining off-hook, the agent can either press the RELEASE button or wait for the
far-end caller to hang up.

The system then validates that the activating agent is either active on an ACD call
or in the ACW mode after disconnecting from an ACD call. If these conditions are
met, the associated lamp lights steadily and a C: prompt appears on the display.
This indicates that the feature is ready for digit collection. After receiving this
visual indication, the agent can enter the desired digits. (The agent must wait for
the visual indication before entering the digits, or the calling party will hear the
touch-tone digits being dialed). The agent may enter up to 16 digits. Any digits
beyond 16 will be ignored by the system and will not appear on the display. The
agent then presses # to send the Call Work Code entry to the CMS. The Call
Work Code lamp will go dark and the display will return to normal mode. If an
error is made while entering digits, the user may press *to erase all previous
digits and begin entering digits again.

If any button is pressed at the agent’s voice terminal, or if the agent hangs up
during digit collection, the Call Work Code entry is aborted and no message is
sent to the CMS. Also, the Call Work Code lamp is extinguished and the display
is cleared (only one CWC may be entered per call).

The Call Work Codes function may be used by as many as 40 agents
simultaneously. If 40 agents are simultaneously using this function, and another
agent attempts to enter a call work code, this agent will receive a display
message telling the agent to try again later.

This feature requires display-equipped voice terminals (for example, CallMaster).
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Forced Entry of Stroke Counts and
Call Work Codes

An agent is always allowed to enter a Stroke Count and/or Call Work Code for an
ACD call (as long as the agent is on an ACD call or in the ACW mode after
disconnecting from a call while in the manual-in mode). Activation in any other
work mode is denied. However, each split can be administered so that agents in
that split are forced to complete a Stroke Count and/or a Call Work Code entry for
every call answered in the Manual-In mode. For details on Forced Entry of Stroke
Counts and Call Work Codes, see [Automatic Call Distribution (ACD)" on page]

Agent Sizing (G3V3 and later releases)
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This feature adds a maximum capacity to the number of logged-in ACD agents. It
can be used to limit the number of logged-in ACD agents to a number less than
(or equal to) the maximum supported by the system Hunt Group member
capacity of the hardware configuration.

The new logged-in ACD agents limit applies to ACD agents in traditional ACD
and Expert Agent Selection (EAS) calls. Auto-Available Split (AAS) agent ports
are logged in and counted when they are first assigned, while the non-AAS
agents are counted when they actually log in. Each logged-in agent is counted
as a single agent independent of the number of splits or skills logged in to for the
new logged-in ACD agents limit.

In addition to the logged-in ACD agents limit, the number of agents supported is
dependent on the upper limits that the hardware platform supports. The following
existing limits must also be considered in sizing a call:

= System Hunt Group members — Agent/split pairs assigned or agent/skill
pairs logged in

= Hunt Group member per group (referred to as per group member limit
herein)

= EAS agent login IDs per system

= Call Management System (CMS) measured agent/split pairs assigned or
agent/skill pairs logged in

= Basic Call Management System (BCMS) measured agents assigned in
non-EAS and logged-in EAS

When the maximum number of non-EAS ACD agents are logged in, an ACD
agent who attempts to log in hears reorder (fast busy) tone. In the EAS
environment, if the maximum number of agent members are currently logged in
(that is, the system has reached the logged in ACD agent limit) and an agent
attempts to log in the logical agent ID, the system denies the login and the agent
hears reorder (fast busy) tone.
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This maximum capacity is administrable by authorized AT&T personnel via the
Agent Sizing option on the “System-Parameters Customer-Options” form. The
maximum number of allowed logged in ACD agents are set to correspond to the
configuration a customer purchases. These size limits correspond to price
element codes (PECs) and permit the customer to purchase agent capacity
based on their individual needs.

For Agent Sizing, customers with agents working in shifts should purchase
enough agent capacity to allow for a smooth shift change. If agents on a
subsequent shift are logging in before agents in the previous shift have logged
out, agents could be denied login because too many agents are currently logged
in. Additionally, Call Center managers need to be aware of their logged-in ACD
agent limit when adding agents to handle a traffic peak or when planning a
special campaign.

