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INTRODUCTION

This Reference Manual describes the features of the AT& T System 85 Release 2, through Version 4.

USE OF THISMANUAL

This document is designed to help switch administrators and managers select communications features to
be included in their initia system and to select features to be added after the system is in service. It
provides feature descriptions, administration and hardware information and other considerations applicable
to each available feature.

Also, this Reference Manua can be used as a tool for answering questions about the interactions between
specific features. Each feature lists the significant interactions with other features. Both supporting
interactions (those interactions where two features work together or can be used to enhance each other’s
performance), and inhibiting interactions (those interactions where one feature may interfere in some way
with the operation of another) are included. Specific feature capacities and limitations are described in each
separate feature section and are also summarized in tabular form in Appendix A.

ORGANIZATION OF THISMANUAL

This Reference Manual is divided into two volumes. Each volume has a complete (for both volumes) table
of contents and index. The manual as awhole consists of the following sections:

* SYSTEM 85 FEATURES — These sections list and describe the features currently available on the
System 85. Included are;

— Traditional voice telephone services

— Data communication features including integrated voice/data services
— New call-processing capabilities provided by the switch

— Call management and support features

— Networking features.

The features are presented in a phabetical order by feature name. The feature sections use a format that
is divided into major headings as follows.
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INTRODUCTION

DESCRIPTION
Defines the feature and tells what service it performs for the user or what function it serves
within the switch.

USER OPERATIONS
Lists the common step-by-step operations needed to use the feature. Comments about an
individual step are enclosed in parentheses. System responses to an individual step are
enclosed in brackets.

CONSIDERATIONS
If applicable, indicates factors to account for when the feature is used. If no significant
considerations apply, this heading is omitted.

INTERACTIONSWITH OTHER FEATURES

Lists and briefly discusses the interactions between this feature and other features.

RESTRICTING FEATURE USE
If applicable, describes how the use of this feature can be restricted or controlled (by the
customer and/or vendor). If no restrictions apply, this heading is omitted.

HARDWARE REQUIREMENTS
Identifies hardware items that each feature requires (beyond the normal station and switch
hardware configuration).

FEATURE ADMINISTRATION

Describes feature assignment using various means of administration: MAAP (Maintenance
and Administration Panel), SMT (System Management Terminal), TCM (Terminal Change
Management), FM (Facilities Management), and CSM (Centralized System Management).

The TCM and FM features on the AP 16 apply only to System 85, Release 2, Version 3 and
earlier switches.

e JAPPENDIX A: CONFIGURATION LIMITS — Lists the capacities and limitations applicable to

the System 85, Release 2 switches. This information is presented in a tabular fashion to alow a quick
comparison of the differences between versions of Release 2.

* JAPPENDIX B: RELEASE 2 CALL DISTRIBUTORS|— Compares the call distribution features:

DDC (Direct Department Calling), UCD (Uniform Call Distribution), EUCD (Enhanced Uniform Call
Distribution), and ACD (Automatic Call Distribution). It lists the various features and attributes that
are available from each of these features.

* JAPPENDIX C: ADMINISTRATION FACILITIES — Lists and briefly describes the various

administration tools available for the System 85.

e [APPENDIX D: DATA COMMUNICATIONS| — Lists and describes some of the data

communications signaling formats used with the System 85.

* JAPPENDIX E: IMAGES, APPEARANCES, AND EXTENSIONS — Describes and discusses the

three basic ways of terminating atelecommunications line at aterminal device.
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e [APPENDIX F: ENHANCED TRUNKING| — Lists and describes some of the new and enhanced
trunking arrangements and services that are available with the System 85.

e |JAPPENDIX G: DCIU (DATA COMMUNICATIONSINTERFACE UNIT) ADMINISTRATION|
— Describes the DCIU and discusses its various applications. This appendix aso provides some
recommend administration values for different feature and application configurations.

e JAPPENDIX H: COMPATIBILITY MATRIX| — Lists various adjuncts, interfaces, and feature
elements and shows their compatibility with the different versions of the System 85, Release 2 switch.

e JAPPENDIX I: CALL-HANDLING APPLICATIONS FOR EXECUTIVES— Describes ways of
using selected cal-handling features designed to support the communications needs high-level
managers.

e JAPPENDIX J: ACRONYMS AND ABBREVIATIONY — Lists the acronyms and abbreviations
used in this Reference Manual and their respective terms.

* |GLOSSARY|— Lists the commonly used terms and their definitions.
¢ INDEX.

ENHANCEMENTSFOR RELEASE 2, VERSION 4

Severa new features and enhancements are available for System 85, Release 2, Version 4.

New Features

e Cadl Vectoring

* Integrated Services Digital Network / Primary Rate Interface
* Interpartition Access

* Malicious Call Trace

* PC/PBX Connection

* Tenant Services

* Variable Format Call Detail Recording.

Enhanced Features

The following are the features that are enhanced in System 85, Release 2, Version 4.
¢ Abbreviated Dialing
* AUDIX
¢ Automatic Call Distribution

¢ Automatic Circuit Assurance
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¢ Cdl Coverage

* Digital Multiplexed Interface

¢ Distributed Communications System
* HotLine

* Remote Access.

Feature Independent Enhancements

Some enhancements available with System 85, Release 2, Version 4, are not specifically related to a
particular feature. These include the following:

e An Administrable RECALL Button
Terminals available with the Version 4 switch that do not have afixed RECALL button include:

7401D

7404D

7406D

7406D

7407D

510D.
A feature button can be administered on these terminals as the RECALL button. This administered
RECALL button will have the same uses as a fixed RECALL button. The RECALL button can be
administered to a button position with zero, one, or two lamps. This enhancement is being retrofitted to
Version 2 and Version 3 switches.
Features requiring the RECALL button are:

Attendant Recall

Call Park

Conference-Attendant Six Party

L oudspeaker Paging Access

Seria Calls.



INTRODUCTION 1-5

* New 4-Digit Dial Access Codes

In Version 4 switches, 4-digit dial access codes are allowed. However, the following features do not
function with 4-digit dial access codesin aDCSif they are to be used between nodes.

Attendant Control of Trunk Group Access
Attendant Direct Trunk Group Selection
ACA (Automatic Circuit Assurance).

* Trunk Signaling Enhancements

Several trunking services are introduced that improve trunk performance, trunk maintenance operations,
and service operations. For adetailed description of this enhancement,

* VMAAP (Visual Maintenance and Administration Panel).

VMAAP provides MAAP emulation on a CRT screen.
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ABBREVIATED DIALING

DESCRIPTION

The Abbreviated Dialing feature allows terminal usersto dial frequently called or emergency numbers with
significantly fewer button presses than if the number were dialed in the usual way (i.e., one digit at atime).
Abbreviated Dialing can be used to dial on- or off-premises numbers. A single Abbreviated Dialing call
can dia as many as 36 characters.

Available Characters

The characters available for Abbreviated Dialing are the digits O through 9 and the special diaing
characters *‘**" and ‘‘#."”” Specia function characters are also available. These special function characters
can be stored with the number to be dialed and will cause the switch to perform actions such as:

* Allow digits to be entered manually from the terminal
* Cause apausein the steam of digits being outpul sed
* Wait for dial tone

* Suppress selected digits on displays.

Number Size and Type

As many as 20 characters (digits and specia function characters combined) can be stored in a single list
item for Abbreviate Dialing. Up to 15 digits can be added manually to the stored digits, or if the need
arises, two storage locations can be used together to dial as many as 36 characters automatically.
Any of the following type of numbers can be dialed automatically using Abbreviated Dialing:

¢ Feature* or trunk access codes

¢ Extension numbers

* Public/private network numbers

¢ |nternational numbers

*  While feature access codes generally are permitted, there are some cases when specific feature access codes are blocked. See the

section for details.
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Portions of complete numbers (where Manual Digit Entry is used)
Account Codes

Authorization Codes.

Feature History and Development

This feature was first available with System 85 in Release 1. Subseguent enhancements have included the
following:

The system list was expanded from a maximum of 99 different items (i.e., numbers) in Release 2,
Version 2 to a maximum of 9,999 different items in Release 2, Version 3. The system list can have 9,
99, 999, or 9,999 itemsin version 3 and later switches.

Release 2, Version 2 switches have a capacity of 999 group lists. Each of these group lists can hold as
many as 30 items.

In Release 2, Version 3, there can be as many as 9,999 group lists. Each group list can have up to 95
items, inincrements of 5 (i.e, 5, 10, 15, etc.).

Each personal list in a Release 2, Version 2 switch can hold as many 30 items, while a personal listin a
Release 2, Version 3 switch can contain up to 95 items.

The Manual Digit Entry function was not new with Release 2, Version 3. However, the special encode
that allows manual digitsto be entered in the middle of a stored number was new.

In Release 2, Version 4, the total number of personal and group lists combined is increased to 52,223,
and the total number of records (list and button entries) isincreased to 262,143. The basis for assigning
Abbreviated Dialing is changed from extension to equipment location.

Special Functions

The following specia functions can be used with Abbreviated Dialing for specia dialing needs:

Pause (PA)

Used when a second dial tone is required before sending additional digits. Thisis typically used
when await of 1.5 secondsis required for second dia tone provided on atrunk call.

Wait (WT)
Used when alonger pauseis required before sending additional digits. Thisis used when a pause
of 4to 10 secondsis required before sending additional digits. Thislonger pause allows for trunk
dial toneto be provided from other switches (long distance calls).

Mark (MK)

Used when an outgoing call requires the digit * or # to be outpulsed. Without the mark, a* or #
isinterpreted as the first digit of a dial access code and is not outpulsed. When the mark function
is programmed into a stored number, the function is activated after atalk path is established with
another switch via atrunk. If the user has an ABRVDIAL MARK button, the lamp lights when
the function is active. It remains active for the duration of the call. A * or # can be entered in the
stored number after the mark or can be dialed manually after accessing the stored number.
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On switches earlier than Version 3, this problem can be handled by using the manual digit entry
function. However, this reduces the functionality of Abbreviated Dialing when security codes are
needed.

Stop or Wait for Dial Tone (DT)

Used in conjunction with Data Termina (Keyboard) Dialing. It conditions the data terminal for
return of dial tone from the switch. Seethe|Data Call Setup|feature.

uppress
Used when a security code, such as a password or authorization code, is used in an Abbreviated
Dialing list entry and aterminal with the Display—Voice Terminal featureisused. Thisfunction
is available on Verson3 and later System 85 switches. By enclosing the password or
authorization code in the suppress function, the characters of the security code are converted to
‘s’ onthedisplay. Thisavoidsthe possibility of inadvertently compromising the security code.

SPECIAL FUNCTION CODE ENTRY

Specia function codes are entered in a list item along with the character string to be dialed. With one
exception (the manual digit entry code) these codes are entered in much the same way asthe dia characters.
The switch administrator can enter them using the MAAP or SMT. Termina users can aso enter the
specia function codes if their terminals have an ABRVDIAL FUNCTION button or individua specia
function program buttons assigned. These specia function codes cannot be entered from a voice termina
without these function buttons.

The ABRVDIAL FUNCTION button is useful when there is a need to conserve buttons. It can be used to
program specia functions by entering a function number after pressing the ABRVDIAL FUNCTION
button. When there is no need to conserve buttons, individual function programming buttons can be
assigned for the separate specia functions.

Manual Digit Entry

Abbreviated Dialing can accept one or more digits diaed from the dialing pad to create multiple uses for
the same stored number.

¢ Digits Entered Manually After the Stored Digit String

Abbreviated Dialing automatically appends manually dialed digits to the end of the stored number digit
string. This alows flexible use of a single stored number — for example, the stored number
automatically dials an on-network trunk access code and network location code; the user then manually
dials a specific extension number.
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e Manual Digits Inserted in the Middle of the Stored Digits

A specia encode (Mnn) can be entered inside a stored number that causes the switch to wait for a
designated number of digits (hn = 01 through 15). The switch waits at the point where the encode is
encountered. For example, the switch can outpulse the first four or five digits of a stored number (i.e., a
data trunk access code), wait for five account code digits from the user, and then dial a distant data port.
The Manual Digit Entry function code can only be entered by the switch administrator or service
personnel during switch administration. This special function cannot be added from a voice terminal.
Three character spaces (of the 20 spaces available) are needed to enter this function code in a stored
number.

Methods of Storage

System 85 provides two forms of number storage: button-stored numbers, and list-stored numbers.

BUTTON-STORED NUMBERS

Button-stored numbers are associated with an AD (Automatic Dialing) button on a multiappearance voice
termina or on a 7103A Programmable voice terminal. A button-stored number can aso indirectly dia a
list-stored number by entering the number’ slist address in the button’s memory.

Numbers stored on a 7103A Programmable voice termina do not require memory space on
NOTE the switch. They are stored within the voice terminal.

List-Sored Numbers

Unlike button-stored numbers, list-stored numbers can be reserved for a single user or shared by severa
users. These lists are kept in switch memory and access to them (either for the purpose entering list items
or to use list items to make a call) is controlled through switch administration.
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Abbreviated Dialing List Types

Abbreviated Dialing lists are categorized in either (or both) of two ways. functionaly, or relationally.

Functional List Types

There are three functional types of Abbreviated Dialing lists:
e System List
— Up to 9999 items (i.e., numbers) can be provided.

— Numbers are accessible (i.e., can be dialed) by any user on the switch or only by a selected group of
USers.

— The switch administrator programs thislist (adds, changes, or deletes numbers).
e Group Lists
— Up to 9999 group lists can be assigned. The maximum number depends on the size of the lists.
— Each group can have from 5 to 95 items in increments of 5.
— Numbers are accessible by a selected group of users who frequently dial the same numbers.

— One of the group voice terminals is assigned to program the group list numbers (or the list can be
programmed by the switch administrator).

In Version 3 and earlier switches, any extension that homes to that terminal may be used to
perform the programming.

In Version 4, any extension assigned to that terminal can be used to program the group list.
* Persona Lists

— Any number of personal lists (up to two per terminal) can be provided as long as storage is
available.

— Each list can have from 5 to 95 items in increments of 5.

— Numbers are accessible by the user of the assigned terminal only. Personal lists provide abbreviated
dialing of numbers for users without available feature buttons — buttons that would otherwise be
used for button-stored numbers.

— Theowner (or switch administrator) programs this list.
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Relational List Types

There are two relational list types. These categories are not in addition to the functional types, but rather
categories the same listsin relation to a specific user terminal or terminal group.

* ListA

Each terminal can have access to two abbreviated dialing lists. In relationship to a particular terminal,
the first of these listsis usually designated as List A. List A can be either a personal list or agroup list.
Traditionally, List A has been used for the persona list of a terminal, however, this is not a required
relationship.

e ListB

List B isthe second of two possible lists that can be assigned to aterminal. This can be a personal list
or agroup list. Traditionally, List B has been used for the group list of aterminal, however, thisis not a
required relationship.

Not only can List A and List B be either a personal or group list, but they can both be personal lists or they
can both be group lists. The System List is the only functional list category that cannot apply to either of
therelational list types.

LIST-STORED NUMBER ADDRESSES

Each list-stored number has an address that consists of a list-access code and a list-item (or index) number.
Three list-access codes are assigned in each System 85.

* Onelist-access codeis assigned to the system list. Restricted users are unable to dial this code.

* One list-access code is assigned to provide users with access to their A-List. Thislist may be a group
list or persond list.

* The other list-access code is assigned to provide access to a user’s B-list. Thislist may also be a group
or personal list.

The list-item number corresponds to a stored number’s position in the list. Lists of five numbers have
index numbers 1 through 5. Lists of ten numbers have index numbers O through 9 with O as the tenth item.
All other sizes of lists use 2-, 3-, or 4-digit item numbers (e.g., list size 999 — list index numbers 000
through 999). Leading zeros must be dialed to access these stored numbers.
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USER OPERATIONS

The following are the user operating procedures for this feature.

Making a Call Using Abbreviated Dialing

With Automatic Dialing (AD xxxx) buttons:

* Go off-hook. [Dial ton€]

* Press the desired AD button. [Call-progress tone] (The ‘‘xxxx’’ on the button label identifies the
number or name associated with the button.)

Without AD buttons (2-Step Abbreviated Dialing):

* Go off-hook. [Dial ton€]

* Pressthelist selection button (i.e., SY STEM, GROUP, or PERSONAL),
or

¢ Dial thelist access code. [Second dial tone]

¢ Dia the list-item number associated with a stored number. Leading zeros must be dialed. [Call-
progress tone)

¢ |f two list items are to be dialed together (i.e., to form a dialed number of more than 20 characters),
pressthe list button or dia its access code again* and dial the second list-item number.

Programming a Stored Number

With AD buttons:

* PressABRVDIAL PROGRAM,
or

Dia the Abbreviated Dialing program access code. [Confirmation tone]
* Pressan AD button. [Dial tone]
* Dial the number to be stored. (See|Programming Special Functions.)|

* Pressthe AD button again. [Confirmation tone]

*  When alist access code is used to access a second list item for 2-step Abbreviated Dialing, the first digit of the access code must
beethera‘'*” ora‘'#.”’
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Without AD buttons (list-stored numbers):

To program an Abbreviated Dialing list, aterminal with the appropriate permissions must be used.

* PressABRVDIAL PROGRAM,
or

¢ Dial the program access code. [Confirmation tone] (Once in the programming mode, any number of
list-items can be programmed.)

* Presslist selection button (i.e., GROUP, PERSONAL, List A, List B),
or

* Didl the appropriate list access code. [Dia tone]
¢ Dial anitem number inthelist. [Second dial tone]

* Dial the number to be stored. (See|Programming Special Functions.)|

* Pressthelist selection button again to enter the new number,
or

* Press‘‘#’ if no button isprovided. [Confirmation tone]

* Press ABRVDIAL PROGRAM to leave the program mode. This button can be pressed instead of the
list button to leave the list item unchanged.

Programming Special Functions (Used While Entering the Stored Number)

Using ABRVDIAL FUNCTION (also known as ‘' ESCAPE’") button:

* PressABRVDIAL FUNCTION.
* Pressthedigit 1, 2, 3, or 6 to program:

1 Pause

2 Wait

3 Mark

6 Suppress.

Mnn (manual digit entry) cannot be programmed by the user. This function must be entered by the
switch administrator or service personnel.

Using ABRVDIAL PAUSE, ABRVDIAL WAIT, ABRVDIAL MARK buttons:

¢ For 1-button programming, press one of these buttons to program the named function.
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Reviewing the Contents of Stored Number (Display— Voice Terminal Feature Required)

To review the contents of an AD (Automatic Dialing) button:

¢ Remain on-hook.

* Pressthe AD button. [Display shows the stored number.]

NOTE:: With Release 2, Versions 4, if the AD button is used to access a list stored number (system,
group, or personal list), the contents of the list item are displayed.

CONSIDERATIONS

Feature Capacities

Group list items, personal list items, data terminal default dialing entries, and Automatic Dialing
buttons share the same storage area within switch memory. Therefore, the number of list items and
buttons assigned depends on the memory area alocated. The maximum area alows for 65,535
Automatic Dialing buttonsin Version 3 and 262,143 in Version 4 if no lists are assigned. Additiona
Automatic Dialing buttons can be provided on 7103A Programmable voice terminals. They can be
provided with as many Automatic Dialing buttons as available on the set. Their numbers are stored
inside the terminal and do not require memory space on the switch.

Without Automatic Dialing buttons assigned (besides those assigned on 7103A terminals), the
maximum number of list items that can be assigned is 24,000 for Version 1 switches, 65,275 for
Version 2 and Version 3 switches, and 262,143 for Version 4 switches. This allows from 4,800 5-
item listsin Version 1 to 52,428 5-item listsin Version 4. As 10-item, 15-item, and 20-item lists are
assigned, etc., the maximum number of lists is reduced. The same is true as Automatic Diaing
buttons are assigned.

A stored telephone number may contain as many as 20 characters. The characters define a digit O
through 9, *, #, or a special function. All functions require two characters except Manua Digit
Entry. Manual digit entry requires three characters. This alows virtually any domestic telephone
number to be stored. For international dialing where more characters may be required, two separate
list-items can be dialed back-to-back. Thisallows any destination to be reached.

List Access Codes for 2-Step Abbreviated Dialing
When a list access code is used to access a second list item for 2-step Abbreviated Dialing, the first
digit of the access code must be either a“**’’ or a‘'#’’ Otherwise, the switch would perceive the
dialed access code as additional digits to outpulse in completing the call.

Attendant Consoles

The users of attendant consoles do not have access to the Abbreviated Dialing feature. An attendant
cannot access the system list, a group list, or a personal list. Also, automatic dialing buttons cannot
be assigned to an attendant console. There are two System 85 features that serve to reduce attendant
dialing. These features are Attendant Direct Extension Selection and Attendant Direct Trunk Group
Selection.

Abbreviated Dialing and Restricted Numbers

During the programming of an automatic dialing button or an Abbreviated Dialing list item, the
switch does not check the programmed number for validity. Therefore, numbers that are restricted to
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a user can be programmed in the usua manner. However, when a cal is placed using the
Abbreviated Dialing feature, the switch performs the necessary validity checks, and when necessary,
denies the call while the programmed digits are being outpul sed.

Blocked Feature Dial Access Codes
While feature dial access codes can generaly be dialed using the Abbreviated Dialing feature, the
Abbreviated Dialing feature dial access codes (90 through 94) are specifically blocked. These codes
can be programmed into the abbreviated dialing lists and buttons. However, when they are used, they
are blocked by the switch (intercept tone is returned). This is to avoid the possibility of recursive
feature activation.

Button-Stored and List-Stored Automatic Dialing

The following items should be considered before deciding on whether to assign a button-stored or
list-stored number:

* |t is more economical (i.e., saves memory space) to assign the numbers to Automatic Dialing
buttons than to an Abbreviated Dialing list.

* |f the desired number already exists in the system list or in a group list, it would be wasteful to
use button-stored Automatic Diaing. It would be better to use list-stored Automatic Dialing to
point to the list and item of the existing stored number. The user must have access to the list in
order to use this method.

Shared Extensions

Multiappearance voice terminals and straight line sets can share extension numbers on System 85.
Specifically, the images of an extension’s appearance(s) can reside on more than one voice terminal.

In Version3 and earlier switches, one of these terminals (possessing an image of every
appearance) is assigned as the primary or ‘*home’’ terminal for the extension. The Abbreviated
Dialing lists for such an extension can only be accessed from the home voice terminal.

In Version 4, each terminal can have its own Abbreviated Dialing list(s), and ‘*home terminal’’
status is not a factor. All extensions assigned to a terminal can access that termina’s list(s).
Other appearances of the same extension (on different terminals), however, cannot access these
lists.

Manual Digit Entry
Users must be aware of the dialing requirements in order to use the Mnn function properly. In most
cases, the stored number will have only one application where a fixed number of manual digits are
used. This will avoid any confusion that may arise when attempting to use the stored number in
some other way.

¢ Dialing fewer than the designated number of digits (<nn)
The “‘#" must be dialed to indicate end-of-dialing. Otherwise, the interdigit timer will time out,
and the user receives reorder tone.

¢ Diaing more than the requested number of digits (>nn)
If the user dials more than the specified number of manual digits, the extra digits will be dialed at
the end of the stored number string, regardless of where in the string the Mnn encode appears. In

most cases these extra digits are ignored since the destination usually expects only a certain
number of digits and terminates digit collection when this number is reached.
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Hard and Soft Processor Swaps

The contents of the system list, group lists, and personal lists are stored in a trandation portion of
switch memory. Therefore, these lists endure ahard processor swap.

Stable calls placed using the Abbreviated Dialing feature endure a hard swap.

If a voice terminal user is changing a list item when a hard swap occurs, the list item remains
unchanged after the hard swap.

The Abbreviated Dialing feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Call Vectoring

In addition to System List availability which is authorized separately, the Abbreviated Dialing feature
permits voice terminal users to access a maximum of two Abbreviated Dialing lists: two group lists, two
personal lists, or one group list and one persona list. The vector-group list counts as one of these
abbreviated diding lists. Therefore, if a voice terminal user is designated as the controller of the vector-
group list, that user can have access to only one other personal or group list.

Call Vectoring group-list items must not contain special function characters (e.g., pause, wait, and mark).
The ARS and AAR features automatically control the timing for routing calls to the destinations of ‘‘route
to’’ commands.

Centralized Attendant Service

A backup voiceterminal user cannot extend a call using the Abbreviated Dialing feature.

Data Call Setup

Using keyboard dialing, Abbreviated Dialing can be used to originate data calls. In switches prior to
Release 2, Version 4, Abbreviated Dialing lists were assigned based on extension numbers. So, data
terminals could have their own Abbreviated Dialing lists. In Release 2, Version 4, Abbreviated Diaing
lists are assigned based on equipment locations. So, data terminals must share the Abbreviated Dialing lists
of their associated voice terminals.
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Display—Voice Terminal

When AD (Automatic Dial) Buttons or list based Abbreviated Dialing is used on a terminal with display
capability, the stored number is displayed. If the names data base is loaded for the number, the associated
name immediately replaces the number on the display.

If the stored number includes a security code, such as a password or authorization code, this code will also
be displayed unless it is protected in the list by the suppress function code. If the suppress function code is
used, the protected characters (except ‘‘**" or “‘#") will be replaced on the display by ‘‘s’ indicating a
character has been suppressed. The suppress function codeis available on Version 3 and later switches.

For versions before Version 3, the manual digit entry function can be used to protect security codes. When
manual digit entry isused, an underscore‘* '’ is displayed rather than the digits entered.

Beginning with the R2 V3 (Issue 1.2 tape), a user can press an AD button while the voice termind is on-
hook, to display the stored number for that button. The display shows ‘* AD=stored number."’

Beginning with R2 V4, if the AD button point to an Abbreviated Diding list item (system, group, or
personal list), the display shows the contents of the list item.

Extension Number Steering

Extension Number Steering allows from one to four steering digits to be associated with a trunk-group or
feature dial access code for call routing within a Main/Satellite complex. Abbreviated Dialing can use
these steering digits (as stored numbers) to access a trunk group or a feature (from aterminal at alocal or a
distant switch within the complex). However, these steering digits cannot be used as controlling extension
numbers for abbreviated dialing lists. Thisis because the steering digits, rather than being actual extension
numbers, represent trunk or feature dial access codes.

Hot Line

Abbreviated Dialing must be provided in order to provide Hot Line, since Hot Line isimplemented using a
persond list.

I PA (Interpartition Access)

Abbreviated Dialing list items are not checked for legality at the time they are entered. Illegal list items are
accepted into the list, but calls to these illegal numbers are denied when the digits are outpulsed by the
switch. When a user attempts to use Abbreviated Dialing to place a call over another partition’s trunk
group or to an extension in ancther partition group, the switch returns intercept treatment to the calling

party.
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Last Number Dialed

The LND (Last Number Dialed) feature does not store and redial the digits stored behind an Automatic
Dialing button. Instead, the previous manually dialed digits are stored. The Automatic Dialing call can be
redialed by pressing the Automatic Dialing button again.

The LND feature does not store and redial Abbreviated Dialing list-access calls. If a voice terminal user
presses the List Access button or dials a List-Access code, the subsequently dialed digits are ignored by the
LND feature. Instead, the LND feature will redial the previous manually dialed digits.

The LND feature can be used in conjunction with the Abbreviated Dialing feature. For example, a user
could manually dial atrunk-group access code and then press an Automatic Dialing button to call a public-
network telephone. If the user receives busy tone, this call can be retried by pressing LND button and then
pressing the Automatic Dialing button. However, when the LND feature is used in conjunction with
Abbreviated Dialing, the LND feature only stores and redials the digits that precede the Abbreviated
Dialing access.

Personal CO (Central Office) Lines

The Abbreviated Dialing feature can be used to place calls over Personal CO lines that are administered as
““rotary out.”’

The Abbreviated Dialing feature cannot be used to place calls over Personal CO lines that are administered
as ‘‘touch-tone out.”’ In this case, the serving CO scans Personal CO lines to detect an off-hook signal.
After the CO recognizes an off-hook, the CO returns dia tone to the calling party. System 85 software is
not involved in this call-origination process. So, during the process, the System 85 does not invoke an
originating register. Without this register, the System 85 cannot outpulse the stored digits.

Remote Access

When ‘*Global’’ access is granted to the System List, Remote Access users as well as local terminal users
can use the System List. Thisis a change that applies to Release 2, Version 4 switches, and can be made
availableto Version 3 switches.
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Tenant Services

Abbreviated Dialing list items are not checked for legality at the time they are entered. Illegal list items are
accepted into the list, but calls to these illegal numbers are denied when the digits are outpulsed by the
switch. When a user attempts to use Abbreviated Dialing to place a call over another partition’s trunk
group or to an extension in another partition, the switch returns intercept treatment to the calling party.

A voice terminal user from any partition can access the system list, but the switch will only alow
completion of calls that are consistent with the dialing capability of that user’s partition.

Each partition can have a group list that every voice terminal user in the partition can access. This would
provide the equivalent of the system list on a per-partition basis. Again, the switch will deny callsusing list
items that are not consistent with a partition’s dialing capabilities.

Touch-Tone Calling Senderized Operation

The Touch-Tone Calling Senderized Operation feature is a prerequisite for implementing Abbreviated
Diding.

Variable Format Call Detail Recording

Outgoing calls made by this feature are recorded just as if the stored number had been manually dialed.

HARDWARE REQUIREMENTS

None.
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FEATURE ADMINISTRATION

Assignment of the Abbreviated Dialing feature is on a per-system and per-termina basis. The customer
can partially administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. The feature can also be administered using CSM (Centralized System

Management).

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES — ABBREVIATED DIALING

O

feature. The applicable encodes are asfollows:

90 Dial the system (global) list—touch-tone terminal
91 Didl list A—touch-tone terminal

92 Didl list B—touch-tone terminal

93 Program auto dial number or list

94 Dial the system list—rotary terminal

95 Dial list A—rotary terminal

96 Dial list B—rotary terminal.

] 0
O O
JPROCEDURE H WORD PURPOSE E SMT g
O 059 o 1 O Assigns accessto the system list, accesstoagroup list,and O Yes 0O
O 0 U assigns personal lists to voice terminals. Assigns the list U O
0 O O o . : 0 0
5 O o Sizeand list controller for group/personal lists. O 0
0 059 O O Assigns list-stored numbers. O Yes [
H 059 H H Assigns the list-access and special function buttons to H Yes B
0 0 [ Vvoiceterminals. 0 0
0 059 E E Assigns button-stored numbers to voice terminals. E Yes O
E 059 E 5 E Displays the amount of space in the switch for additional E Yes %
0 a O lists. O 0
U 275 E 3 H Enables system-wide access to the system list. Also H Yes O
E O O assignsthe system-list size. O g
O 350 o 1 O Assigns the first digit of the Abbreviated Dialing feature 0O No [
0 0 U access codes (if required). O 0
H 350 H 2 H Assigns the dial access codes for the Abbreviated Dialing H No B
O g g O O
O g 0 0 0
O d a O O
O g g O O
O g 0 0 0
O d a O O
O g g O O
O g 0 0 0
O d d O O
[l 0 0 0 0
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— ABBREVIATED DIALING

PATH NAME PURPOSE

nOoEdd

O terminal-change extensions attributes Assigns access to group list(s), persona list(s),

and the system list to an extension number.

O

gtermi nal-change group abbreviated dialing Assignsthe size of alist and list-stored numbers.

Uterminal-change system parameters

. Enables system-wide access to the system list.
0 (select the List-Administration option)

Utermi nal-change terminal buttons Assigns the Abbreviated Dialing feature buttons

to voice terminals.

OoOOoOoOoopoOoEsno

o
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
ABBREVIATED DIALING

APPL’N E OBJECT

O PURPOSE
[

_|
(@)
<

] abbreviated-dial-lists

O Defines the abbreviated dialing capabilities (personal, group,
U list access, persona and group list size, and group list owner)
U and default termina dialing (System 85 R2 V3, V4) of a
U DTDM. (System 85 R2 VV4) If call vectoring is present, use
[ vector-abbr-list to administer abbreviated dial lists designate
O for use by call vectors.

_|
@)
<

abbr-list-entries

U This command adds, changes, or removes an abbreviated
O dialing list member or a default terminal dialing entry. List
[ entries can be changed on the following:

* Persond list
* Group list
e System list.

Abbreviated dial list entries are associated with an Equipment
] Line Location (ELL) instead of an extension number. If call
O vectoring is present, this command is used to change entries
E on the vector abbreviated dial list.

ooooogod

_|
(@)
<

36-button

O Assigns a 7205H, 7405D, or 7305S 36-button multifunction
Ll voice terminal. Defines terminal attributes (such as set color,

set  mount, equipment adjuncts) and button feature
(] assignments. Assigns a DTDM as well as Display Module
] buttons.

_|
(@)
<

12-button

U Assigns a 7203H, 7403D, or 7303S 12-button multifunction
U voice terminal. Defines terminal attributes (such as set color,
] Set  mount, equipment adjuncts) and button feature
] assignments. Assigns Abbreviated Dialing capabilities and
O default terminal dialing. Assigns a DTDM to a 7403D voice
U terminal.

gooOoOOooOoooooOoopooooooooooooOooooOogno

TCM/FM

O0ohOOooOooOgoooooopjoooooooooooogogoOoogooopooo o
O
g
&
o
2]

O

= Enables system-wide access to the system list, and also assigns
0 Sy Sy g
] the system-list size.

UTem/rM - O first-digit
[l A

E Assignsthefirst digit of the access codes (if required).

QTCM/FM é dial-access-codes

E Assigns the dial access codes for this feature.

e |
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ACCUNETL SERVICE INTERFACE

DESCRIPTION

This feature provides an interface between the System 85 switch and the AT&T Communications
ACCUNET Switched 56 Service. ACCUNET Service Interface usesis similar to the DS1 Interface feature,
with a specia in-band signaling mode to provide 56 Kbps access to ACCUNET Switched 56 Service.
Unlike standard in-band (robbed bit) signaling used with the DS1 feature (voice grade service), neither Data
Preindication (the Data Call Setup feature), nor a Modem Pooling conversion resource are needed for data
communications over this service.

ACCUNET Switched 56 Service

ACCUNET Switched 56 Service is a switched 56 Kbps, digital end-to-end, public (subscriber) networking
service, available from AT&T Communications. This service may or may not require local CO (Central
Office) switching functions. The specific requirements vary from one region to another. If AT& T Special
Access (direct access) is available, there may be some economic advantage to connecting directly into the
AT&T Communications network. Evaluation of this option must be made on a case-by-case basis.

For many users, with a part time requirement for high-speed (56 Kbps) data or other wide band carrier
services, the AT&T ACCUNET Switched 56 Service offers an attractive alternative to a dedicated, full-
time facility. The ACCUNET Switched 56 Service offers billing on a use and distance basis rather than
having to pay for afull-time facility that is only used part time.

Feature History and Development

This feature wasfirst available on System 85 in Release 2, Version 3.

USER OPERATIONS

Accessto the ACCUNET Service Interface feature is via Voice Terminal Dialing procedures from the Data
Call Setup feature. Some special settings are required on the data module (MPDM/ACCUNET). An ACU
(Automatic Calling Unit) can also be used to place an ACCUNET call. Keyboard dialing procedures from
the Data Call Setup feature cannot be used with the ACCUNET Service Interface feature. Applicable user
operations are as follows:
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Setting the Data M odule:

¢ Set the ANET option switch to ON.
* Set the Data Rate selection wheel to 56K.
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Placing an ACCUNET Service Call From aVoice Terminal:

¢ At theoriginating voice terminal, go off-hook. [Local dial tone]

Dial the ACCUNET Service Interface access code and network number.
¢ |f One Button Transfer is available:

— Pressthe appropriate DATA button.
or

* |f One Button Transfer is not available:
— Press TRANSFER.
— Dial the extension number for the data module to be used.
— Press TRANSFER again.

— Go on-hook.

CONSIDERATIONS

Billing Provisions
For hilling purposes, one listed directory number must be assigned to the ACCUNET Service
Interface feature.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Data Call Setup

The Voice Terminal Dialing option of the Data Call Setup feature is used to access the ACCUNET
Switched 56 Service network.

Keyboard dialing, as described in the Data Call Setup feature, does not work for ACCUNET Service calls.

DMI (Digital Multiplexed I nterface)

The DMI feature BOS version is not compatible with the ACCUNET Service Interface feature.

The DMI feature MOS version is compatible with the ACCUNET Service Interface feature, at data rates
of 56 Kbps or less. However, the DMI feature is capable of operating at data rates up to 64 Kbps. Above
56 Kbps, ACCUNET Service Interface and DMI MOS are not compatible.
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Host Computer Access

The Host Computer Diaing functionality of the Host Computer Access feature cannot be used to place
calls through the ACCUNET Service Interace feature. This is because host computer dialing uses the
keyboard dialing function of the Data Call Setup feature and keyboard dialing data call setup is not
compatible with ACCUNET Service Interface.

ISDN (Integrated Services Digital Network) PRI (Primary Rate I nterface)

The ACCUNET Service Interface feature works with the ISDN/PRI feature through the interworking
function. ACCUNET Switched 56 Service does not support ISDN/PRI as such. Interworking is described
in some detail in the ISDN/PRI feature. Thereis, however, one case where a problem can be encountered.
ACCUNET Service calls are limited to a maximum data rate of 56 Kbps. There is no problem processing
such calls through the System 85 switch and on to ISDN facilities. ISDN calls can run at data rates as high
as 64 Kbps. If an ISDN call isreceived that is using a data rate higher than 56 Kbps, it cannot be passed to
ACCUNET Service facilities and is blocked by the System 85 switch.

HARDWARE REQUIREMENTS

The ACCUNET Service Interface feature requires the following additional or special hardware.
¢ DS Interface Unit, consisting of:
— DSLV/73 Series Port Carrier
Each DS1/73 series port carrier can accommodate two DS circuit packs.
— ANN-11(C, D, or E) Circuit Pack

Each ANN-11 circuit pack supports one 24-channel DS1 interface. For ACCUNET Service
Interface applications, the ANN-11 is set up for DM operation using bit robbed signaling.

— TN463 (B or C) SCS (System Clock Synchronizer).
* MPDM/ACCUNET (Modular Processor Data Module/ ACCUNET)

When an ACU isto be used, the MPDM/1 is configured with an RS-366 interface.
¢ ACU (Automatic Calling Unit)

An ACU can be used to place ACCUNET calls. This item is optional for the ACCUNET Service
Interface feature.
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FEATURE ADMINISTRATION

Assignment of the ACCUNET Service Interface feature is on a per-system basis and by trunk group within
the switch. This feature is administered using the MAAP (Maintenance and Administration Panel). The
customer can partially administer this feature using the SMT (System Management Terminal). This feature
can also be administered used CSM (Centralized System Management).

The following are the applicable MAAP and SMT procedures.