In G3V3 and later releases, the new logged-in ACD agent limit is added to the
existing limits. Any of the following limits may cause a log-in attempt to fail:

= The number of agents currently logged in matches the logged-in ACD
agent limit that was purchased.

= The number of agents currently logged in to this split/skill matches the per
group member limit for this G3 hardware configuration.

= The number of non-ACD hunt group members plus agent/skill pairs
currently logged in matches the system hunt group members limit for this
G3 hardware configuration.

= The number of EAS agent/skill pairs currently logged in matches the CMS
measured agent/skill pairs limit for this CMS memory configuration.

= The number of EAS agents currently logged in matches the BCMS
measured agents limit for this G3 hardware configuration.

The administrator of a non-EAS system can also be blocked from adding agents
to splits if the agent/split pairs plus non-ACD hunt group members currently
administered match the system hunt group members limit or the split/agent pairs
currently administered match the CMS measured agent/split limit or the number
of agents administered matches the BCMS measured agents limit.

In addition to purchasing the correct number of logged-in ACD agents, the
customer must also purchase the correct hardware configuration and CMS
memory configuration to actually use all of the logged-in ACD agents purchased.
There is no additional configuration required for BCMS. The G3 hardware
platform has always limited the capacity of ACD agents and will continue to do
so. The following are G3V2 limits that will carry into G3V3 and later releases.

= The system hunt group member maximum provides an upper limit on the
total number of hunt group members. Hunt group members consist of
non-ACD members assigned, AAS agent ports assigned (traditional ACD
and EAS), traditional ACD agent members assigned and logged-in EAS
agent members. Agents in multiple splits/skills count as multiple system
hunt group members.
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= The BCMS measured agents maximum provides an upper limit on the
number of BCMS measured non-EAS agents assigned or the number of
BCMS measured EAS agents logged in.

= The CMS measured agents maximum provides an upper limit on the
number of CMS measured non-EAS agent/split pairs assigned or the
number of CMS measured EAS agent/skill pairs logged in.

The users of ‘Agent Sizing via the Customer Option’ form are provisioning
personnel. When a customer orders a G3V3 or later release with traditional ACD
or EAS capability, he/she also orders the maximum number of logged in agents.
Using the ‘Customer Option’ form, provisioning sets the allowable maximum
number of logged-in agents.

=>» NOTE:
The Customer Option form field “Logged-in ACD Agents” sets the
maximum number of ACD agents that can log in simultaneously. The switch
keeps a separate count of logged in agents. On a log-in attempt, the value
for “Logged-in ACD Agents” administered on the form is compared to the
count of logged in agents kept by the login/logout software. If the number
of logged-in agents is already equal to the number of “Logged-in ACD
Agents,” then new login attempts are denied.

The value for “Logged-in ACD Agents” cannot be compared with the
allowable number CMS measured agents. The switch has multiple limits
with respect to ACD agents. The limit on the CMS should be four times the
number of agents purchased and administered on the switch.

Considerations
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The['/Agent Call Handling'[feature is really a combination of features and
functions that allow ACD split agents to handle ACD calls quickly and efficiently.

An agent, although he or she can be assigned to one or more splits, can be
logged only into four splits at a time.

The number of digits in the log-in identification number must equal the number
assigned through system administration (0 to 9). The agent’s individual
identification number is used for record keeping purposes on CMS or BCMS. To
track individual agent data, the login ID must be at least one digit. The system
checks the number of digits in the identification number and verifies that it is not
already active. It does not check to see if the identification number is a valid
number although CMS and BCMS use the login identification for reports.

For each split to which an agent is assigned, he or she can be assigned a
maximum of one of each of the following feature function buttons:
= Manual-In

= Auto-In
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= Auxiliary Work
= After Call Work

A terminal or console can be assigned a maximum of one ACD RELEASE button.
This button is in addition to the fixed RELEASE button on the attendant console.

For non-vector-controlled splits, the last available agent in a split cannot enter the
Auxiliary Work mode if any calls are remaining in the split queue. An attempt by
the last available group member to enter the Auxiliary Work mode results in the
following:

= The Auxiliary Work button flashes.

= New calls on the ACD split either receive the busy tone or redirect to
coverage. Calls in the split queue continue to route to the last available
agent until the split queue is empty.