E MAAP AND SMT PROCEDURES — ACCUNET SERVICE INTERFACE B
UPROCEDURE EWORD E PURPOSE H SMT g
O 100 o 1 O Assigns trunk-group dial access code, trunk type, route O No [
O E E advance, dial access restriction. Trunk types 108 or 109 E O
g O o, must be used for ACCUNET Service Interface. O g
E 101 o 1 00 Assigns trunk-group translations (e.g., use of battery reversal, 0 No [
O H U signaing, SMDR) and assigns atrunk group as AVD (tieand U O
O E U oPX only). For ACCUNET Service Interface, rotary dial E O
E‘ O 0 Signaling must be specified. O S
E 103 o — 00 Assign trunk group translations for network trunks (e.g., Data [0 Yes*
O O O Protection, FRL, Bridge-On). O O
7 ] ] N N N ] 0
0 115 0 0 Assigns trunk group termination. 0 No 0
0 116 O 0 Assigns trunks to a DS1 Channel, disables signaling for O No O
0 U U channels that use robbed bit signaling. U g
S 150 E 1 E Assigns trunk circuitsto trunk groups. E No
d 250 H — U Assigns the SCS circuit to either the Module Control Carrier H No U
g 0 0 (singleemodule switch) or the Time Multiplexed Switch 0 B
0 0 ] Carrier (multimodule switch). 0 0
d 260 o 1 U Assigns DS1 circuits to equipment locations and assigns U No O
O E q signaling requirements and other circuit characteristics. For E O
g 0 ACCUNET Service Interface, Robbed Bit Signaling (1 in 0 B
0 0 1 Field 8) and trunks/mixed application type (O in Field 14) are 0
0 O O required. O 0
H 275 H 1 H Assigns system class-of -service features. H Yes g
O 275 o 2 O Assigns system class-of -service features (Remote Access). O Yes O
H 290 E 1&2 E Displays DS1 trunk interface and SCS circuit assignments E Yes B
0 O O (equipment locations) and identification information. O 0
H * Display only procedure for the SMT. H
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The following isthe applicable TCM path name used with the AP 16.

TCM SCREEN — ACCUNET SERVICE INTERFACE
PATH NAME E PURPOSE

terminal-change terminal equipment O Assigns an extension number to the DS1 Interface. The
U DS1 Interface must first be assigned to an equipment
location by the installer.

MOodpoE/d

MmOoOoooOodg

The following are the applicable CSM Command Paths utilizing the admin areaof TCM or FM.

E CSM SCREENS— MASK S E
0 ACCUNET SERVICE INTERFACE 0
E APPL'N O OBJECT O PURPOSE E
OFM O trk-grp 0O Assignstrunk group dial access code, trunk type, Route [
O O O Advance, and dial access restriction. Assigns trunk O
g B E group translations, and assigns a trunk group as AVD. E
0 0 O For ACCUNET Service Interface, rotary dialing must 0
0 0  be specified. Assigns trunk group translations for
O 0 O network trunks (e.g., Data Protection, FRL, and [J
O O O Bridge-On). This command also assigns trunk circuits O
g B E to trunk groups, assigns trunks to DS1 Channel and E
0 0 O ISDN trunks, and disables signaling for channels that 0
0 0 ] Uuserobbed-hit signaling. 0
EFM E term-trk-grps E Assigns trunk group terminations. E
0 FM 0 trk 0 Assignstrunk circuits. 0
HFM B dsl-ckt-pack E Assigns the SCScircuit to either the (Module E
0 0 0 Control Carrier (single module system) or the Time
0 0 7 Multiplexed Switch Carrier (multimodule system). 0
UFMm O dsl-isdn 0 Assigns DSI (Digital Service-1) interface circuit g
E B E pack parameters to a switch, permitting administration E
0 0 0 of DS1 facilities. For ACCUNET Interface, Robbed
0 0 0 Bit Signaling and trunks/mixed application type are
O O O required. O
HTCM/FM B Sys-CoS g Changes the system class-of -service feature, and H
0O O o changesthe barrier code used for Remote Access. 0
OFM O systeminventory report [0 Providesareport for the DS1 interface and SCS a
U 0 O circuit assignments (equipment locations) U
H H B identification information. E




ADVANCED PRIVATE LINE TERMINATION

DESCRIPTION

The APLT (Advanced Private Line Termination) feature provides access to and termination from the
following private line networks:

¢ CCSA (Common Control Switching Arrangement)
* EPSCS (Enhanced Private Switched Communications Service).

This feature allows network inward dialing and direct outword dialing to distant network locations.

These private networks provide call routing over dedicated facilities. Based on the network numbering
plan, on-network calls are routed to terminals or attendants within the network. Private networks can
optionally provide off-network calling to a desired destination based on the 7- or 10-digit public network
number.

EPSCS Networks

If the private network is an EPSCS network, services may include tandeming through the distant switch to
available outgoing trunks such as local CO (Centra Office), FX (Foreign Exchange), or WATS (Wide Area
Telecommunications Service) Access trunks as well as to on-net terminals. When an EPSCS network is
used, an authorization code is sometimes needed to complete the network call. This requires dialing
additional digits after the outgoing trunk is seized. Based on the authorization code, the network either
denies or completes the call.

CCSA Networks

If the private network is a CCSA network, tandeming through the distant switch is not possible. With a
CCSA network, attendant assistance is required to pass a call through a distant switch to a second distant
switch. In this type of network, authorization codes are not generally used because of the intervention of
attendants when extended calling services are required.

Attendant positions are assigned network LDNSs (Listed Directory Numbers) that are different from the
public network LDNs. Network LDNs consist of the private network office code and any 2-, 3-, 4-, or 5-
digit number in the dialing plan including 01, 011, 0111, and 01111. Incoming attendant-seeking calls are
identified as network calls by the Attendant Display feature.

Incoming network calls are processed the same as a DID (Direct Inward Dialing) call. Active features at
the called terminal such as Call Forwarding, Call Waiting, etc., operate as usual (see[Feature Interactiong
for exceptions).
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Feature History and Development

This feature was first available with System 85 in Release 1. At that time, it was part of the Private
Network Access feature. It was reintroduced under the name Advanced Private Line Termination in
Release 2, Version 3. No other changes have been made.
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USER OPERATIONS

The following are the user operating procedures for this feature.

Direct Outward Dialed Network Calls:

¢ Dial the network access code. [Network Dial Toneg]

¢ Dial the destination code as defined by the network dialing plan. For example:
a.  Network service access code (usually 3-digits)
b. A 7- or 8-digit destination number for an on-network call
c. A 10-digit destination number for an off-network call.

¢ |f an authorization code is required, dia the network authorization code. [Call-progress tone, i.e.,
ringback tone]

Outward Dialed Network CallsViaTie Trunk to Main:

¢ Dial thetietrunk access code. [Dial tone]
¢ Dial the network access codeif required. [Network dial tone]
¢ Dial the destination code as defined by the network dialing plan.

¢ |f an authorization code is required, dia the network authorization code. [Call-progress tones, i.e.,
ringback tone, busy tone, etc.]

Incoming Attendant Seeking Network Calls:

* Obtain destination information from calling party (ICl identifies the call as anetwork call).

* Extend the call by using DXS or Attendant Direct Trunk Group selection features,
or

* Press START (calling party put on hold). [Dia toneg]
¢ Dial the desired extension number or trunk group access code.

* Press RELEASE (calling party hears call-progress tones). [Attendant dropped from connection.]
or

¢ |f further attendant assistance is needed, pressHOLD. [Call isheld on the console.]
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CONSIDERATIONS

Access Codes
The APLT feature is usually implemented through the AAR (Automatic Alternate Routing) or ARS
(Alternate Route Selection) features. When AAR/ARS is used, a separate network or trunk access
code is not required.
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RESTRICTING FEATURE USE

Individual terminal accessto this feature and accessto individual terminals via this feature can be restricted
by the Voice Terminal Restrictions feature and the Attendant Control of Voice Terminals feature.
Accessto private line trunk facilities can also be restricted by using the following:

¢ Attendant Control of Trunk Group Access

¢ Authorization Codes

* Facilities Restriction Levels

¢ Miscellaneous Trunk Restrictions

* Trunk-to-Trunk Restrictions.

INTERACTIONSWITH OTHER FEATURES

Bridged Call

The APLT Redtriction is assigned to a class of service in Procedure 010, Word 3. The class of serviceis
then assigned to an extension in Procedure 000, Word 1. When the APLT Restriction is assigned to a
shared extension, the restriction applies to every image of the extension.

CMDR (Centralized Message Detail Recording)

See the Variable Format CDR interaction.

SMDR (Station M essage Detail Recor ding)

See the Variable Format CDR interaction.

Variable Format Call Detail Recording

* Incoming Tie Trunk Calls

If the caller dials an account code and then calls across a tie trunk to an attendant on another network
node, the account code is recorded at originating node only. The attendant at the terminating node can
enter the account code, as requested by the caller, to record the account code at the terminating node.

¢ Qutgoing Tie Trunk Calls

If the caller dials a CDR account code and then calls the attendant, the account code is dropped. The
attendant can reenter the account code before extending the call across the tie trunk.
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HARDWARE REQUIREMENTS

The following specific hardware items are required to implement this feature:
* SN233 Release Link Trunk Circuit Pack (four circuits per circuit pack)

Trunk types 12 and 13 are used for wink start with dial tone, delay dia with dia tone, or dia tone
operation. Trunk types 14 and 15 are used only for through dial operation.

FEATURE ADMINISTRATION

Assignment of the APLT feature is on a per-system basis using the MAAP (Maintenance and
Administration Panel). The customer can partially administer this feature using the SMT (System
Management Termina), the TCM (Termina Change Management) feature, or the FM (Facilities
Management) feature. This feature can aso be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

g MAAP AND SMT PROCEDURES — ADVANCED PRIVATE LINE TERMINATION E
“PROCEDURE EWORD E PURPOSE E SMT g
O 010 o 3 O Assigns miscellaneous trunk restriction group, APLT off-net O Yes 0O
O O U permissions, and FRL to aline class of service. O O
H 100 0 O Assigns dial access code and route advance to trunk groups. 0 No S
g 101 U U Assigns trunk characteristics such as APLT featuresallowedand U No U
E H 5 SMDR to private network trunk groups. E E
O 102 o — OAssignsatrunk dial access code to atrunk restriction group. OYes
H 103 S — E Assigns network features associated with a trunk group including H Yes* S
0 0O O FRL. 0 0
E 110 H — EAssi gns arestricted dial code entry number to adial access code. E No g
O 111 E — EAssigns arestricted dial entry code to atrunk group. E No O
S 150 E — E Assigns private network trunks to equipment locations. E No S
O 275 0 DAssigns system class of service and features such as automatic UyYes U
g g identification of outward dialing, tandem tie-trunk switching, and B g
0O 0 0 trunk-to-trunk connections. 0 0
O 350 H 1& 2 HAssignfeaturedial access codes as required. H No O
E* Display only procedure for the SMT. %
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS — ADVANCED PRIVATE LINE TERMINATION
PATH NAME E PURPOSE

mOooopopPoEsa

erminal-change class-of-service attributes UAss gns miscellaneous trunk restrictions to aline class

of service. These restrictions include: Inward,
Outward, and Full. This screen also assigns an FRL
Hto alineclass of serviceand APLT on or off.

I o o Y

The following are the applicable FM path names used with the AP 16. A printed report of the displayed

information can also be generated.

FM SCREENS— ADVANCED PRIVATE LINE TERMINATION

PATH NAME

10

PURPOSE

facilities-mgmt routing conversion

Displays and changes the correspondence between a private
network location code and the public network telephone
number that routes to that location code (refer to the [ARS
description for an explanation of 10-Digit
Conversion). Either the location code or the public network
destination code (telephone number) can be entered, and the
corresponding values are displayed.

facilities-mgmt facility-restriction

OoOoooooooooogpPrgpeEno

moopoooooogoo

Displays and assigns FRLs to extensions, incoming tie trunks
from subtending switchs, and authorization codes. Also
assigns network access to authorization codes.

OOooooOoooooooogoono
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
ADVANCED PRIVATE LINE TERMINATION

APPL'N OBJECT PURPOSE

TCM class-of-service Assigns miscellaneous trunk restriction group,
APLT off-net permissions, and FRL to aline

class of service.

TCM/FM Sys-Cos Assigns system class of service and and
features such as automatic identification of
outward dialing, tandem tie-trunk switching,

and trunk-to-trunk connections.

TCM/FM first-digit Administers thefirst dialed digit of the dialing

plan.

TCM/FM dial-access-code Administers a feature DAC (Dia Access

Code) associated with aterminal feature.

FM trk-grp Assigns dial access code and route advance to
trunk groups. Assigns trunk type, trunk group
number and dial access restrictions. Assigns
trunk characteristics such as APLT features
allowed and SMDR to private network trunk
groups. Assigns network features associated
with a trunk group including FRL. Assigns
Dia Code Entry No.(s) for: tandem tie
trunks, trunk-to-trunk, tandem tie or trunk-to-
trunk restrictions. Assigns private network

trunks to equipment locations.

FM misc-trk-rst-grp Associates trunk groups to Miscellaneous

Trunk Restriction Groups.

FM tandem-trk-grp Associates trunk group DACs with restricted
dia code entry numbers for the tandem-tie
feature and the trunk-to-trunk connection
feature. Also restricts other trunk groups on
the switch from using these restricted

facilities.

MOOOOdOooooooooOoooooOoggooooonooooonooopgooono

MmOOOoodoopogooooOoooooOogoopogooonooooomooompm o
mMmOoOOoooopogoooooooooOoogoopogooonooooonmoogompm o
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ATTENDANT AUTO-MANUAL SPLITTING

DESCRIPTION

This feature allows an attendant to privately identify the calling party to the called voice terminal user. The
caler is automatically ‘‘split away’’ from the attendant and the called party when the attendant presses
either the START or a DXS (direct extension selection) button. The feature is activated manually by
pressing the SPLIT button provided on the attendant console. Pressing the SPLIT button changes the
condition from split to unsplit or from unsplit to split.

A split condition remains in effect until the attendant manually removes the split condition or one of the
parties disconnects.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Automatically Split From a Call:

* Besurethereisa2-way connection.

* PressSTART,
or

* PressaDXS (direct extension selection) button.

To Manually Split From a Call:

* Besurethereisa2-way connection.
* PressSPLIT.
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To Cancd a Split Condition

If the called voice terminal is busy or the called party refuses the call:

¢ Pressthe CANC button.

If the called party accepts the call:

¢ Pressthe RELEASE button.

If the called party accepts the call and the attendant wishes to handle a subsequent call:

* Press another loop button.

If the calling party has requested use of the Serial Calls feature:

* Pressthe HOLD button.

If the attendant is needed for further assistance during the call:

* Pressthe SPLIT button to alow the attendant and both parties to converse.

CONSIDERATIONS

Called Party Splitting
Splitting of the called party from the attendant and the calling party is not allowed.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Centralized Attendant Service

Manual splitting isinactive. The SPLIT lamp and button do not function on release link trunk calls.
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Malicious Call Trace

If an attendant activates Malicious Call Trace while a calling party is split from the console, the split
condition is disabled. On the attendant console, the split lamp goes out. For the previously split party, the
switch returns dial tone to an internal caller or disconnects an outside caller from the switch.

Privacy—Attendant L ockout

The Attendant Lockout feature overrides the Attendant Auto—Manual Splitting feature, and the SPLIT
button becomes nonfunctional. Privacy is essentially a form of splitting that prevents the attendant from
bridging onto a talking connection. The Attendant L ockout feature does not override splitting; however, it
denies the attendant the ability to reenter an established connection held on the console position, unless
recalled by a voice terminal. Attendant Recall Privacy works with the Splitting feature to cause automatic
splitting. Manual splitting/unsplitting is disabled.

Serial Calls

If the Serial Calls feature is provided, the call is not split when an attendant presses the HOLD button to
hold the call on the console.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Attendant Auto-Manua Splitting feature is on a per-system basis. This feature is
administered using the MAAP. This feature can also be administered using CSM (Centralized System
Management).

The following is the applicable MAAP procedure.

E MAAP PROCEDURE — ATTENDANT AUTO-MANUAL SPLITTING g
O O 0 0
I_|F’ROCEDURE O WORD O PURPOSE 0
g 203 E 1 0 Assignsthe SPLIT button to the attendant console(s). The applicable g
O 0 0 encodeisasfollows: O
E H H 4 SPLIT Button. E
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The following is the applicable CSM Command Path utilizing the admin areaof TCM or FM.

g CSM SCREEN — MASK g
0 ATTENDANT AUTO-MANUAL SPLITTING 0
U APPL'N 0 OBJECT 0 PURPOSE O
] | | []
O TCM 0 control-keys 0 Assignsthe SPLIT button to the attendant O
H H H console(s). H



ATTENDANT CALL WAITING

DESCRIPTION

This feature alows a call to wait when an attendant extends that call to a busy single-appearance voice
terminal. Allowing that call to wait limits the attendant work load by reducing the number of re-try
attemptsto a busy extension.

Two bursts of distinctive tone signal the busy terminal user that a call is waiting. The busy terminal user
can answer the call by momentarily pressing the switchhook and dialing the answer-hold access code or by
going on-hook. This allows a single-appearance voice terminal to function like two terminals. An
individual who is busy on a 2-party call can be alerted to the arrival of another call, and can answer the call
if desired.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Process an Incoming Call

By the attendant to a busy voice terminal without DXS buttons:

¢ Attendant receivesacall. [ATND lamp lights, and ICI display lights.]
* Pressthe appropriate loop button. [PA lamp goes out. The attendant and calling party are connected.]

* Press START. [SPLIT lamp lights, the calling party is split away from the attendant, and dial tone is
heard.]

* Did the called voice terminal’s extension. (The called voice terminal is busy.) [Confirmation tone is
heard, the BUSY lamp lights, the SPLIT lamp goes out, and the attendant is reconnected to the calling
party ]

* PressRELEASE. (The calling voice terminal’s call becomes awaiting call.) [The called voice terminal

user hears the 2-burst tone, ATND lamp goes out, ICI display goes out, and timed reminder begins. If
no calls are waiting, the PA lamp lights.]

6-1
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* The called party goes on-hook. [Busy lamp goes out, RING lamp lights, the waiting party hears
ringback tone, and the called party hears 2-burst ringing.]

* Thecaled party goes off-hook. [RING lamp goes out, and the calling and called parties are connected.
The ANSWER lamp lightsif the attendant isin the connection.]

By the attendant to a busy voice terminal with DXS buttons:

¢ Attendant receivesacall. [ATND lamp lights, and ICI display lights.]
* Pressthe appropriate loop button. [PA lamp goes out. The attendant and calling party are connected.]

* Press the associated DXS/BLF selection button. [SPLIT lamp lights, the calling party is split away
from the attendant, and dial toneis heard.]

* Pressthe appropriate DXS button. (The called voice terminal is busy.) [Confirmation toneis heard, the
BUSY lamp lights, the SPLIT lamp goes out, and the attendant is reconnected to the calling party.]

* PressRELEASE. (The calling voice terminal’s call becomes awaiting call.) [The called voice terminal
user hears the 2-burst tone, ATND lamp goes out, ICI display goes out, and timed reminder begins. If
no calls are waiting, the PA lamp lights.]

* The caled party goes on-hook. [Busy lamp goes out, RING lamp lights, the waiting party hears
ringback tone, and the called party hears distinctive (2-burst) ringing.]

* Thecaled party goes off-hook. [RING lamp goes out, and the calling and called parties are connected.
The ANSWER lamp lights if the attendant is on the connection.]

CONSIDERATIONS

Call Waiting Tone
The Call Waiting tone is two 100-millisecond, 400-hertz beeps.

Attendant Call Waiting Limitations

Attendant Call Waiting is limited to single-appearance voice terminals within the switch Calls to
multiappearance voice terminals route to idle appearances.

Attendant Call Waiting Denial
Attendant Call Waiting is denied when directed toward a busy single-appearance voice terminal that
isnot in a stable talking condition.

Hard and Soft Processor Swaps

If an attendant call or an attendant-extended call is waiting on a busy single-appearance terminal
when a hard processor swap occurs, the waiting call does not endure the hard swap.

The Attendant Call Waiting feature operates normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

ACD (Automatic Call Distribution)

Attendant calls to alocal ACD split are not queued. The switch attempts to complete the call to an idle
agent either by scanning the agent queue or by scanning the split. If no idle agents are found in the split,
the call waits on the split supervisor's single-appearance terminal. When an attendant places a call to an
individual ACD agent’s single-appearance terminal and that termina is busy, the call waits on the busy
terminal when Attendant Call Waiting is provided.

Attendant calls cannot wait on an ACD agent’s single-appearance voice terminal while an observer (using
agent override) is connected to the agent’s call.

Bridged Call

Attendant Call Waiting is partially allowed toward shared extensions with only one appearance. When
only the straight line set is active on this type of shared extension, the switch alows an attendant call to
wait. However, when a multiappearance terminal is active on the shared extension, Attendant Call Waiting
isdenied. The switch returns busy tone.

While an attendant extended call is waiting on a straight line set, a multiappearance voice terminal can be
used to bridge onto the active call. However, the waiting call cannot be retrieved until the multiappearance
voice terminal leaves the connection.

Attendant Call Waiting is denied toward shared extensions with more than one appearance. Instead,

attendant calls are routed to an idle appearance (if available) of the shared extension. When every
appearance is busy, the switch returns busy tone.

Busy Verification of Lines

An attempt to verify a terminal line via the Busy Verification of Lines feature takes precedence over the
Attendant Call Waiting feature.

CDRR (Call Detail Recording and Reporting)

The CDRR feature records the called extension number, as well as the account code, if dided, for
attendant-assisted incoming calls using Attendant Call Waiting.
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Call Forwarding—Busy and Don’t Answer

When Call Forwarding—Busy and Don't Answer is active at the called voice terminal, the forwarding
operation occurs before Attendant Call Waiting is allowed. There are four possible operations. If the
originally called voice terminal is busy and the forwarded-to voice termina isidle, attendant cals forward
to and ring at the forwarded-to voice terminal. If the originally called voice terminal is busy and the
forwarded-to voice terminal is busy, attendant calls forward to and wait on the forwarded-to voice terminal.
If there is no answer at the originally called voice terminal and the forwarded-to voice termina is idle,
attendant calls forward to and ring at the forwarded-to voice terminal. If there isno answer at the originaly
called voice terminal and the forwarded-to voice terminal is busy, attendant calls continue ringing at the
originally called voice terminal.

Call Forwarding—Don’t Answer

When Call Forwarding—Don't Answer is active at the called voice terminal, the forwarding operation
occurs before Attendant Call Waiting is allowed. There are two possible operations. |If there is no answer
at the originally called voice terminal and the forwarded-to voice terminal isidle, attendant calls forward to
and ring at the forwarded-to voice terminal. If thereis no answer at the originally called voice terminal and
the forwarded-to voice termina is busy, attendant calls continue ringing at the originally called voice
terminal.

Call Forwarding—Follow Me

When Call Forwarding—Follow Me is active at the called voice terminal, the forwarding operation occurs
before Attendant Call Waiting is allowed. There are two possible operations. Attendant calls forward to
and ring at the forwarded-to voice terminal (if this voice terminal is idle). Otherwise, attendant calls
forward to, and then wait on, the forwarded-to voice terminal (if thisvoice termina is busy).

Call Park

When the Call Park feature is active on the called extension, Attendant Call Waiting is denied.

CMDR (Centralized M essage Detail Recording)

Same as the SMDR interaction.
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Conference—Attendant Six Party

Attendant Call Waiting is denied when an attendant is attempting to add a busy called party to a conference.

Data Protection

Attendant Call Waiting is denied when the Data Protection feature is active on acall.

DDC (Direct Department Calling)

Attendant calls to a DDC group are not queued. The switch scans the group in an attempt to find an idle
terminal to complete the call. If noidlelineisfound in the group, the call waits on the controlling terminal
if Attendant Call Waiting is provided. When an attendant places a call to a DDC individua terminal and
that terminal is busy, the call waits on the busy individual terminal if Attendant Call Waiting is provided.

DCS (Distributed Communications System)

In a DCS environment, direct attendant calls and attendant extended calls to an EUCD split in another node
are queued. However, for attendant extended calls, the attendant does not receive confirmation tone to
indicate that the queue has been entered.

EUCD (Enhanced Uniform Call Distribution)

Attendant calls to alocal EUCD split are not queued. The switch attempts to complete the call to an idle
agent by scanning the split. If no idle agent is found in the split, the call waits on the split supervisor’'s
terminal. When an attendant places a call to an EUCD individua termina and that terminal is busy, the
call waits on the busy individual terminal when Attendant Call Waiting is provided.

Hold

Attendant Call Waiting is denied when the Hold feature is active on the called extension.

Hunting

When a called terminal line is associated with a hunting group, hunting is performed before the call waiting
is implemented. If an idle terminal is not found in the hunt path, the call waits on the originaly called
terminal.
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Line L ockout

An attendant call is not allowed to wait on a voice terminal that has been locked out. The switch returns
busy tone to the calling party.

L oudspeaker Paging

A call isnot allowed to wait on aline that has accessed Loudspeaker Paging.

Music-on-Hold Access

When Attendant Call Waiting and Music-on-Hold are provided, a cal released by the attendant to a busy
single-appearance voice termina is connected to music until the called party answers or the attendant
reconnects to the waiting call.

Override

Override is not allowed toward a line that is waiting, but is allowed toward the 2-party call that has a call
waiting.

Queuing

The callback sequence associated with ringback Queuing is delayed until there are no waiting calls.

Recorded Telephone Dictation Access

The Attendant Call Waiting feature is denied toward an extension with the Recorded Telephone Dictation
feature activated.

SMDR (Station M essage Detail Recor ding)

The SMDR feature records the called extension number, as well as the account code, if dided, for
attendant-assisted incoming calls using Attendant Call Waiting.
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Tenant Services

A partitioned System 85 allows attendant callsto wait on local voice terminals, and always provides 2-burst
tone for the called voice terminal. When alowed, 2-burst tone is provided for attendant calls directed to a
voice terminal using the extension number. When allowed, 2-burst tone is also provided for attendant calls
directed to avoice terminal using DXS (Direct Extension Selection).

Transfer

Attendant Call Waiting is denied toward an extension with the Transfer feature activated.

Trunk Verification—Attendant and Voice Terminal

If the trunk is being held or answered by a terminal using the answer-hold code of Attendant Call Waiting,
Trunk Verification is denied.

UCD (Uniform Call Distribution)

Attendant calls to a UCD group are not queued. The switch scans the group in an attempt to find an idle
terminal to complete the call. If noidlelineisfound in the group, the call waits on the controlling terminal
if Attendant Call Waiting is provided. When an attendant places a call to a UCD individua terminal and
that terminal is busy, the call waits on the busy individual terminal if Attendant Call Waiting is provided.

Variable Format Call Detail Recording

The CDR records the called extension number, as well as the account code, if dialed, for attendant-assisted
incoming calls using the Attendant Call Waiting feature.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Attendant Call Waiting feature is on a per-system basis in the system class of service.
The customer can administer this feature using the SMT (System Management Terminal). This feature can
also be administered using CSM (Centralized System Management).
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Thefollowing is the applicable MAAP and SMT procedure.

g MAAP AND SMT PROCEDURE — ATTENDANT CALL WAITING E
- PROCEDURE E WORD E PURPOSE E SMT g
H 275 E 1 E Assigns Call Waiting to the system class of service. E Yes E
The following is the applicable CSM Command Path utilizing the admin areaof TCM or FM.

g CSM SCREEN — MASK B
0 ATTENDANT CALL WAITING 0
U APPL'N 0 oBJECT O PURPOSE 0
I M | []
= TCM/FM & Sys-Cos = Assigns Call Waiting to the system class of service. =




ATTENDANT CONTROL OF TRUNK GROUP ACCESS

DESCRIPTION

This feature prevents voice terminal users from directly accessing selected trunk groups. |f avoice terminal
user dials a controlled trunk group, the call routes to an attendant. The attendant then decides, based on
instructions from the switch administrator, whether to allow the call.

During high demand periods, efficient use of trunk groups can be increased by limiting access. For
example, an attendant can control trunk-group usage during peak outgoing call demand periods and can
allow access during other periods. This has the effect of allowing outgoing calls on a priority basis. Also,
an attendant can control outgoing access on 2-way trunk groups during peak incoming call demand periods.
Thiswould have the effect of reserving 2-way trunk groups for incoming calls.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Activate Control of a Trunk Group by the Attendant:

* Pressanidleloop button. [PA lamp goes out.]

* PressSTART. [Didl tone]

¢ Dial the activation access code. [Second dial tone]
¢ Dial the trunk-group access code,

or

* Press the appropriate trunk-group selection button. [The corresponding ‘‘CONT'' lamp lights, and the
switch returns confirmation tone.]

* PressRELEASE.
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To Deactivate Control of a Trunk Group:

* Pressanidleloop button. [PA lamp goes out.]

* PressSTART. [Didl tone]

¢ Dial the deactivation access code. [Second dia tone]
¢ Dial the trunk-group access code,

or

* Press the appropriate trunk-group selection button. [The corresponding ‘* CONT’’ lamp goes out, and
the switch returns confirmation tone.]

* PressRELEASE.

CONSIDERATIONS

Maximum Application

This feature can be activated for any trunk group assigned to a trunk-group selection button with an
associated control lamp. There are 12 trunk-group selection buttons with associated lamps.
Therefore, access can be controlled to a maximum of 12 trunk groups.

CONF Button

The CONF button also uses a trunk-group selection button. Therefore, when the Conference—
Attendant Six Party featureis provided, access can be controlled to a maximum of 11 trunk groups.

Hard and Soft Processor Swaps

ACTGA activations are stored in a status portion of switch memory. Therefore, if an attendant
activates control of atrunk group before ahard processor swap, the trunk group will not be controlled
after the hard swap isfinished. At thistime, the attendant can reestablish control.

The ACTGA feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

ARS (Automatic Route Selection)

The ACTGA feature takes precedence over ARS. A call directed by ARS to a controlled trunk group is
routed to an attendant.
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Call Vectoring

If vector processing encounters a ‘‘route to’’ step where the call would route over a trunk group that is
currently controlled by the attendant, the ‘‘route to’’ step is not executed. Instead, if the ‘‘routeto’” stepis
the final effective step in the vector, the switch treats the ‘‘route to’” step asa‘‘stop’’ step. If vector steps
follow the ‘‘route to’’ step, vector processing continues with the next sequential step.

Data Communications Access

Calls to DCA (Data Communications Access) ports can be restricted by applying Attendant Control of
Trunk Group Access to the DCA trunk groups. Any attempt to access a DCA port is redirected to an
attendant for screening. The attendant can then transfer the call to a DCA port. However, attendant-
extended data calls are not provided Data Protection.

Data Protection

Trunks under control of the attendant group cannot be directly accessed. An attendant must access these
trunks for voice terminal users. Data Protection—Temporary is not available for attendant-extended calls.
These trunks, if used for data transmission, should be assigned Data Protecti on—Permanent.

Host Computer Access

Calls to Host Computer Access ports can be restricted by applying Attendant Control of Trunk Group
Access to the Host Computer Access trunk groups. Any attempt to access a Host Computer Access port is
redirected to an attendant. If the attendant is to screen these calls, a voice termina equipped with transfer
capabilities must be provided near the attendant console to perform the transfer. Data call transfers cannot
be performed from the attendant console because of the DCP interface at the Host Computer Access port.
Modem Pooling is not provided for attendant-extended calls.

I SDN (Integrated Services Digital Network)/PRI (Primary Rate I nterface)

Generally, the Attendant Control of Trunk Group Access feature will work normally for ISDN calls.
However, to place an ISDN call, the AAR or ARS feature must be used. Therefore, attendants must not use
the Attendant Direct Trunk Group Selection feature to complete ISDN calls.

Main/Satellite

When an attendant activates control of a Main/Satellite trunk group, calls over the trunk group route to an
attendant. This occurs even though the calling party does not necessarily realize it isatrunk call and not an
intraswitch call.
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Precedence Calling

The ACTGA feature functions normally for AUTOVON trunks. When in effect, Precedence Calling calls
are routed to the attendant priority queue.

Queuing

An outgoing call is routed to the attendant instead of an outgoing call queue when the ACTGA feature is
activated. If the ACTGA feature is activated when there are aready calls in an outgoing call queue, those
calls are serviced from the queue without consideration to the ACTGA feature.

Recorded Telephone Dictation Access

If Attendant Control of Trunk Group Access is active on a recorded telephone dictation trunk group when
the switch is in the preselected call routing mode of operation, any attempt to access a recorded telephone
dictation trunk in the restricted trunk group results in intercept tone.

Route Advance

The Route Advance feature overrides ACTGA in aroute advance sequence unless ACTGA is active on the
first trunk group in the Route Advance pattern.

Tenant Services

An attendant (in a partition other than Attendant Partition 0) can control access to trunk groups that are
assigned to that attendant’s partition. When control is allowed, the switch returns confirmation tone to the
attendant (as would occur in an unpartitioned switch). However, when an attendant attempts to control a
trunk group that is not assigned to the attendant’s partition, the switch denies the attempt and returns
intercept treatment to the attendant.

When Attendant Control of Trunk Group Access is activated toward a shared trunk group, the switch
applies control to every extension partition sharing the trunk group. Controlled outgoing calls from an
extension partition with an attendant partition assigned route to the assigned attendant partition. Controlled
outgoing calls from an extension partition without an attendant partition assigned route to Attendant
Partition O (if assigned). If Attendant Partition O is not assigned, the switch denies these outgoing calls by
returning intercept treatment.
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An attendant in Attendant Partition O can control access to any trunk group* in the lowest two rows of
Attendant DTGS buttons. (These two rows of buttons have ‘‘ CONT’’ lamps.)

Unattended Console Service—Alter nate Console Position

When the Alternate Console Position and the ACTGA features are provided and activated concurrently,
callsto acontrolled trunk route to the alternate console position for subsequent processing.

Unattended Console Service—Preselected Call Routing and Call Answer From Any Voice Terminal

When the Preselected Call Routing or Call Answer From Any Voice Terminal features and the ACTGA
feature are activated concurrently, calls to a controlled trunk receive intercept tone.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the ACTGA feature is on a per-system basis. This feature is only administered using the
MAAP. Thisfeature can also be administered using CSM (Centralized System Management).

*  Except the Attendant Conference trunk group (if assigned).
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The following are the applicable MAAP procedures.

MAAP PROCEDURES
ATTENDANT CONTROL OF TRUNK GROUP ACCESS

PROCEDURE PURPOSE

5
il T
o

204 Designates the desired alphanumeric display for ACTGA to the
attendant console(s). The applicable encode is as follows:

291 Attendant Control of Trunk Group Access.

350 Assignsthefirst digit of the ACTGA dial access codes (if required).

350 Assigns the dial access codes for the ACTGA feature. The

applicable encodes are as follows:

20 Activate control of trunk group access
21 Cancel control of trunk group access.

MOoOOoogoomooogooogd

moOooopgooogpeoa
MMoOoODoopgooogpEo

MOoOOoOodooooooooogd

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS — MASKS g
0 ATTENDANT CONTROL OF TRUNK GROUP ACCESS 0
U APPL'N O OBJECT 0 PURPOSE 0
= | | []
O TCM O console-messages O Assigns designated alphanumeric display for 0O
U 0 O  ACTGA to the attendant console(s). g
m O ) .. O . . .. i

0 TCM/FM 0 first-digit 0 Assigns the first digit of the ACTGA dia 0
O O O access codes (if required). O
E' TCM/FM H dial-access-codes H Assigns the dia access codes for the E
0 0 0  ACTGA feature. Sysem85R2V4— The (g
O O O dial access code can be up to four digits O
H E H long. H




ATTENDANT DIRECT EXTENSION SELECTION WITH BUSY LAMP FIELD

DESCRIPTION

This feature alows an attendant to select an extension from as many as 1800 extension numbers by
pressing two buttons instead of dialing an extension number. The BLF indicates the busy/idle status of the
extension number. The BLF minimizes the time between an attendant’ s answer of an incoming call and the
attendant’s report that a voice terminal is busy. An attendant need only look at the field to determine
whether the terminal is busy or idle.

Extended DXSis available for switches with more than 1800 extension numbers. For Extended DXS, the
GROUP SELECT and GROUP DISPLAY buttons are assigned to the attendant console(s) (see Figure 8-1).

TPA # 750306

Figure 8-1. Attendant Console With DXS/BLF Option
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Feature History and Development

This feature was first available on System 85 in Release 1. Because line capacities were increased for
Release 2 switches, the maximum number of hundreds groups that Extended DXS can access has also been
increased. Extended DXS on Release 1 switches alows for as many as 32 hundreds groups, while 100
hundreds groups are allowed by Release 2 switches.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Call an Extension (e.g., 7382) Using DXS:

* Pressanidleloop button. [PA lamp goes out.]
* Press the appropriate hundreds group selection button (i.e., 73).
* Pressthe DXS button corresponding to the last two digits of the extension number (i.e., 82).

To Call an Extension (e.g., 6458) Using Extended DXS:

* Pressanidleloop button. [The GROUP SELECT lamp automatically lights.]
* Pressthe START button. [Dia tone]

* Press the DXS button corresponding to the first two digits of the extension number (i.e., 64). [The
aphanumeric display shows‘ 64**"" ]

* Press the DXS button corresponding to the last two digits of the extension number (i.e., 58). [Adjacent
BLF lamp lights]

To Display the Currently Active Hundreds Group for Extended DXS:

* Press GROUP DISPLAY .

CONSIDERATIONS

5-Digit Dialing
The Attendant DX S feature cannot be used on Release 2, Version 3 and later switches that use 5-digit
dialing plans. Direct Extension Selection is inoperative on these switches.

DXS Versus Extended DXS

To facilitate operations for the attendant(s), either DXS or Extended DXS can be used, but not both.
When Extended DXS is enabled, the hundreds group selection buttons for DXS are disabled.
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As many as 100 hundreds groups are accessible to Extended DXS. Therefore, using Extended DXS,
attendants have convenient access to as many as 10,000 extension numbers.

Hard and Soft Processor Swaps

Attendant DXS button assignments are stored in a translation portion of switch memory. Therefore,
these assignments will endure a hard processor swap.

The DXS buttons and lamps operate normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

ACD (Automatic Call Distribution)

In a switch with 3- or 4-digit extensions, an attendant can use the appropriate DXS buttons to place or
extend calls to the associated extension number of an ACD split. However, since a split’s queue is never
really ‘‘busy,”’ the BLF lamps adjacent to these DXS buttons are never lit.

Call Vectoring

An attendant can use the DXS buttons to place or extend calls to a VDN. However, since a VDN's
associated vector is never really ‘‘busy,”’ the BLF lamps for these DXS buttons are never lit.

Centralized Attendant Service

When a console at a Centralized Attendant Service main location is handling a call from a branch location,
the BLF gives no indication of busy/idle status of branch location voice terminals. An attendant’s DXS
buttons cannot be used to call voice terminals at the branch.

The Attendant Direct Extension Selection With Busy Lamp Field feature is not available for backup voice
terminals at branch locations.

Data Communications Access

When a terminal number is assigned to a Data Communications Access port, a Data Communications
Access trunk group can be accessed using the appropriate DX S button. However, the associated busy lamp
does not indicate the busy or idle status of the Data Communications Access port.
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DCS (Distributed Communications System)

The Attendant DXS with BLF feature is compatible with the DCS feature as long as the diaing plan is
limited to 4-digits. Attendant DXS cannot be used in a DCS where 5-digit dialing isused. Also, Attendant
DXS does not work properly in a DCS where one or more of the nodes is an Enhanced DIMENSIONO
System switch.

EUCD (Enhanced Uniform Call Distribution)

An attendant can use the appropriate DXS buttons to place or extend calls to the associated extension
number of an EUCD split. However, since a split's queue is never really ‘‘busy,’’ the BLF lamps adjacent
to these DX S buttons are never lit.

Main/Satellite/Tributary

The Attendant DXS With BLF feature can select a voice terminal on a satellite switch. However, the BLF
does not indicate busy/idle status for these voice terminals.

Off-Premises Terminals

When trunk port off-premises terminals have Multidigit Steering assigned, Attendant DXS With BLF can
access an off-premises terminal via the appropriate DXS button. However, the associated busy lamp does
not indicate its busy or idle state.

Tenant Services

Assignment of DXS or Extended DXS is on a system-wide basis. Every attendant in a partitioned
System 85 has the compl ete set of DXS buttons and the associated BLF lamps. The BLF lamps are updated
on every attendant console, but attendant calling is limited by the Tenant Services feature.

An attendant (in a partition other than Attendant Partition 0) is allowed to use DXS or Extended DXS to
call avoice terminal in any partition that the attendant can call using the touch-tone dialing pad. When an
attendant attempts to call a voice terminal in a partition that is not allowed by partitioning, the switch
returns intercept treatment to the attendant.

An attendant in Attendant Partition O is allowed to use DXS or Extended DXS to call any voice terminal in
the switch.
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HARDWARE REQUIREMENTS

The following additional or specia hardware is required for the DXS/BLF feature.

¢ Every attendant console must be the same type and provided with the same features, lamps, and button
arrangements.

NOTE: Two types of consoles are available for System 85: type 30 and type 34. This
feature (i.e., DXS or Extended DXS) is only available using type 34 consoles which are
equipped with DXS buttons and the busy lamp field.

FEATURE ADMINISTRATION

Assignment of the Attendant DXS With BLF feature is on a per-system basis. This feature is administered
using the MAAP. Thisfeature can aso be administered using CSM (Centralized System Management).

The following are the applicable MAAP procedures.

E MAAP PROCEDURES — ATTENDANT DXSWITH BLF

EPROCEDURE E WORD H PURPOSE

0 200 E 1 E Enables (or blocks) Extended DXS.

E 201 E 1 E Assigns DX S group selection buttons to the attendant console(s).
H 201 H 2 H Assigns hundreds groups accessible to Extended DXS.

O 203 0 1 O Administers the GROUP SELECT and GROUP DISPLAY
B H H buttons for Extended DXS.

The following are the applicable CSM Command Paths utilizing the admin areaof TCM or FM.

moOoOoOooooooOod

g CSM SCREENS— MASKS E
0 ATTENDANT DXSWITH BLF 0
U APPL'N U OBJECT N PURPOSE O
I M M []
0 TCM U  console-features 0  Assignstype of console, assigns console features, U
H 0 [l enables (or blocks) Extended DXS. H
O TCM O  bif-dxs-group-keys O Assigns DXS group selection buttons to the 0O
g d 0  attendant console(s). g
- — H [
O TCM ] dxs-extended 0  Assigns hundreds groups accessible to Extended [
0 O 0 DXS. 0
= A & — U
0 TCM 0 control-keys 0  Administers the GROUP SELECT and GROUP [
O 0 0  DISPLAY buttonsfor Extended DXS. 0
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ATTENDANT DIRECT TRUNK GROUP SELECTION

DESCRIPTION

An attendant can access an idle outgoing trunk by pressing the button assigned to the desired trunk group.
The single-button operation reduces the time and effort needed in handling outgoing calls. Each console
has 24 DTGS (Direct Trunk Group Selection) buttons (see Figure 9-1).

TPA # 750307

Figure 9-1. Attendant Console With DTGS Buttons

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following is the user operating procedure for this feature.
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To Access an Idle Outgoing Trunk:

* Pressthe desired trunk group button.

CONSIDERATIONS

Hard and Soft Processor Swaps
Attendant DTGS button assignments are stored in atranslation portion of switch memory. Therefore,
these assignments will endure a hard processor swap.

The DTGS buttons and lamps operate normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

I SDN/PRI (Integrated Service Digital Network/Primary Rate | nterface)

Because of messaging and information requirements for ISDN calls, all such calls should be placed using
the AAR (Automatic Alternate Routing) or ARS (Automatic Route Selection) feature. Attendant Direct
Trunk Group Selection should not be used to place an ISDN call.

Tenant Services

Assignment of Attendant Direct Trunk Group Selection is on a system-wide basis. Every attendant console
in a partitioned System 85 is provided with the complete set of 24 DTGS buttons and the associated lamps.
However, the Tenant Services feature limits the use of these buttons. Also, the switch only updates the
lamps associated with a specific button for consoles that can access that button’ s trunk group.

An attendant (in a partition other than Attendant Partition O) is allowed to use the DTGS feature to access
any trunk group that the attendant can access by dialing the trunk-group access code. When an attendant
tries to select atrunk group that is not alowed by partitioning, the switch returns intercept treatment to the
attendant.

An attendant in Attendant Partition O is allowed to use every DTGS button on the attendant console. Also,
the switch updates the lamps associated with every DTGS button on these consoles.

HARDWARE REQUIREMENTS

The only hardware required for this feature is an attendant console. Any standard attendant console
available with the System 85 can be used.
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FEATURE ADMINISTRATION

Assignment of the Attendant Direct Trunk Group Selection feature is on a per-trunk group basis. This
feature is administered using the MAAP (Maintenance and Administration Panel). This feature can also be

administered using CSM (Centralized System Management).

The following are the applicable MAAP procedures.

E MAAP PROCEDURES— ATTENDANT DIRECT TRUNK GROUP SELECTION
HDROCEDURE HWORD E PURPOSE

E 200 H 1 HEnabIes the Attendant Direct Trunk Group Selection feature.

é 202 H 1  [AssignsDirect Trunk Group Selection buttons to the attendant consol(s).

MmOoOooooo

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS— MASKS E
0 ATTENDANT DIRECT TRUNK GROUP SELECTION 0
0 APPL’N O OBJECT O PURPOSE 0
! ! ! []
0o TCM O console-features 0 Enables the Attendant Direct Trunk Group O
O 0 0 Selection feature. O
H H = il
O TCM O control-keys O Assigns the Direct Trunk Group Selection O
E D D buttons to the attendant console(s). E
0 TCM E console-messages E Designates the desired apha-numeric O
H H H displays. H




9-4 ATTENDANT DIRECT TRUNK GROUP SELECTION




ATTENDANT DISPLAY

DESCRIPTION

The Attendant Display feature is provided through an alphanumeric display on the attendant console (see
Figure 10-1). This display provides information needed for call identification and rapid call completion.
The attendant can display the extension or trunk number, nature, status, and class of service of the caling
line or trunk. Information available includes the following:

¢ Calling Number

* Classof Service

* Incoming Call Identification
* Trunk Group ldentification

¢ Specific Trunk Identification.

TPA # 750307

Figure 10-1. Attendant Console With Alphanumeric Display

Calling Number Display

The Calling Number display provides an immediate display of the internal extension number of a calling
party.

With a 5-digit dialing plan, only the first (leading) four digits of the 5-digit extension number are shown on
4-character aphanumeric displays (e.g., if the calling number is 52180, the attendant display shows 5218).
The eight-character alphanumeric displays show all five digits.
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NOTE: Eight-character displays are strongly recommended for the attendant consoles when a
switch (or DCS network) uses a 5-digit plan.

Class-of-Service Display

The Class-of-Service display specifies calling privileges (features and Facilities Restriction Level) allowed
to an internal terminal. The switch can have 63 classes of service assigned, numbered 1 to 63. If specific
information on each class of service is needed, a chart could provide the attendant with the pertinent
information about each class of service. When general information is sufficient, displays something like the
following can be used:

* NON — The calling terminal is unrestricted.

* TOLL — Thecalling terminal istoll restricted.

* REST — Thecalling terminal is outward restricted.

* FULL — Thecalling terminal isfully (inward and outward) restricted.

ICI (Incoming Call Identification)
The ICI display identifies the type of call being handled. The display can provide 30 different messages of
up to 4 characters. The first three messages are standard in all switches. They are:

* INC — Incoming call

* ATND — Callsto the Attendant

* RCL — Attendant recall.
The customer selects the other messages when ordering the switch. The following are some examples of
messages that could be used:

* NY, PHIL, WASH — Used to identify the city of origin for an FX (Foreign Exchange) trunk.

* CONF — Indicates a conference is recalling the attendant.

¢ |PC — Identifies an interposition call from another attendant.

¢ CTGA — Indicates an intercepted call routed to the attendant because of the Attendant Control of
Trunk Group Access feature.

* ACAS — Indicates that the ACA (Automatic Circuit Assurance) feature has detected a possible trunk
malfunction. This message also identifies the type of referral (‘“‘L’’: long, or ‘*“S’: short) that
occurred.

¢ CFWD — Indicates acal forwarded to the attendant, etc.

Trunk Identification Display

The Trunk Identification display identifies the specific trunk being used on an incoming or outgoing call by
displaying the Trunk Group Dial Access code and the individual trunk number. This display is particularly
useful when the attendant wishes to make test calls for trunk verification.
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Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Access the Class-of-Service Display While Connected to an Internal Party:

* Press CLASS button. [ICI display changesto class-of-service display.]

To Access the Specific Trunk Display While Connected to a Trunk Appearance:

* Press TK-ID button. [Trunk Group display changes to identify the specific trunk number.]

CONSIDERATIONS

Assigned Control Buttons
The class-of-service (CLASS) button and the trunk identification (TRK ID) button are assigned to
control buttons on the console.

Trunk-to-Trunk Call |dentification
On a trunk-to-trunk call, incoming trunk identification can only be made before completing the
trunk-to-trunk connection. Subseguent trunk codes displayed are for the outgoing trunk only.

Hard and Soft Processor Swaps
The contents of the Attendant Display assignments are stored in a tranglation portion of switch
memory. Therefore, these display assignments will endure a hard processor swap.

An attendant display does not operate during a hard processor swap. However, the display operates
normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

Call Vectoring

When Call Vectoring redirects coverage calls to the attendant queue, the attendant who answers the
redirected call receives the usua Calling Party Identification on the alphanumeric display. The called
principa’sidentification is not provided.

Conference—Attendant Six Party

The Attendant Display feature is denied to an attendant when the attendant is connected to a conference
circuit.

HARDWARE REQUIREMENTS

None.



ATTENDANT DISPLAY 10-5

FEATURE ADMINISTRATION

Assignment of the Attendant Display feature is on a per-system basis. This feature can be administered
with the MAAP. Thisfeature can also be administered using CSM (Centralized System Management).

The following are the applicable MAAP procedures.

g MAAP PROCEDURES — ATTENDANT DISPLAY

EPROCEDURE E WORD E PURPOSE

O 203 o 1 O Assignsthe display buttons to the attendant console(s). The applicable
E B B encodes are:

0 0 0 1 CLASSButton

O O O 28 TRK-ID Button

0 0 0 42 STA-ID Button.

= = =

H 204 H 1 H Designates the desired alphanumeric displays.

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

mOoooooooooodg

mMmoOobDoOoOogoompao

mMmOoOoOoOogoomad

associated with either a trunk group or a cal
type. Each console message is also associated
with either a message number or a CAS
(Centralized Attendant Service) branch number.

g CSM SCREENS— MASKS g
0 ATTENDANT DISPLAY 0
U APPL'N OBJECT PURPOSE E
ij TCM control-keys Assigns the CLASS button, TRK-ID button,and [
U STA-ID button to the attendant console(s). 0
H TCM consol e-messages Administers the aphanumeric messages S
a O
d g
0 0
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ATTENDANT INTERPOSITION CALLING AND TRANSFER

DESCRIPTION

An attendant at one position, in a multiposition switch, can call another attendant by dialing an access code
and the position’s assigned number. The called attendant receives a special aphanumeric display (e.g.,
IPC) to designate the interposition call. This process is used for consultation or when questions about call
processing arise. The attendant can also transfer a call to another position on the same switch for special
handling.

When the called attendant is busy on another call, the interposition call is held waiting in a priority queue,
and the PR (priority call waiting) lamp on the called attendant console lights. When the called console

becomes available, the interposition call switches to the first idle loop and takes precedence over the other
calsin queue.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Call Another Attendant

Without a source party:

* Pressanidle switched loop button. [If lit, the PA lamp goes out. ATND lamp lights.]
¢ Dial theinterposition access code. [Dial tone]

¢ Dial the attendant position’s assigned number. [At calling console, RING lamp lights, and ringback
tone is heard. At the called console, ATND lamp flashes if unbusy, PR lamp flashes once quickly,
ringing returned, and the I Cl display lights.]
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With a source party:

* Pressanidle switched loop button. [If lit, the PA lamp goes out. ATND lamp lights.]
* Press START. [Diadl toneisheard, and SPLIT lamp lights]
¢ Dial theinterposition access code. [Second dia tone]

¢ Dial the attendant position’s assigned number. [At calling console, RING lamp lights, and ringback
tone is heard. At caled console, ATND lamp flashes if unbusy, PR lamp flashes if busy, ringing is
heard, and the ICI display lights]

To Answer an Interposition Call at the Called Console:

* Press ANSWER. [At calling console, RING lamp goes out, ANS lamp lights, and ringback tone is
removed. At called console, ringing isremoved, and the ATND lamp lights. If there’s a source party at
the called console, the SPLIT lamp lights]

To Transfer a Source Party to Another Attendant

Before a 2-way connection is made with the other attendant:

¢ Cadll the other attendant from the console with the source party.

* PressRELEASE. [At the caling console, the attendant is released from the source party and the RING,
SPLIT, and ATND lamps go out. If no calls are waiting, the PA lamp lights. At called console, the
ATND lamp flashes, and the ICI display changes from indicating an interposition call to indicating the
source party number.]

After a 2-way connection is made with the other attendant:

* Press RELEASE. [At the calling console, the attendant is released from the source party, and the
SPLIT lamp goes out. If no calls are waiting, the PA lamp lights]

[At called console, the attendant is connected to the source party, and the SPLIT lamp goes out.]

To Cancel a Call to Another Attendant:

* Press CANC.
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CONSIDERATIONS

Intercept Tone
Intercept tone is heard by the calling attendant when the called attendant position is unattended
(handset removed).

Extending and Transferring Calls
Calls from a voice termina user to one attendant can be transferred to another attendant, but an
attendant cannot extend or transfer an attendant to another position.

2-Party Connections
An attendant cannot transfer a 2-party connection to another attendant position.

Queuing Calls

Interposition calling takes precedence over al attendant-queued calls. Interposition calling is
automatically placed in the priority queue and processed on afirst-in, first-out basis.

Hard and Soft Processor Swaps

Stable interposition calls will endure ahard processor swap. However, an interposition call cannot be
placed during a hard processor swap.

Attendant Interposition Calling and Transfer operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Centralized Attendant Service

Calls originating to a centralized attendant via arelease link trunk cannot be transferred to another attendant
using the Attendant Interposition Calling and Transfer feature.

Malicious Call Trace

If an attendant selectively calls the activating or the controlling attendant during an active Malicious Call
Trace, the switch returns ringback to the calling attendant. However, the called attendant will only receive
ringing if the attendant has unbusied the console.

For the controlling attendant, priority lamp activity is provided for interposition calls during a trace.
However, the controlling attendant does not receive an ICl display for these calls. Instead, the
alphanumeric display is reserved for displaying trace information.

For the activating attendant to receive an interposition call, the malicious caller must be placed on hold, and
the console must be unbusied. Then, an interposition call will cause the loop lamp to flash and the PR lamp
to go out.
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Tenant Services

An attendant (in a partition other than Attendant Partition 0) is only allowed to place interposition calls to
attendants in the same partition or to attendants in Attendant Partition 0. If an attendant tries to place an
interposition call to an attendant in any other partition, the switch denies the call by returning intercept
treatment.

An attendant in Attendant Partition O is alowed to place an interposition call to an attendant in any
partition.

Unattended Console Service—Preselected Call Routing

If an attendant position calls another attendant with Preselected Call Routing active, the call is placed in the
called attendant’s priority queue. When Preselected Call Routing is deactivated, the call is removed from
the priority queue and alerting is provided. The call does not route to the preselected voice terminal.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Attendant Interposition Calling and Transfer feature is on a per-system basis. This
feature is administered using the MAAP. This feature can also be administered using CSM (Centralized
System Management).

The following are the applicable MAAP procedures.

MmOooooodooooooono

E MAAP PROCEDURES

0 ATTENDANT INTERPOSITION CALLING AND TRANSFER

EDROCEDURE HWORD E PURPOSE

E 200 E 1 gEnabIesthe Interposition Calling and Transfer feature.

E 204 E 1 EDesi gnates the desired Attendant Display for interposition calling.

H 210 H 1 HAssi gns the equipment location of an attendant console position.

O 350 o 1 pJAssignsthefirst digit of the dial access codes for the Interposition Calling
0 0 Oand Transfer feature (if required).

H 350 H 2 HAssi gnsthe feature dial access codes. The applicable encodeis:

H E E 29 Interposition call.
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS— MASKS E
0 ATTENDANT INTERPOSITION CALLING AND TRANSFER 0
U APPL'N O OBJECT § PURPOSE 0
] ] | []
O TCM 0 console-features 0 Enables the Interposition Calling and Transfer 0
E 0 O  feature. E
E TCM E console-messages E Designates the desired Attendant Display for
O O O interposition calling. O
S TCM H consol e-equipment E Assigns the equipment location of an S
O O 0 attendant console position. 0
JTeMm U first-digit 0 Assigns the first digit of the dial access codes =
0 0 0 " . 0
0 0 0 for the . Interp_ostlon Cdling and Transfer
O O 0 feature (if required). 0
U tcMm 0 dial-access-codes 0  Assigns the Attendant Interposition Caling U
H H E and Transfer feature dial access codes. B
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ATTENDANT RECALL

DESCRIPTION

This feature allows a voice terminal user on a 2-party call or on a conference call to cal the attendant for
assistance. The ICI (Incoming Call Identification) displays ‘‘RCL,"" or the extension number of one party
in the 2-party connection to indicate an attendant recall.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. The enhancements to this feature include:

* The ability to recall an attendant using an LDN (listed directory number) was first provided in Release
2, Version 3.

* An administrable recall button is provided for R2 V4 and was also retrofitted to the R2 V2 and R2 V3
software packages.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Recall the Attendant From a Connection Held on the Attendant Console

From a single-appearance voice terminal without RECALL button:

¢ Momentarily press the switchhook.

¢ Held loop alerts on the attendant console. [ANS lamp flashes, and ICl shows the extension number of
theterminal NOT performing the recall.]

From a single-appearance voice terminal with RECALL button or a multiappearance voice terminal:

* PressRECALL.

¢ Held loop rings on the attendant console. [ANS lamp flashes, and ICI display shows extension number
of theterminal NOT performing the recall.]
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To Call the Attendant From a Connection Not Held on the Attendant Console

From a single-appearance voice terminal without a RECALL button:

* Momentarily pressthe switchhook. [Recall dia tone] (Other party is placed on soft hold.)
¢ Dial the attendant (not a selected attendant) access code,

or
¢ Did an LDN. [Ringback tone]
* Anidle attendant loop rings. [Loop lamp flashes, and ICI display shows RCL.]

From a single-appearance voice terminal with a RECALL button:

* PressRECALL. [Recdl dia tone] (Other party is placed on soft hold.)
¢ Dial the attendant (not a selected attendant) access code,

or
* Dia an LDN. [Ringback tone]
* Anidle attendant loop rings. [Loop lamp flashes, and ICI display shows RCL.]

From a multiappearance voice terminal:

* Press CONFERENCE or TRANSFER. [Dia tone] (Other party is placed on hard hold.)

¢ Dial the attendant access code, a selected attendant access code,

or
¢ Dia an LDN. [Ringback tone]

* An idle attendant loop rings. [Loop lamp flashes, and ICI display shows extension number of the
terminal performing the recall.]

CONSIDERATIONS

Administrable Recall Buttons
Some multiappearance voice terminas do not have afixed RECALL button. If RECALL buttons are
needed for these voice terminals, RECALL buttons can be assigned to the terminals using Procedure
054, Word 1.

Hard and Soft Processor Swaps

Stable attendant recalls will endure a hard processor swap. However, a voice terminal user cannot
recall the attendant during a hard processor swap.

The Attendant Recall feature operates normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

Conference—Three Party and Transfer

For the Attendant Recall feature to function properly, the Conference—Three Party and Transfer features
must be enabled in Procedure 010, Word 1.

Tenant Services

For calls held on an attendant console, the Attendant Recall feature is naturally partitioned on System 85.
In a properly partitioned switch, an attendant cannot receive a call that breaks the rules of partitioning. The
attendant must extend the call according to partitioning rules. So, for a call held on a console, both parties
in the held call can access the attendant holding the call. And, the Attendant Recall feature always alerts
the attendant who is holding the call.

For cals not held on an attendant console, the Attendant Recall feature is also partitioned. For these
recalls, one of the talking parties places the other on hold and then dials the attendant group. In a properly
partitioned switch, both of these parties can access the same attendant partition. So, when either party dias
the attendant queue (using either the attendant access code or an LDN) the same partitioning checks used
by the Dial Accessto Attendant feature are made.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

The Attendant Recall feature, as such, does not require administration. However, if administrable recall
buttons are needed, they are administered using the MAAP (Maintenance and Administration Panel) or the
SMT (System Management Terminal). Recall buttons can also be administered using CSM (Centralized
System Management).

g MAAP AND SMT PROCEDURES — ATTENDANT RECALL B
O g g O O
= PROCEDURE O WORD O PURPOSE O SMT 0
O 054 O 1 O Assignsthe RECALL button to amultiappearancevoice 0O Yes 0O
g E B terminal  without a fixed RECALL button. The B B
0 0 0 applicable encodeis: 0 0
= H H 27 Recall. H =
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS— MASKS g
0 ATTENDANT RECALL 0
UaAPPL'N U OBJECT U PURPOSE E
OTCM O Thiscommand will besettype: [ Assignsthe RECALL button to a multiappearance [0
U 0 i.e, 36-button, 12-button, bct, [ voiceterminal without afixed RECALL button. O
g U data-module, feature-module, U g
0 H coverage-module, or vds. H 0




ATTENDANT RELEASE LOOP OPERATION

DESCRIPTION

An attendant can hold an incoming trunk call off the console if completion of the call has to be delayed
(such as Call Waiting on abusy extension or an idle extension does not answer). This frees the switch loop
to handle other incoming calls. Therefore, by relieving congestion at the attendant console, this feature is
useful to customers with a high volume of incoming traffic. The result isthat more calls can be handled by
fewer attendants with fewer attendant consoles. Without this feature, an attendant console would only be
ableto handlesix callsat atime.

Timed Reminder

An Attendant Release Loop timed reminder starts timing on release of the call. If the called extension does
not answer before the timed reminder interval expires, the call is returned to the attendant incoming call
queue for further processing.

Timed Reminder Interval

If not otherwise administered, the timed reminder interval is set by default at 30 seconds. Otherwise, the
timed reminder interval can be set by the attendant from 02 to 98 seconds in 2-second increments.

Call Identification

A timed reminder tone is heard at the attendant console. When the attendant answers the call, the trunk

identification number is shown on the alphanumeric display. The called extension can be identified by the
attendant pressing the STA |D button.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.
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USER OPERATIONS

The following are the user operating procedures for this feature.

To Release the Attendant Loop and Hold a Call Off Console

— After completing acall to alocal station:
* PressRELEASE.
— During ringing:

* Pressadifferent loop button.

To Changethe Timed Reminder Interval:

* Pressanidleloop button. [PA lamp goes out.]

* PressSTART. [Didl tone]

¢ Dial the ARL time change access code. [Second dial tone]

¢ Dial a2-digit even number between 02 and 98. [Confirmation tone]
* PressRELEASE. [PA lamp lights]

CONSIDERATIONS

Hard and Soft Processor Swaps

The value of the ARL Timed Reminder Interval is stored in a translation portion of switch memory.
Therefore, if an attendant sets the interval and then a hard processor swap occurs, this interval will
endure the hard swap.

If an attendant-extended call is ringing a voice terminal when a hard swap occurs, this unstable call is
dropped and does not return to the attendant console.

The Attendant Release Loop Operation feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.
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Call Coverage

When an attendant extends a call to a voice termina with coverage assigned (with coverage criteria that
apply to the call) and releases the call, the call will not return to the attendant queue. Instead, the call will
redirect to coverage according to the assigned coverage path.

For a call from an internal voice terminal extended by an attendant to another internal voice terminal, the
call can redirect to coverage as an attendant call (i.e., externa call). This occurs when the attendant does
not release the call before the call typeis checked for redirection to coverage.

Tenant Services

The attendant-calling operations of this feature are naturally partitioned on System 85. In a properly
partitioned switch, an attendant cannot receive a call that breaks the rules of partitioning. The attendant
must extend the call according to partitioning rules. And, the Attendant Release Loop Operation feature
always returns the call to the same attendant console that extended the call.

The ARL Time Change operation is not partitioned. The ARL timed reminder interval can be changed by
an attendant in any attendant partition. When this is done, the new ARL timed reminder interval is applied
to every attendant partition in the switch.

Timed Reminder

The Attendant Release Loop Operation feature is similar to the Timed Reminder feature, and both of these
features can reside on the same switch. The Timed Reminder feature is aways provided, while the
Attendant Release L oop Operation feature is optional.

When both features reside on the same switch, these two features operate simultaneously and control two
separate sets of calls. Incoming trunk calls are controlled by the Attendant Release L oop Operation feature,
and the timed reminder interval for these calls is assigned in Procedure 275, Word 4. Other affected calls
are controlled by the Timed Reminder feature, and the timed reminder interval for these callsis fixed at 30
seconds.

When only the Timed Reminder feature resides on the switch, all affected calls are controlled by the Timed
Reminder feature, and the timed reminder interval is fixed at 30 seconds.

HARDWARE REQUIREMENTS

None.



13-4

ATTENDANT RELEASE LOOP OPERATION

FEATURE ADMINISTRATION

Assignment of the Attendant Release Loop feature is on a per-system basis. The customer can partialy
administer this feature using the SMT (System Management Terminal). This feature can aso be
administered using CSM (Centralized System Management).

The following are the applicable MAAP and SMT procedures.

g MAAP AND SMT PROCEDURES— ATTENDANT RELEASE LOOP OPERATION E
0 g g O O
I_|PROCEDURE O WORD O PURPOSE O SMT 0
O 203 o 1 O Administers the Extension Number Display Time-Out buttonfor O No 0O
O O U the attendant console(s). The applicable encodeis: O 0
O U 0 0 0
0 O 0 42 STA-ID Button. 0 0
d 275 U g U Assigns the Attendant Release Loop Operation feature to the O Yes U
0 0 . . . . 0 0
0 O  System class of service and set the timed reminder interval. O 0
O 350 o 1 O Assignsthefirst digit of the dial access code to changethetimed O No [
a O U reminder interval (if required). 0 0
H 350 H 2 H Assignsthe dial access code to allow the attendant to change the E No S
0 O [ timed reminder interval. The applicable encodeis: 0 0
H H H 31 ARL time change. H H
The following are the applicable CSM Command Paths utilizing the admin areaof TCM or FM.

E CSM SCREENS — MASKS E
0 ATTENDANT RELEASE LOOP OPERATION 0
U APPL’'N O OBJECT O PURPOSE 0
I | | []
O TCM O control-keys 0O Administersthe Extension Number Display Time- [
O 0 O  Out button for the attendant console. O
E[ TCM/FM E' Sys-cos H Assigns the Attendant Release Loop Operation S
0 0 q feature to the system class of service and setsthe
O 0 [0 timedrecal inincrements of seconds. O
g TCM/FM U first-digit U Assigns the first digit of the dial access code to g
o D U change the timed recall interval (if required). o
O TCM/FM ]  dial-access-codes 0 Assigns the dia access code to allow the O
H 8 B attendant to change the timed recall interval. H




AUDIX

DESCRIPTION

The AUDIX (Audio Information Exchange) message-handling system provides subscribers with the ability
to send and receive voice messages. AUDIX subscribers can also receive messages from callers using
either the call answering capabilities of the AUDIX feature or the Leave Word Calling feature. The
AUDIX system uses recorded prompts and announcements to guide callers through the messaging

operations.

Feature History and Development

The AUDIX feature wasfirst available for System 85 with the Release 2, Version 2 software package.

The AUDIX featureis enhanced in R2 V4 to provide:
e Cdl transfer into AUDIX
e Cdl transfer out of AUDIX
¢ Return the call operation.

NOTE

The AUDIX feature provides the functionality that is commonly known as a ‘*Voice Mail’’
system.

AUDIX Applications

The AUDIX system includes the following applications to enhance voice communications between

subscribers.

Easy 1-way information transfer

Communication with people who are busy, unavailable during regular hours, or away on business

Convenient communication with personnel in different time zones

Reduction of incompl ete calls between personnel

Reduction of unproductive calls and undesirable conversation

Distribution of like information to many recipients

Interaction where an immediate response is unnecessary
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¢ Reduction of poorly transcribed messages.

Message Handling Facilities

The AUDIX system provides three message-handling facilities to run these applications. These facilities
are asfollows:

* Voice Mailbox: This facility allows AUDIX subscribers to create, edit, send, and receive voice
messages. Only AUDIX subscribers have voice mailboxes. The AUDIX system provides voice
prompts to guide Voice Mailbox users. A subscriber controls the voice mailbox using touch-tone
commands.

e Call Answering: This facility automatically answers calls to a busy or unavailable subscriber who
forwards the callsto AUDIX or uses the AUDIX system as the final point in the coverage path. When
answering a call, the AUDIX system prompts the caller to leave a message, records the message, and
delivers the message to the called subscriber’'s incoming mailbox. Each subscriber can record a
personal greeting to be heard by the calling party.

* Leave Word Calling: The Leave Word Calling feature works with AUDIX viathe Unified Messaging
feature to allow a calling party to request a returned call by pressing the LWC feature button or dialing
the access code. The calling party does not need to record a message when only desiring areturned call.
When an AUDIX subscriber in the local switch (or DCS network) activates Leave Word Calling, the
AUDIX system is able to identify the calling party by name to the called subscriber. However, when a
nonsubscriber activates Leave Word Calling, the AUDIX system is only able to report the calling
party’s extension number. In either case, AUDIX reports the date and time of the call.

Subscribers access the AUDIX Voice Mailbox feature by dialing the AUDIX extension number. The
AUDIX extension is an ACD (Automatic Call Distribution) [previously, EUCD (Enhanced Uniform Call
Distribution)] associated extension number* that routes the request to use the AUDIX system to an
available AUDIX voice port. If all the ports are busy, the request to use AUDIX is queued, and the user
hears ringback (optionaly, followed by arecorded announcement) until a port becomes available.

After gaining access to AUDIX, subscribers log on to AUDIX by entering their voice terminal extension
number and their personal AUDIX password. Theindividual passwords control access to each subscriber’s
messages, allowing only authorized users to access the messages.

AUDIX and Unified Messaging

After logging on to the AUDIX system, the AUDIX system voices the subscribers name and the status of
any incoming mail to the subscriber. Besides telling the subscriber about new AUDIX messages, the
AUDIX system aso provides unified messaging by reporting unaccessed messages on other message
services [e.g., EDC (Electronic Document Communications), MCS (Message Center Service), or switch
LWC (Leave Word Calling) messages]. A short menu of activities is voiced to the user. These activities
are asfollows:

*  When Call Vectoring is enabled, the AUDIX extension number isaVDN (vector directory number).
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* Create amessage

* Get your messages

¢ Change your personal greeting

* Check the status of outgoing messages

¢ Change your password and administer mailing lists.

Subscribers select the activity they wish to do from the activity menu. Each activity has subordinate
functions that provide the subscriber with specific capabilities.

In addition, the subscriber may request more detailed instructions at any time by using the help command.

The subscriber may return to the activity menu to begin another activity in two ways. First, the AUDIX
system automatically returns to the activity menu when an activity is finished. Second, the subscriber can
manually return to the menu during a function by using the Restart command.

There are five enhancements to the AUDI X feature for System 85 Release 2, Version 4:

e Call Transfer Into AUDIX*: Redirected calls (Call Coverage, Call Forwarding, etc.) or direct access
calls can be transferred into AUDI X.

e Call Conference Into AUDIX*: Redirected calls (Call Coverage, Call Forwarding, etc.) or direct
access calls can be conferenced into AUDI X.

¢ Enhanced Call Transfer Out of AUDIX*: Calls redirected to AUDIX (through Call Coverage, Call
Forwarding, etc.) or calls placed directly to AUDIX can be transferred out of AUDIX to a subscriber-
or caller-specified destination. Calls can only be returned to extensionsin the switch dialing plan.

* Return the Callt: After accessing AUDIX to retrieve messages, subscribers can return calls to people
that have left messages for them. Calls can only be returned to extensionsin the switch dialing plan.

¢ Basic Call Transfer Out of AUDIX for Other AT& T Switchest: An enhancement to Release 1,
Version 2 of AUDIX allows a user to transfer a call out of AUDIX when using a Release 2, Version 2
or Release 2, Version 3 System 85 switch, a DIMENSIONO 2000 FP8 Issue 3L7, or a Release 1,
Version 3 System 75.

Call Transfer Into AUDIX

This enhancement allows a voice termina user who has answered a direct or redirected call to transfer the
caller to the called party’s AUDIX mailbox. The caller can then record a message for the called party with
AUDIX.

The called party identification and other information required to transfer a call to the proper AUDIX
machine is retained internally by the switch for redirected calls. AUDIX treats the transferred cal like a
cal initially redirected to AUDIX from the called party’ s extension.

*  Thisfunction can be performed using any version of the AUDIX system.

1t This function requires the R1 V2 version of the AUDIX-L or AUDIX-M system. This function can also be performed using any
version of the AUDIX-S system.
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The need to transfer acaller to AUDIX can occur because:

* Theinitia call may have been redirected from the called party’s extension. The features that can divert
calsfrom the originally called extension are:

— Call Coverage
— Call Forwarding
— Call Pickup
— Hunting
— Unattended Console Service.

* The call may have been answered by a person at a bridged appearance (image) of the called extension.

* The call was answered at the called party’s extension by some one other than the party who was being
called.

The reasons for transferring acaller to AUDIX are:
* Thecaller may want to leave a confidential message.

* The caler may want to leave a message that is too long or technically detailed for someone to write
down.

Call Conference Into AUDIX

This enhancement alows a voice terminal user to set up a 3-party conference between a caller, the
answering party, and the originally called party’s AUDIX mailbox.

This enhancement is well suited to handle two specific scenarios:

1. Reference for the Originally Called Party—This is used when the called party needs a detailed
record of the conversation between the caller and the answering party. This would be a redirected
call, such as Call Coverage or Call Forwarding, where the message is highly critical or detailed. A
conference call is set up between the caller, the person who answered the call, and the called party’s
AUDIX mailbox. The called party can listen to the message later for reference.

2. Memorandum Recording for Record—This is used when the called party needs a record of the
conversation for later reference, or to alow athird party, not available at the time of the call, to listen
to the conversation. A conference call can be set up between the caler, the called party, and the
called party’s AUDIX mailbox (call redirection has not taken place).

Enhanced Call Transfer Out of AUDIX

Call Transfer Out of AUDIX can be used by a caller redirected to AUDIX or by an AUDIX subscriber as
described.

1. Covered-Call Transfer Out of AUDIX—A caller has been redirected to AUDIX. The caller may
leave an AUDIX message and then transfer to an alternate destination (e.g., a secretary). Alternate
destinations can include;

* Default Coverage Points such as secretaries, Message Center, or other live-answering positions.
Initially, the alternate destination is established by the AUDIX system administrator.
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¢ Caller-specified extensions within the switching system (i.e., local extensions or extensions on
remote switches). The remote extensions may be on switches that are in a DCS arrangement with
the local switch or other extensions within the dialing plan of the local switch.

2. AUDIX Subscriber Call Transfer Out of AUDIX—If a caller has called AUDIX directly or has
been redirected to AUDIX (and has logged in as a subscriber), the caler may restart the AUDIX
session and transfer out of AUDIX to an aternate destination as described under ‘‘ Covered-Call
Transfer Out of AUDIX."”

Successful Transfer: Successful transfers within a host switch (the switch connected directly to the AUDIX
adjunct) and to a remote switch are discussed here. See the section of this feature for a
description of failed transfers out of AUDIX.

Host Switch

Remote Switch

Return the Call

If the alternate destination is a station on the host (local) switch, the switch rings
the station, connects the calling party, and drops AUDI X from the connection.

If Cal Coverage is active at the aternate destination and AUDIX is a coverage
point, the call could be directed back to AUDIX.

For a Covered-Call Transfer where the default alternate destination is requested,
the call will not follow the coverage path of the aternate destination. In all other
cases, if coverage is invoked at the aternate destination, the call will follow the
coverage path (i.e., the call could come back to AUDIX).

If Call Coverage is not active, the aternate destination’s telephone rings until
answered or until the calling party abandons the call. The cal will not
automatically be returned to AUDIX.

If the alternate destination is a station on a remote switch in a DCS, the host
switch attempts to seize a tie trunk to the remote switch. If atie trunk is seized,
the call routes to the remote switch. The transfer is then considered successful. |If
the alternate destination does not answer or the call cannot be completed at the
remote switch, the caller must end the call. Thecall isnot returned to AUDIX.

If auser calls AUDIX directly or is redirected to AUDIX (and logs in as an AUDIX subscriber), the caller
may retrieve their own messages. While retrieving messages, the caller may automatically “‘return’” acall
to someone that has left the caller an AUDIX message (voice mail, call answering, or Leave Word Calling).

NOTE: The Return Call capability is automatically provided when either Basic or Enhanced
Transfer Out of AUDIX isassigned on the AUDIX system.

Basic Transfer Out of AUDIX for Pre-Release 2, Version 4 System 85

An enhancement to Release 1, Version 2 AUDIX alows a user to do a basic call transfer out of AUDIX
when the switch is not a System 85, Release 2, Version 4. This type of transfer does not use ES messages
between the switch and AUDIX and provides limited recovery information. Except for the lack of error
handling, the user interface is similar to Enhanced Transfer Out of AUDIX.
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Basic Transfer Versus Enhanced Transfer Out of AUDIX

For the basic switchhook-flash transfer, AUDIX-L and AUDIX-M must have the Release 1, Version 2
software. This method of transfer works with R2 V2 System 85, R2 V3 System 85, DIMENSION 2000
System FP8 Issue 3L 7, and R1 V3 System 75.