= Atthe last available voice terminal or console, the status lamp associated
with the Auxiliary Work button, if provided, flashes until the split queue is
empty. When no more calls remain in the split queue, the Auxiliary Work
mode is entered and the associated status lamp, if provided, lights
steadily. (The same sequence applies when the Auxiliary Work mode is
dial activated instead of button activated, except there is no status lamp.)

=—>» NOTE:

The agent can, however, log out.

If an agent is logged into more than one split, the agent may become unavailable
for calls to one split, because of activity at another split. For example, an agent
may enter the After Call Work mode for one split. This makes the agent
unavailable for calls to other splits the agent is logged into.

An ACD agent on conference with more than three parties may cause inaccurate
CMS measurements.

An agent should not log into a split while a call is on hold at his or her extension.

On direct calls to ACD agents with Auto-Answer, incoming notification (zip tone)
will be sent instead of ringing the station once. This includes attendants. If the
agent is active on a call, the direct call will provide a single ring.

Any calls to non-ACD Auto-Answer agents will be announced by Incoming Call
ID tone. Ringing not longer be heard.

Calls for CALLMASTER digital voice terminals and attendant stations will be
announced by double tones. The user hears part of the first tone and all of the
second tone. The tones that are doubled are Zip (Auto-Answer ACD agent calls)
and Incoming Call ID (all other Auto-Answer calls).

Agents should not be used for hunt group calls and ACD split calls
simultaneously. Otherwise, all of the calls from one split (either ACD or hunt
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group) will be answered first. For example, if the ACD calls are answered first,
none of the hunt group calls will be answered until all of the ACD calls are
answered.

The oldest call waiting termination is only supported for agents who are servicing
ACD calls only.

Interactions
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The following features interact with the['Agent Call Handling'|feature.

= Abbreviated Dialing

An agent may have Abbreviated Dialing buttons assigned to make the
log-in process easier. An Abbreviated Dialing button can be programmed
to dial the access code, split number, and/or identification number.

= Auto-Avail-Split/Skill (AAS)

AAS split or skill members are logged in and counted as members
towards the system hunt group member, the per group member, and the
logged-in ACD agents limits during administration. Reaching any one of
the limits can prevent some of the skills or the Login ID from being logged
in (see Req 2). If the port for an AAS split or skill member goes out of
service (that is, RONA), the count of agents logged in is not updated.
These counts for these members are updated only during administration.

= Bridging

ACD split/skill calls are not bridged. When an agent handles an ACD
split/skill call, bridged appearances of that agent will not be bridged to the
call.

Station calls are bridged and agents are able to bridge onto them. If an
agent bridges onto a call, the call is considered a non-ACD extension-in
call. The agent will not be available for an ACD call at this time unless the
agentis a member of a "many-forced," "one-forced," or "one-per-skill* MCH
split/skill. The agent can hold this call and become available to receive
ACD calls even in non-MCH splits/skills if only bridged appearances are
active.

= Call Pickup

A MCH agent can pick up a call with calls on hold. When a call is

answered by an ACD agent via the ['Call Pickup"|feature, the call will be
treated as an incoming non-ACD call. The agent can also put a call pickup
call on hold and become available for additional calls.

= Expert Agent Selection (EAS)

When EAS is active, all ACD hunt groups are assigned as skills and all
skills are vector controlled. Agents must log in using Logical Agent IDs
which are preassigned on the ‘Login ID’ form. Skills can be preassigned to
login IDs, however, preassignment on the ‘Login ID’ form does not actually
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Administration

assign a non-AAS login ID to the skills (that is, not counted as a hunt
group member or logged-in ACD member) until the ID is logged in. When
the login ID is logged in, each skill is counted as a hunt group member
towards the system hunt group member limit, the per group member limit,
and each agent is counted as a logged-in ACD agent.

Hunt Groups (Non-ACD Hunt Groups)

While non-ACD hunt group members are not counted as part of the
logged-in ACD agents limit, they can affect the actual number of
traditional ACD or EAS agents that may be logged in if the system hunt
group members maximum is reached.

The number of non-EAS system hunt group members is non-ACD hunt
group members assigned plus agent/split pairs assigned.