There is no error recovery with this basic transfer except for checking the length of the extension number.
Most failures require the user to hang up and try again.

Basic transfer can only transfer calls to extensions in the host switch’s 3-, 4-, or 5-digit dialing plan.

For the enhanced transfer using ES (Enhanced Services) signaling, AUDIX-L and AUDIX-M must also
have the Release 1, Version 2 software. This method of transfer works with R2 V4 System 85.

Primarily on the host switch, this enhanced transfer provides better error recovery, added functionality, and
faster transfers than the basic transfer.

Using enhanced transfer, the host System 85 can specify transfer failures to the AUDIX. Then, in turn, the
AUDIX can give a voiced report of the failure condition (e.g., trunks busy, voice terminal busy, invalid
extension number, or coverage path busy) to the transferring party.

Also, using enhanced transfer, the original redirection information is saved. Then, with each call
transferred out of AUDIX to the host switch, accurate display information can be given to the user
receiving the transferred call. Moreover, the saved redirection information prevents AUDIX transfers from
redirecting again.

Enhanced transfer is also faster and more graceful than basic transfer. Basic transfer depends on a
switchhook flash and delay timers to execute the transfer. Whereas, enhanced transfer operates outside
these constraints.

Enhanced transfer can only transfer callsto extensionsin the host switch’s 3-, 4-, or 5-digit dialing plan.

For amore complete description of the AUDIX system, refer to the Audio Information Exchange Reference
Manual, 585-300-201.

USER OPERATIONS

For basic AUDIX User Operations, see the Audio Information Exchange User's Manual (999-700-504 IS
for AUDIX Release 1, Version 1 or 585-302-701 for AUDIX Release 1, Version 2). All the examplesin
this section refer to extension number addressing; you can also use name addressing in these examples.
Use *A to change to name addressing.

All of the AUDIX system messages that a user will hear are printed in italics. The wording conventions
used include the pound (#) and star (*) symbols.

The following are the user operating procedures for AUDIX in System 85, Release 2, Version 4.
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To Transfer aCall Into AUDIX

For terminals without CONFERENCE, RECALL, or TRANSFER buttons;

* While active on a 2-party call, momentarily press the switchhook. [The second party is placed on soft

hold, and you hear recall dial tone.]

¢ Dial the Call Transfer into AUDIX dial access code. [You hear ringback tone. The call is queued for

the AUDIX split]

¢ Hang up. [Thecal istransferred to AUDIX.]

For terminals with RECALL buttons but no TRANSFER buttons:

* While active on a 2-party call, pressthe RECALL button. [The second party is placed on soft hold, and

you hear recall dia tone.]

¢ Dial the Call Transfer into AUDIX dial access code. [You hear ringback tone. The call is queued for

the AUDIX split]

¢ Hang up. [Thecal istransferred to AUDIX.]

For terminals with TRANSFER buttons:

While active on a 2-party call, press the TRANSFER button. [The second party is placed on hold and
an idle appearance is automatically selected.]

Dia the Call Transfer into AUDIX dia access code. [You hear ringback tone. The call is queued for
the AUDIX split.]

Press the TRANSFER button. [The cal istransferred to AUDIX.]
Hang up.

To Establish a 3-Party Conference With AUDIX From a 2-Party Connection

For terminals without CONFERENCE, RECALL, or TRANSFER buttons;

While active on a 2-party call, momentarily press the switchhook. [The second party is placed on soft
hold, and you hear recall dial tone.]

Did the Call Transfer into AUDIX dial access code. [You hear ringback tone. The call is queued to the
AUDIX split.]

Wait for AUDIX to answer.

Momentarily press the switchhook. [You, the second party, and AUDIX form a 3-way conference. At
the sound of the tone, you may record a message.]



14-8 AUDIX

For terminals with a RECALL button but not CONFERENCE and TRANSFER buttons:
* While active on a 2-party call, pressthe RECALL button. [The second party is placed on soft hold, and
you hear recall dia tone.]

¢ Dial the Call Transfer into AUDIX dial access code. [You hear ringback tone. The call is queued to the
AUDIX split.]

¢ Wait for AUDIX to answer.

* Press the RECALL button. [You, the second party, and AUDIX form a 3-way conference. At the
sound of the tone, you may record a message.]

For terminals with CONFERENCE buttons:
* While active on a 2-party call, press the CONFERENCE button. [The second party is placed on hold
and an idle appearance is automatically selected.]

¢ Dial the Call Transfer into AUDIX dial access code. [You hear ringback tone. The call is queued to the
AUDIX split.]

¢ Wait for AUDIX to answer.

* Press the CONFERENCE button. [You, the second party, and AUDIX form a 3-way conference. At
the sound of the tone, you may record a message.]

To Drop theThird Party or AUDIX Whilein a 3-Way Conference or With a 2-Party Connection and
AUDI X Ringing

For terminals without a DROP button:

* Momentarily press the switchhook. [You and the second party remain connected while the third party
or AUDIX are dropped from the connection.]

For terminals with a DROP button:

* Press DROP. [You and the second party remain connected while the third party or AUDIX are dropped
from the connection.]

Optionsfor Covered-Call Transfer Out of AUDI X

When you are redirected to AUDIX by Call Coverage, and the Call Transfer Out of AUDIX feature is
active, you must decide how you want the call to be handled.

* Thecall isredirected to AUDIX. [The following messageis heard: ‘* Your call is being answered by the
Audio Information Exchange Service. Called party’s name, extension <#> is not available at this time.
To leave a message, wait for the tone. Otherwise for assistance, press zero now.’’]
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* If you pressO or *0, the call isredirected to the called party’ s default alternate destination.

* If you press*T, you may select any destination (as long as the number isin the switch numbering plan).
After selecting the destination, press #.

Details on these scenarios are presented next.

To Transfer Out of AUDIX Before the Record Tone Sounds: T
* Be sure that you've accessed AUDIX. (The ‘““Your call is being answered by AUDIX’’ message and
the 2-second silence period have not ended.) Do either a or b.

a Press 0 or *0. [You hear ‘‘Please wait,’”” followed by ringback tone. The call has been
transferred to the covering extension.]

b. Press*T. [Thefollowing AUDIX message is heard: ‘‘Please enter the extension followed by the
pound sign. To transfer by specifying names instead, press star A.”’]

Dial an extension, followed by #. [You hear *‘ Please wait,”’ followed by ringback tone. The call
has been transferred to the selected extension.]

To Transfer Out of AUDIX After the Record Tone Sounds: T
* Be sure that you've accessed AUDIX. (The ‘““Your call is being answered by AUDIX’’ message and
the 2-second silence period have ended.) After recording amessage, do either aor b.

a Press 0 or *0. [You hear ‘‘Please wait,’”” followed by ringback tone. The call has been
transferred to the covering extension.]

b. Press*T. [Thefollowing AUDIX message is heard: ‘‘Please enter the extension followed by the
pound sign. To transfer by specifying names instead, press star A.”’]
Dial an extension, followed by #. [You hear *‘ Please wait,”’ followed by ringback tone. The call
has been transferred to the selected extension.]

* The messageis delivered to the called party.

To Transfer Out of AUDIX as a Subscriber: T

* Be sure that you've logged into AUDIX as a subscriber or that you have pressed *R to restart after
being redirected to AUDIX. Do either aor b.

a. Press*0. [You hear ‘‘Please wait,”’ followed by ringback tone. The call has been transferred to
the covering extension.]

1t Thisuser procedure applies to both Enhanced and Basic Transfer out of AUDIX.
1t Thisuser procedure applies to both Enhanced and Basic Transfer out of AUDIX.
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b. Press*T. [Thefollowing AUDIX message is heard: ‘‘Please enter the extension followed by the
pound sign. To transfer by specifying names instead, press star A.”’]

Dial an extension, followed by #. [You hear *‘ Please wait,’”’ followed by ringback tone. The call
has been transferred to the selected extension.]

To Return a Call:

* You just finished listening to an AUDIX message that was in your mailbox. [The following AUDIX
message is heard: ‘‘To respond to or forward this message, press 1. To delete this message, press star
D. To skip to the next header, press the pound sign.’’]

¢ |f the call was from the local switch, press 1. [The following AUDIX message is heard: ‘‘To reply to
sender by voice mail, press 1. To forward the message with a comment, press 2. To create a hew
message, press4. To call the sender, press0."’]

* Press 0. [The AUDIX session is stopped, you hear ‘‘Please wait,”” and a cal is returned to the party
that left the current message.]

CONSIDERATIONS

The following are the considerations for AUDIX in Release 2, Version 4.

Attendant Console

The attendant cannot operate Call Transfer into AUDIX because you can’t dial the access code from
the console.
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AUDIX Parameters
Table 14-1. Comparison of AUDIX Parameters

O aubix B amountof E© amounTtof O AmMounTof U HOURS of O
g SYSTEM B SUBSCRIBERS 3 SUBSCRIBERS E VOICE PORTS g VOICE RECORDINGS g
0 O (LightUsage) [ (MediumUsage) 0 O
O O O O O O
OAUDIX-S o 750 0 280 0 8 0 40 0
UAUDIX-M U 2000 g 750 O 16 O 80 O
1 1 1 1 1 0
HAUDIX-L [ 4000 g 1500 g 32 g 200 g

For R2 V2 and V3 switches, up to four AUDIX adjuncts can be attached to a single switch.
Beginning with R2 V4, up to eight AUDIX adjuncts can be attached to a single switch. (Flexible
DCIU port assignments provide this increased capacity.)

The initial release of AUDIX limits functionality in a multiple AUDIX arrangement. For example, a
subscriber can only be assigned to one AUDIX system, and cannot address messages (via the Voice
Mailbox feature) to subscribers on other AUDIX adjuncts. However, a multiple AUDIX
arrangement has little effect on AUDIX Call Answering and Leave Word Calling.

Busy Without Call Coverage
If the aternate destination is an extension on a remote DCS switch and is busy without Call
Coverage, the transferring party hears a busy tone from the remote switch. The transferring party
must end the call.

Call Transfer Telephone Requirement
To transfer out of AUDIX, the caller must use a telephone equipped with touch-tone dialing.

Calls Outside the DCS Network

The Transfer function works within the local switch (for alocally assigned AUDIX) or within aDCS
(for aremote AUDIX). Cals can be transferred to a non-DCS switch if the extension is valid in the
host switch’s dialing plan.

DCS Switch Compatibility

To use Call Transfer Out of AUDIX in a DCS network, the host System 85 switch must run Release
2, Version 4 software. With Call Transfer into AUDIX, the host System 85 switch (the switch
directly connected to the AUDIX adjunct), the System 85 switch where the principal resides, and the
System 85 switch where the transfer is done, must run Release 2, Version 4 software.

Dial Access Codes
A call cannot be transferred out of AUDIX if the call requires adia access code.
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Failures that Occur in Call Transfer Out of AUDIX

H Problem H Covered-Call Message E Subscriber Call Message E

[A call isdirected to AUDIX, Call Dvour call is being answered by C¥our call is being answered by O
Fransfer Out of AUDIX is active, Hhe Audio Information Exchange. Hhe Audio Information Exchange. 0
ut a covering extension has not Called Party’s Name, extension Called Party’s Name, extension
een defined. ** [<#>, is not available at this time. <#>, is not available at this time. ;
O [To leave a message, wait for the [To leave a message, wait for the [
O (ione. Lone. 0
cal is directed to AUDIX and No operator has been assigned. INo operator has been defined.g
al Transfer Out of AUDIX is Jo leave a message, wait for the You have been returned to your

[active. Thecaller presses 0 or *0, [tone. [previous activity. For help, press ]
But a covering extension is not O Cdtar H. O
[defined. ** O 0 0

The caller presses *T to transfer fExtension <#> is not valid. You fExtension <#> is not valid. You S
out of AUDIX before leaving a [imay request another transfer by [may request another transfer by O
IMmessage. The caller then enters [pressing star T, or you may leave [pressing star T, or you may leave U
[dn invalid extension number (A message for Called Party’s LA message for Called Party’sC

eforepressing #. T ame at the tone. Record at the Name at the tone. Record at the 0
O rione. rione. 0
Ohe caller presses *T to transfer [Extension <#> is not valid. You [Extension <#> is not valid. You O

ut of AUDIX after leaving a Hmay request another transfer by Hnay request another transfer by U

essage. The caller then enters pressing star T. ressing star T. g
@n invalid extension number 0 0
before pressing #. T O O O
[AIl line appearances for a That line is busy. You may That line is busy. You mayC

estination on the host switch are 7equest another transfer by Fequest another transfer byg

usy and Call Coverage is not pressing star T, or you may leave jpressing star T, or you may leave
[@active. No message has been left. [@ message for Called Party’s [@ message for Called Party’s[]
3 [Name at the tone. Record at the [Name at the tone. Record at the O
O Hone. Hone.

ﬁ\ll line appearances for a LDJI'hat line is busy. You may H’hat line is busy. You mayg
[destination on the host switch are [Tequest ancther transfer by [(Tequest another transfer by
Busy and Call Coverage is not [pressing star T. [pressing star T. O
[dctive. A message has been left. U E E

** Thisfailure condition applies to both Enhanced and Basic Call Transfer Out of AUDIX.

T Thisfailure condition primarily applies to Enhanced Call Transfer Out of AUDIX. However, Basic Transfer does validate the
number of dialed digits.

t Thisfailure condition only appliesto Enhanced Call Transfer Out of AUDIX.
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Failuresthat Occur in Call Transfer Out of AUDIX (Contd)

O Problem O Covered-Call Message U subscriber Call Message O

O O O 0
[On atransfer to a destination on a CAll circuits are busy. You may [CAll circuits are busy. You may [
[lemote switch in a DCS [fequest another transfer by [fequest another transfer by [
rangement, an outgoing trunk —pressing star T, or you may leave pressing star T, or you may leave
rom the host switch to the fa message for Called Party’s [a message for Called Party'sp
memote switch is not available. [Name at the tone. Record at the [Name at the tone. Record at the [

(Mo message has been left. + [one. ({one. O

hile transferring to  a All circuits are busy. You may BNI circuits are busy. You mayg
[destination on a distant switch in fequest another transfer by fequest another transfer by
@ DCS arrangement, an outgoing [pressing star T. [pressing star T. O
[trunk from the host switch to the O O O
[distant switch is not available. U O 0

0 message has been left. T H E E
The DCIU link is down and DYour transfer cannot be DYour transfer cannot be[
[AUDIX cannot negotiate transfer [tompleted. Try again later. [bompleted. Try again later. U
[6f the call with the switch. There LPlease disconnect. [Pl ease disconnect. O

no option to try another transfer B E
[§ince it would probably fail also. 0 0
E} O O O
Intercept Tone

For Call Transfer into AUDIX, the AUDIX transfer dia access code can only be used when
transferring or conferencing a call. If the called party is not an AUDIX subscriber, an AUDIX split,
or the called party’ s machine has not been administered, intercept tone is returned.

No Feature Button
For Call Transfer into AUDI X, no feature button can be administered to transfer a call to AUDIX.

Nonredirection of Transferred Call

For call transfer out of AUDIX, if the call is transferred to an unattended alternate destination that
does not have Call Coverage active, the terminal can ring indefinitely. The transferring party must
end the call. The call will not automatically returnto AUDIX.

No Trunk Availability

If no outgoing trunks are available from the host switch, the transferring party hears an *‘al circuits
busy’’ message from AUDIX. Covered-call users will then be able to leave a message or request
another transfer. AUDIX subscribers are returned to the previous activity.

If no outgoing trunks are available from an intermediate remote switch (tandem switch) to the
aternate destination remote switch, the transferring party hears a reorder tone from the tandem
switch. The transferring party must end the call.

Redirection to AUDIX
If the call is transferred to an aternate destination that has Call Coverage active, the call could be

t Thisfailure condition only appliesto Enhanced Transfer Out of AUDIX.
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redirected back to AUDIX.

Reorder Tone

While the DCIU link or every voice port is in an out-of-service condition, reorder tone is heard when
a subscriber dialsthe AUDIX extension number.

For cadl transfer to AUDIX, if the DCIU link is down between the switch and AUDIX or if the
AUDIX split is unstaffed, reorder toneis heard.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Abbreviated Dialing

For call transfer to AUDIX, an abbreviated dialing button can be programmed to contain the AUDIX dial
access code.

Call Coverage and ACD (Automatic Call Distribution)

An AUDIX system can be used as the final point in a coverage path. However, the ACD split number,
rather than an associated extension number, is used to assign the coverage point. Therefore, all coverage
callsthat are redirected to Call Answering by the AUDIX system are placed in the nonpriority queue.

Call Coverage and EUCD (Enhanced Uniform Call Distribution)

An AUDIX system can be used as the final point in a coverage path. However, the EUCD split number,
rather than an associated extension number, is used to assign the coverage point. Therefore, all coverage
callsthat are redirected to Call Answering by the AUDIX system are placed in the nonpriority queue.

Call Coverage and Call Vectoring

A VDN (vector directory number) associated with a vector that queues calls to an AUDIX split can be
assigned as the final point in a coverage path. When this is done, the full flexibility of the Call Vectoring
feature can be applied to the redirected call. An AUDIX vector’s processing could vary by time of day (to
provide night service), by the status of the AUDIX split’s queue (to provide intraflow or interflow), or by
priority (to queue at any of four levels of priority).
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Call Forwarding and Call Coverage

Call Forwarding and Call Coverage can be assigned to an AUDIX subscriber to redirect calls when the
subscriber is unavailable. However, when both features are assigned, Call Forwarding takes precedence
over Call Coveragein the following cases.

a If Cdl Forwarding is active for an extension that has coverage, cals to that extension redirect
according to Call Forwarding.

b. If acoverage point has Call Forwarding—Follow Me active, that point is not eigible to receive a
coveragecall.

Call Forwarding—Busy and Don’t Answer

The Cdll Forwarding—Busy and Don’'t Answer feature cannot be used to forward calls to the AUDIX
extension number. When this is attempted, the switch returns intercept tone.

Call Forwarding—Don’t Answer

The Cal Forwarding—Don’t Answer feature cannot be used to forward calls to the AUDIX extension
number. When thisis attempted, the switch returns intercept tone.

Call Forwarding—Follow Me

The Call Forwarding—Follow Me feature can be used to forward all callsto the AUDIX extension number.
When thisis done, forwarded calls enter the AUDIX queue.

Call Vectoring

A vector can have a‘‘queue to main split’’ step or a‘‘routeto’” (AUDIX extension number) step that routes
cals to an AUDIX split. However, if the DCIU link is down or if every voice port to that AUDIX is
unstaffed, these calls are not directed to the AUDIX queue. Instead, the switch returns reorder tone to the
calling party.

DCS (Distributed Communications System)

There are three cases where DCS transparency is not provided for Call Transfer Out of AUDIX for Release
2, Version 4:

* Thedternate destination residesin a DCS node, the station is busy, and Call Coverage is not active.
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* No outgoing trunks are available from an intermediate switch to the remote DCS switch.

* The default destination is a extension on another DCS node, and the extension is recently disconnected
or not assigned.

I PA (Interpartition Access)

A partitioned System 85 is not aware of AUDIX user permissions. When a voice termina user dials the
AUDIX extension number, the switch follows the usual rules for terminal-to-terminal calling to reach the
AUDIX system. Therefore the AUDIX extension number must either belong to the user’s partition group
or to Extension Partition O.

After reaching the AUDIX system, messages can be left for, created by, or retrieved by any subscriber
(regardless of the partition group the subscriber belongs to).

The Call Transfer To (and From) AUDIX functions are partitioned. A voice terminal user (in an extension
partition other than Extension Partition 0) can transfer these calls to extension numbers in the same
partition group or to extensions in Extension Partition 0. When the user tries to transfer these calls to any
other partition group (using an extension number), the switch returns intercept treatment to the transferring

party.

A voiceterminal user in Extension Partition O is allowed to transfer these calls (using an extension number)
to any voice terminal in the switch.

Last Extension Dialed

The Last Extension Dialed feature can redial callsto an associated extension number of an AUDIX system.

Last Number Dialed

The LND (Last Number Dialed) feature can redial calls to an associated extension number of an AUDIX
system. However, the LND feature does not redial the AUDIX user’s extension number, password, or the
previously dialed digits to access the voiced AUDIX menus.

LWC (Leave Word Calling)

If the principal’s LWC messages are stored on the AUDIX system, the originator of a LWC message cannot
cancel the message. When the message originator tries to cancel the message, the switch will accept the
request with confirmation tone. However, the LWC message is not removed from the principal’s AUDIX
mailbox.
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LWC (Leave Word Calling) and DCS (Distributed Communications System)

The AUDIX adjunct can only voice the names of its own subscribers. Therefore, Leave Word Calling on
the AUDIX adjunct can be transparent. If an AUDIX subscriber in another node activates LWC toward a
principal served by the same AUDIX adjunct, the caler's name is included in the LWC message.
However, if this caller is not served by the same AUDIX adjunct as the principal, the caller’s name is not
included in the LWC message. In this case, the AUDIX system is able to report the calling party’ s number.

M essage Center Service

The AUDIX system can be used as aform of night service for a Message Center split. The Message Center
split supervisor does this by using Call Forwarding—Follow Me to forward all Message Center callsto the
AUDIX extension number. Refer tothe description for these user operations.

Tenant Services

A partitioned System 85 is not aware of AUDIX user permissions. When a voice termina user dials the
AUDIX extension number, the switch follows the usual rules for terminal-to-terminal calling to reach the
AUDIX system. Therefore the AUDIX extension number must either belong to the user's extension
partition or to Extension Partition 0.

After reaching the AUDIX system, messages can be left for, created by, or retrieved by any subscriber
(regardless of the extension partition the subscriber belongs to).

The Call Transfer To (and From) AUDIX functions are partitioned. A voice terminal user (in an extension
partition other than Extension Partition 0) can transfer these calls to extension numbers in the same
extension partition or to extensions in Extension Partition 0. When the user tries to transfer these calls to
any other extension partition (using an extension number), the switch returns intercept treatment to the
transferring party.

A voiceterminal user in Extension Partition O is allowed to transfer these calls (using an extension number)
to any voice terminal in the switch.

Transfer

For call transfer to AUDIX, the Transfer function can be used for cals that have been redirected by the
following redirection features:

¢ Cdl Coverage
e Cadl Forwarding
¢ Call Pickup

* Hunting
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¢ Unattended Console Service.

HARDWARE REQUIREMENTS

The AUDIX hardware is available in three sizess AUDIX-L, AUDIX-M, and AUDIX-S. Each
configuration contains processors, interfaces, voice and data ports, disk drives, and related equipment.

Analog line circuits (SN228 or SN229) are required on the switch to provide voice connections with the
AUDIX system.

Each subscriber interfaces with the AUDIX system using touch-tone dialing voice terminals. Touch-tone
signals are used to enter commandsto the AUDIX system for the Voice Mailbox features.

For a more compl ete description of the necessary hardware, see the Audio Information Exchange Reference
Manual, 585-300-201.

For a more detailed description of hardware maintenance, see the Audio Information Exchange
Maintenance Manual, 585-300-102.

FEATURE ADMINISTRATION

Administration of the AUDIX system must be done both on the switch and on the individual AUDIX
adjuncts. A description of switch and AUDIX administration is available in the Audio Information
Exchange Installation Manual (585-300-101 for AUDIX Large and 585-300-103 for AUDIX Medium).
The Audio Information Exchange Administration Manual (999-700-503 IS for AUDIX Release 1, Version
1 or 585-302-501 for AUDIX Release 1, Version 2), is used for AUDIX administration only.
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The following features should be administered using the AUDIX Installation Manua to enable AUDIX
operation.

a. ACD: The ACD feature (previoudly called EUCD) serves as the gateway to the AUDIX system.
ACD administration is presented in the[ACD] section of this document.

An AUDIX-L adjunct can have as many as 32 voice ports. Therefore, an ACD
NOTE gateway split should be configured to contain 16 or 32 (usually, 32) members.

An AUDIX-M adjunct can have up to 16 voice ports and an AUDIX-S adjunct can
have up to 8 voice ports. Therefore, these ACD gateway splits should be configured to
contain 16 members.

b. Call Vectoring: For R2 V4 System 85, the Call Vectoring feature can be used in conjunction with
the ACD feature on a per-system basis. When this is done, some of the standard ACD functions are
disabled and replaced by the more flexible vector processing. Call Vectoring administration is
presented in the[Call Vectoring] section of this document.

c. Touch-Tone Dialing: The Touch-Tone Dialing feature serves as the subscriber interface to the
AUDIX system. The administration for touch-tone voice terminals is presented in the[Touch-Tong
[Dialing section of this document.

d. Leave Word Calling: The Leave Word Calling feature is available on the AUDIX adjunct. Leave
Word Calling administration is presented in thelLeave Word Calling section of this document.

e. Call Coverage: The AUDIX system can be assigned as the final point in a coverage path. If this
function is elected, Cal Coverage should be administered on the switch. Cal Coverage
administration is listed in the[Call Coveragd section of this document.

f. Call Forwarding: The AUDIX system can be assigned as the destination for Call Forwarding. If
this function is elected, Call Forwarding should be administered on the switch. Call Forwarding
administration is presented in the|Call Forwarding—Follow Mg section of this document.

g. DCIU Links: Data Communications Interface Unit links are necessary between the switch and the
AUDIX adjunct. The DCIU administration for AUDIX follows.
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System 85 DCIU Administration

UPROCEDURE UWORD U PURPOSE VT U
0 256 0 1  Administersthe DCIU link characteristics. o No %
O 256 o 2 CAdministers level 2 timers and counters for aDCIU link. ONo 0O
,':'I 256 H 3 ﬂ&dmi nisterslevel 3 timersand countersfor aDCIU link. ﬁ No E
E 257 E 1 EAdmi nisters the components and priority status of aDCIU channel. E No
O 257 0 2  [Administers DCIU ports for the DCIU channels. ONo U
O 257 0 5 [ReservesaDCIU port for use by an AUDIX system (R2 V4 only). 7No E
O 258 o 1 [(Bwaps (R2 V4) or copies trandation changes made using ONo 0O
O O [Procedures 256 and 257. o 0
E 258 E 2 B?efreshes the DCIU temporary trandlation tables before using E No E
O O Procedures 256 and 257. 0 0
U 261 U 1 Lprovidesthetransation between an internal AP or AUDIX number UYes U
g B %and the network AP or AUDIX number. B E
0 261 o 2 Assigns the associated extension for each network number. oYes
o 275 0 1  [CAssigns DCIU to the system class of service. Oyes U
E 350 E 2 ‘aAssigns the Call Transfer into AUDIX dial access code. The ENO S
0 0 rapplicable encodeis: 0 0
H H H 58 Call Transfer to AUDIX. H H

The following is the applicable FM path name (used with the AP 16) for DCIU administration.

PATH NAME PURPOSE

facilitiessmgmt dciu link-assignments Generates areport of the current DCIU link

assignments.

oogoc
oogqno

oooo
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The following are the applicable CSM Command Paths (utilizing the admin areaof TCM or FM) for DCIU

administration.

CSM SCREENS — MASKS

AUDIX
APPL’'N OBJECT PURPOSE
FM dciu-link Administers the status and attributes of Data Communi-
cations Interface Unit (DCIU) links, which are logical
channels used for carrying messages between the DCIU
and the Audio Information Exchange (AUDIX).
FM dciu-channel Assigns network channels to provide logical pathways

for transmission on DCIU links, also establishes the
status assignment and priority level of the channel.

FM dciu-route-codes

Administers alternate route codes assigned to a specific
destination routing code. The codes are used to route
messages between the DCIU and the AUDIX adjunct
processor, or to route messages to another DCIU in a
DCS (Distributed Communications Services) network.

MoOoOooOOoopoOOoopoooOopOoooo

Mmoo oooompEo

Sys-cos

MmPpOOoOodonooopoooOompEo

Assigns DCIU to the system class of service.

AUDIX Administration

* AUDIX System Administrator

— Call Transfer out of AUDIX isenabled and disabled on a per-AUDIX basis.

— The initial default number for the alternate destination is assigned on a per-system and/or a per-

subscriber basis.

MmOoOOoOoOoooOoooooooooooog

— If the switch numbering plan is changed, the default alternate destination should be changed. There
is no notification or automatic process for changing the default numbers,

e AUDIX Subscriber

— If the switch numbering plan is changed, the default alternate destination should be changed. There
is no notification or automatic process for changing the numbers.

DCIU Administration

Refer to|Appendix D|of this manual for detailed information about DCIU administration. This information

includes some recommendations for typical administration of the DCIU.
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AUTHORIZATION CODES

DESCRIPTION

Voice terminal users and attendants can use authorization codes in conjunction with the FRL (Facilities
Restriction Level) feature. These codes add flexibility and improve the effectiveness of the FRL feature.
Authorization codes can also be used for billing purposes, asa‘‘movable’’ personal identifier.

The FRL (Facilities Restriction Level) Feature

The FRL feature protects network facilities from unauthorized use and limits access to critical facilities.
An FRL is assigned to each originating facility (line class-of-service and incoming trunk circuit). Thisis
the primary FRL (also known as the default FRL). When a user places a call, the switch selects a routing
pattern based on the dialed digits. Then, the switch compares the FRL associated with the call (the default
FRL of the originating line or trunk circuit) to the FRL of the first-choice trunk group. A call can only
access trunk groups that have FRLs lower than or equal to the FRL of the calling circuit. If the call has a
high enough FRL, the switch searches until an available trunk is found, or until a trunk group is reached
that has a higher FRL than the calling facility. When a higher FRL is needed to continue searching for an
available trunk, the switch prompts the caller for an authorization code.

Authorization Code Functions

Authorization codes provide an option with the FRL feature. The switch requests an authorization code
only once during a call. When the caller dials an authorization code, the switch replaces the default FRL
with the FRL assigned to the authorization code. Using the new FRL, the switch makes a second attempt to
route the call. If this attempt fails and queuing is available, the switch tries to queue the call on the
designated trunk group.

Private network trunk groups normally have low FRLs. Public network trunk groups and authorization
codes usually have higher FRLs. This is based on the assumption that long distance calling over public
network facilities is more expensive than if the same call is placed over private network facilities. [This
may not always be true when FX (Foreign Exchange) or WATS (Wide Area Telecommunications Service)
trunks are available] Therefore, most employees can make private network calls, but only employees that
have access to a high enough FRL can access the public network. High FRLs limit access to premium
facilities such as expensive public network trunks, international service facilities, or sensitive private
network trunk groups (such as high-speed digital trunks to data processing centers). Incoming trunk groups
(i.e., tie trunks and remote access trunks) can be set up so that the switch always requests an authorization
code. An authorization code allows a caller to override the FRL assigned to the terminal that the caller is
using temporarily, for instance, another person’sterminal or a general use terminal.

Authorization codes can also be used as an option to Barrier Codes with the Remote Access feature. If the
Authorization Code option is used for Remote Access, and an authorization code is later needed for FRL
purposes, the authorization code does not need to be dialed again. The switch uses the same authorization
code entry for FRL purposes.

151
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Alternate FRLs

Each primary FRL can be assigned an alternate FRL value. To activate or deactivate the aternate FRLS,
the attendant simply presses a button on the attendant console. When alternate FRLs are in effect, they
replace default FRLs. This is true for the FRLs assigned to authorization codes as well as default FRLs
assigned to equipment and facilities. The alternate FRLs can be more restrictive, less restrictive, or the
same as the default FRL. Alternate FRLs are normally used during ‘‘off hours’ when a different set of
facility restrictions and controls may be desirable.

Feature History and Development

The Authorization Code feature and the related FRL feature were first available in System 85 with Release
1. Subsequent changes and enhancements have included the following:

* |ncreasein Authorization Codes Available
The number of authorization codes available in a single switch was increased from 9,000 to 90,000.
This enhancement was first available with Release 2, Version 3.

¢ Validation Algorithm for Authorization Codes

In switches prior to Release 2, Version 3 (Release 2, Version 2 and earlier), the switch validates
authorization codes using a predefined algorithm.

Seed Digits, Check Digits, and Check Sum Digits: Each authorization code contains either three or
four ‘‘seed digits’ and from one to three ‘‘check digits.’’ Additionally, a ‘‘ check-sum digit’’ is
defined for each check digit.

Using this algorithm, the seed digits are always the leading digits within a code, while the check
digits dways follow the seed digits. Each check-sum digit is the modulus 10 sum of a designated
subset of seed digits and a check digit. Table 15-A shows the available options for assigning a
switch’s authorization codes.

Table 15-1. Authorization Code Parameters

U Number of Digits UNumber of H Number of E Number of U

fn Authorization Codes Seed Digits Check Digits 7 Check-Sum

0 0 0 DigitsNeeded [J
i — = i & 0
0 4 Digits 0 3 0 1 0 1 0
U 5 Digits 0 4 0 1 0 1 O
O O 3 O 2 O 2 O
H — H H = N
0 6 Digits 0 4 0 2 0 2 0
O O 3 O 3 O 3 O
| i O | O O
0 7 Digits 0 4 0 3 [ 3 0

¢ Random Selection of Authorization Codes

In Release 2, Version 3 and later switches, the Vaidation Algorithm is no longer used. Instead, users
are free to establish their own 4-, 5-, 6-, or 7-digit authorization codes on a random basis, or on
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whatever basis best suits their needs. For example, the last four to seven digits of an individuals social
security number, payroll account number, birth date, or persona extension number could be used.
Coding schemes of this sort make it easier for users to remember their individual authorization codes.
However, these switches are somewhat less secure than the Validation Algorithm or a pure random
number system.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Enter an Authorization Code

— An attendant or voice terminal user should:

* Placethe call in anormal fashion. [Call-progress tone]

(If an Authorization Code is needed, recall dial tone [three bursts of tone, followed by dia tone] is
returned.)

¢ Enter the assigned Authorization Code. [Call-progress tone continued.]

CONSIDERATIONS

Limits
A Release 2, Version 3 switch can have up to 90,000 authorization codes.

In switches, prior to Release 2, Version 3, there can be up to 9,000 authorization codes.

Thefirst digit of an Authorization Code can be any digit except the digit *“1."”” Thedigit *‘1"" isused
to direct the switch to try again with the same FRL. If this digit is used at the beginning of an
authorization code, the switch will ‘‘try again’’ when the first digit is dialed, and the rest of the
authorization code will not be read.

10-Second Timer

As the switch requests an authorization code with recall dia tone, a 10-second timer begins. An
authorization code must be dialed before the timing elapses for the authorization code FRL to route
the call. Otherwise, after a‘‘1"’ is dialed or the timer elapses, the switch retries the call using the
original FRL.

Rotary Dialing Terminals
On internal calls (calls originated on alocal switch or within a DCS or Main/Satellite arrangement),
there are no problems with using either a rotary or touch-tone dialing terminal. However, if an
incoming call [over a CO (central office) or remote access trunk] requires an authorization code, a
touch-tone dialing terminal or equivalent (a data terminal, using the keyboard dialing function) must
be used; or the call must be placed using attendant assistance. A rotary dialing terminal cannot dial
an authorization code over a CO or remote access trunk.
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Digits Required

Authorization codes are required to have at least four digits. Up to seven digits can be used. Every
authorization code assigned to a particular switch (or to al nodes in a DCS) must have the same
number of digits.

Security

There should be enough digits within the authorization codes to expect probable failure for a person
attempting to find a valid code by trial and error. A good margin of safety would be provided if the
ratio of possible codes to actual codes >= 100:1. Table 15-B shows the recommended digit
assignment for authorization codes.

Reviewing the Assigned Authorization Codes

For switches that use the validation algorithm (R2 V2 and earlier), the assigned authorization codes
can be reviewed in Procedure 282, Word 1. When this is done, the MAAP or SMT displays these
authorization codes in numerical order.

However, beginning with R2 V3, the method for storing authorization codes in switch memory
changed. The assigned authorization codes can still be reviewed in Procedure 282, Word 1. But, the
sequence of these displayed codes is no longer numerical. Instead, the MAAP or SMT displays the
codes in the same order that they were entered. Displaying the authorization codes by order of entry
givesthe display an appearance of randomness.

Table 15-2. Recommended Digits for Authorization Codes

O O O O
O 0 0 O
0 Number of 0 Number of 0 Recommended Number of 0
0 Digits 0 Possible Codes 0 Actual Codes 0
O 0 0 O
= = = = 0
0 4 Digits 0 9,000 0 1t090 0
a 5 Digits O 90,000 O 91 to 900 g
= 6 Digits = 900,000 = 901 to 9,000 .
O 7 Digits O 9,000,000 0 9,001 to 90,000 0

Release 2, Version 3, Authorization Codes

In Release 2, Version 3, the authorization codes are entered by the user rather than provided by the
switch. An authorization code can be from four to seven digits (in a single switch, al authorization
codes must have the same number of digits). Procedure 281 is used to enter the number of digits that
are to be used and which digits, if any, to delete.

When auser dials an authorization code (during a calling sequence), the switch searches for that code
and its associated FRL and Network Access Flag. Three parameters are used by the switch to store
and search for valid authorization codes. If the authorization codes are set up properly, these
parameters help locate a valid authorization code.

Procedure 281 is used to tell the switch processor how many digits are to be dialed, and if more than
four are used, what digits to delete. If a number scheme is used that inherently has common digits
(i.e., payroll numbers that include department numbers or personal extension numbers that include a

OooOoad

I I
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common prefix), it is best to delete the most duplicated digits as this reduces the chances of
duplicating authorization codes.

Hard Processor Swaps

Authorization codes and their corresponding FRLs are stored in a tranglation portion of switch
memory. Therefore, these codes and their assigned FRL s will endure a hard processor swap.

INTERACTIONSWITH OTHER FEATURES

FRL (Facilities Restriction Level)

An FRL is assigned to each authorization code. This FRL can then be used instead of the default FRL
assigned to the terminal being used.

I PA (Interpartition Access)

For switch security, strict partitioning is applied to Authorization Codes. Authorization Codes can only be
assigned to an extension partition (not a partition group), and these codes cannot be shared by the
extensionsin a partition group.

Last Number Dialed

For switch security, the Last Number Dialed feature does not store or redial Authorization Codes.

Queuing

When the Authorization Code feature is active and Queuing is provided, AAR/ARS (Automatic Alternate
Routing or Automatic Route Selection) calls may queue. The use of an authorization code does not inhibit
gueuing where applicable.

Remote Access

The Remote Access feature can use an authorization code instead of a barrier code. If this is done, no
further request is made for an authorization code. The same entry is used by the switch if an authorization
code is needed later to complete the call. If a barrier code is used to gain access to the Remote Access
feature, the authorization code may be required later to complete the call. In thisinstance, the authorization
code must be entered separately.
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Tenant Services

In Procedure 281, Word 1, the amount of digits used in authorization codes is assigned on a system-wide
basis. Therefore, every partition in a partitioned switch must use the same amount of digits.

In Procedure 282, Word 1, each authorization code is assigned to an extension partition. Usersin different
extension partitions are not allowed to share an authorization code, and the same code cannot be duplicated
for use in more than one partition.