The number of EAS system hunt group members is non-ACD hunt group
members assigned plus AAS agent/skill pairs assigned plus non-AAS
agent/skill pairs logged in.

Hunt Groups (Unmeasured ACD Hunt Groups)

Unmeasured ACD hunt group members are counted as part of the
logged-in ACD agents limit and the system hunt group members limit.

Port Sizing

Port Sizing is a customer option that allows AT&T to make port capacity
price sensitive on a per customer basis. All ports used on a system are
included in this customer optioned size. While each logged-in agent uses
one port, additional ports are needed for trunks, announcements, etc. For
this reason, there is no error checking done between the “Port Sizing
Option” field and the “Logged-in ACD Agents” field.

Agent Call Handling is administered by the System Manager. The following items
require administration on a per-terminal or per-console basis:

Whether it has Automatic Answer or Manual Answer

Whether or not it has Idle Appearance Preference (for placing calls)

The following items are optional:

Manual-In button
Auto-In button
Auxiliary Work button
After Call Work button
Assist button

Release button (required with CallMaster voice terminal)
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= Stroke Count buttons
= Call Work Code buttons
= VuStats display and buttons
In addition to the above, the following items require administration on a
per-system basis:
=« Feature access codes:
— Agent Log-In
— Agent Log-Out
— Manual-In
— Auto-In
— After Call Work
— Auxiliary Work
— Assist
= Number of digits in log-in identification
Each split must be assigned Forced Entry of Stroke Counts and Call Work Codes
if agents in that split are to be required to enter these items.
‘System-Parameters Customer-Options’ form:

= The “Logged-In ACD Agents” field must be administered for the
appropriate maximum number of agents allowed to log in.

Hardware and Software Requirements

No additional hardware is required, although CallMaster voice terminals are
recommended for ACD agents. ACD software is required.

3-88 Issue 3 March 1996



Alphanumeric Dialing

Alphanumeric Dialing

Feature Availability

Alphanumeric Dialing is available with all Generic 3 releases.

Description

Alphanumeric Dialing enhances Data Terminal Dialing by allowing data terminal
users to place a data call by entering an alphanumeric name. This capability
makes Data Terminal Dialing both convenient and user-friendly. Instead of
dialing a long string of numbers, the users can enter a simple alphanumeric
name.

When an alphanumeric name is entered from a user’s terminal, the system’s call
processing software converts the name to a sequence of digits by searching
through an administered Alphanumeric Dialing Table. The system then dials
those digits just as if the user had entered the digits. If the entered name is not
found in the Alphanumeric Dialing Table, the call attempt is denied and the user
receives either an Invalid Address message (for DCP) or a Wrong Address
message (for ISDN-BRI).

Since data terminals access the switch via DCP or ISDN-BRI data modules, the
procedures for using Alphanumeric Dialing vary. For data terminals using DCP,
users type the alphanumeric name and enter a carriage return at the DIAL :
prompt. For data terminals using ISDN-BRI, users type d, enter a space, type the
alphanumeric string, and enter a carriage return at the CMD: prompt.

Alphanumeric dialing does not apply to endpoints with Hayes interface.

More than one alphanumeric name can refer to the same digit string. Also,
multiple names (mixed with number strings) can be used to dial a number. For
example, a company may administer the Alphanumeric Dialing Table to convert
the alphanumeric name home to the digit string for the area code and office
code of the home office. In this example, a data terminal user with a DCP data
module could access extension 3797 at the home office by typing home 3797
and entering a carriage return at the DIAL: prompt. A data terminal user with an
ISDN-BRI module could access extension 3797 at the home office by typing d
home 3797 and entering a carriage return at the CMD: prompt.

Considerations

Alphanumeric Dialing allows a data terminal user to place a data call by entering
an alphanumeric name. This makes Data Terminal Dialing both convenient and
user-friendly. Instead of dialing a long string of numbers, the user can enter a
simple alphanumeric name.
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Interactions

The following feature interacts with the['Alphanumeric Dialing'|feature.

= Data Call Setup

Alphanumeric Dialing enhances Data Terminal Dialing by allowing a data
terminal user to place a data call by entering an alphanumeric name.