When a voice terminal user in a specific partition dials an authorization code, call-processing software

checks to determine whether the code’ s associated partition matches the partition of the voice terminal used
to placethe call. If these partitions do not match, the switch returns intercept treatment to the calling party.

Traffic M easurements

Whenever an invalid authorization code is received from a voice terminal, remote access trunk, or an
attendant, a traffic measurements peg count is incremented.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Authorization Codes feature is on a per-switch basis, using the MAAP (Maintenance and
Administration Panel). The customer can partially administer this feature using the SMT (System
Management Termina) or FM (Facilities Management) feature. This feature can also be administered
using CSM (Centralized System Management).
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The following are the applicable MAAP and SMT procedures for Release 2, Version 3.

g SYSTEM 85 RELEASE 2, VERSION 3 g
0 MAAP AND SMT PROCEDURES — AUTHORIZATION CODES 0
EPROCEDURE E WORD E PURPOSE E SMT g
U 103 O — O Administers network trunk group parametersincluding FRL and O Yes U
O O U authorization code requirements for incoming tie trunks. O E
0 281 o 1 0 Administers the authorization code algorithm parameters. This [ No [J
O O [ includes the number of digitsin an authorization code and which [ O
O 0 O digits, if any, to delete. 0 0
E[ 282 H 1 HAssigns a single authorization code and its FRL and network H Yes g
0 0 ] access flag. 0 0
0 282 o 2 O Displays the number of authorization codes that have been O Yes U
O O U entered in the switch. O E
0 283 o 1 1 Displays the authorization codes, extension numbers, andtrunk [ Yes [J
O O [J groups associated with a specific FRL. O O
g 285 g — U Assigns authorization code requirements for access to ARS and g Yes H
0 0 0 network type (hierarchic or symmetric routing plan) to the 0 0
0 0 0 hetwork class of service. With symmetrical routing, tandem-to- 0
O O g tandem calls route only on the first-choice trunk group. O O
H * Procedure 282 was changed for R2 V3 and later switches. The MAAP and SMT H
E procedures for R2 V2 and earlier switches are shown in a separate table. =

The following are the applicable MAAP and SMT procedures for Release 2, Version 2, and earlier
switches.

SYSTEM 85 RELEASE 2, VERSION 2 AND EARLIER
MAAP AND SMT PROCEDURES — AUTHORIZATION CODES

d
O PURPOSE

UAdministers network trunk group parameters including
E authorization code requirements for incoming tie trunks.

1 EAdmi nisters the authorization code algorithm.

ROCEDURE
103

WORD

=

<
®
OoOodooooooooooooooodgoo o

<
®

281
282

Z
o

<
®

1 YAssignsan FRL and network access flag to a single authorization
[ code.

2 OAssigns an FRL and network access flag to a group of consecutive
U authorization codes.

3 E Displays and changes the FRL for a group of up to ten
[ consecutive authorization codes. The FRLs do not have to be the
same.

4 UAdministers the public (off-net) to private (on-net) network access
o flags for up to ten consecutive authorization codes.

1 ODisplays the authorization codes, extension numbers, and trunk
Hgroups associated with a specific FRL.

282

282

<
®

282

<
®

283

OoOooohoooooOoooomopog I%E]I:II:II:I
<
®

MOfOoOOOOoOOgooopoggoopoogEo
MOfOOOOoogoooOopogoomogE o
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The following isthe applicable TCM path name used with the AP 16.

E TCM SCREEN — AUTHORIZATION CODES E
O 0 O
= PATH NAME O PURPOSE 0
O terminal-change system parameters O Enables the use of Authorization Codes for O
H  (select the Access-Codes option) H AAR/ARS. H
The following is the applicable FM path name used with the AP 16.

E FM SCREEN — AUTHORIZATION CODES B
O O O
= PATH NAME O PURPOSE 0
O facilities-mgmit facility-rest authorization-codes O Displays and changes the FRL and network O
g U access status associated with an authorization O
H H code(s). A printed report can also be generated. H
The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

. CSM SCREENS— MASKS .
0 AUTHORIZATION CODES 0
O app'N U oBJECT O PURPOSE O
! 0 ! []
O FM O trk-grp O  Administers network trunk group parametersincluding FRL [0
O O 0 and authorization code requirements for incoming tie U
O O 0 trunks. S
E FM E auth-code E Assigns a single authorization code and its FRL, network [
0 O O accessflag, and its extension partition. O
g FM U alt-frl U Assigns authorization code requirements for access to ARS. E
0 B B Enables or disables authorization code, and suppresses 0
0 0O 0 AARdial tone (if required). 0
O FM 0  atfrl-ctrl 0 Assigns dternate FRL patterns and types of referral for U
H H H Aca. H




AUTOMATIC ALTERNATE ROUTING

DESCRIPTION

The AAR (Automatic Alternate Routing) feature provides aternate routing of private network calls. With
alternate routing, more than one route can be made available for a call to reach itsfinal destination.

For calls between two points (switches), available routes are grouped into routing patterns. Routing
patterns are ordered lists of the trunk groups the switch can use to complete a particular call. Each routing
pattern has one or more trunk groups. For patterns with more than one trunk group, the trunk groups are
arranged in order of preference (first-choice, second-choice, etc.).

illustrates a typical AAR arrangement for private network calls between distant cities (in this
example, Los Angeles, Phoenix, and San Diego). The first-choice trunk group in a routing pattern is
usually the most direct and economical route available. For acall from Los Angelesto Phoenix, thiswould
be trunk group 41. If thisroute is busy, the switch has another chance to extend the call using an aternate
route, trunk group 46 to San Diego and then to Phoenix via trunk group 47. If thisrouteis aso busy, there
isyet another aternative, trunk group 22 to the public network.

The more alternate choices a routing pattern has, the better the chance that a call will complete on the first
caling attempt. During periods of peak demand, AAR lowers the probability that calls must be redialed
because of busy trunk facilities.

FRL (Facilities Restriction Level)

Each trunk group in arouting pattern has an FRL (Facilities Restriction Level). When a voice terminal user
places a call, the switch selects a routing pattern based on the first three digits (location code) of the dialed
7-digit private network number. Then, the switch compares the FRL associated with the call (the default
FRL) to the FRL of the first-choice trunk group. The call can only access a trunk group that has an FRL
that is lower than or equal to the default FRL. If the call has access to the first-choice trunk group, the
switch checks it for an available trunk. If al trunks are busy, the switch checks each alternate trunk group
to which the call has access. If the call still fails to route and a higher FRL would alow access to more
trunk groups, the switch prompts the caller (recall dial tone) for an authorization code.

Authorization Code

Using the FRL associated with the authorization code, the switch makes another attempt to find an
available trunk. If the new FRL is till too low, the switch tries to queue the call on the first-choice trunk
group. The caller’'s FRL (either the default FRL or the authorization code FRL) must allow access to the
first-choice trunk group before the call can be queued. The trunk group’s queue length (number of calls
allowed in queue) must also allow access to queuing. If queued, the switch checks the first-choice trunk
group every 2 seconds for an idle trunk. If no trunk becomes idle before the time-in-queue limit is

16-1
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18
Switch
San Diego
46 RNX: 367 41
. Switch Switch
8-374-3754 LosAngeles .
RNX: 374 451-4011
RNX: 233
41
22 19
CO DDD
oY T ”
NPA: 213 NPA: 619 NPA: 602
User Dials: LA Outpulses OnTG To DID?
8-374-3754 374-3754 41 PH -
374-3754 46 SD -
1-602-451-3754 22 CO Yes
1-602-451-4011 22 CO No

Figure 16-1. Automatic Alternate Routing

exceeded, the switch makes a *‘last try’’ on al accessible trunk groups (as determined by the FRL) in the
pattern.

Pattern Queuing

The Pattern Queuing option allows any number of trunk groups in the pattern to be checked for an idle
trunk during the entire queuing process. The switch may check the first-choice trunk group only (ignoring
Pattern Queuing), or the first two trunk groups, etc. If Pattern Queuing indicates that three of ten trunk
groups are to be checked, the switch still checks all ten during the ‘‘last try.”” When a call is placed in
queue, it still queues on the first-choice trunk group and is restricted by that trunk group’s queuing
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parameters (queue length, time-in-queue, etc.).

CAUTION: Care must be exercised when setting the number of trunk groups to be
included in Pattern Queuing. Increasing the number of trunk groups to be checked means
an increase in processing time. If this added processing time does not produce a
significant increase in calls served, queues could begin to overflow.

Uniform Numbering

Uniform numbering, to draw an analogy, is the mortar that binds a private network together. Each terminal
on the network is assigned a 4-, 5-, 6-, or 7-digit destination code that uniquely identifiesit to the rest of the
network. Network size determines how many digits are needed. In small networks, a destination code may
only need four digits; while large networks may require as many as seven digits. Each destination code has
a2- or 3-digit location code, plus an extension number of from 2 to 5 digits.

Location Code

The location code has the form RNX, where R equals any digit 2 through 9 except the SMDR (Station
Message Detail Recording) account code prefix, and X equals any digit O through 9. To reach a terminal
assigned to another switch on the private network, the caller dials the AAR access code, plus the location
code, plus the extension number. To reach another terminal on the same switch, acaller only hasto dia the
extension number. When a 10-digit DDD (Direct Distance Dialing) humber follows the AAR access code,
the call routes viathe ARS (Automatic Route Selection) feature.

Over flow to the Public Networ k

Typically, the first-choice trunk group in an AAR pattern will be a direct (private network) path to the
destination switch. Alternate routes, however, may require the use of public network facilities. At the
customer’s option, an AAR routing pattern may contain public network trunk groups (Foreign Exchange,
Wide Area Telecommunications Service, or local Central Office). Normally, public network trunk groups
are either the last choice or the only choice in an AAR routing pattern. The switch routesan AAR call viaa
public network trunk group only if al private network trunk groups are busy or the routing pattern has no
private network trunk groups. When a cal is rerouted from a private network pattern to a public network
pattern (or vice versa), the destination code is changed to conform to the uniform numbering plan of the
new network. The method used to accomplish thisis called subnetwork trunking.

Subnetwork Trunking

The switch uses software routines to modify the format of the dialed number. These software routines can
insert digits, delete digits, regroup digits, or insert pauses between digits, as necessary to change the
destination code to conform to a new uniform numbering plan. The destination code modification
capabilities of subnetwork trunking available from the System 85, Release 2, Version 3 switch are as
follows:
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¢ Upto seven digits can be deleted from the front of a destination code
¢ Upto 20 digits can beinserted in place of the deleted digits
¢ Digitscan beinserted in up to four groups

¢ A group can have up to 15 digits.

Both public and private network trunk groups can be accessed through subnetwork trunking routines.
Transparent access to any long-distance vendor, called IXC (Interexchange Carrier) Access, is aso
available. Trunk groups that involve a toll charge can be set up to give a 1-second warning tone. After
hearing the tone, the caller can either let the call proceed or hang up and try again later when a less
expensive trunk facility is available.

Routing to Private Network Locationsin Foreign Countries

Another convenience AAR offers is private network routing to locations in foreign countries. The caller
dias a 7-digit number of the form RNX-XXXX, where RNX is the location code for the destination
(private network) switch and XXXX is the fina four digits of the IDDD (International Direct Distance
Dialing) number. Subnetwork trunking converts the RNX to the appropriate country and city codes for the
overseas central office that serves the private network location. An IDDD route is always the only choice
in this type of routing pattern.

Generalized Routing

Conditional Routing is the first implementation of Generalized Route Selection and is available only on
Release 2, Version 3 and later switches. Generalized Route Selection uses a set of call attributes for routing
selection rather than just the RNX dialed by the user. Each different set of attributes defines a different call
category.

Conditional Routing

Conditional Routing, aso known as Satellite Hop Control, is the only attribute currently available.
Conditiona routing counts the number of satellite links a call has used to reach the local switch (hence the
name satellite hop control). It rangesfrom 0to 2. Thethree possible call categories are:

¢ Cdl Category 0—Satellitecount =0
¢ Cdl Category 1—Satellite count = 1
¢ Call Category 2—Satellite count = 2.
If two satellite links have already been used, the use of additional satellite links may introduce signaling

delays and signal degradation. Therefore, AAR must select a pattern that will not use more than two
satellite links.

The satellite count associated with the call is sent as a TCM (Traveling Class Mark). It follows the FRL
(Facilities Restriction Level) TCM when used. The local switch may receive a destination code, followed
by the callers FRL TCM, followed by the Conditional Routing TCM. The Conditional Routing TCM is
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matched against a call category that in turn is used to select a pattern. Patterns not assigned to the call
category cannot be used for routing. So a call with a satellite count of 2 can be prevented from accessing a
pattern containing any satellite links by assigning the pattern to Call Category 0 and/or Call Category 1. It
is not necessary at this time to convert from satellite count to call category. However, as new attributes are
added in future rel eases, the need for distinct call categories will develop.

Feature History and Development

The AAR feature was first available on System 85 in Release 1. The following enhancements have been
made to this feature since its introduction:

— During Release 1, System 85 switches allowed for as many as 180 AAR routing patterns. In R2 V1, the
maximum number of patterns was increased from 180 to 255. In R2 V3, the maximum number of
patterns was increased from 255 to 640.

— In R2 V3, the maximum number of trunk groups in a pattern was increased from 4 to 16.
— InR2 V3, Conditional Routing was added to limit the number of satellite links used in extending a call.
— In R2 V3, Pattern Queuing was added so that a call can queue on any trunk group in a pattern.

— In R2 V3, subnetwork trunking was enhanced to provide I XC Access: customer-defined access to any
long-distance vendor. The following are included in this enhancement.

* Seven digits can be deleted from the front of the destination code (no change).
¢ Twenty digits can be inserted in the place of the deleted digits (increased from 12).
¢ Digits can beinserted in up to four groups (no change).

¢ A group can hold a maximum of 15 digits (increased from 7).

Flow Diagram

To help conceptualize this complex feature, a flow diagram is provided in|Figure 16-2.| This diagram does
not show all of the decisions made in the AAR software. The diagram does, however, unify many of the
different AAR functions.
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Figure 16-3. AAR Feature Flow (Sheet 2 of 3)



16-8

AUTOMATIC ALTERNATE ROUTING

Determine pattern
and begin checking

trunk groups.
®

Does FRL alow
accessto an
idle trunk?

v

Is subnetwork
trunking
necessary?

Change digits
asrequired.

|
conditional routing
active?
oes route
usea
satellite link?

Yes

No

Increment satellite
hop count TCM.

Send call to
serving switch.

End.

T

Haveall the
trunk groups
been checked?

Check next
trunk group.

Recheck pattern
using station FRL.

Yes

Was an
authorization code
already entered?

Return recall
dial tone.

Did caller
enter a

ur

No

Did FRL alow
access to first
choice trunk group?

Switch returns
intercept tone.

Was avalid
authorization code
entered?

Yes

. No
pattern queuing

active?

Queue first-choice
trunk group only.

Determine FRL of the
authorization code
and recheck pattern.

Yes

Yes
(©)

No

Determine trunk Istherean
groups switch idle trunk
can queue to. available?

No

Queue to number Has

of trunk groups — time-in-queue
FRL will alow. expired?
Yes
Check entire
pattern one
more time.

Figure 16-4. AAR Feature Flow (Sheet 3 of 3)

Does FRL alow
accessto an
idle trunk?

Switch returns
reorder tone.




AUTOMATIC ALTERNATE ROUTING 16-9

CONSIDERATIONS

Inferred Routing

Certain tie trunks can be administered (see Procedure 103 in the [Feature Administration| section of
this feature) to aways route incoming callsto AAR or ARS. These callsare said to “‘infer’” AAR or
ARS routing, meaning that the switch automatically inserts the private network access digit ahead of
the received digits and then routes the call. The trunk types that infer AAR or ARS routing are as
follows:

¢ 2-way intertandem tie trunk: wink start in/delay dial or wink start out (trunk type 41)
¢ 1-way incoming intertandem tie trunk: wink start (trunk type 42)

¢ 1-way outgoing intertandem tie trunk or bypass access tie trunk: delay dia or wink start (trunk
type 43)

* 2-way access tie trunk (main-tandem connection): dial repeating in/ delay dia or wink start out
(trunk type 46).

Data Only Routing Patterns

For data only applications, specifically where data calls are originated over DS1 AVD (Alternate
Voice Data) trunks, AAR data call routing patterns must be separate from patterns used for voice
cals. Routing patterns for data calls should minimize tandem connections. All trunk groups in a
data only pattern must be suitable for data transmission. DS1 AVD trunk groups must not overflow
to voice-grade trunk groups, or the introduction of modems (through the Modem Pooling feature) at
the destination end will result in handshake failure.

Hard and Soft Processor Swaps

The contents of the AAR routing patterns are stored in a trandation portion of switch memory.
Therefore, these patterns will endure a hard processor swap.

AAR queues are stored in a status portion of memory. Therefore, if an AAR call is queued to a
pattern when a hard swap occurs, the call is never routed to the private network. The queue is
cleared.

Stable AAR calls will endure a hard processor swap. However, an AAR call cannot be placed during
ahard swap.

The AAR feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following features affect or are affected by the operation of thisfeature.
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Call Vectoring

In Procedure 010, Word 3, an FRL can be assigned to VDNs for use with the ‘‘route to'’ command. The
FRL of a VDN is used to determine whether the call is alowed to route over available private network
facilities.

Data Call Setup

The AAR feature can be used to improve the routing of data calls just as it is for voice calls. Separate
routing patterns are required, however, to prevent voice calls from terminating on data extensions and vice
versa.

DCS (Distributed Communications System)

A DCS can be administered as either a Main/Satellite network (4-digit dialing plan) or as an ETN
(Electronic Tandem Network). If aDCS is administered asan ETN, the AAR feature is used for internode
call routing.

Extension Number Portability

AAR must be used to route calls inside a portability subnetwork. Rather than assigning an RN(X) to the
pattern, anodeis assigned. Extension Number Portability requires routing decisions at several pointsin the
digit-collection process. This results in additional call-setup time. Touch-tone dialing is recommended to
reduce the call-setup time as much as possible.

ISN (Information Systems Network) Interface

Provided that Modem Pooling is available, ISN data stations can use the AAR feature when placing private
network calls through the System 85.

ISDN (Integrated Services Digital Network)/PRI (Primary Rate I nterface)

Calls placed over ISDN facilities use the AAR or ARS features for ISDN access. To work effectively for
ISDN, the generalized route selection version must be in effect. In this way, placing an ISDN call is
transparent to the user. AAR and ARS patterns are selected according to caling party COS (class-of-
service) and trunk bearer capability.

COS (Class-of-Service): The AAR and ARS pattern searches work differently for ISDN calls based on the
calling station COS. For ISDN, the calling parties COS specifies one of three options as follows:
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ISDN Facilities Required

If ISDN facilities are required by a user’s class of service, only ISDN end-to-end facilities are
to be used for AAR or ARSrouting. If ISDN end-to-end connections are not available, the call
will either queue or receive reorder treatment.

ISDN Facilities Preferred

If ISDN facilities are preferred but not required by the COS, ISDN facilities are checked first,
followed by a check for non-1SDN facilities.

Any Facilities Available

Any available facilities can be used to complete the call. In this case, AAR and ARS pattern
searches work like they do for anon-ISDN call.

Bearer Capability
The bearer capability of an ISDN trunk (i.e., the type of call the trunk can support) is another factor used by

the AAR/ARS pattern selection process in determining which trunk group to use for a particular ISDN call.
For ISDN purposes, five types of bearer capability are recognized:

Bearer Code  Typeof Traffic That Can BeCarried

0 V oice and voice-grade data allowed
1 Mode 1 data, 56 Kbps allowed

2 Mode 2 data, 64 Kbps allowed

3 Mode 3 data

4 Mode O data.

Last Number Dialed

Redia by the LND (Last Number Dialed) feature utilizes al of the AAR routing digits including IXC
(Interexchange Carrier) Access as though the call were manually dialed. The LND feature will aso store
and redia the AAR access code.

For switch security, the LND feature does not store or redial Authorization Codes.

Precedence Calling

AUTOVON (Precedence Capable) trunk groups must not be included in AAR patterns. AAR can be used
to route incoming precedence calls within a DCS. AUTOVON routing patterns are set within the DCS in
administrative Procedure 305, Word 1.
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Queuing

An incoming tie trunk that infers AAR routing cannot have ringback queuing.

Tenant Services

The AAR feature is not partitioned. So, a partitioned System 85 cannot serve as a tandem node for any
tenant’s private network. However, with proper assignment, a partitioned System 85 can serve as an
endpoint for one or more tenants' private networks.

To allow an extension partition to serve as an endpoint in a private network, the partition should be
administered as a satellite in a Main/Satellite configuration (where the main also serves as atandem node in
the private network). The tie trunks connecting the main and the ** satellite partition’” must be dedicated to
the partition to prevent unexpected access by other partitions. Under this arrangement, outgoing calls route
from the satellite partition to the rest of the private network according to the partitioning assignments.
Incoming calls route from the main to the satellite partition according to Extension Number Steering.

Touch-Tone Calling Senderized Operation

When the Automatic Alternate Routing feature uses subnetwork trunking, each call requires a touch-tone
calling sender. If asender is not available, the switch denies the call.

Variable Format Call Detail Recording

A user can dial the account code before dialing the AAR access code.

RESTRICTING FEATURE USE

The attendant can restrict accessto AAR or change FRL values with the following features:
¢ Attendant Control of Voice Terminals
¢ Alternate FRLs

¢ Attendant Control of Trunk Group Access.

Fixed restrictions that deny terminal users accessto AAR include:
¢ QOrigination Restriction
* Outward Restriction
* Terminal-to-Terminal Only Calling.



AUTOMATIC ALTERNATE ROUTING 16-13

HARDWARE REQUIREMENTS

The AAR feature requires touch-tone calling sender (SN252) circuit packs. These circuits reduce call
completion time.

FEATURE ADMINISTRATION

Assignment of the Automatic Alternate Routing feature is on a per-switch basis. The customer can
partially administer this feature using the SMT (System Management Terminal), TCM (Terminal Change
Management) feature, or FM (Facilities Management) feature. The feature can aso be administered using
CSM (Centralized System Management).
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The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES — AUTOMATIC ALTERNATE ROUTING

g console) and the BUSY/WARNING level for atrunk group(s).

] ]
O O
UPROCEDURE E WORD H PURPOSE E SMT E
O 012 E 1,23 EAssigns distinctive names to trunk groups. g Yes [
E 100 E 1 E Assigns a trunk dial access code and trunk type to a trunk E B
0 O O group. O O
O 101 E — U Administers the characteristics of trunks assigned to a trunk E[ No U
B O 5 group. O g
O 102 o — O Assigns trunk groups (via dia access code) to miscellaneous [0 Yes [
O 0 U trunk restriction groups. 0 O
H 103 H — H Administers network trunk group parameters including: H Yes 5
0 0 7 minimum FRL, authorization code requirements, incoming tie 0
O O Otrunk access to AAR and ARS, Conditiona Routing O O
0 O O attributes, and the number of trunks that are reserved for first- O O
U 0 U choice AAR and ARS trunk groups. If Field 3 equals ‘1, U U
g E incoming calls on this trunk group (Field 1) infer AAR or g E
0 0 0] ARS routing (see the[Considerationd section of thisfeature). 0
0 110 0 — [0 Assignsrestricted dial code entry numbersto trunk dial access U No [
] = 5 codes = 0
o m 0 — [ Administersrestricted dial code entry numbers associated with [ No E
O O Otrunk groups for tandem tie trunk and trunk-to-trunk [ 0O
O 0 U restrictions. 0 O
H 150 H — H Assigns trunks (via equipment location) to a trunk group. H No E
0 175 U — U Displays the trunk groups assigned to a miscellaneous trunk U Yes 0O
O O 3 restriction group. O E
o 176 0 — [ Displaysthetrunks assigned to atrunk group. 0 No g
g 177 H — H Displays the trunks assigned to a trunk group or trunk dial H No E
O O [ access code. O 0
O 200 o — O Administers attendant console features including: Direct O No [
O U U Trunk Group Selection feature, class-of-service display, trunk U O
U E E test, and FRL for the consoles as a group. E S
o 202 0 — O Administersthe Direct Trunk Group Select buttons (attendant [0 No [
0 | B m
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MAAP AND SMT PROCEDURES
AUTOMATIC ALTERNATE ROUTING (Contd)

PROCEDURE

=2
©)
2y
o

O

O PURPOSE

275

w

O Assigns miscellaneous attributes to the system class of service
U including the home NPA (area code).

285

E Assigns network parameters to the system class of service
O including: network type (hierarchic or symmetric routing
U plan), barrier code and authorization code requirements,
U automatic circuit assurance, number of location code (RNX)

and terminal digits, and the designated extension number for
0 trunk verification. With symmetrical routing, tandem-to-
O tandem calls route only on the first-choice trunk group.

320

Ll Assignsrouting attributes to call categories.

Yes

321

E Administers routing pettern parameters for AAR including:
O trunk group number, FRL, warning tone, off net (to aDDD or
0 1IDDD location), number of digits deleted for an on-net route,
U whether network has OXXX extension numbers or not, and
U the IXC identifier (0- no IXC).

Yes

321

O Defines the digit grouping and dialing format (touch-tone or
U rotary) for a trunk group in an AAR pattern that uses
U subnetwork trunking.

Yes

321

E Defines the digits to insert for a trunk group in an AAR
[ pattern that uses subnetwork trunking.

Yes

321

L Associates a location code (RNX) and call category with an
o AAR pattern number.

Yes

330

0 Assigns the number of trunk groups in a pattern used for
U queuing. A ‘1" indicates the first choice only. A ‘7"
U indicates the first seven.

Yes

350

E Assigns the first digit of a trunk dial access code, a feature
[0 dial access code, or an extension number. The first digit is
0 defined in terms of the number of digits the switch expects to
U receive and call type.

No

MOopjooOoOopjooooogoopoogoooodophoooooooopogoooo o

350

OOdfooOOoOopooopogooooopoooopOoooooooogmpo o/ d

EAssigns feature access codes for terminal (station) and
0 attendant features.

OOdfooOOoOofooopogooiooopoooopOoooooooogmo o/ d

No

I e e e
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— AUTOMATIC ALTERNATE ROUTING

PATH NAME

PURPOSE

terminal-change class-of-service attributes

Assigns miscellaneous trunk restrictionsto aline
class-of-service. These restrictions include:
Inward, Outward, and Full. This screen also
assigns an FRL to aline class-of-service.

terminal-change system parameters

Assigns an authorization code for accessto AAR
routing patterns.

Oogoopoooopopgadg

terminal -change names trunk-group-names

OhOoOopooogEo

Assigns distinctive names to trunk groups.

o
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The following are the applicable FM path names used with the AP 16. A printed report of the displayed
information can also be generated.

FM SCREENS— AUTOMATIC ALTERNATE ROUTING

PATH NAME PURPOSE

Displays and changes attributes associated with
an AAR pattern including:

- Pattern number

- Preference [first- to fourth-choice group
(R2 V1 and R2 V2)] [first- to sixteenth-
choice (R2 V3)]

- Trunk group number

- Minimum FRL

- Off network-signaling, international
destination, DID at destination, inserted
digits

- On network-digits deleted, and warning
tone.

10

facilitiesmgmt
routing alternate-routing patterns

facilitiesmgmt
routing alternate-routing location-codes

Displays and changes an AAR pattern and
associated call category assigned to alocation
code.

facilities-mgmt
routing alternate-routing call-category

Assigns attributes to call categories.

facilitiesmgmt
routing alternate-routing rearrangement

Displays and changes the trunk groups that
make up an AAR pattern. If the pattern does
not use subnetwork trunking, trunk groups can
be removed or reordered.

facilities-mgmt routing conversion Displays and changes the correspondence
between a private network location code and
the public network telephone number that
routes to that location code (refer to the[ARY
description for an explanation of 10-
Digit Conversion). Either the location code or
the public network destination code (telephone
number) can be entered, and the corresponding

values are displayed.

OO oOodgoooogoopnoopoooooooooooooggp o/ g
MOooooOOoOodooOoooooOooOojooopooooooooooooogoo

0 e e
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS — MASKS
AUTOMATIC ALTERNATE ROUTING

APPL'N

OBJECT

|

PURPOSE

TCM

consoles-features

Administers features to all attendant consoles on a
switch. These features include: Direct Trunk
Group Selection, class of service display, trunk
test(s) and FRL(s) for the consoles as a group.

TCM

direct-trk-grp-keys

Assigns Direct Trunk Group Select buttons
(attendant console), and the BUSY/WARNING
level for atrunk group(s).

TCM/FM

Sys-cos

Assigns miscellaneous attributes to the system
class of service including the home NPA (area
code).

FM

trk-grp

Assigns distinctive names to trunk groups.
Assigns atrunk dial access code and trunk type to
atrunk group. Administers the characteristics of
trunks assigned to a trunk group and defines the
features of the trunk group. Administers network
trunk-group parameters including minimum FRL,
authorization code requirements, incoming tie
trunk access to AAR and ARS, Conditional
Routing attributes, and the number of trunks that
are reserved for first-choice AAR and ARS trunk
groups. Assigns trunks (via equipment location)
to atrunk group.

FM

misc-trk-rst-grp

Assigns a dial access code to atrunk group if the
trunk group is amember of the restriction group.

FM

tandem-trk-grp

Assigns restricted dial codes entry numbers to
trunk dial access codes. Administers restricted
dia code entry numbers associated with trunk
groups for tandem tie trunk, trunk to trunk, and
tandem tie to trunk restrictions.

I

FM

OO0 opooooogoopooooooooooooogooogpooopooggip o

Sys-cos

Moo oopoopooooooooooooogooopooopooodg

Assigns network parameters to the system class-
of-service including network type (hierarchic or
symmetric routing plan), barrier code and
authorization code requirements, automatic circuit
assurance, number of location code (RNX) and
terminal digits, and the designated extension
number for trunk verification. Also assigns the
system class of service to the DCIUs and ISDN.

I s
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CSM SCREENS— MASKS
AUTOMATIC ALTERNATE ROUTING (Contd)

APPL’'N OBJECT PURPOSE

FM at-frl Administers the alternate Facilities Restriction Levels
(FRLS) associated with trunk group FRLs 0 through 7.

FM altfrl-ctrl Activates or deactivates the use of alternate Facilities

Redtriction Levels (FRLs) on a given switch. Once
the alternate FRL feature is activated on a given
switch, the attendant can put aternate FRLs into
effect from the attendant console.

FM

aar-call-categories

Changes or displays the call-category value and the
AAR conditional routing count for the Generalized
Routing Selection feature. These values are used by
the Satellite Hop Control feature. The call-category
value indicates how many satellite hops are allowed.
The conditional routing count indicates the number of
satellite links that have already been used to route the
cal.

FM

aar-non-portability

Administers AAR patterns assigned to Location
Codes (RNXs) for PBXs that are not part of a station
number portability network. Designates call
categories for Satellite Hop Control if the switch
supports this feature.

OO0 oooooodoooooooooopoooooogomhgoodg

FM

OOOdoooOooooooogooooogooooooooogpooooogagim o

aar-pattern

OO ogpooooogooooooooogpooooogogib o

Administers AAR patterns and the preferences
associated with them. An AAR pattern is used to
provide aternate routing for cals on a private
network. The purpose isto have calls follow the most
direct path. Each pattern consists of an ordered list of
trunk groups indicating the preferred routing for cals
in the network. If the first trunk group in the list is
not available, the next available trunk in the pattern is
chosen automatically. Subnetwork trunking data may
be administered for destinations requiring digit
manipulation. The Interexchange Carrier (1XC)
access digits are administered as the IXC/ISDN.

1 e e
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CSM SCREENS— MASKS
AUTOMATIC ALTERNATE ROUTING (Contd)

APPL'N

OBJECT

O

PURPOSE

FM

aar-portability

Administers the two options needed for the Station
Number Portability feature. The two options are
Location code (RNX) to first digit mapping and
Node number to pattern number mapping.

FM

sys-queue

Administers queuing on a switch, and changes or
displays queuing information.

MOoOooOoOgoopooogopOoooo

TCM/FM

MMOoOooOogoopoooomp o

first-digit

MMOoOooOogoooooogpo

Adds or removes afirst dialed digit to or from the
diaing plan. Administers the number of digits
and the call type (extension or trunk/feature) dial
access code (DAC) that is associated with the first
dialed digit.

MOoOODOooooOoogooooogoo



AUTOMATIC CALL DISTRIBUTION

DESCRIPTION

The ACD (Automatic Call Distribution) feature permits incoming trunk calls, local voice terminal calls,
and attendant extended calls to terminate to the most idle voice terminal in a group of terminals. The
answering positions appear as normal voice terminals to the switch and are also able to place and receive
calsin the usual manner. This feature can provide an economical aternative to Direct Inward Dialing for
departments that receive a high volume of similarly natured calls. Selected terminal users (agents) can be
organized into a split (collection of agents) to allow for balanced call distribution to the agents.

The ACD call distribution routines serve as the gateway to Message Center, with the Message Center
agents residing in an ACD split. This balances the call distribution to Message Center agents. All of the
following ACD functions can be applied to ACD splits containing Message Center agents.

The ACD call distribution routines also serve as the gateway to AUDIX (Audio Information Exchange),
allowing effective use of the AUDIX facilities. Appropriate ACD functions (e.g., recorded announcements
and music on hold for callers) can be applied to the AUDIX gateway.

Feature History and Development

This feature was first available in Release 2, Version 3, to replace and enhance the functionality provided
by the EUCD (Enhanced Uniform Call Distribution) feature that was included in Release 2, Version 2.
Likewise, the EUCD feature replaced the UCD (Uniform Call Distribution) and DDC (Direct Department
Calling) featuresthat werefirst available in Release 1.

The ACD feature has several major enhancements for R2 V4. These enhancementsinclude:
¢ Call Vectoring Compatibility

When the Call Vectoring feature is used in conjunction with ACD, significant flexibility and power are
added to ACD’s calling-party interface and queue overflow capabilities.

* Sixty ACD splits

The maximum number of ACD splits is increased from 30 to 60 in R2 V4. With this increased
maximum, ACD call answering operations can be subdivided into more functional categories. As an
example, the System 85 limit of 1024 ACD agents in 60 splits can be reached with the following
configuration:

¢ 4 gplits of 32 agents
* 56 gplits of 16 agents.
* Queue-Status Display
This function provides ACD agents (equipped with display voice terminals) with periodic updates of
the number of callsin the split’s queue and the amount of time the oldest queued call has waited.

17-1
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* Multiple Call Handling

Primarily for Message Center agents, this function allows an ACD agent to place a call on hold (using
the HOL D button) and remain ‘‘available’’ to receive ACD calls.

¢ Malicious Call Trace Compatibility

Using the Madlicious Call Trace feature, an ACD agent can quickly and easily activate a trace that can
identify the calling party of amalicious call.

* Improved REPEAT Button Operation

Using an R2 V4 ACD, an agent can press the REPEAT button to repeat any origin announcement that
the agent just heard: VDN-, city-, or queue-of-origin. Using a call distributor prior to R2 V4, the
REPEAT button only repeats a city-of-origin announcement.

¢ |mproved Agent Call Pegging for CMS

Beginning with Issue 1.3 of R2 V3 and Issue 1.1 of R2 V4, the switch will peg agent caling activity
more accurately. Before pegging a call placed by an ACD agent, the switch will review the dialed
digits and, for internal calls, monitor the call’ s progress. In thisway, the CMS will not be notified when
feature access codes, many invalid numbers, and many calls resulting in busy tone or reorder tone are
dialed by ACD agents.

In the earlier issues of the R2 V3 and R2 V4 software, the switch notifies the CMS whenever an agent
goes off-hook on an idle appearance. This method of pegging the calling activity of ACD agents can
distort the corresponding CMS statistics by reporting agent state changes, feature regquests, and many
invalid or misdialed numbers as completed calls.

NOTE: Refer to[Appendix B]for a tabular comparison of the various call distributors provided
in System 85, Release 2.

General Usage

A published number is linked to an ACD split by associating the published number with the extension
number of the first termina in the split. The controlling or primary terminal for the split (the split
supervisor’'sterminal) isthefirst terminal in the split’slist.

The switch directs incoming calls for a published number to the split's queue. Three methods of call
distribution are available (assigned on a per-split basis) to extend the call from the queue to an idle agent:
linear hunting, circular hunting, and MIA (most idle agent) distribution.

Linear Hunting

Linear hunting (also called Direct Hunting) always starts with the first agent (split supervisor) and
hunts toward the last member. Linear hunting is used for applications where a priority series of
answering positionsis desired.

NOTE: This type of hunting provides the call-distribution algorithm that was formerly
provided by the DDC (Direct Department Calling) feature.
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Circular Hunting

Circular hunting starts where the hunting process left off during the previous scan and continues
through the list of agents. After checking the final member of the list, circular hunting again returnsto
the first member of the list and continues in a circular fashion. Circular hunting is useful for
applications, such as order taking or Message Center, where a more evenly balanced call distribution
IS necessary.

NOTE: This type of hunting provides the cal-distribution algorithm that was formerly
provided by the UCD (Uniform Call Distribution) feature.

MIA (Most Idie Agent) Distribution

The MIA type of distribution extends ACD calls to the available agent for whom the longest period of
time has elapsed since the agent has finished an ACD call. Agents who are in the Staffed mode of
operation and are not handling an ACD call are placed in an agent queue. Using this method, the first
available agent from the agent queue would receive the call from the head of the split's queue
containing incoming ACD calls. The MIA distribution approach, like circular hunting, is used for
applications where an evenly balanced call distribution is necessary. This approach to call distribution
is especially useful when there is substantial variation in the duration of ACD calls.

NOTE: The MIA call-distribution algorithm provides what is commonly known in the
tradeas‘‘true’” ACD.

Agents are marked as ‘‘unavailable’’ with regard to the agent queue when they are in the Aux-Work
mode of operation, engaged in after-call work, or active on a personal cal. In this way, agents,
although unavailable for another ACD call, are moved ahead in the agent queue. If an unavailable
agent moves to the head of queue, the agent is bypassed for distribution of ACD calls until becoming
available. When available, the next ACD call quickly routes to that agent.

For some ACD applications, outgoing caling is an integral part of the agents' duties. For other
applications, an agent rarely makes an outgoing call. The MIA method of distribution allows
outgoing calls either to be considered as work related (agent is removed from the agent queue) or
personal (agent remains in queue and is marked as unavailable). This choice is made on a per-split
basis, allowing the choice to be based on the primary application of each split.

Each terminal (including the split supervisor's terminal) in an ACD split can receive calls either as a split
member or as an individual terminal. For interna calls, unique ACD split extension numbers, called
associated numbers, identify the split. For incoming calls, the ACD split is associated with incoming
trunks. For automatic-in type trunks, the call routes to the assigned ACD split. For dial-repeating type
trunks, the call routes to the split dialed. This is similar to the way DID calls complete to individual
terminals (including individual ACD split members).