Administration

Alphanumeric Dialing is administered by the System Manager. In addition to
those items listed in the ['Data Call Setup"|feature description, elsewhere in this

chapter, alphanumeric names and associated digit strings must be assigned in
the Alphanumeric Dialing Table.

Hardware and Software Requirements

No additional hardware or software is required.
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Alternate Facility Restriction Levels
(AFRL)

Feature Availability

This feature is available with Generic 3rvV1 and all Generic V2 and later releases.

Description

This feature allows the DEFINITY Communications System to adjust facility
restriction levels for devices (lines or trunks) as well as authorization codes within
a given system.

Alternate Facility Restriction Levels provides an alternate mode of operation than
that prescribed by the original set of facility restriction levels. Facility Restriction
Levels (FRLs) are used to determine the privileges an originating party can have
when making an outgoing trunk call. This originator can be either a line or a trunk.
An FRL is assigned to all devices and/or device groups through its associate
Class Of Restriction (COR). When a device originates an outgoing trunk call its
FRL is compared to the FRL of the preference route in the case of AAR/ARS
routing. If the FRL of the originator is greater than or equal to the terminated to
FRL, the call can proceed. If the FRL of the originator is less than that of the
terminated to trunk, the call is blocked (unless an authorization code is used to
override the blockage, this is explained later). For example, if the FRL assigned
to a particular trunk group is three (where seven is least accessible and zero
most accessible from the perspective of someone wishing to access the trunk
group) only originators with an FRL of three or greater are allowed to use this
trunk. FRL’s are administered within the system to allow or restrict outgoing calls
according to their particular destination, tariffs applied on certain calls at certain
times of day, or to facility problems (trunk outages for example).

The['Alternate Facility Restriction Levels (AFRL)"|feature allows a change of the
administered FRLs for all originating devices and authorization codes to a new
value. With the["Alternate Facility Restriction Levels (AFRL)"|feature, a change of
an FRL level can be established by the technician or the customer. For example,
through AFRL all FRLs less than three are assigned a value of three and FRLs
greater than three can be assigned a value of seven. Whether the original FRL
value or the AFRL value is used, it is controlled through any attendant or station
with an AFRL feature button. By depressing the button, the user can control
whether calls in the switch which require FRL’s for determining access are using
FRL's or AFRL's.

AFRL affects two types of users. The attendant and a voice terminal user.
Therefore, two perspectives are addressed. These are:

= The perspective of the physical terminal user, for example, the person
who wishes to make an outgoing trunk call.
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= The perspective of the attendant who must enable or disable the AFRL
feature for the system.

Terminal User Perspective

In general, persons who desire to make outgoing trunk calls should see no
changes to their mode of operation. A minor change is the ability or inability to
make certain calls based upon the administration of the switch at a given time.
This means that a user may suddenly not be able to make a call that at another
time of day was able to be completed by the system. Although the user does not
know why the call was disallowed, policies regarding the application of this
feature and its effect on the users should be made known to all users by the
technician prior to the AFRL feature being activated and used.

Attendant Perspective

An ALT-FRL feature button can be administered to any attendant consoles and
one station per entire system. An ALT-FRL button on the attendant console or the
station activates or deactivates the['Alternate Facility Restriction Levels (AFRL)"|
feature. This button simply toggles whether the feature is activated or not. The
depression of the feature button on any console always affects the status of the
button on all other consoles and station administered with this feature button.

When the feature is active, all AFRL feature buttons on equipped
consoles/station are lit. When the feature is deactivated, all feature buttons on
equipped consoles and stations are extinguished. Also, as the feature is
activated and deactivated as the ALT-FRL button is depressed, the status of the
AFRL for the ‘System Management’ form is changed so that the technician can
monitor the state of the machine at any given time.

When AFRL is activated the user perceives a sudden increase or decrease in
calling privileges. For example the user may have been able to make long
distance calls but due to the activation of AFRL’s (which have been administered
to add restrictions to the calling parties) the call is no longer allowed to be
completed. In this mode the user can be anyone of three types of alterable FRL
entities. These include:

= An originating line
= An originating trunk (for example, an incoming trunk call)

= A dialed authorization code

Line Originator Case
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Aline in this case is any device (other than a trunk), which wishes to complete an
outgoing trunk call. This includes Analog Stations, Multi-Function Stations, Digital
Stations, Data Terminals, Attendants, etc. Each of these facilities is administered
to have a class of restriction, which in turn is assigned a Facility Restriction Level.
This FRL is used to determine if the originating party has access to this outgoing
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trunk. When the AFRL feature is activated, the FRL for the device shall be the
AFRL values administered by the technician. The user has no control over the
activation or deactivation of the feature, nor the engineering of the AFRL values.

Trunk Originator Case

In this case, the originator is in reality an incoming trunk. Incoming trunk calls can
be DID calls to a station, incoming calls on access tie trunks, or the possibility of
intertandem tie trunk calls. In either case the FRL of the device is first used to
determine if it is at a high enough level to select the outgoing device. If it is not,
then the FRL associated with this signaling entity, called a Traveling Class Mark
(TCM), is used. By default, every device has associated with it an FRL (indirectly
through the application of its assigned COR). However, tandem trunk groups are
administered to pass along the FRL level associated with the other switch as part
of the interoffice signaling protocol. This can be done inband as part of the
addressing information which is sent between two switches using tone sending
on the trunk itself, or can be done using special ISDN Q.931 messaging in the
case of an ISDN facility. In either case, the seizure of the outgoing trunk is not
done until either the TCM is received or (in the case of inband signaling) an
interdigital timeout occurs while waiting for the TCM digit.

If AFRLs are active, the FRL associated with the incoming trunk group is set to a
new FRL. If after doing so, the originator is blocked from the trunk facility due to

insufficient FRL, the TCM, if any, is used. The TCM, which is in reality just another
FRL, is also set to a new FRL value. Therefore, the TCM information recorded in

the billing data (CDR) is the AFRL value, not the original TCM.

Due to the application of AFRL on tandem and tie trunk applications, entire
networks can be affected by the application of the['Alternate Facility Restriction|
[Levels (AFRL)"Jfeature. This means that a judicious use of this feature must be
applied when engineering AFRLs as now calls which may be part of a
cross-country PBX network and may be blocked from completion due to the
engineering of a restrictive AFRL arrangement.

Authorization Code Case

The['Authorization Codes'|feature is used to prevent unauthorized access to
various facilities on the system. It can be used to restrict access to certain trunk
groups or to Remote Access trunk groups as examples. When a user dials an
Authorization Code, it is validated by the system against all the technician
administered Authorization Codes. If invalid, the call is routed to an administrable
intercept. If the code is valid, an associated Class Of Restriction (COR) is
determined. This COR has an FRL associated with it that can be changed with
the["Alternate Facility Restriction Levels (AFRL)"|feature.
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Considerations

You need to consider the impact on your operations when there are sudden
changes in the calling privileges of your users. You should consider announcing
the change and preparing your telecommunications department to handle user
inquiries.

Interactions

AFRL interacts with the|'Facility Restriction Levels (FRLs) and Traveling Class|
[Marks (TCMs)']feature by setting up alternate levels to those normally provided
by FRL. See the [Facility Restriction Levels (FRLs) and Traveling Class Marks|
feature for more information on interactions. AAR/ARS call routing is
affected because ARFL could change route preferences. AFRL could have an
impact on the cost of usage-sensitive calls.

Administration

The administration of the [Alternate Facility Restriction Levels (AFRL) [feature is
done through the use of the CHANGE Alternate FRL command. The commands
which affect the AFRL are the CHANGE and the DISPLAY commands. There is
no ADD or DELETE command associated with an AFRL since the default values
are set to the same value as the FRL.

Field Description

There are only two field types which can be changed using the “CHANGE
Alternate FRL" screen. These are:

=« For AFRL

The values entered must be within the current range allowed for FRL
entries (0 through 7) found in the “ADD/CHANGE COR” forms for
example.

=« For Status

The value entered is either active or inactive.

Error Messages
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There are only two types of error messages returned for the “CHANGE Alternate
FRL” screen.

=« For AFRL

Error messages returned are identical to those returned for FRL entries
found in the “ADD/CHANGE COR” forms.

Entry out of range - used when value not 0 through 7.

Field cannot be blank - used when value entered is blank.
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= For Status
Error message states that value entered is not active or inactive.