One of the associated numbers and any number of the incoming trunk groups may receive a priority
designation. Priority calls are placed at the head of the queue or behind priority calls which are aready in
gueue. A nonpriority call enters the queue behind al other calls.
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An example of priority queuing is shown in Figure 17-1. Within this figure, the priority calls are lettered,
and the nonpriority calls are numbered. One associated extension number (the maximum) and two trunk
groups are delivering incoming calls to the end of the priority portion of the queue. Meanwhile, two
associated extension numbers and two trunk groups are delivering incoming calls to the end of the
nonpriority portion of the queue. Each call is distributed from the head of queue (currently, Call A) to an
available agent in Split 29.

7800 TG-28 TG-26

e o o e o o Spllt
514321 C| B |A = %

7900 TG-29 7700 TG-27

Figure17-1. ACD Priority Queuing

Methods of Routing Incoming ACD Calls

The two ways to route incoming ACD calls to the System 85 switch include:
¢ Dial-repeating type routing

Using this method, an associated extension number’'s digits are passed through the serving switch
(usually, the serving Central Office) and to the local System 85 in a similar manner to the way that DID
calls are routed. As the associated extension number’s digits are analyzed by the System 85's call-
processing software, the dialed number is recognized as a number that terminates to a specific split’'s
gueue. Inturn, the call-processing software gives control of the incoming call to ACD processing.

¢ Automatic-in type routing

Using this method, an ACD call is recognized by the serving switch (usualy, the serving Central
Office) as a cal that is routed to the local System 85 over a specific trunk group. In turn, the local
System 85 accepts the call from over the trunk group, and recognizes the call as assigned to terminate to
a specific split's queue. This method of routing resembles ‘‘non-DID routing’’ to the attendant queue.
Infact, ‘‘attendant completing’’ trunk groups are often used for automatic-in type routing of ACD calls.
Automatic-in type trunk groups are assigned as ‘‘attendant-completing in’’ or ‘‘automatic in’’ in
Procedure 100, Word 1 and then assigned to terminate to an ACD split in Procedure 115.
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Outgoing Calling by ACD Agents

This ACD feature description primarily focuses on ACD from the perspective of incoming calls. For
example, ACD can distribute high volumes of ‘‘incoming calls’ to agents in a fair and cost-effective
manner. The ACD feature can aso provide recorded announcements and/or music for adesirable *‘ calling
party’’ interface. Moreover, several management tools are available (most notably, CMS and service

observing) to hold costsin line and to ensure effective agent performance.

However, especialy when ACD is applied to address the needs of a telemarketing organization, agents can
also devote significant effort placing outgoing calls (e.g., to solicit sales). In this environment, an ACD
manager is also concerned with the costs of outgoing calling. Although the ACD feature does not directly
address these concerns, a number of coresident features on System 85 do.

As previously mentioned, ACD agents in addition to receiving calls distributed from a split's queue, are
able to place and receive callsin the usual manner. Given this ability, ACD agents have the same access as
other System 85 users to the least-cost-routing capabilities of the ARS (Automatic Route Selection) and
AAR (Automatic Alternate Routing) and I XC (Interexchange Carrier Access) features. Indeed, the switch
administrator can control the costs of ACD outgoing calling with the same methods that costs are generally
addressed on System 85.

CMS Management of ACD

A CMS (Cal Management System) is now available for System 85. This system, provided using CMS
software on a colocated 3B2 or 3B5 (AP 16's can also be used with R2 V3 switches and nonvectoring R2
V4 switches), assists in the management of ACD activity. Detailed reports of ACD activity are generated
on a scheduled or on a demand basis, and real-time displays of current agent activity are provided. Also,
CMS provides the customer with a convenient method to partially administer the ACD feature on the
switch.

The CMS reports can include the following information. This information can be useful as a tool for
forecasting future ACD split and agent requirements.

¢ The amount of time agents spend on calls

* The amount of time it takes for agentsto answer calls

* The number of abandoned calls

* The amount of time agents are available between phone calls

¢ The number and amount of time spent on outgoing calls by agents.

To help conceptualize this complex feature, a sample ACD/CMS system is depicted in[Figure 17-2] Within
this figure, the contents of the dashed box describe the ACD functions provided by the System 85 switch.

For a thorough description of CMS using the 3B2 or the 3B5, refer to the CMS Administration Guide
(585-215-501).
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For a thorough description of CMS using the AP 16, refer to the CMS Administration Guide (585-201-
520).

| Stand-Alone ACD System |
| |
1 DS1 Trunk Group 1
} R2 V3/4 System 85 ! 3B2 or 3B5
| DID Trunk Group ; (or AP 16 on R2 V3)
} CO Trunk Group |
T |
' 800 Service Trunk Group |
' MEGACOM Trunk Group
1 FX Trunk Group ACD | CMS
} Software ! Software
1 Tie Trunk Group |
3 D , S
| Service C| | DCIU Link D
; Observing R S o L
| Terminals U } c |
| =
! 30A8 !
| |
| |
| ]
| | | |
| ; 4410 or 4425
; 106B | | split1| |split2| |split3], (or 500 BCT) Printer
: | Terminal

Figure 17-2. Simplified Pictorial of an ACD/CMS System

Lamp Monitoring of ACD Agents
Display units (106B) can be provided instead of, or in addition to, an AP with CMS software to show the
current activity of 20 ACD agents. For each agent, the unit displays one of the following agent states.

* Theagent isavailableto handle an ACD call. [First lamp (top)]

¢ Theagent is handling an ACD call. [Second lamp]

* Theagent isengaged in after call work. [Third lamp]

* Theagent isin the Aux-Work mode. [Fourth lamp]

* The agent is not engaged in work related activity (e.g., personal call). [Fifth lamp (bottom)]

NOTE: This state includes any incoming- or outgoing-calling activity (from the perspective
of the agent’ s voice terminal) that is considered non-ACD related.

* The agent’s position isin the Unstaffed mode. [All lamps off]



AUTOMATIC CALL DISTRIBUTION 17-7

Agent Sate Diagram

Figure 17-3 is a state diagram describing the interrelation of these six agent states when the MIA call-
distribution agorithm is used. The diagram shows the transitions of an ACD agent from one state to
another during routine calling operations. As an example, an agent in the After Call Work state who
presses the MANUAL-IN button is returned to the end (bottom) of the agent queue as an available agent.

Agent State Diagram (Charlie Brady)

NOTES:
A If not aready in the agent queue.

*  Administration is available for outgoing call treatment. The agent can either keep the same position in the agent queue or return to the end
(bottom) of the agent queue when the call finishes.

+ Agent returns to the previous state after non-ACD call is finished (if the agent does not manually change states using a button or an access
code).

Figure 17-3. Agent State Diagram for MIA Distribution
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Answer Supervision

Answer supervision is a signal sent by System 85 to the serving CO (Central Office) indicating that an
incoming call has been answered. Upon receiving this signal, the originating CO (generally) begins
tracking toll charges for the call (if charges apply). For ACD calls to System 85 which enter a queue before
being answered, answer supervision must be returned (at the latest) either just before an agent actually
answers or just before the first recorded announcement (if provided), whichever comes first. This is the
preferred operation, and is provided automatically by R2 V4 System 85.

For R2 V3, the preferred operation is provided on a system-wide basis when Field 12 of Procedure 275,
Word 4 is set to ‘1" When this field is left with the default entry **0,”" System 85 returns answer
supervision for ACD calls at the time each call first enters queue. Since billing is for a longer period of
time, this operation would result in higher toll charges for the customer (when 800 Service is used) and/or
for each calling party.

Answer Supervision and Abandon Call Search

As discussed, the switch returns answer supervision to the serving CO either at the time an incoming call
first enters the split's queue or just prior to connecting the call to the first recorded announcement.
However, after answer supervision has been returned, ‘‘ghost calls’ can occur if the calling party abandons
thecall.

A ghost call occurs whenever an agent answers a call after the calling party hangs up, but before the CO
returns the disconnect signal to the System 85. Primarily depending on the type of CO, the delay in
returning disconnect is on the order of 2 to 25 seconds. If a ghost call were to occur, an ineffective call
would be distributed to an agent. Also, asif the agent had received an actual ACD call, the agent would be
inappropriately credited with an ACD call and bypassed for distribution of subsequent ACD calls.

To minimize this problem, abandon call search can be assigned to the switch (Procedure 275, Word 4).
When abandon call search is assigned, the switch checks incoming CO, 800 Service, and FX trunks just
before ringing an idle ACD agent. If the trunk is found to be on-hook at the CO, the switch releases the
trunk. If the trunk is active, the switch distributes the call to the idle agent.

NOTE: It isrecommended, whenever processor occupancy alows, that abandon call search be
assigned to the switch.

Folit Supervision

Supervision of an ACD split is primarily provided by a split supervisor. The split supervisor, Member 0 of
the split, may be an experienced agent who performs agent training duties, serves as a consultant to the
group of agents, and regulates the split's operation. In addition to the usual agent capabilities, the split
supervisor is able to:

¢ Observe agent performance using agent override or service observing.
¢ Add or remove agents to/from the split.

* Verify the split’s recorded announcement.

* Activate or deactivate Call Forwarding for the split.

* Activate or deactivate Overload Balancing for the split.
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¢ Turn off the reload warning lamp after atape reload by the switch.

Also, one local attendant can be designated as the system supervisor. The supervisor cannot perform agent
duties from this attendant console, but may perform the following tasks:

* Activate or deactivate Call Forwarding for a split
¢ Turn off the reload warning lamp after atape reload by the switch.

Intraflow and Interflow

Intraflow, redirection of ACD calls to a local destination, and interflow, redirection of ACD cals to a
distant network node, are available to increase call-distribution flexibility. Call Forwarding is primarily
used as the software mechanism for intraflow (local redirection), while overload balancing is usually
chosen as the mechanism for interflow (distant redirection). Both intraflow and interflow can operate in two
ways: threshold redirection and unconditional redirection (redirection of all calls). Threshold redirection
diverts ACD callsduring a heavy call load. Unconditional redirection divertsall calls when an ACD splitis
inactive.

NOTE: When interflowed ACD calls use the AAR or ARS feature to route these calls outside
the local switch, the FRL of the split’s supervisor is used to determine whether these calls can
use the available network facilities.

““Chaining’’ of Destinations for Intraflow—All

When Intraflow—All is activated, the split can have as many as three local destinations (e.g., an extension,
the attendant group, or another ACD split) for unconditional redirection of ACD calls. These destinations
are arranged in a priority scheme by order of activation. If the first destination is unavailable, the switch
checks the second and third destinations (while the call remains in the first split's queue). Of these three
destinations, only the last destination should either be another ACD split or the attendant group (i.e, be
accessed by a queue).

NOTE: When a destination before the last destination has a queue, the call unconditionally
enters the queue, and subsequent destinations are never checked.

If an unconditionally intraflowed call enters an ACD queue, and this queue also has Intraflow—All active,
the call will recursively intraflow again. Thistime, the call intraflows to one of the new split’s destinations.

If an unconditionally intraflowed call enters an ACD queue, and this queue has Intraflow—Threshold
active, the call will not intraflow again. Instead, this call is marked as ‘‘Intraflow—Threshold Not
Allowed,”” and must be answered by an agent in this split.

No ‘*Chaining’’ of Destinations for Intraflow—Threshold

There can also be three local destinations (e.g., an extension, the attendant group, or another ACD split) for
threshold redirection of ACD calls. These destinations are arranged in a priority scheme by order of
activation. If the first destination is unavailable, the switch checks the second and third destinations (while
the ACD call remains in the first split's queue). All three of these destinations can be ACD splits (i.e.,
accessed by a queue). When the inflow parameter at a receiving split is met, the switch executes the
intraflow operation and marks the cal as ‘‘Intraflon—Threshold Not Allowed.”” These cals are not
allowed to intraflow again. ACD calls are not alowed to conditionally intraflow throughout the switch in a
recursive manner.
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NOTE: Intraflow—Threshold operates to attenuate heavy call loads while the split has active
ACD agents to answer the cals. So, when the parameters for the first intraflow operation are
carefully chosen, the need to redirect the same ACD call again isminimal.

If a conditionally intraflowed call enters an ACD queue, and this queue has Intraflow—All active, the call
will recursively intraflow again. Thistime, the call intraflowsto one of the new split’ s destinations.

Parameters for Intraflow Threshold Redirection

Threshold (overflow) redirection operates when the number of calls that are waiting in a queue is greater
than or equal to the preset overflow level. A split’s overflow level can be set to any value between 1 and
99. However, if the destination for redirection is an ACD split, the call to be diverted will only be accepted
into queue if the number of callsin queue is less than or equa to the destination split’s inflow level, and
there is at least one staffed agent in the destination split. A split's inflow level can be set to any value
between 0 and 98. When overflow redirection does occur, the switch diverts the first call in queue.

NOTE: When an inflow level issetto *‘0,"”" acall will not be accepted unless there is at least
one available agent in the destination split.

For example, split A has an overflow level of 21 and split B has an inflow level of 5. Presently, split A is
quite busy. Every agent in split A is busy on a call and the queue contains 20 waiting calls. The next
incoming call to split A will attempt to enter split A’s queue. If split B has five or less calls in queue, the
incoming call will enter split A’s queue and the first call in split A’s queue will redirect to split B. If split B
has six or more callsin queue, redirection can occur to an aternate destination (if assigned), but not to split
B. If every destination for redirection of ACD callsis busy, the incoming call enters the original queue as
the 21st call.

NOTE: Assigning the overflow level for split A to **1"’ would have the effect of emptying the
gueue. This operation for diverting ACD calls would be applied to the first call attempting to
enter the queue.

NOTE: For R2 V4 System 85, the Call Vectoring feature can

Folit Membership

The split supervisor is able to regulate membership in the supervisor's own split by adding and removing
agents to/from the split. Furthermore, agents can be transferred from one split to ancther, provided the two
split supervisors coordinate the transfer. Before adding or removing an agent to/from a split, the agent must
be placed in the unstaffed mode.

Agent Override

The agent override function allows alocal terminal user to enter an agent’s call. Agent overrideis useful as
atool to observe the call handling performance of the agents. However, the agent must be actively engaged
inacal. Agent override is activated by a dial access code. An optional warning tone is available and is
provided by using a different dial access code.
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Using either agent override access code, an audible 2-way connection is aways provided by the switch.

Service Observing

The service observing function alows a local multiappearance terminal user to monitor the work
performance of an agent (who must also be equipped with a multiappearance terminal) for extended periods
of time. The observer (usualy, the split supervisor or a voice terminal user outside the split) is able to
listen closely to the way an agent handles successive ACD calls. The SERVICE OBSERVE button is used
to activate the service observing function.

Service observing can be used for training purposes. As atraining device for inexperienced agents, service
observing is useful in two ways. First, the new agent can be allowed to use a voice termina equipped with
a SERVICE OBSERVE hutton. In this way, the new agent can unobtrusively observe the way an
experienced agent handles ACD calls and learn by example. Second, the split supervisor can monitor the
performance of the developing agent. This enables the split supervisor to spot mistakes and refine the
agent’s call handling abilities.

Warning Tone

An optional warning tone is available (assigned on a per-system basis) to aert the agent to the
presence of an observer in the connection. If this option is chosen, the switch returns a 2-second
burst of 440-hertz tone as the observer enters an established call and repeats the tone (for 0.5
seconds) at 15-second intervals for the duration of the observer's presence. When an observer
associates with an agent’ s line between calls, the switch returns the first warning tone 5 seconds after
the beginning of the next call.

Muting (Silent Observing) and 2-Way Observing

On a switch with the optional warning tone disabled, observers begin observation with **muting’’
active. In this way, when desired, silent observation can proceed normally. However, after
observation has started, the observer can establish an audible 2-way connection and participate in an
agent’scall.

The muting function is deactivated (i.e., a 2-way connection is established) by pressing the SERVICE
OBSERVE button during observation. Another press of the SERVICE OBSERVE button would
restore muting for the connection.

For a switch with the warning tone enabled, an audible 2-way connection is aways active during
observation.

Nonvectoring ACD Fromthe Calling Party’' s Perspective

Recorded Announcements for Caller
When there is a delay in answering the call, either one or two optional recorded announcements
inform the calling party of the delay before the call completes. The first recorded announcement can

provide a unique message for each ACD split. The second recorded announcement is system-wide
and assures the caller that the call has not failed.
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The timing interval preceding the first recorded announcement is set from 2 to 30 seconds (by 2-
second increments). The calling party is always connected to the beginning of an announcement.
Therefore, the timing between placing the call in queue and actually hearing the announcement can
be as much as the timing interval chosen (from 2 to 30 seconds) plus the duration of the
announcement.

The second recorded announcement is also available for each split that uses a first recorded
announcement. The timing interval between the end of the first announcement and the beginning of
the second announcement is set from 2 to 30 seconds (by 2-second increments). The calling party is
always connected to the beginning of the announcement. Therefore, the actual timing between
announcements can be as much as the timing interval chosen (from 2 to 30 seconds) plus the duration
of the second announcement.

If an agent becomes available at any time before, during, or after a recorded announcement, the
switch removes the announcement (if necessary) and sets the call-distribution process in motion.

Music-on-Hold

Music-on-Hold is also optional and may be provided to callers who are waiting in queue. A music
signal provides continuous audible feedback indicating that the connection is till in effect.

When Music-on-Hold is provided for ACD queues, music is also provided (on a per-switch basis) for
the Hold, Conference—Three Party, and Transfer features.

Tabular Representation of Available Choices

The following table shows the calling party interfaces provided by ACD. Generally, each ACD split
can use a different option. However, the Music-on-Hold option is assigned on a system-wide basis.
If this option is assigned, incoming calls to every split receive music. When the option is not
assigned, incoming calls to every split do not receive music.

A split cannot be provided with the system-wide second recorded announcement unless the split is
also provided with a first recorded announcement. An easy way to circumvent this problem, if
desired, is to provide a first recorded announcement with similar wording to the system-wide
announcement.

ACD Fromthe Agent’ s Perspective

Zip Tone

Agentsin an ACD split receive zip tone before connecting to an ACD call. A single burst of zip tone
designates a call diaed directly to the agent’s split (one burst of zip tone is only provided for agents
with automatic answering). Two bursts of zip tone designate a call redirected from a split within the
local switch. Three bursts of zip tone designate a call which routed to the split via a trunk group in
the network (e.g., by overload balancing).

City-of-Origin and Queue-of-Origin Announcements

After hearing zip tone, the agent may receive either a city-of-origin or queue-of-origin
announcement. The calling party cannot hear either the zip tones or the announcement.
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Table 17-1. Available Choicesfor Customer Interface

* When an agent becomes available for the call, the switch will immediately discontinue
ringback, either announcement, or the choice of silence or music in order to distribute
thecall.

NOTE: For R2 V4 System 85, the Call Vectoring feature can provide a more flexible and
powerful calling-party interface. Refer to the|Call Vectoring featurelfor a description of these
capabilities.

When implemented, the queue-of-origin announcement is heard when intraflow redirects an ACD call to an
agent in another local split. When implemented, the city-of-origin announcement is heard when
these announcements are assigned to incoming trunk groups. City-of-origin announcements are also
heard when interflow redirects an ACD call to an agent at a distant node of the DCS or ETN network.

The city-of-origin and queue-of-origin announcements are 1.5 seconds long, run continuously, and
are connected to an agent on a barge-in basis. In R2 V4, pressing an optional REPEAT button
repeats the VDN-, city-, or queue-of-origin announcement. (In R2 V3, pressing the optional
REPEAT button only repeats the city-of-origin announcement.)

NOTE: When recording ‘‘continuous’ announcements (VDN-, city-, and queue-of-
origin), the message (e.g., ‘' Detroit’’) should be repesated for the full duration of the
announcement set’s announcement. As an example, the 13A announcement set provides
24-second announcements. ‘‘ Detroit’’ should be repested (i.e., ‘‘ Detroit, Detroit, Detrait,
..") for the entire 24 seconds. In this way, agents will more readily hear the
announcement, and the number of ‘‘reset intervals’ between machine playbacks is
reduced.

o OPTION = CALLING PARTY HEARS .
0 a i a
O No Announcement O Ringback 0
g First Recorded Announcement U Ringback, Announcement, Silence 0
E (No music provided) g g
O First and Second Recorded Announcements O  Ringback, First Announcement, Silence, O
O (No music provided) U Second Announcement, Silence B
=T ]

O First Recorded Announcement 0 Ringback, Announcement, Music O
0 (Music provided) 0 S
O O .

p First and Second Recorded Announcement 0 Ringback, First Announcement, Music, 0
O (Music provided) g  Second Announcement, Music O
t |
O a
0 a
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Display Capabilities for Agents
The functionality provided by the Display—Voice Terminal feature can be applied to uses for ACD
agents. These visual capabilities can replace and/or supplement the traditional city-of-origin and
gueue-of-origin announcements.

NOTE: The 7406D, 7407D, or 7405D (with D401 display module) voice terminal would
provide the necessary display functionality for an ACD agent.

The display capabilities that are available for use by ACD agents are as follows.

City-of-Origin Display

When an ACD call forwards to a distant ACD split, the answering agent receives a visual display
identifying the city of the originaly caled split. Also, when an ACD call arrives over an
incoming trunk group, the answering agent receives a visual display identifying the source. The
city-of-origin display is obtained by assigning an appropriate name (e.g., Chicago) to the
incoming trunk group at the distant node.

Queue-of-Origin Display

When an ACD call forwards to alocal ACD split, the answering agent receives a visual display
identifying the originally called split. The queue-of-origin display is obtained by assigning an
appropriate name (e.g., Sales Dept.) to the queue directory number or the split supervisor's
individual extension number for the originally called split.

Calling Number Display

When a call from within the DCS network is directed to an agent’s individual extension number,
the agent receives a visua display identifying the calling party or department. This is useful
when an agent needs to correspond with other individuals or departments within the company.

Dialed Number Display

This function displays the dialed number when an agent places a cal. This display helps to
ensure accuracy in dialing.

Elapsed Time Function

This function displays the amount of time elapsing since the ELAPSED TIME button was
pressed. The Elapsed Time function operates during calls and between calls. Therefore, an agent
can usethis clock as atool for pacing the agent’s handling of calls and after call work.

Calculator Function on 7407D

Calculator functionality is provided with the 7407D voice terminal that alows an agent to
conveniently perform any necessary arithmetic computations. The calculator on the 7407D can
operate during calls and between calls. Therefore, an agent can use the calculator both as a tool
for quoting prices to customers and as an aid for after call work.
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DNIS (Dialed Number Identification Service) Without Call Vectoring

Intheinitial availability of DNIS, ACD agents equipped with a display voice terminal (e.g., 7405D, 7406D,
or 7407D) receive visual displays that specify the dialed number for calls terminating to the agent’s voice
terminal. The Call Forwarding—Follow Me feature or the Call Coverage feature (using the ‘‘All”’
criterion) provides the redirection needed to deliver this functionality.

In traditional ACD arrangements, groups of agents are organized into ‘‘splits’ (functional groups of
answering positions). Under this approach, an agent is trained to answer calls for one specific purposein an
efficient and professional manner. However, ACD managers are recognizing the need to relax this concept
of limiting each split to one call-answering task.

The dternative is to provide splits where each group of agents is proficient with severa types of calls. The
desired gain is to provide adequate service for the severa call types with fewer agents and with less
administrative intervention by the ACD manager. Using this approach, the changing staffing needs of the
several call types are averaged in time, and enough agents are staffed to provide adequate service for the
prevailing average load. Where 5 agents might be needed in each of 3 smaller splits (15-agent total) to
handle 3 types of calls, only 11 or 12 agents might be needed in the single (more general) split.

This idea of averaging the call-handling load is sound for certain applications, but the goal of improved
agent efficiency is more readily achieved with the DNIS capability. With DNIS, each answering agent
knows the purpose of each incoming call as the call terminates to that agent’s voice terminal. As a result,
the natural efficiencies of the single split/single call type arrangement are not compromised. With the
calling number display provided by DNIS, agents are aware of each call’s purpose, and can answer each
incoming call with the appropriate greeting. Agents need not invest time merely to determine the purpose
of cals.

The following table shows sample displays that an ACD agent might receive.
Table 17-2. DNIS Display Information

TYPE OF CALL DISPLAY

I nside call | a=R JONES to CLAIMB i

Qut si de cal | | a=QUTSI DE CALL to SALES i
| SDN cal | | a=212-281-7733 to SERVI CE i

Call Forwarding—Follow Me Configuration

within a split. These extensions are, in turn, forwarded to the split’s associated extension number.
A caling party dias the number of the dummy extension, and the call is forwarded to the split's
queue.

NOTE: Since Call Forwarding can be activated for the extension from an attendant
console, an actua voice terminal and line circuit are not required to complete the
configuration. After these Call Forwarding relationships are established from the
console, a ‘‘Run Tape'’ operation should be performed (using the MAAP or SMT) to
make these rel ationships permanent.
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Call Coverage (All) Configuration

within a split. Also, these extensions are assigned to the appropriate coverage group in Procedure
000, Word 2. These extensions are, in turn, redirected using Cover All (Procedure 011, Word 1) to
the split’s associated extension number. A calling party dials the number of a dummy extension,
and the call is redirected to the split’s queue.

NOTE: Since the Call Coverage configuration is an administered relationship, an actual
voice terminal and line circuit are not required to complete the configuration. However,
as a normal aspect of the Call Coverage feature, internal callers to the ACD split will
receive coverage tone (followed by the system-wide caller response interval) before the
call enters the split’s queue.

NOTE: When Call Vectoring is assigned to the System 85, DNIS is administered
differently. Refer to the [Cal Vectoring featurd for a description of this DNIS
configuration.

Queue-Satus Display

A queue-status display function is available with the ACD feature to provide agents (equipped with display
voice terminals) with information about the status of the split’s queue. Thisfunction is assigned to an ACD
agent’s class of service in Procedure 010, Word 1. When assigned, two queue-status items are
automatically provided to the answering agent each time an ACD call terminates to an agent’s voice
terminal. These displays are also manually updated each time an agent presses the NORMAL MODE
button.

* The number of calsin the split’s queue

This value (from 1 to 999*) is the current number of queued calls (at the time the ACD call begins to
ring the agent). This vaue is right-justified in its 3-character field on the 40-character display, and
when necessary, leading blanks are inserted.

* The duration of time the oldest queued call has waited.

This value (from 001 to 9997) is the current number of seconds that the oldest queued call has waited
(at the time the ACD call begins to ring the agent). This value is right-justified in its 3-character field
on the 40-character display, and when necessary, leading zeros are inserted (to distinguish this field
from the *‘ number of queued calls”’ field).

With this information, an ACD agent would know at the beginning of every call whether: to answer the
call in acasual and courteous manner, to be especially efficient with the call, or to record the calling party’s
name and number and return the call later.

[Figure 17-Clshows sample displays that ACD with queue-status display assigned might provide to an agent.

* If the number of queued calls exceeds 999, this portion of the display will show *****."”’
T If theoldest call haswaited more than 999 seconds, this portion of the display will show ***** "’
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Table 17-3. ACD Queue-Status Display Information

TYPE OF CALL DISPLAY

I nside call | a=R JONES to CLAIMB 5009 |

Qut si de call | a=OUTSI DE CALL to SALES 25 064 |
| SDN cal | | a=212-281-7733 to SERVICE 17 045 |

Multiple Call Handling

The multiple call handling function alows an ACD agent to place a call on hold (using the HOLD button)
and remain ‘‘available’’ to receive ACD calls. In software packages prior to Release 2, Version 4, an agent
was not considered available to receive an ACD call unless every appearance of the agent’s individual
extension wasidle. Further, ACD calls were only allowed to terminate to the first appearance of an agent’s
voice terminal, and automatic answering could only be assigned to the first appearance.

When multiple call handling is assigned to a split, these constraints are relaxed. ACD cdls can now
terminate to other appearances of an agent’s extension, and automatic answering can be assigned to as
many ‘‘terminating/originating’’ appearances [i.e., 1, 2, 3, ... n (where n is less than or equal to 12*)] as
desired.

Multiple call handling (in conjunction with Principal Busy Indications) is primarily useful for Message
Center agents. Commonly, these agents receive redirected calls from busy principals, and the calling party
would like to hold until the principal is finished with hisher call. Multiple cal handling alows these
Message Center agents to handle additional ACD calls while these calling parties wait. Meanwhile,
Principal Busy Indications provide these Message Center agents with the current busy/idie status of the
principals extensions.

Multiple call handling can aso be used by traditional ACD agentsto help ‘‘clear’” the split’'s queue during
peak periods of incoming calling. For some ACD applications, allowing ACD agents to clear the queue
and to place these calls on hold provides what can be beneficial human contact with the calling parties.
Once the queue is cleared, the split’ s agents can serve the held ACD callsone at atime.

NOTE: Music-on-Hold is recommended to supplement multiple call handling as a way of
clearing queues. Otherwise, the benefits of the initial human contact can be diminished during
an extended period of silence for the held parties.

NOTE: Since the agents who are clearing a queue are actually answering these queued calls,
answer supervision (if not returned previously) is returned to the serving switch at the time an
agent removes each of these calls from queue.

*  Thefull software limit of 12 appearances can be reached using a 7405D voice terminal and a C401A coverage module. Otherwise,
the limiting factor becomes the amount of 2-lamp appearance buttons provided on the specific voice terminal used.
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Refer to thelUser Oper ationgfor abrief description of ACD agent operation using Multiple Call Handling.

Agent Convenience

Multibutton voice terminals are recommended for use with ACD. The feature buttons provide convenience
and flexibility for the agents. An agent’s mode of operation can be altered without interruption to callers,
and the agent is freed from remembering numerous dial access codes. Furthermore, the status |lamps on the
terminal provide avisual reminder of the current agent mode.

NOTE: Refer to[Table 17-D| for a cross-reference of applicable feature buttons and dial access
encodes.

Automatic answering is available and recommended to provide hands-free operation for the ACD agents.
With automatic answering assigned to a terminal, incoming calls automatically connect to the terminal
without ringing. The call automatically disconnects from the agent’s terminal when the calling party
disconnects. Inthe AUTO-IN mode, the agent is available for the next call immediately after disconnecting
from the previous call.
NOTE: When automatic answering is used, it is very preferable to provide headsets for the
agents. However, automatic answering can be used with voice termina handsets.

Automatic answering combined with handset usage may result in unexpected and somewhat
inconvenient agent operation. The primary effect is that going on-hook (i.e., hanging up the
handset) places an agent’s position in the unstaffed mode, and the agent must manually staff the
position to receive another ACD call. So, in order for handset usage to be effective, an agent
must wait to answer calls with the handset continuously held to the agent’s ear. The secondary
effect isthat on straight line sets (where handset operation is usualy tried) thereis no RELEASE
button available. So, agents must wait (approximately 6 seconds) for the automatic disconnect
process to finish before returning to an available state. (If the agent chooses to go on-hook
instead of waiting, the voice terminal returns to the unstaffed mode.)

The buttons that are available for use by ACD agents are as follows.
¢ APPEARANCE BUTTONS (usually, one or two)

Agents use these buttons to place and answer calls. Two status lamps (red and green) are adjacent to
each appearance button. The red lamp lights when an agent presses an appearance button. The green
lamp flashes to aert an agent to an incoming call. Since incoming ACD calls always terminate to the
first appearance, only one appearance is necessary to perform basic agent duties. However, two
appearances provide an expanded functionality for agents. With the second appearance, an agent can
more readily receive calls to the agent’s individual extension number, transfer calls (e.g., to another
agent), and place calls. A third appearance button can be provided when an agent has a special need to
place cdlls.

To provide an appropriate functionality for the agents, the recommended assignment of the appearance
buttonsis as follows.
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1. Terminating and originating capabilities

ASSIST

The ASSIST button is an Abbreviated Dialing button with the split supervisor’s individual extension as
the stored number. An agent uses this button to request help from the split supervisor. Pressing this
button places a call from the agent to the split supervisor.

AUDIO TROUBLE (Stroke Count Button, Code 0)

The AUDIO TROUBLE button is pressed by an agent whenever there is poor transmission quality on a
call (e.g., too much noise or not enough amplification). When this button is pressed, the switch delivers
information to the 3B2, 3B5, or AP 16 CMS to assist in the maintenance of defective facilities. This
information identifies the agent’s line, the trunk facility being used, and the time of day the difficulty
occurred.

AUTO-IN

This button is pressed when an agent wants to receive calls in the automatic mode. In the automatic
mode, an agent is available to receive an ACD call immediately after disconnecting from the previous
cal. Activating this mode (pressing the AUTO-IN button) automatically releases al other modes. (To
enter the Auto-In mode, the agent must first be in the STAFFED mode.)

AUX-WORK
This button alows an agent to discontinue receiving ACD calls. Often, this mode is active during

breaks from the work schedule (e.g., lunch, coffee breaks, etc.). Pressing the AUX-WORK button
automatically releases all other modes.

EMERGNCY

When an agent receives a malicious call, this button allows an agent to quickly activate a trace. An
attendant, acting asthe *‘ controlling attendant,’’ actually performs the trace.

HOLD

This button alows an agent to place an active call on hold. When Multiple Call Handling is not
assigned to the split and a call is placed on hold, the ACD feature will not distribute new calls to that

agent until the held call isreleased or transferred. When Multiple Call Handling is assigned to the split
and acall is placed on hold, the ACD feature can distribute new calls to that agent.

LwcC

This button activates the Leave Word Calling feature. The ACD agents can quickly and easily leave
standard messages with the Leave Word Calling feature. Pressing the LWC button leaves a ‘‘return
call’’ message for a called party within the DCS network.
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* LOGIN

The LOGIN button is an Abbreviated Dialing button with the Agent Log In access code as the stored
number. When an agent presses this button, the access code to log into CM S is automatically dialed.

* LOGOUT

The LOGOUT button is an Abbreviated Dialing button with the Agent Log Out access code as the
stored number. When an agent presses this button, the access code to log out of CMS is automatically
diaed.

* MANUAL-IN

Pressing this button allows an agent to receive a single ACD call. In the Manual-In mode, an agent is
considered unavailable to receive another ACD call upon disconnecting from a call. In this way, the
agent can finish call-related paper work or do follow-up work before accepting another call. (To enter
the Manual-1n mode, the agent must first be in the STAFFED mode.)

* RELEASE

Pressing this button quickly releases any type of call in progress at an answering position.

NOTE: The RELEASE button should not be assigned to an agent’s (or observer’s) voice
terminal unless automatic answering (Procedure 052, Word 1) is also assigned to the voice
terminal.

Well trained agents routinely press the RELEASE button just after the closing salutation to the calling
party. If the RELEASE button is not pressed, the duration of the automatic disconnect process is about
6 seconds. However, using the REL EA SE button, the disconnect process completesin less than 1/10 of
1 second.

The time savings accrued from regular use of the REL EASE button provides severa advantages:
Quicker distribution of the next call to an agent in the AUTO-IN mode

1. More accurate timing of the duration of ACD calls and after-call work for an agent in the
MANUAL-IN mode.

* REPEAT

In R2 V4, pressing this button repeats the optional VDN-, city-, or queue-of-origin announcement
(whichever was just heard) for an agent. In R2 V3, pressing this button only repeats the optional city-
of-origin announcement for an agent.

e STAFFED

This button is pressed by an unmeasured agent to notify the switch that the agent’s voice terminal is
occupied. Another press of the STAFFED button would return the unmeasured agent’s position to the
unoccupied mode. When the STAFFED button is pressed to staff a voice terminal, the position is
placed in the AUX-WORK mode. From the AUX-WORK mode,
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pressing the AUTO-IN or the MANUAL-IN button allows an agent to receive an ACD call.

For unmeasured agents using voice terminals equipped with headsets, plugging in the headset
automatically places an agent in the occupied mode. Removing the headset automatically places an
unmeasured agent in the unoccupied mode.

Measured agents must log into CM S to enter the staffed mode of operation. A measured agent, who is
logged in, can log out of CMS either by pressing the STAFFED button or dialing the Agent Log Out
access code. Logging out of CM S places a measured agent in the unstaffed mode.

* STROKE COUNT BUTTONS (Codes 1 through 9)

Stroke count buttons help the CMS system to monitor ACD activity. These buttons are used in
conjunction with the CMS system to assist in tabulating events of current interest (concern). A stroke
count button should be pressed whenever such an event occurs. When an agent presses a stroke count
button, the switch sends a message to the 3B2, 3B5, or AP 16 indicating the button press. Upon
receiving the message, the CM S software increments a counter for the agent who pressed the button.
Also, the CM S software increments a counter for the entire split of which the agent is a member.

The buttons that are available for use by split supervisors are as follows.
e ADD AGENT
The ADD AGENT button is an Abbreviated Dialing button with the Member Add access code as the
stored number. When the split supervisor
* AGENT OVERRIDE
The AGENT OVERRIDE button is an Abbreviated Dialing button with an Agent Override access code

(with or without warning tone) as the stored number. Using this button, the split supervisor or an
observer can enter an agent’s call to observe the agent’ swork performance.

e DELETE AGENT
The DELETE AGENT button is an Abbreviated Dialing button with the Member Delete access code as

the stored number. When the split supervisor presses this button, the Member Delete access code is
automatically dialed.

e INTERFLOALL
The INTERFLO ALL button is usually an Abbreviated Dialing button with the Overload Balance All

access code as the stored number. When the split supervisor presses this button, the access code for
unconditional distant redirection of ACD callsisautomatically dialed.

This button can a so be a Call Forwarding—Follow Me feature button. The split supervisor can use this
button to activate unconditional distant redirection of ACD calls.
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* INTERFLO THRESHLD

The INTERFLO THRESHLD button is an Abbreviated Dialing button with the Overload Overflow
access code as the stored number. When the split supervisor presses this button, the access code for
overflow distant redirection of ACD callsisautomatically dialed.

NOTE: When Call Vectoring is used in conjunction with ACD, this button is not used.
* INTRAFLOALL

The INTRAFLO ALL button can be a Cal Forwarding—Follow Me feature button. The split
supervisor uses this button to activate unconditional local redirection of ACD calls.

This button can aso be an Abbreviated Dialing button with the Call Forwarding—Follow Me access
code as the stored number. When the split supervisor presses this button, the access code for
unconditional local redirection of ACD callsisautomatically dialed.

NOTE: When Call Vectoring is used in conjunction with ACD, this button is not used.
* INTRAFLO THRESHOLD

The INTRAFLO THRESHLD button can be a Cal Forwarding—Busy and Don't Answer feature
button. The split supervisor uses this button to activate overflow local redirection of ACD calls.

This button can also be an Abbreviated Dialing button with the Call Forwarding—Busy and Don’t
Answer access code as the stored number. When the split supervisor presses this button, the access
code for overflow local redirection of ACD callsisautomatically dialed.

NOTE: When Call Vectoring is used in conjunction with ACD, this button is not used.
* SERVICE OBSERVE

This button is needed to activate service observing. Using this button, the split supervisor or an
observer can monitor the work performance of an ACD agent.

For switches with the optional warning tone disabled, pressing the SERVICE OBSERVE button
(during observation) also deactivates/restores the muting function.

* VERIFY ANNCT
The VERIFY ANNCT button is an Abbreviated Dialing button with the Announcement Verify access

code as the stored number. When the split supervisor presses this button, the access code to verify the
split’ sfirst recorded announcement is automatically dialed.

The recommended button layouts for ACD voice terminals are shown in [Figures 17-4 through 17-13
These figures are provided to clarify the feature description and to assist in implementing the agents’ sets.
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Figures 17-4 through 17-7 show the recommended button configurations for convenient handling of ACD

cals.

* Figure 17-4shows the recommended layout for a 16-button voice terminal.
¢ Figure 17-5 shows the layout for a 40-button voice terminal.
* Figure 17-6/shows the layout for a 7407D Integrated Display Terminal.

* Figure 17-7|shows the layout for a 7406D With Display terminal.

Each of these voice terminals contain two appearance buttons for convenient answering of incoming calls.
The blank buttons on the larger sets can be assigned as desired by the customer.
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DD 6000* DD STAFFED
D D 6000t D D AUTO-IN
AUDIO MANUAL
DD TROUBLE DD -IN
DD ASSIST DD AUX-WORK
DD REPEAT DD RELEASEtt

Conference Transfer
Drop Hold
1 2 3
4 5 6
7 8 9
* 0 #
|| Mesage | Recall or Spenker

* Terminating and originating capabilities are recommended for the first appearance of an agent’ s voice terminal.

t Terminating and originating capabilities are recommended for the second appearance of an agent’ s voice terminal.

Tt Whenever the RELEASE button is assigned to a voice terminal, automatic answering should also be assigned to the voice
terminal.

Figure 17-4. Button Configuration for ACD Agent (16-Button Set)
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> ] 6001 > ]
> ] 6001 > ]
> ] >
> ] >
> ] >
Conference Transfer
Drop Hold

1 2 3

4 5 6

7 8 9

0 #

|| Message Recall Erlséggkegrt

O o b oo o o b [

]

STROKE
COUNT 1

STROKE
COUNT 2

STROKE
COUNT 3

STROKE
COUNT 4

STROKE
COUNT 5

STROKE
COUNT 6

STROKE
COUNT 7

STROKE
COUNT 8

STROKE
COUNT 9

LND

* The EMERGNCY button can only be assigned to agents’ terminals on R2 V4 switches.

R N N e .

Figure 17-5. Button Configuration for ACD Agent (40-Button Set)

LOGIN

STAFFED

LwcC

EMERGNCY*

AUDIO
TROUBLE

ASSIST

REPEAT

AUTO-IN

MANUAL
-IN

AUX-WORK

RELEASE
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L0 0 D0 OE O

O O 0O 0O [

a=Chicago Trk Grp to Claims Dept

] P | STROKE
6002 B LOGIN Conference Transfer R | COUNT 1 LWC
] C/[ STROKE
6002 D STAFFED Drop Hold CE| COUNT 2 EMERGNCY
] ] M| STROKE
D AUTO-IN R | COUNT 3
D MANUAL 1 3 M| STROKE
D -IN COUNT 4
D AUX- M| STROKE
]| WORK 4 6 + | COUNT 5
+ | STROKE
COUNT 6
7 9 x | STROKE
] COUNT 7
NORMAL ELAPSED * # - | STROKE
MODE | 1| TIME COUNT 8
INSPECT MSG. + | STROKE AUDIO
MODE D RTRVL. COUNT 9 TROUBLE
TIME/ . Calcu- +/
DATE D STEP D Display lator B ASSIST
Speaker- Micro- =
Message D DELETE D phone phone LND RELEASE

Figure 17-6. Button Configuration for ACD Agent (7407D Integrated Display Terminal)
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% 6003 % EMERGCY D AUTO-IN
% 6003 % LND D MA_’T,tIJ AL
D Select Ring AUX-
D D D WORK
. ASSIST
L | Message L] snift STROKE 0
Conference Transfer
STROKE 1
Drop Hold
STROKE 2
NORMAL
STROKE 3
1 2 3
STEP
STROKE 4
4 5 6
STROKE 5
7 8 9 RELEASE
RELEASE
* 0 #
Speaker

Figure 17-7. Button Configuration for ACD Agent (7406D With Display)
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Figures 17-8 and show the recommended button configurations for an agent who needs to receive
terminal-to-terminal calls. Figure 17-8 shows the recommended layout for a 16-button voice terminal, and
shows the layout for a 40-button voice terminal. Both of these terminals contain three
appearance buttons. The first and second appearances provide basic ACD functionality, while the third
appearance alows direct call completion to the agent’ sindividual extension number.

The blank buttons on the 40-button set can be assigned as desired by the customer.

o[]] eos | [ sTAFFED
[]] eos | [=[] Autoa
S s | ] MARA
~[] AssisT [ ]| AUX-WORK
[o[]] RePEAT | [-[ ] ReLEASE

Conference Transfer
Drop Hold

1 2 3
4 5 6
7 8 9
* 0 #

Recall Disconnect

D Message or Speaker

* QOriginating capabilities (only) are recommended for the third appearance of an agent’s voice terminal.

Figure 17-8. Agent Who Also Receives Direct Calls (16-Button Set)
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> ] 6005 > ]
> ] 6005 > ]
> ] 6005 > ]
> ] >
> ] >
Conference Transfer
Drop Hold
1 2 3
4 5 6
7 8 9
* 0 #
|| Message Recall Erlséggkegrt

O o b oo o o b [

]

STROKE
COUNT 1

STROKE
COUNT 2

STROKE
COUNT 3

STROKE
COUNT 4

STROKE
COUNT 5

STROKE
COUNT 6

STROKE
COUNT 7

STROKE
COUNT 8

STROKE
COUNT 9

LND

R N N e .

Figure 17-9. Agent Who Also Receives Direct Calls (40-Button Set)

LOGIN

STAFFED

LwcC

EMERGNCY

AUDIO
TROUBLE

ASSIST

REPEAT

AUTO-IN

MANUAL
-IN

AUX-WORK

RELEASE
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Figure 17-10 shows the recommended button configuration for an agent who handles ACD calls for two
splits. Since many of the buttons are duplicated, alarger set isrequired for this purpose.

The blank buttons can be assigned as desired by the customer.

" LOGIN LOGIN
> 6006 > 6010 [ ] 6006 [ ] 6010
> ] 6006 >0 ] 6010 STAFFED STAFFED
[ ] 6006 [ ] 6010
> > STROKE CT. STROKE CT.
~ > [ ] 6006 [ ] 6010
STROKE CT. STROKE CT.
DD LWC DD EMERGNCY D 6006 D 6010
STROKE CT. STROKE CT.
[ ] 6006 [ ] 6010
Conference Transfer
AUDIO TRO. AUDIO TRO.
Drop Hold [ ] 6006 [ ] 6010
ASSIST ASSIST
[ ] 6006 [ ] 6010
1 2 3
D D REPEAT
4 5 6
AUTO-IN AUTO-IN
[ ] 6006 [ ] 6010
7 8 9 MANUAL-IN MANUAL-IN
[ ] 6006 [ ] 6010
* 0 # AUX-WORK AUX-WORK
[ ] 6006 [ ] 6010
"] Message Recall Diségggkect ] LND | || RELEASE
or er

*  Automatic answering can only be assigned to an appearance (or set of appearances) of one extension number on an agent’s voice
terminal.

Figure 17-10. Agent Handling ACD Callsfor Two Splits (40-Button Set)
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Figures 17-11 and[I7-12] show the recommended button configurations for a split supervisor without agent
responsibilities. Figure 17-11 shows the recommended layout for a 16-button voice termina and
shows the layout for a 40-button voice terminal. Both of these voice terminals contain three
appearance buttons, but the third is optional.

The blank buttons on the 40-button set can be assigned as desired by the customer.

LA O = | e
[ ] eoo7 > Asenr
A i
S we | [ e

>0 awer. | U opserve
Conference Transfer
Drop Hold
1 2 3
4 5 6
7 8 9
* 0 #
Disconnect
D Message Recall or Speaker

* When Call Vectoring is assigned to the switch, these buttons are not used.

Figure 17-11. Split Supervisor — Without Agent Responsibilities (16-Button Set)
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ADD
> ]| o008 > AcenT
DELETE
DD 6008 DD AGENT
INTRAFLO
DD 6008 DD ALL
INTRAFLO
DD LND DD THRESHLD
VERIFY SERVICE
DD ANNCT. DD OBSERVE
Conference Transfer
Drop Hold

1 2 3

4 5 6

7 8 9

* 0 #
Disconnect
D Message Recall or Speaker

Figure 17-12. Split Supervisor — Without Agent Responsihilities (40-Button Set)

O o b oo o o b [

]

oo o oo o 0

[]
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Figure 17-13 shows the recommended button configuration for a split supervisor with agent responsibilities.
Since this set contains the buttons needed by an agent and the supervisor, a larger set is required for this
purpose.

The blank buttons can be assigned as desired by the customer.

ADD STROKE
> ] 6009 > ]| AGENT (1 counT1 [ ]| LOGIN
DELETE
> ] 6009 >0 ] STROKE
AGENT LIl count2 | || STAFFED
S 6009 ] INTRAFLO
ALL B STROKE u LW
INTRAFLO COUNT 3
> ] [ ]| THRESHLD
SO e | ] S| [ cowrs | [ ewenener
STROKE
LI counts [ ]
Conference Transfer
STROKE AUDIO
Drop Hold LI counte Il TrRousLE
STROKE
LIl count? [ ]
1 2 3
STROKE
LIl counTe | || REPEAT
4 5 6
STROKE
LIl counTe | || AUTO-IN
7 8 9 MANUAL
[ ] [ ] -IN
’ 0 # D D AUX-WORK
Disconnect LND RELEASE
D Me&age Recall or Speaker D D

Figure 17-13. Split Supervisor — With Agent Responsibilities (40-Button Set)



17-34 AUTOMATIC CALL DISTRIBUTION

USER OPERATIONS

The following are the user operating procedures for this feature.

ToLogIntoCMS

— A measured agent should:
¢ Go off-hook on anidle appearance. [Dial tone]
¢ Dial the Agent Log-In access code, or pressthe LOGIN button. [Dial tone]
* Did the 4-digit Agent Log-In ID twice (e.g., 11101110). [Confirmation tone]
NOTE: Agent Log-InIDsare not allowed to have leading zeros.

* Press the RELEASE button or go on-hook. (The agent is now STAFFED and automatically placed
inthe AUX-WORK mode.)

ToLogOut of CMS

— A measured agent can:
¢ Verify that the voice terminal isin the STAFFED mode.
* Pressthe STAFFED button. (The agent is placed in the UNSTAFFED mode.)
— A measured agent can also:
¢ Verify that the voice terminal isin the STAFFED mode.
¢ Go off-hook on anidle appearance. [Dial tone]
¢ Dial the Agent Log-Out access code, or pressthe LOGOUT button. [Confirmation tone]
* Pressthe RELEASE button or go on-hook. (The agent is placed in the UNSTAFFED mode.)

To Recelve an On-Demand Update of a Queue-Status Display During an ACD Call
— An ACD agent with adisplay and the class-of-service assignment should:

* Pressthe NORMAL MODE button. [Display shows the number of queued calls and the amount of
time the oldest call has waited.]

To Recelvea New ACD Call After Placing a Call On Hold

— An agent with Multiple Call Handling assigned (and aMANUAL-IN button) should:

* Press the MANUAL-IN button. [A new ACD cal terminates to a terminating/originating
appearance of the agent’s extension (if acall isin queue).]
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Go off-hook on the ringing appearance. [Agent is connected to and can now attend to the new ACD
cal.]*

Pressthe HOLD button. [New ACD call is placed on hold. (There are now two calls on hold.)]
or

Press the RELEASE button. [Agent is disconnected from the call.]
or

Transfer the new ACD call. [Agent is disconnected from the transferred call.]

Handling choice for next call.

Pressthe MANUAL-IN button again. [Another ACD call can terminate to a terminating/originating
appearance (if the appearance is available).]

or

Select aheld appearance. [The agent can now attend to a held call ]

— An agent with Multiple Call Handling assigned (and an AUTO-IN button) should:

Pressthe AUTO-IN button. [A new ACD call terminates to a terminating/originating appearance of
the agent’s extension (if acall isin queue).]

Go off-hook on the ringing appearance. [Agent is connected to and can now attend to the new ACD
cal.]t

Pressthe HOLD button. [New ACD call is placed on hold. (There are now two calls on hold.)]
or

Press the RELEASE button. [Agent is disconnected from the call.]
or

Transfer the new ACD call. [Agent is disconnected from the transferred call.]

Handling choice for next call.

If the previous call was placed on hold, press the AUTO-IN button again. [Another ACD call can
terminate to a terminating/originating appearance (if the appearance is available).]

or

If the previous call was released or transferred, smply wait for another ACD call to arrive.
[Another ACD call can terminate to a terminating/originating appearance (if the appearance is
available).]

*  During the call, the agent can press the AUTO-IN button to cross over to the following mode of Multiple Call Handling.
Tt During the call, the agent can pressthe MANUAL-IN button to cross over to the previous mode of Multiple Call Handling.
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To Activate Call Forwarding for ACD Calls

The split supervisor should:

Press an idle appearance button. [Dia tone]

Diad the Call Forwarding—Activate access code (either unconditional or overflow), or press the
INTERFLO ALL (if administered as Call Forwarding), INTRAFLO ALL, or INTRAFLO THRESHLD
button. [Dial tone]

Dia the number of the forwarding destination. [Confirmation tone]

Press the RELEASE button or go on-hook. (This activation can be performed as many as three times.
The order of activation sets the order of priority for forwarding. A distant destination for unconditional
forwarding should be (for better functionality) the final destination activated. Also, unconditional
forwarding to a distant destination cannot be paired with Overload Balancing.)

The system supervisor (using the designated attendant console) should:

Pressanidle loop button.

Pressthe START button. [Dial tone]

Dia the Call Forwarding—A ctivate access code (either unconditional or overflow). [Dial tone]
Dia the split supervisor’s extension number (to identify the split). [Dial tone]

Dial the number of the forwarding destination. [Confirmation tone]

Press the RELEASE button. (This activation can be performed as many as three times. The order of
activation sets the order of priority for forwarding. A distant destination for unconditional forwarding
should be (for better functionality) the final destination activated. Also, unconditional forwarding to a
distant destination cannot be paired with Overload Balancing.)

To Establish a Default Destination for Overload Balancing

— The split supervisor should:

* Pressan idle appearance button. [Dial tone]
¢ Dial the Overload Balancing—Default access code. [Dial tone]
¢ Dial the AAR/ARS access code. [Dial tone]
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Dial the 7- to 10-digit number of the default distant destination. [Silence]
Dial ‘‘#.”’ [Confirmation tone]
Press the REL EA SE button or go on-hook.

To Activate Overload Balancing to the Default Destination

— The split supervisor should:

Press an idle appearance button. [Dial tone]

Dial the Overload Balancing—Activate access code (either unconditional or overflow), or press the
INTERFLO ALL (if administered as Overload Balancing) or INTERFLO THRESHLD button.
[Dial tone]

Pressthe“'#’ button. [Confirmation tone]

Press the RELEASE button or go on-hook. (This destination is automatically inferred as the last
priority destination for redirection of ACD calls)

To Activate Overload Balancing to a Special Destination

— The split supervisor should:

Press an idle appearance button. [Dial tone]

Dial the Overload Balancing—A ctivate access code (either unconditional or overflow), or press the
INTERFLO ALL (if administered as Overload Balancing) or INTERFLO THRESHLD button.
[Dial tone]

Dial the AAR/ARS access code. [Dial tone]
Dial the 7- to 10-digit number of the specia distant destination. [Confirmation tone]

Press the RELEASE button or go on-hook. (This destination is automatically inferred as the last
priority destination for redirection of ACD calls.)

To Add an Agent to a Split

— The split supervisor should:

To Remove an Agent From a Split

— The split supervisor should:

Be sure that the agent is in the unstaffed mode.
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Press an idle appearance button. [Dial tone]
Dial the Member Delete access code, or pressthe DELETE AGENT button. [Dial tone]

Dial the extension number of the agent to be removed. [Confirmation tone]

Press the RELEA SE button or go on-hook.

To Activate Agent Override With Warning Tone

— An observer should:
* Besuretheagentisactiveon acall.
* Pressan idle appearance button. [Dial tone]

* Dial the agent override (warning tone) access code, or pressthe AGENT OVERRIDE (with warning
tone) button. [Dial tone]

¢ Dial the extension number of the agent to be observed.

* After observation, pressthe RELEASE button or go on-hook.

To Activate Agent Override Without Warning Tone

— An observer should:
* Besuretheagentisactiveon acall.
* Pressan idle appearance button. [Dial tone]

¢ Dial the agent override (no tone) access code, or press the AGENT OVERRIDE (without warning
tone) button. [Dial tone]

¢ Dial the extension number of the agent to be observed.

* After observation, pressthe RELEASE button or go on-hook.

To Activate Service Observing

— An observer should:
* Pressan idle appearance button. [Dial tone]
* Pressthe SERVICE OBSERVE button. [Dia tone]
* After observation, press the RELEASE button or go on-hook.



AUTOMATIC CALL DISTRIBUTION 17-39

To Activate 2-Way Observing During Observation

— An observer should:

* Press the SERVICE OBSERVE button. [Audible 2-way connection and Service Observe lamp
flashes.]

To Restore Muting During Observation

— An observer should:

* Pressthe SERVICE OBSERVE button. [Silent 1-way connection, and Service Observe lamp lights
steady.]

To Verify a Split'sFirst Recorded Announcement

— The split supervisor should:
* Pressan idle appearance button. [Dial tone]
¢ Dia the Announcement Verify access code, or pressthe VERIFY ANNCT button.
¢ Listen to the announcement.
¢ Pressthe RELEASE button or go on-hook.

To Extend an Attendant Call to an ACD Split

— An attendant should:
* Pressthe ANSWER button. [Talking connection between the attendant and the calling party]
* Pressthe START button. [The switch returns dial tone and places the calling party in soft hold.]
¢ Dial an associated extension number for the desired split. [Ringback tone]
* Press the RELEASE button within 4 seconds. [The switch places the calling party in the split's
queue.]

NOTE: If the attendant does not release within 4 seconds, the call is treated as a direct attendant
call. Attendant callsto an ACD split do not enter the split’s queue. Instead, System 85 scans the sp
it for an available agent, and if found, completes the call to that agent. If an available agent is not
found, there are two possible switch responses. First, if Attendant Call Waiting is assigned to the
switch, the call waits on the split supervisor's voice terminal. Second, without Attendant Call
Waiting, the switch returns busy tone to the attendant.
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To Turn Off the Reload Warning Lamp

The system supervisor (using the designated attendant console) should:

* Pressan idleloop button.
* Pressthe START button. [Dia tone]
* Pressthe RELEASE button.

A split supervisor should:

* Go off-hook on anidle appearance. [Dial tone]

¢ Dial the Reload Warning Lamp access code. [The switch returns confirmation tone, and the lamp turns
off.]

* Pressthe RELEASE button or go on-hook.

CONSIDERATIONS

Switch Capacities
The switch can handle 1024 answering positions arranged in as many as 60 splits (30 splits in R2
V3). The splits’ sizes are always built in blocks of 16 positions. Therefore, a split may contain 16,
32, 48, etc., potential answering positions. As an example, an acceptable configuration using all 1024
positions spread across 20 splits would be: 4 splits of 128 positions, 4 splits of 64 positions, 4 splits
of 32 positions, and 8 splits of 16 positions. A processor occupancy evaluation can be performed to
determine the impact of the desired configuration.

The Message Center feature and AUDIX use ACD splits. Hence, the use of ACD splits by AUDIX
and Message Center decreases the number of ACD split and agent positions available for traditional
agent operations (e.g., order taking).

An ACD split serves as the gateway to each AUDIX system. An AUDIX adjunct can only have as
many as 32 voice ports. Therefore, these AUDIX gateway splits should only be configured to
contain 16 or 32 (usualy, 32) members.

System 85 software allows as many as 64 observers (using service observing) to observe agents at the
sametime. When a 65th observer triesto activate service observing, the switch returns reorder tone.

As many as 60* gqueue status lamps (i.e., eight 30A8 SSI panels) can be provided with the switch to
display the status of ACD queues.

Each 106B display unit can monitor the status of up to 20 agents. As many 106Bs as needed can be

* R2V3switches have alimit of 30.
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provided. For example, if aswitch contained 1024 agents (the maximum for ACD on System 85), 52
display units could be provided to monitor the calling activity of every agent.

NOTE: An agent can only be monitored on one 106B display unit at atime.

Recorded Announcement Limit
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The ACD software contains a 2-second task that adds an announcement to the time slot of every
calling party waiting to hear the announcement.

Legal Considerations

CMS (Call Management System)

As many as 237 trunk groups (numbered from 18 to 255) can be measured by the CM S system. The
remaining trunk groups (numbered from 256 to 999) can complete calls to ACD splits but are not
measured by the CM S system.

The number of measured ACD splits is designated from the CMS system. This group of measured
splitsis presumed to be comprised of the lowest consecutively numbered splits on the switch. Asan
example, CM S measurement is desired for six splits. Also, four splits without CM S measurement are
desired. The six measured splits must be assigned as splits one through six on the switch. The four
unmeasured splits can be assigned to any remaining split nhumber [from 7 to 60 (30, using the AP
16)]. However, to facilitate growth, a gap between the split numbers of measured and unmeasured
splits is recommended. For example, the unmeasured splits could be assigned as split numbers 15,
16, 17, and 18. In this way, the next measured split can be assigned as split number seven (as
required) without ‘‘moving’’ an unmeasured split to make space.

Measured agents in unmeasured splits are allowed. These agents are assigned in Procedure 028,
Word 1. Unmeasured agentsin measured splits are not allowed.

Pegging Agent Calling Activity for the CMS

Prior to R2 V3, Issue 1.3 or R2 V4, Issue 1.1, the switch notifies the CMS whenever an agent goes
off-hook on an idle appearance. This method of pegging the calling activity of ACD agents can
distort the corresponding CM S statistics by reporting agent state changes, feature requests, and many
invalid or misdialed numbers as completed calls.

Whenever a measured agent dials an access code (or presses an Abbreviated Dialing button with an
access code as the stored number), this dialing activity is tabulated as an outgoing call by the CMS
system. Therefore, whenever possible, feature buttons (not Abbreviated Dialing buttons) should be
assigned to the agents' multiappearance voice terminals. In this way, an agent can change states
without distorting the accumulated data that describes the agents' call-origination activity.

Beginning with R2 V3, Issue 1.3 or R2 V4, Issue 1.1, the switch pegs ACD agent cals more
accurately. Before pegging a call placed by an ACD agent, the switch will review the dialed digits
and, for internal calls, monitor the calls progress. In this way, the CMS will not be notified when
feature access codes, many invalid numbers, and many calls resulting in busy tone or reorder tone are
dialed by ACD agents.

However, when an ACD agent places a call outside the System 85, digit review and call-progress
monitoring will usually be more limited. In most cases, once the switch successfully seizes an idle
trunk and outpulses the dialed digits for continued routing by the distant switch, the local System 85
considersthe call *‘completed’’ and pegsthe call accordingly. The
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following types of outgoing calls conform to this model.
¢ Direct trunk-group access using trunk-group access codes
¢ AAR routing using location codes
* ARSrouting
* Prefix-digit routing of extension numbers within aDCS cluster.
When the switch routes a DCS call according to the entire extension number, the digit review is more

complete. But, call-progress monitoring finishes when an idle trunk is seized and the digits are
outpul sed.

Functions Replaced by Call Vectoring
When the Call Vectoring feature is enabled in an ACD environment, some of the basic ACD
functionality isdisabled. The disabled ACD functionality includes:
* Associating splits with trunk groups
¢ Routing callsto ACD splits using associated extension numbers
¢ Providing thefirst delay recorded announcement for a split
* Providing the second delay recorded announcement for the switch
¢ Providing intraflow from a split’s queue viathe Call Forwarding feature

¢ Specifying a split number (from 1 to 60) asthefinal point in a coverage path.

The Cadll Vectoring feature provides an alternate method for implementing these functions, and if
desired, vectors can be administered to emulate the disabled ACD functionality.

Intraflow and Interflow
Regular Operation of Intraflow and Interflow

The call forwarding function of the ACD feature (i.e., intraflow) is used to redirect ACD callsto local
destinations. The overload balancing function (i.e., interflow) is used to redirect ACD callsto distant
network nodes.

There can be three local destinations for redirection of ACD calls. These destinations are arranged in
a priority scheme. If the first destination is unavailable, the switch checks the second and third
destinations. Assign the destinations by repeatedly activating either the Call Forwarding—Follow
Me (unconditional forwarding) or the Call Forwarding—Busy and Don't Answer (threshold
forwarding) feature. Cancel the destinations in reverse order by repeatedly deactivating Call
Forwarding.

Additionally, there can be one internode destination for redirection of ACD calls. As mentioned, this
destination is provided via overload balancing. The internode destination is always automatically
implemented as the last priority. The internode destination can be used alone or after the list of local
destinations. As such, there can be as many as four possible destinations.
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Unconditional Internode Forwarding

The Call Forwarding—Follow Me feature can be used to redirect al ACD cals to a remote
destination. However, only an AUDIX or an MCS split is recommended as the remote forwarding
destination for ACD calls. If any other type of remote destination is desired (i.e., a distant voice
terminal, attendant, or ACD split), the overload balancing function should be used to redirect the
cals.

When Call Forwarding—Follow Me is used as the mechanism for distant forwarding, the distant
destination should be (for better functionality) the final destination activated.

Multiple Call Handling and CM S (Call Management System)

When multiple call handling is assigned to a split, the CM S system provides three new measurements
to track the status of these agents. These measurements include:

¢ The number of held ACD calls
¢ The number of ACD calls that were abandoned while being held
¢ Thelength of timethat ACD calls are held.

The CMS tracking of ACD agents is modified whenever an agent activates multiple call handling.
Since the CMS system tracks agents (not calls), an agent’s average call time is reduced while the
agent is using multiple call handling. An agent could have more than one call on hold, but the total
call-handling time would equal the time that actually elapsed.

For similar reasons, while an agent is using multiple call handling, the average talk time and the
average after-call-work time are also |ess accurate on the real-time reports.

Multiple call handling does not reduce the accuracy of the CM S historical reports.

Published Numbers and Malicious Call Trace

For ACD applications of Malicious Call Trace, malicious cals tend to be placed by individuals
outside the organization. These people are likely to place malicious calls to numbers found in the
public telephone directory. When thisis the case, ACD agents answering calls directed to published
numbers should be equipped with a feature button for convenient activation of Malicious Call Trace.

Power Interruptions

After a power interruption, an automatic reloading occurs of switch trandations from the tape into
memory. The system’s reload warning lamp lights. To turn off the reload warning lamp, the system
supervisor should press an idle loop button, press the START button, dial the Reload Warning Lamp
access code, and press the REL EA SE button.

After a switch reload, al split members are unavailable for split calls. Unmeasured agents with
plugged in headsets are placed in the AUX-WORK mode. Unmeasured agents without plugged in
headsets are placed in the UNSTAFFED mode and must press the STAFFED button to return to the
AUX-WORK mode. Measured agents are placed in the UNSTAFFED mode and must log into CMS.
From the AUX-WORK mode, an agent may press the AUTO-IN or MANUAL-IN button to receive
split calls.
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Music-on-Hold
For R2 V4 ACDs, it is strongly recommended that each module in the switch where Music-on-Hold
is desired be equipped with amusic source. A music source per module reduces the use of time slots
and links between modules.

NOTE: Multiple music sources are not availablein R2 V3.

Agent Override

Agent override allows avoice terminal user to enter an ACD agent’s calls. However, the agent must
have an established call in progress.

To observe successive cals using agent override, the observer must reenter the connection after each
cal is established.

While an observer (using agent override) is connected to an agent’s active call, features such as
Conference—Three Party, Transfer, Call Waiting, and Hold are denied for use by the agent.

System 85 does not alow agent override to be activated toward a split supervisor’s voice terminal.

Service Observing

To implement the service observing function, multiappearance voice terminals are required for both
the agents and the observers.

Service observing allows an observer to monitor an agent’s incoming and outgoing calls. For some
outgoing calls, however, the observer may not be added to the connection for up to 10 seconds after
the agent completes dialing. For these calls, the observer is protected from listening to unattenuated
touch-tones.

For some other outgoing calls involving a ‘‘cut-through’’ connection between the local System 85
and a distant switch, an observer (without a headset) may hear unattenuated touch-tones. The
recommended headsets are equipped with an automatic volume control that limits these touch-tones
to an acceptable volume.

An agent’s calls with an attendant or a centralized attendant cannot be observed. Also, if an agent
goes on-hook, presses the HOLD or RECALL button, answers acal on hold, or is placed on hold by
the other party, the switch removes the observer from the connection. The observer need only remain
off-hook to be reconnected to the same call, if allowed, or to the next call where service observing is
allowed.

Call Distribution to **Unavailable’’ Agents

All of the System 85 call-distribution agorithms distribute calls to agents who are perceived as
“‘available’’ by the switch. Therefore, ACD agents should always announce their unavailability to
the switch by routinely entering the After-Call-Work, Aux-Work, or Unstaffed mode when
unavailable. Otherwise, the switch will distribute calls to unoccupied agent positions, and these calls
will not be answered.
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Automatic Available

Field 6 (Field 5 in R2 V3) of Procedure 026, Word 2 assigns *‘ automatic availability’’ to every agent
position in an ACD split. Automatic availability should only be assigned to an ACD split that is
serving as the gateway to an SRU (Speech Response Unit).

Many SRUs cannot automatically restaff their agent positions after a hard processor swap or after a
commercial power failure. When automatic availability is assigned to the split, the switch runs a
regularly scheduled audit to automatically restaff the agent positions for the SRU.

Automatic availability should not be assigned to traditional ACD splits with human agents. If thisis
done, ACD agents lose the ability to maintain their requested unavailability. For example, if an
agent enters the Aux-Work mode to go on break, the request is accepted. However, as soon as the
scheduled audit runs, the agent is returned to the available mode, and ACD calls are distributed to the
agent’ s unoccupied position.

Also, automatic availability should not be assigned to an AUDIX split. The AUDIX system has its
own method of restaffing the gateway ports after a hard processor swap or after a commercial power
failure.

Stroke Count

DNIS

As many as ten stroke count buttons are allowed on an agent’s voice terminal. One of these buttons
serves as the AUDIO TROUBLE button. The remaining nine buttons can be used as desired by the
customer.

The DNIS function attaches names to ACD calls that use dial-repeating type routing to reach an
ACD split. The switch receives the dialed digits and routes the calls to dummy extensions. In turn,
these dummy extensions redirect (forward or cover) every cal to the split’s queue.

For DNIS, dummy splits should not be used instead of dummy extensions. Dummy splits are not
needed for DNIS. When automatic routing is used to direct calls to an ACD split, these trunk groups
can be directly assigned to the “‘real’’ split and given unique names. In fact, using a dummy split
causes an unexpected problem. Since calls are redirected from the dummy split to the real split, the
real split cannot use the Intraflow—Threshold function. (Every call arriving to the rea split has
already redirected once.)

Single-Appearance Terminalsand ACD

Although ACD agents are alowed to use single-appearance voice terminals, there are some
persuasive reasons why they shouldn’t. The following is a summary of the shortcomings confronted
when single-appearance voice terminals are used in the ACD environment.

* No status lampsto indicate the current agent state

* No method to change the current agent state (without disrupting the active call)
* No convenient way to use automatic answering to receive calls

* No RELEASE button to quickly disconnect afinished call

* No ASSIST button to quickly obtain assistance from the split supervisor

* No STROKE COUNT buttons to augment the CM S measurements

* No LND (Last Number Dialed) button to quickly redia outgoing calls

I I OooOoad I I |

|
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* No display modules or built-in display units (for DNIS, queue-status, city-of-origin, queue-of-
origin, or LND displays)

* No service observing allowed (either to or from a single-appearance voice terminal)
¢ No multiple call handling allowed.

Hard and Soft Processor Swaps
Stable ACD callswill endure a hard processor swap.

If an ACD call is being distributed to an idle agent when a hard swap occurs, the call will fail.

ACD queues are stored in a status portion of switch memory. Therefore, if an ACD call is queued to
asplit when a hard swap occurs, the call is never routed to an idle agent. The queueis cleared.

If an observer is using service observing to monitor an agent when a hard swap occurs, the
connection for the current call will endure a hard swap. However, service observing activations are
stored in a status portion of switch memory. Therefore, after the current call is finished, the observer
would have to reactivate service observing to continue monitoring the agent.

If an observer is using agent override to monitor an agent when a hard swap occurs, this connection
will endure a hard swap.

If an ACD agent with multiple call handling has an ACD call on hold when a hard swap occurs, the
held call islost.

Call Forwarding and Overload Balancing relationships are stored in a transglation portion of switch
memory. Therefore, if a split supervisor activates intraflow or interflow and then a hard swap occurs,
these relationships will endure the hard swap.

The ACD feature operates normally during a soft processor swap.
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Table 17-4. ACD Function Access

FFUNCTION NAME o APPLICATION JACCESS o FEATURE -ACCESSED -
0 0 gCODE— g BUTTON § BY [
0 0 OENCODE 7 NAME 0O (NOTELD [
gall Forwarding—  —Unconditional local forwarding E 1 E INTRAFLO E 1,2 H
ollow Me rof split’s calls (Intrafl ow— 0 0 ALL 0 0
0 CAlI). 0 0 0 0
Leall Forwarding— Uoverflow local forwarding of U 2 U INTRAFLO U 1,2 g
BY/DA Usplit's calls (Intraflow— . S THRESHLD 7 .
0 DThI’eShO| d). 0 N 0 0
[Call Forwarding—  [Deactivates split forwarding. O 3 O O 1,2 H
LEancel O 0 O O 0
old TPlacescall inprogressonhold. 7 4 O HOLD O 234 B
CAuto-In Mode OToreceive callsin the g 70 0 AUTO-IN O 2,3 d
O Uautomatic mode. O O O E
Aux-Work Mode ~ Togetoutof receiveACDcalls ; 71  QAUX-WORK o 2,3 [
0 [Jmode. 0 0 0 0
(Manual-In Mode UEnables agent position to U 72 UMANUAL-IN U 23 O
H receiveasingle ACD call. E H H E
Btaffed Mode Olndicatesto switchthat agent's [0 73 O STAFFED [ 2,3 O
0 Oposition is occupied. 0 0 0 O
H\/Iember Add HAdds membersto a split. H 74 H H 2,5 S
[Member Delete JRemoves split members. o 75 O O 2,5 O
LA nnouncement Unllows verification of splits U 76 U U 2 U
erify recorded announcement. E H H E
[Agent Override OAllowsentry intoanagent'scall O 77 O O 2,4 O
[{No Tone) Uin progresswithout tone alert. U O O H
|‘ﬂxgent Override E'Allows entry into an agent’s call E' 78 E' H 2,4 S
Warning Tone) Ojin progress with tone alert. O O 0 0
B

FBeelnotelat end of table.
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NOTE1: 1= System Supervisor (using the designated attendant consol€)
2 = Split Supervisor
3=ACD Agent
4 = Observer
5 = Switch Administrator (using an SMT).
The ASSIST button is an Abbreviated Dialing button with the split supervisor’'s
individual extension number as the stored number.
: Where an encode is shown in the third column, Abbreviated Dialing buttons
(using the access code as the stored number) can always be assigned to
multiappearance terminals.

@]
3
m
w

FFUNCTION NAME 7 APPLICATION SACCESS JFEATURE [ACCESSED -
a 0 0

0O 0 OCODE— 5 BUTTON  BY
O 0 (ENCODE b NAME O(NOTEL [
"Reload Warni ng Erurns off reload warning lamp E 79 E E 1,2 H
amp rafter atape load on the switch. O 0 0 0
[Overload Balancing [Unconditional distant O &4 O o 1,2 O
LAl Horwarding of split'scalls. O O O E
©verload Balancing Overflow distant forwarding of O 85 0 o 12 0
F—Overflow split'scalls. ad O O g
%Dverload Balancing LEstablishes default destination B 86 E E 2 E
—Default or overload balancing. O 0 0 0
[Overload Balancing [Deactivates either overload O 87 O o 12 O
[—Cancel Ohalancing condition. 0 0 O 0
#\gent LogIn #_ogs an agent onto the CM S system. H 88 H H 2,3 E
[Agent Log Out [ogs an agent off of the CMSsystem. 7 89 O o 23 O
gl/l CT Activate LActivates atrace to identify the B 100 gEM ERGNCY E 2,3 E
O ling party of amalicious call. O O O 0
[Release Call [(Releasesany typeof call inprogress. 1 — ORELEASE O 2,3,4 [
ﬁ?epeat Qereats city-of-origin message to g — g REPEAT g 2,3 S
%nnouncement ents. O O O 0
[$ervice Observing  [Allows extended observationofan [ — O SERVICE O 2,3,4 [
O CACD agent'sline. O 0 OBSERVE O O
lit Supervisor HAIIowsan agent to request help from H — H ASSIST H 3 E
ssistance rthe split supervisor. O q (NOTE2) 0
[Audio Difficulty Orabulates occurrences of poor o — O AuDIO 0O 2,3 O
U Hransmission quality on calls. O UTROUBLE U g
Stroke Count Allows the CMS system to count o — 0 STROKE o 23 0
O events of current interest. 0 g COUNT g O
0

0

]

0

0

]

0

0

]

0

0
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

Attendant calls to alocal ACD split are not queued. The switch attempts to complete the call to an idle
agent either by scanning the agent queue or by scanning the split. If no idle agents are found in the split,
the call waits on the split supervisor's single-appearance terminal. When an attendant places a call to an
individual ACD agent’s single-appearance terminal and that termina is busy, the call waits on the busy
terminal when Attendant Call Waiting is provided.

Attendant calls cannot wait on an ACD agent’s single-appearance voice terminal while an observer (using
agent override) is connected to the agent’s call.

Attendant DXS (Direct Extension Selection) With BLF (Busy Lamp Field)

In a switch with 3- or 4-digit extensions, an attendant can use the appropriate DXS buttons to place or
extend calls to the associated extension number of an ACD split. However, since a split’s queue is never
really ‘‘busy,”’ the BLF lamps adjacent to these DXS buttons are never lit.

Automatic Callback

Automatic Callback can be activated toward the individual extension number of an ACD agent. However,
when thisis done toward an agent in a busy split (i.e., calls are waiting in queue), a race condition occurs.
The switch simultaneously begins the Automatic Callback sequence and the distribution of the next queued
call when the agent goes on-hook. Since the ACD call-distribution agorithms are considerably faster, the
agent will usualy (if not always) receive the ACD call first.

Automatic Callback can also be activated toward an associated extension number of an ACD split. When
this is done, the callback sequence is performed against the split supervisor’s voice terminal. Again, if the
split is busy and if the split supervisor is answering ACD calls, the same race condition occurs with the
same results.

NOTE: Automatic Callback is usually activated toward an agent to facilitate calling from
within the organization, and is always more effective when activated toward single-appearance
terminals. If ACD agents (using single-appearance terminals) need to receive intracompany
cals, the race condition can be avoided by using the Priority Calling feature. However, the
better solution would be to provide agents with multiappearance voice terminals equipped with
either two or three appearances. In this way, an extra appearance is available for routine
communication with other departments.
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Busy Verification of Lines

An attendant can use the Busy Verification of Lines feature to check the busy/idle condition of the
terminalsin an ACD split. The agent’s terminals can be checked whether or not the terminals are available
for split calls. If Busy Verification of Linesis activated toward an ACD associated extension number, only
the split supervisor'slineis verified.

Call Coverage

An ACD gsplit (including a Message Center split or an AUDIX system) can be assigned as the final point in
a coverage path. However the split number, rather than an associated extension number, is used to
designate the coverage point. Therefore, al coverage calls which are redirected to an ACD split are placed
in the nonpriority queue.

On an attendant extended call to a principal with coverage assigned to an ACD split (including a Message
Center split), the attendant receives coverage tone before the call is redirected to the ACD split. During the
4-second period of silence following the tone (the caller response interval), the attendant should rel ease the
call to alow the call to be queued. Also, the attendant can release the call prior to the tone.

CDRR (Call Detail Recording and Reporting)

The CDRR feature records the trunk dial access code as the calling number on an incoming ACD cal. The
extension number of the answering agent, rather than the split’s published number, is recorded as the dialed
number.

Call Forwarding—Busy and Don’t Answer

The Call Forwarding—Busy and Don’t Answer feature cannot be used to forward calls to an associated
extension number of an ACD (including AUDIX) split. When thisis attempted, the switch returns intercept
tone.

When the split supervisor activates this feature, ACD calls are forwarded to a local destination when an
overflow condition occurs. The Don’'t Answer portion of this feature does not apply.

The split supervisor cannot use this feature to forward calls for the supervisor's individua extension
number. Activation of thisfeature only forwards calls which are directed to the split’s queue.

There can be three forwarding destinations arranged in a priority scheme. If the first priority destination is
unavailable, the second and third destinations are checked. However, if the first or second priority
destinations were an attendant or an ACD split (without the inflow level specified for the split), the
remaining priority destinations would not be checked. Instead, a forwarded call would unconditionally
enter the attendant’ s or the split’s queue.

The forwarding destinations are assigned by repeated activation of the Call Forwarding—Busy and Don’t
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Answer feature. Priority is determined by the order of activation. The destinations are canceled in reverse
order by repeated deactivation of the feature.

When an ACD call is forwarded to another local split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.

Call Forwarding—Don’t Answer

An ACD split supervisor cannot activate Call Forwarding—Don’t Answer to forward the supervisor’s calls.
When an ACD split supervisor activates Call Forwarding—Don't Answer, the split's calls are forwarded to
alocal destination in an overflow condition (as if Call Forwarding—Busy and Don’'t Answer were instead
assigned to the supervisor’s class of service).

For ACD calls, there can be three forwarding destinations arranged in a priority scheme. |If the first priority
destination is unavailable, the second and third destinations are checked. However, if the first or second
priority destination is an attendant or an ACD split (without the inflow level specified for the split), the
remaining priority destinations would not be checked. Instead, a forwarded call would unconditionally
enter the attendant’ s or the split’s queue.

When an ACD call is forwarded to another local split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.

Call Forwarding—Follow Me

The Call Forwarding—Follow Me feature can be used to forward all calls to an associated extension
number of an ACD (including AUDIX) split. When thisis done, the forwarded calls enter the split’s queue.

The split supervisor cannot use this feature to forward calls for the supervisor's individua extension
number. Activation of this feature only forwards calls which are directed to the split’s queue.

There can be three forwarding destinations arranged in a priority scheme. If the first priority destination is
unavailable, the second and third destinations are checked. However, if the first or second priority
destination is an attendant or an ACD gplit, the remaining priority destinations are never checked. |nstead,
aforwarded call would unconditionally enter the attendant’ s or split’s queue.

The destinations are assigned by repeated activation of the Call Forwarding—Follow Me feature. Priority
is determined by the order of activation. The destinations are canceled in reverse order by repeated
deactivation of the feature.

When an ACD call is forwarded to another loca split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.
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Call Pickup and CM S (Call Management System)

An agent can be active on an ACD call and elect to pickup a call directed to the agent’s Call Pickup group.
Using a single-appearance voice terminal, this can be done by going on-hook (to finish the picked up call)
and allowing the held ACD call to ringback the agent. However, when this method is used, the callback by
the held ACD call isagain tabulated by CMS as an answered ACD call.

Call Vectoring

When Call Vectoring is enabled in an ACD environment, the abandon call search function operates
normally. During any step of the vector processing for incoming calls, the check for abandoned calls is
performed just before ringing an idle agent. The switch only distributes the call to an agent when the trunk
isfound active at the CO (Central Office).

When Call Vectoring is enabled in an ACD environment, the multiple call handling function operates
normally. When an agent receives a distributed call that was processed by a vector, the agent can place the
call on hold and remain available to receive another call that is distributed from the split’s queue.

When Call Vectoring is enabled in an ACD environment, queue warning lamps can still be provided. (The
warning lamp threshold for each split is still assigned in Procedure 026, Word 1, Field 5.) However, the
meaning of lamp activity on the 30A8 is dightly modified. The appropriate lamp still lights when the
number of callsin the split’s queue is greater than or equal to the assigned threshold. With Call Vectoring
assigned, however, the assigned queue warning threshold can be a different value than the parameter(s)
within the vector itself that actually divert callsto aternate destinations.

Call Waiting

Call Waiting is denied to an ACD agent while an observer (using agent override) is connected to the agent’s
cal.

CMDR (Centralized M essage Detail Recording)

Same as the SMDR interaction.

Conference—ThreeParty

When an agent adds another agent to an ACD call, the resulting conference is not considered a work-related
activity for the second agent. The second agent is not removed from the agent queue.

When an agent adds another agent to a work-related outgoing call, the resulting conference is not
considered a work-related activity for the second agent. The second agent is not removed from the agent
queue.
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When an agent adds another agent to a persona call, the resulting conference is not considered a work-
related activity for the second agent. The second agent is not removed from the agent queue.

A voice terminal user on a 2-party call is alowed to add the recipient of an ACD call to a 3-party
conference. However, the second button press (of the switchhook, RECALL button, or CONFERENCE
button) in the conferencing operation is ignored until the receiving agent has actually answered the call.
(That is, the second button pressisignored while the call is queued.)

Display—Voice Terminal

When queue-status displays are assigned in the ACD environment, these displays use 8 characters (6 digits
and 2 spaces) of the available 40 characters. Further, these eight characters overlap with the source and
destination fields on the 40-character display. Therefore, unless the source and destination names are fairly
brief, these names are more likely to be truncated when queue-status displays are enabled.

DCS (Distributed Communications Systems)

In a DCS environment, direct attendant calls and attendant extended calls to an ACD split in another node
are queued. However, for attendant extended calls, the attendant does not receive confirmation tone to
indicate that the queue has been entered.

Extension Number Portability

An extension number must be removed from an ACD split, if assigned, before the number can be ported to
another node.

FRL (Facilities Restriction Level)

When interflowed ACD cadlls use the AAR or ARS feature to route these calls outside the local switch, the
FRL of the split's supervisor is used to determine whether these calls can use the available network
facilities.

Hold

If an ACD agent (including Message Center agents) with queue-status display places an ACD call on hold,
then the queue-status display is automatically updated as the agent returns to the held call for subsegquent
handling.
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Hunting

Any individual extension number of an ACD agent may be included in a Hunting sequence. Hunting
functions normally in this situation. However, an ACD split associated extension number cannot be
assigned to a Hunting sequence. When thisis attempted, an administration error will occur.

I PA (Interpartition Access)

To protect the privacy of ACD agents, service observing is only allowed from within the same extension
partition or Extension Partition 0. An observer in a different extension partition (but the same partition
group) as an ACD agent cannot observe the agent using service observing.

To protect the privacy of ACD agents, agent override is only allowed from within the same extension
partition or Extension Partition 0. An observer in a different extension partition (but the same partition
group) as an ACD agent cannot observe the agent using agent override.

Last Number Dialed

The LND (Last Number Dialed) feature stores and redials calls to an associated extension number of an
ACD split.

ACD agents can use the LND feature to minimize redialing calls to other ACD agents, to other
departments, or to other locations outside the switch.

Since the ASSIST button is an Automatic Dialing button, the LND feature does not redial assistance calls
to the split supervisor. Instead, the LND feature will redia the last digits that were manually dialed before
the assistance call.

Malicious Call Trace

If an ACD agent receives a malicious call, the Malicious Call Trace feature can be activated by the ACD
agent. It is preferable, when malicious calls are more than a rare occurrence, to assign the EMERGNCY
button to every agent’ s multiappearance voice terminal.

If an ACD agent receives a malicious call and activates the Malicious Call Trace feature while the agent is
being observed using service observing (as opposed to Agent Override), the observer may continue to
monitor the malicious call and subsequent calls normally. Furthermore, service observing alows the
observer to begin observation after Malicious Call Trace has been activated.

City/Queue-of-Origin Announcement. An ACD agent cannot activate Malicious Call Trace during a
city-of-origin or a queue-of-origin announcement. When this 2-second announcement finishes, a trace
can be activated.

CMS (Call Management System). With CMS, messages are sent to the processor (3B or AP 16) and
interpreted as EXCEPTION messages by the CM S software. An Exception Message will appear on any
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real-time report displaying datafor that split.

Agent Override. If an Agent Override call is attempted toward a line involved in a Mdicious Call
Trace, the calling party receives intercept tone.

M essage Center Service

One Message Center split can use intraflow to divert excess calls to another Message Center split.
However, when this is done, it is recommended that both splits be assigned to the same AP. If the MCS
splits are assigned to different APs, the diverted calls will still enter the backup split's queue, and these
calls will be distributed to available MCS agents. But, the Coverage Screen will not be displayed for the
answering agent in the backup split.

Music-on-Hold Access

For R2 V4 ACDs, it is strongly recommended that each module in the switch where Music-on-Hold is
desired be equipped with a music source. A music source per module reduces the use of time slots and
links between modules.

NOTE: Multiple music sources are not availablein R2 V3.

Override

When Override is activated toward the individual extension number of a busy ACD agent, the override call
intrudes into the agent’s active call. When Override is activated toward the individual extension number of
anidle ACD agent, the override call alerts the agent with 3-burst ringing.

When Overrideis activated toward an associated extension number of an ACD split and the split supervisor
is busy, the call intrudes into the split supervisor's active call. When the split supervisor is idle, the call
alerts the supervisor with 3-burst ringing. (The Override call does not enter the split’s queue.)

NOTE: If the called agent (or split supervisor) is using a multiappearance terminal, an override
cal (in preference to intruding into the active call) will terminate to an idle appearance (if
available) with 3-burst ringing. When no idle appearances are available, the override call will
intrude into the active call.

Precedence Calling

The precedence level of AUTOVON callsthat are directed to or forwarded to an ACD split are checked. If
the precedence level is higher than ‘*Routine,’”’ the call does not enter the split’s queue. Instead, the call is
redirected to the attendant queue.
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Priority Calling

When Priority Calling is activated toward an individua single-appearance terminal in an ACD split, the call
waits on that terminal. When Priority Calling is activated toward an associated extension number of an
ACD split, the call aways waits on the split supervisor’'s single-appearance terminal. (The priority call
does not enter the split’s queue.)

NOTE: If the called agent (or split supervisor) is using a multiappearance terminal, a priority

cal will terminate to an idle appearance (if available) with 3-burst ringing. If no idle
appearances are available, the switch returns busy tone to the calling party.

Priority calls cannot wait on an ACD agent’s single-appearance voice terminal while an observer (using
agent override) is connected to the agent’s call.
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SMDR (Station M essage Detail Recor ding)

The SMDR feature records the trunk dia access code as the calling number on an incoming ACD call. The
extension number of the answering agent, rather than the split’s published number, is recorded as the dialed
number.

Tenant Services

Automatic-in type routing to ACD splitsis not partitioned. There are no checks in Procedure 115 to ensure
that the partition of an automatic-in type trunk group matches the partition of the assigned split. It is the
responsibility of the system manager to ensure that these partition numbers match.

Dial-repeating type routing to ACD splits is partitioned. When the digits of an associated extension
number are either passed to System 85 from the serving switch or dialed from inside the switch, the Tenant
Services feature makes the necessary partitioning checks. Associated extension numbers are assigned to
partitions using Procedure 000, Word 4.

There are no checks made in switch administration to ensure partitioning of ACD splits. When
administered from the MAAP panel or the SMT, a single split may contain agents from several extension
partitions. Once an ACD call enters the split's queue, the call will terminate to the selected available agent
regardless of the agent’ s extension partition assignment.

In general practice, each ACD split provides a functional division of call answering responsibilities. For
most (if not all) ACD applications, it is recommended that each split contain only agents assigned to the
same extension partition. The System Manager should be careful to follow this guideline.

The ACD feature aso allows a split supervisor (in a partition other than Extension Partition 0) to add and
remove agents to/from the supervisor's ACD split. When this method for adding agentsis used, the Tenant
Services feature provides a check to ensure that the added agent belongs either to the supervisor’s extension
partition or to Extension Partition 0. If not, the switch returnsintercept treatment to the split supervisor.

A split supervisor in Extension Partition O is allowed to add an agent from any partition to any ACD splitin
the switch.

An observer (in a partition other than Extension Partition O) is allowed to use agent override to monitor the
call-handling activity of an agent in the same extension partition or in Extension Partition 0. When the
observer attempts to activate agent override toward an agent in any other partition, the switch returns
intercept treatment to the observer.

An observer in Extension Partition O is allowed to use agent override to observe any agent in the switch.

An observer (in a partition other than Extension Partition 0) is allowed to use service observing to monitor
the call-handling activity of an agent in the same extension partition or in Extension Partition 0. When the
observer attempts to activate service observing toward an agent in any other partition, the switch returns
intercept treatment to the observer.

An observer in Extension Partition 0 is allowed to use service observing to observe any agent in the switch.
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Transfer

When an agent transfers an ACD call to another agent, the transferred call is not considered a work-related
activity for the second agent. The second agent is not removed from the agent queue.

When an agent transfers a work-related outgoing call to another agent, the transferred call is not considered
awork-related activity for the second agent. The second agent is not removed from the agent queue.

When an agent transfers a personal call to another agent, the transferred call is not considered a work-
related activity for the second agent. The second agent is not removed from the agent queue.

Variable Format Call Detail Recording

The CDR feature records the trunk dial access code as the calling number on an incoming ACD cdl. The
extension number of the answering agent, rather than the split’s published number, is recorded as the dialed
number.

RESTRICTING FEATURE USE

The MAAP and SMT can apply Termination Restriction to the individual extension number of an ACD
agent. This has the effect of preventing direct calls from terminating at the agent’s terminal. However,
callsto the ACD split terminate normally at the agent’s position.

An attendant can apply Controlled Termination Restriction to the individual extension number of an ACD

agent. This has the effect of preventing direct calls from terminating at the agent’s terminal. However,
callsto the ACD split terminate normally at the agent’s position.

HARDWARE REQUIREMENTS

The ACD feature requires the following additional or special hardware.

To provide the CMSoption:

* A loca 3B2 or 3B5 with CM S software to manage ACD activity. (An AP 16 can also be used with R2
V 3 switches and nonvectoring R2 V4 switches.)

¢ A dedicated DCIU link to thelocal 3B2, 3B5, or AP 16.

To provide the recorded announcements:

¢ 13A announcement system(s) (eight channels per 13A), A 36A voice coupler, with a 2012D power
transformer, isrequired for each 13A announcement trunk.

or
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¢ KS65270, L12 digital announcer(s) (single-channel announcement set) to provide the recorded
announcements. One SN228B or SN229 line circuit (four circuits per pack) must be provided for each
KS-65270 to support remote announcement recording capability.

* Spacein an auxiliary cabinet to house the announcement set(s)

¢ An auxiliary trunk circuit of an SN231 circuit pack for each announcement trunk (four circuits per
SN231)

To provide the queue warning lamp control option:

¢ 30A8 system status indicator panel to display queue warning status for eight ACD splits
* SN241 contact interface (eight circuits per circuit pack) for 30A8.

To provide lamp monitoring of ACD agents:

¢ 106B display unit to display the status of 20 ACD agents

* Two circuits of an SN224 MFET circuit pack to control each 106B display unit (four hybrid circuits per
SN224).

To provide convenience for agents, supervisors, and observers:

¢ Headsets
— 3122 Starset |1 Plantronics* headsets for hands-free operation of the agents
NOTE: Several agent models are available.

— 3122 Starset Supra (supervisory model) headsets for convenient operation of split supervisors and
observers

NOTE: Several supervisory models are available.

NOTE: The recommended Starset headsets are equipped with an automatic volume
control to limit unattenuated touch-tones to an acceptable volume.

NOTE: The Starset headsets are not compatible with the 7407D voice terminal.
(However, the Starmate headsets can be used with this voice terminal.)

* 31712 headset adapters to connect headsets to voice terminals.

To provide display capabilities for agents:

* 7406D, 7407D, or 7405D (with D401A display module) voice terminals.

*  Trademark of Plantronics, Inc.
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FEATURE ADMINISTRATION

Assignment of the ACD feature is on a per-system, per-trunk group, and a per-terminal class-of-service
basis. The customer can partially administer this feature using the SMT (System Management Terminal) or
the TCM (Terminal Change Management) feature. This feature can also be administered using CSM
(Centralized System Management).
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The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES

AUTOMATIC CALL DISTRIBUTION

PROCEDURE

=
®)
2y
o

PURPOSE

SMT

000

=

Assigns the voice terminal class of serviceto the agents’ ex-
tension numbers.

Yes

001

Assigns an associated extension number to a split
supervisor’sindividual extension number.

Yes

010

Assigns ACD membership to an agent’'s voice terminal
class of service. Assigns agent override to an observer's
class of service. Also, use this procedure to assign ACD
Queue-Status Display to an ACD agent’s class of service.

Yes

026

Administers the split size, the ICl message number, the
queuing trunk group, the outflow and inflow levels, the
lamp control circuit for the queue warning indicators, type
of hunting to an ACD split, and the type of ACD split.
Each split isidentified by a split number [a number between
1and 60 (30in R2V3)].

Yes

026

Assigns the split supervisor’'s extension number, the queue
directory number (first associated extension number),
priority extension number, and auto available* to a split.
This procedure also assigns Multiple Call Handling to a
split (R2 V4 only).

Yes

026

Assigns nonsupervisory members to a split in the order in
which direct or circular hunting isto take place.

Yes

026

Assigns the ACD system supervisor and warning tone for
service observing.

Yes

027

Assigns the first delay recorded announcement and the
timing intervals preceding the first and second delay
recorded announcements to an ACD split.

Yes

027

Assigns the second delay recorded announcement to the
switch.

Yes

027

Assigns  the  city-of-origin and  queue-of-origin
announcementsto an ACD split.

Yes

028

Assigns an extension or a range of extensions to be
measured by CMS.

Yes

028

O0nOoOo@DOoOooopDOoOO0OopDoOgoooDoooooooooooOoooogoomooi@a

I A o o | |

Busies out the CMS system.

Yes

052

[

|
o
U

Assigns automatic answering (line type) to an appearance
(or a set of appearances) of amultiappearance terminal.

o | |

Yes

MOofjoOfdooooogoopoogooooOoioo oo oogofgoooogooinogoh oo o g

human agents.

* ‘*Auto available’’ should not be assigned to an AUDIX split or to splits with

I A A
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O MAAP AND SMT PROCEDURES O
D AUTOMATIC CALL DISTRIBUTION (Contd) E
[JPROCEDURE U worD [ PURPOSE U sMT
U 054 o 1 0 Administers the feature buttons, the stroke count 5 Yes U
E O O buttons, and the RELEASE key for the automatic [ E
0 0 0 answering mode. Refer to for a cross [ 0
0 g U reference of applicable feature buttons and dial access U 0
0 E E encodes. E 0
H = 054 0 2 O Assigns the SERVICE OBSERVE button to an [ Yes<= E
O a 0 observer's multiappearance voice terminal. O 0
O 060 E 1 E Assigns a split member to a position on the 106B E' Yes O
O 060 O 2 0 Associates the halves of the 106B display. O Yes n
a 100 H 1 H Assigns the queuing trunk type, and the H No O
U 0 _announcement trunk type to atrunk group. O U
& - — - il
0 115 g — U Assignstrunk-group terminationto an ACD split,tand O No
0 § U priority queuing and CMS measurement to the trunk U 0
a E E group. B d
H 150 o — 0 Assg.ns thg equipment locations of agmhary trunks [ No H
0 g 0 and incoming ACD trunks to their trunk-group O 0
0 0 0 numbers. O 0
U 155 E — E Administers the contact interface circuit for the queue E No U
El 0 ] warning indicators. 0 E
O 204 o 1 U Designates the desired aphanumeric display for U No
a O O incoming calls to a split’s special queue trunk group O g
0 = 5 that reach an attendant o O
= O O : O

H 256 g 1 0 Assignsthe DCIU datalink characteristics for CMS. 0 No E
O 256 L 2 L Administers the level 2 timers and counters for the U No O
0 = 2 DClu link o O
= 0 O : 0

S 256 O 3 O Administersthelevel 3 timers and counters for the O No S
O U U DCIU link. O 0
O 257 g 1 g Administers the components and priority statusof the 7 No U
= 0 0 DCIU channel. 0 g
0 257 o 2 U Administers the DCIU port for the DCIU channel. 0 No [
g 258 E 1 E Copies the trandation changes made using E' No U
J 0 0 Procedures 256 and 257 to working tables. 0 g
0 258 g 2 U Refreshes the DCIU temporary trandation tables U No
0 E E before using Procedures 256 and 257. E 0
H 275 E 4 E Assigns abandon call search, answer supervision (R2 E Yes E
0 a O V3 only), and CMS for ACD to the system classof [ 0
0 0 U service. 0 0
O 350 E 1 E Assigns thefirst digit of the feature dial access codes E' No O
J 0 0 (if required). 0 g
0 350 g 2 U Assignsthe ACD featuredial accesscodes. Referto U No
0 E E [Table 17-D]for across-reference of the applicable dial E 0
H 0 ] access codes and feature buttons. 0 H
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— AUTOMATIC CALL DISTRIBUTION

PATH NAME

10

PURPOSE

terminal-change terminal display unit

Displays or prints the split members being moni-
tored by a 106B display unit.

terminal-change class-of -service attributes

Assigns ACD membership to a voice terminal
class of service and assigns agent override to a
voice termina class of service.

terminal-change extensions attributes

Assigns the class of service to an extension
number.

terminal-change
group call-distribution attributes

Administers the characteristics of the ACD split.

terminal-change
group call-distribution members

Add or removes agents to/from an ACD split.
Also, use this screen to assign automatic
answering to the agent’s extension. This screen
is also used to assign the split's priority
associated extension number.

terminal-change
group call-distribution trunk-groups

Assigns trunk group termination to an ACD
split and priority queuing to the trunk group.

terminal-change system parameters
(select the Call-Distribution option)

Declares the attendant-consol e number of the
system supervisor and assigns abandon call
search and answer supervision to the system
class of service.

ODOOoooooofoooooooogoopogooooogpop g

terminal-change terminal buttons

MmOOOdgooOoOogoopooooophopoooogamgpo o

Assigns the feature buttons for the ACD feature.
Refer to for a cross-reference of
applicable feature buttons and dial access
encodes.

1 A e A |

The following is the applicable FM path name used with the AP 16.

FM SCREEN — AUTOMATIC CALL DISTRIBUTION

PATH NAME

PURPOSE

MmoOopao/so

facilities-mgmt dciu link-assignments

|

Generates areport of the current DCIU link
assignments.

moogooo
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
AUTOMATIC CALL DISTRIBUTION

>

PPL’N

OBJECT

O

PURPOSE

_|
(@)
<

extension

Administers the voice terminal class of service to the agents’
extension number and assigns access to message retrieval,
membership in call coverage, and the associated AP or
AUDIX machine number.

_|
@)
<

associ ated-extension

Assigns an associated extension number to a split
supervisor's extension number. This command also assigns
a name display to the associated extension. Associated
extension numbers are used to route calls to an ACD split.

[
_|
@)
<

class-of-service

Administers the ACD features and/or restrictions that are
assigned to the extension’s line class of service. These
features include ACD member, ACD override, and ACD
queue status display. Restriction levels that can be defined
with this command are: code restriction (0-3), facility
restriction (0-7), or maximum level (1-6). Precedence levels
only apply if AUTOVON isenabled).

|
0 TCM/FM

acd-grp

Administers ACD groups and assigns attributes to the
groups. These groups include group size, machine type
(message center or AUDIX), IClI message number, queue
directory number, priority extension humber, and multiple
call handling. (If call vectoring is present, the ICl message
number, queue directory number, inflow level, and priority
extension number do not apply.)

TCM/FM

acd-members

Administers single or multiple members of the ACD group.
Members are assigned a member number and can be
identified by either the member number or the member's
extension number.

MOoooooooooOod

TCM/FM

Moo opoooOoooogoooooooopgoooopnoooomg

Sys-cos

MMHOOoooOoopoooOoooogoODooooooooooopoooo

Administers the system class of service for the ACD feature.

e
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CSM SCREENS— MASKS
AUTOMATIC CALL DISTRIBUTION (Contd)

APPL'N U OBJECT O PURPOSE
TCM O call-coverage-path O Administers the call coverage path and defines its attri-

U butes including coverage criteria, no-answer interval,
U and the coverage points. This command can link two

call coverage paths for dual coverage. If the last point
n in the coverage path is an ACD group, the ACD group
O must be defined. System 85 R2 V4 — If call vectoring
U is present, the last point in the path may be a vector
U directory number, but may not be an ACD group. If

the last coverage point is defined as an ACD group
) associated with an AP or with an AUDIX machine
O without call vectoring, the AP or AUDIX number must
U be the same as the AP or AUDIX number for all other
U extensions covered by points in the path. If the last

coverage point is defined as a VDN whose associated
) Vector references with an ACD group (System 85 R2
O V4 with call vectoring), the AP or AUDIX number
U must be the same as the AP or AUDIX number for all
E other extensions covered by pointsin the path.

oo ooooooooooooogp oo o g

_|
@)
<

OJoooooomooooooooooooooooooodg

The command will be set type:
i.e., 12-button, 36-button, bct,
idt, pt510, vds, -coverage-
module, or feature module.

E Assigns automatic answering (line type) to the multi-

[ appearance terminal. Assigns the feature buttons, the

O stroke count buttons, and the RELEASE key for the

U automatic  answering mode.  Defines  terminal
attributes such as set color, set mount, and equipment

] adjuncts.

e
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CSM SCREENS— MASKS
AUTOMATIC CALL DISTRIBUTION (Contd)

>

PPL'N

OBJECT

PURPOSE

—
@)}
<

console-messages

Administers the consol e message associated with either a trunk
group or call type. These messages display on all attendant
consoles on a switch. Each console message is also
associated with either a message number or a CAS branch
number. Instead of a CAS branch or a message number, the
LDN, for the System 85 R2 V3 and V4, may be defined and
associated with the alphanumeric message. LDN call types are
defined as follows:

* System 85 R2 V3 - 1 through 4 and 124 through 128

* System 85 R2 V4 - 1001 through 1999.

Console message numbers 1 through 3 cannot be added to a
System 85, R2 V1, R2 V2, or V3, because they are
preassigned. System 85 R2 V4 — If Tenant Servicesis active,
an LDN in an attendant partition may be associated with a
console message. If Call Vectoring is active, a Vector
Directory Number may not be associated with a console

message.

TCM/FM

Sys-cos

Assigns abandon call search, answer supervision, and CMS for
ACD to the system class of service and enables the DCIU link
or channels.

OgooOoOpooooOooooooooooooooooopOooono

first-digit

Administersthe first dialed digit in the dialing plan.

0o
—| =
[elNe)]
o
Tl T
| Z

moOoOoOoooooogdg

OO oodoOooOoogoooooooooooooooooooogmp o

dial-access-codes

OoOOOoOOoOdOooOoOoOdogoogoooooooooooooooooooop o

Assigns the ACD feature dial access codes. (System 85 R2
V4) The dia access code can be up to four digits long. If
Tenant Services is present, the dia access codes to activate
and desactivate Unattended Console Service must be assigned.
If Cal Vectoring is present, the following dial access codes
should be disabled: Overload Balance All, Overload Balance
Default, Overload Balance Cancel, and Overload Overflow.
Codes are available to activate or deactivate Madlicious Call
Trace and call transfer to AUDIX.

10 e |
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CSM SCREENS— MASKS
AUTOMATIC CALL DISTRIBUTION (Contd)

APPL’'N

OBJECT

PURPOSE

TCM/FM

acd-announcements

Administers the first and second delay announcement for
the ACD feature. System 85 R2 V3, and V4 without
Cal Vectoring — Associates an ACD announcement
ELL with a city-of-origin or ACD queue-of-origin.
System 85 R2 V4 with Call Vectoring — Associates an
existing ACD announcement number with a VDN. The
association determines the announcement heard by
agents when incoming calls are routed to a vector
(through Cal Vectoring) or an ACD split. This
announcement informs agents of the source of the
incoming call. Up to 84 announcements are assignable.
All announcements can be verified by the split
supervisor.

TCM/FM

cms-extension

Administers extensions associated with the CMS (Call
Management System). Cal activity for extensions
administered with this command will be sent to CMS for
use in generating reports. The CMSMIS terminal
number is assigned automatically when the extension is
added.

_n
<

cms

Controls the link to the CMS feature so it can be
activated or deactivated when necessary. (Notification
to the CM S administrator is necessary before using
this command).

TCM/FM

acd-status-lamps

System 85 R2 V3 and V4 only Administers lamps that
display ACD group member status information. Lamps
are identified by ELL and are associated with a column
number on the 106B display unit and with a specific
ACD member and group.

'I'I
<

trk-grp

Assigns the queuing trunk type and the announcement
trunk type to atrunk group.

_n
<

term-trk-grps

Administers trunk-group termination to an ACD split.
Assigns priority queuing and CMS measurement to the
trunk group. System 85 R2 V3 and V4 only — Before
specifying the CMS type, notify the CMS System
Administrator.

MOoOoOoOOodoopDodooooogoooogooooooonooogooooogooooogopgoogdg

'r|
<

Moo ooooopoOooopooOoooo oo Ooooooooggm o

trk

MOopOoOoOoopoOoooooOpooopooooopoooooooooooooggm o

Administers trunks and appropriate trunk attributes for
new or existing ACD trunks.

1 e e
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CSM SCREENS— MASKS
AUTOMATIC CALL DISTRIBUTION (Contd)

OBJECT PURPOSE

APPL’'N

|

FM trk-grp Assigns the equipment locations of auxiliary trunks and
incoming ACD trunks to their trunk group numbers.
Administers the contact interface circuit for the queue
warning indicators.

Administers the status and attributes of DCIU links,
which are logica channels for carrying messages
between the DCIU and an external processor.
(Attributes include the link assignment, destination,
machine type and number, BX.25 level 2 and 3
protocol characteristics, local role, baud rate and link

name.)

FM dciu-link

FM dciu-channel Assigns network channels to provide logical pathways
for transmission on DCIU links. Also establishes the

status assignment and priority level of the channel.

FM dciu-route-codes Administers alternate route codes assigned to specific
destination routing codes. The codes are used to route
message between the DCIU and adjunct processors, or

another DCIU in aDCS network.

OoOoOOoOOdgooogoooooooopoogopgooog
OOO00Ooooogoooooooopooggipho
OO0O0oOoooogooooooogpooodg

DCIU Administration

For a CMS system on an adjunct computer, refer to of this manual for detailed information
about DCIU administration. This information includes some recommendations for typical administration
of the DCIU.

OoOOoOOoOOddooOoodooooooooooooooogd
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AUTOMATIC CALLBACK

DESCRIPTION

The Automatic Callback feature allows voice termina usersto call a busy extension number, go on-hook,
and have their calls automatically placed by the switch when the called extension becomesidle. The switch
monitors the busy/idle status of both extensions. When both extensions are idle, the caling terminal
receives distinctive 3-burst ringing. When the calling terminal goes off-hook, the called terminal rings.

With Automatic Callback, the calling party doesn’t waste time and effort by repeatedly calling a busy
terminal. Communication is increased by reaching the busy terminal as soon as both terminals are idle and
before the called party |eaves the busy terminal.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Activate Automatic Callback

With an AUTO CALLBACK button:

* Go off-hook on anidle appearance. [Dial tone]

¢ Dial the extension number of the called terminal. [If the called voice termina is busy, busy tone is
heard.]

* PressAUTO CALLBACK. [Confirmation toneis heard, and the AUTO CALLBACK lamp lights.]

* Go on-hook. [If the activating voice terminal is off-hook when the called voice terminal goesidle, the
AUTO CALLBACK lamp flutters on the activating voice terminal.

When both the calling and called voice terminals become idle the Automatic Callback sequence is
initiated by the switch. (3-burst distinctive ringing is heard, and the AUTO CALLBACK lamp flutters
on the activating terminal.)]

* Go off-hook on anidle appearance. [Ringback toneis heard, and the called terminal rings.]

18-1
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¢ A 2-party connection is established when the called party goes off-hook.

Without an AUTO CALLBACK button:

¢ Go off-hook. [Dial tone]

¢ Dial the Automatic Callback access code. [Second dial tone]
¢ Didl the extension number of the called terminal.

¢ |f the called voice terminal is busy, confirmation toneis heard.

* |f the called voice termina isidle, ringback toneis returned to the calling voice terminal, and the called
voice terminal rings. (Automatic Callback is not needed.)

* To activate automatic callback, go on-hook within 6 seconds.

* The called voice terminal goes on-hook. [The calling and called voice terminals are idle. Distinctive
3-burst ringing is heard at the activating terminal.]

¢ Go off-hook. [Ringback toneis heard, and the called voice terminal rings.]

* A 2-party connection is established when the called party goes off-hook.

To Cancel Automatic Callback

Without an Assigned Feature Button:

* Go off-hook. [Dial ton€]
¢ Dial the deactivation access code. [Confirmation tone]

¢ Go on-hook.

With an Assigned Feature Button:

* Go off-hook. [Dial tone]

* PressAUTO CALLBACK. [Switch returns confirmation tone, and the AUTO CALLBACK lamp goes
out.]

¢ Go on-hook.

CONSIDERATIONS

Switch Capacities
Any number of voice terminals can activate Automatic Callback toward other voice terminalsin the
local switch (or the DCS network).

Moreover, any humber of voice terminals could activate Automatic Callback toward the same voice
terminal.
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However, each voice terminal can only have Automatic Callback activated toward one other voice
terminal at atime. When Automatic Callback is already activated toward one voice terminal, a user
can cancel this callback request and then activate Automatic Callback toward another voice terminal.
Intercept Tone
Intercept tone is returned when the calling party does not go on-hook within 6 seconds of receiving
confirmation tone, the Automatic Callback feature is aready in use and the access code is dialed
again, or when the activating voice terminal tries to activate Automatic Callback with acall on hold.
Calls Outside the DCS
A caler cannot initiate Automatic Callback toward any voice termina that is outside the DCS
network.
Callback Time Out
The callback must complete within 20 to 40 minutes or the feature reguest is canceled. The user
must then reinitiate the callback.
Automatic Callback to Multiappearance Voice Terminals

Automatic Callback can only be activated toward a busy extension. However, multiappearance
terminals provide multiple appearances of the same extension. As such, the called multiappearance
voice terminal user must be using every incoming (not originating only) appearance of the extension
before the switch will return busy tone to the calling party. As a result, multiappearance terminals
are not usually busy or are busy for relatively brief intervals. As a result, the Automatic Callback
feature is seldom if ever needed when the called terminal is a multiappearance voice terminal.

Hard and Soft Processor Swaps
Automatic Callback activations are stored in a status portion of switch memory. Therefore, if avoice
terminal user activates Automatic Callback and then a hard processor swap occurs, the switch will be
unableto initiate the callback sequence.
If ahard swap occurs during a callback sequence, the callback will fail.

The Automatic Callback feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

Activation of Automatic Callback is denied if Attendant Call Waiting is activated toward the calling
terminal line. Activation of Attendant Call Waiting is denied if a called single-appearance terminal has
Automatic Callback active. Attendant Call Waiting is denied if al the lines of a multiappearance voice
terminal are busy.
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ACD (Automatic Call Distribution)

Automatic Callback can be activated toward the individual extension number of an ACD agent. However,
when thisis done toward an agent in a busy split (i.e., calls are waiting in queue), a race condition occurs.
The switch simultaneously begins the Automatic Callback sequence and the distribution of the next queued
call when the agent goes on-hook. Since the ACD call-distribution agorithms are considerably faster, the
agent will usualy (if not always) receive the ACD call first.

Automatic Callback can also be activated toward an associated extension number of an ACD split. When
this is done, the callback sequence is performed against the split supervisor’s voice terminal. Again, if the
split is busy and if the split supervisor is answering ACD calls, the same race condition occurs with the
same resullts.

NOTE: Automatic Callback is usualy activated toward an agent to facilitate calling from
within the organization, and is always more effective when activated toward single-appearance
terminals. If ACD agents (using single-appearance terminals) need to receive intracompany
cals, the race condition can be avoided by using the Priority Calling feature. However, the
better solution would be to provide agents with multiappearance voice terminals equipped with
either two or three appearances. In this way, an extra appearance is available for routine
communication with other departments.

Busy Verification of Lines

While terminal B is on-hook waiting for terminal A to become idle after activating Automatic Callback
toward terminal A, both terminas can be busy verified. But, when terminal A goes on-hook and the
Automatic Callback process begins, neither termina can be busy verified until the talking connection
between terminals A and B has been established.

Call Coverage

After a voice termina user with coverage active activates Automatic Callback toward another voice
terminal, the 3-burst callback call istreated as a priority call and does not route to coverage.

Activation of Automatic Callback toward a termina that has Cover Active, Cover Busy, or Cover All
active is denied. Automatic Callback activation during the caller response interval of a coverage call is
denied. Activation of Automatic Callback toward a principa that is off-hook with Cover Don't Answer
activeisalowed.

Call Forwarding—Busy and Don’t Answer

Call Forwarding—Busy and Don’t Answer has no effect on the calling party’s use of Automatic Callback.
Callback always directs to the originating terminal, not to the forwarded-to terminal.
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Call Forwarding—Don’t Answer

Call Forwarding—Don't Answer has no effect on an Automatic Callback call origination. Callbacks
always direct to the originating terminal, not to the forwarded-to terminal.

Call Forwarding—Follow Me

Call Forwarding—Follow Me has no effect on the calling party’s use of Automatic Callback. The callback
always directs to the calling terminal, not to the forwarded-to terminal.
If thisfeatureis active at the called