Status must be active or inactive - when invalid status value entered.

Help Messages

There are only two types of help messages returned for the CHANGE AFRL
screen.

= For ARRL
Enter a number between 0 through 7
=« For Status

Either active or inactive

Initial Values
There are only two field types needing initialization. These are:
= For ARRL

The initial (default) values for the AFRL associated with an FRL are the
same value as the FRL. This means the FRL 0 has an AFRL of 0, FRL 1 a
AFRL of 1 etc.

=« For Status

Will be defaulted to inactive which means either the technician or an
attendant with an assigned |'Alternate Facility Restriction Levels (AFRL)"|
feature button must activate the feature.

Administration of AFRL Feature Button

A new option is allowed when engineering the feature buttons on a station. The
new feature button type of ALT-FRL can be used to allow one station the ability to
activate or deactivate the changing of originating FRL to AFRL values. The
extension number of this station is administered on the ‘Console Parameter’ form.

Attendant Class of Operations

An attendant or a station with console permissions, can be set up to have an
['Alternate Facility Restriction Levels (AFRL)"|feature button on it. By depressing
this button and activating the feature (also can be activated by technician from
the SAT or SAT PC) the following takes place:

= Calls requiring FRL authorization checks have the FRL set to a new AFRL
value.

= Calls using authorization codes have the FRL associated with the
authorization code mapped to a new AFRL value.
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« The status light associated with all the ['Alternate Facility Restriction Levels|
AFRL)"|feature buttons assigned in the system is lit.

= The status of the['Alternate Facility Restriction Levels (AFRL)"|feature is set
to active and can be displayed using either the CHANGE AFRL or
DISPLA AFRL commands from the administration terminal.

By depressing the button again, the feature is deactivated (also can be activated
by technician from the SAT or SAT PC as) and the following occurs:

= Calls requiring FRL authorization checks now use the FRL value.

= Calls using authorization codes now use the FRL associated with the
authorization code.

« The status light associated with all the [Alternate Facility Restriction Levels]
AFRL)"|feature buttons assigned in the system is turned off.

The status of the[*Alternate Facility Restriction Levels (AFRL) [feature is set to
inactive and can be displayed using either the CHANGE AFRL or DISPLA AFRL
commands from the administration terminal.

The administration of the [Alternate Facility Restriction Levels (AFRL) [feature is
done through the use of the CHANGE AFRL command. The commands which
affect the AFRL are the CHANGE and the DISPLAY commands. There is no
ADD or DELETE command associated with an AFRL since the default values are
set to the same value as the FRL.

Hardware/Software Requirements
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No additional hardware is required for this feature.
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Answer Detection

Feature Availability

Answer Detection is available with all Generic 3 releases except G3vs/G3s ABP.

Description

Improves the accuracy of the call duration in CDR call detail records by
detecting the state of outgoing trunk calls that do not receive Network Answer
Supervision.

A timer is used to determine when the called party has answered. Since Network
Answer Supervision may or may not be sent back, a normal outgoing trunk call
without the ['"Answer Detection'|feature relies upon the Far End Answer
Supervision timer once an outgoing call is placed.

The Far End Answer Supervision timer is an internal, administrable timer that
estimates when the far end should have answered the call. The interval for the
Far End Answer Supervision timer is specified on the ‘Trunk Group’ form. As soon
as the specified Far End Answer Supervision time interval is reached, CDR
generates a call detail record. However, if the call terminates before the timeout
interval is reached, CDR does not generate a call detail record.

Answer Detection allows the system administrator to set the answer supervision
timeout to larger values while generating CDR call detail reports on short duration
calls.

The|'Answer Detection'|feature uses a port on the Call Classifier circuit pack to
detect various tones and voice-frequency signals received from the outgoing
trunk, and classifies the call as answered, unanswered, busy, etc. based on this
tone detection. A call that has been classified as answered by this tone
detection capability is assumed to have been answered for the purpose of
generating a CDR call record, even if Network Answer Supervision has not been
received and/or the Far End Answer Supervision timer has not been timed out.

This provides a more accurate time of call duration and therefore improves Call
Detail Recording and any subsequent billing based on CDR records.

=> NOTE:
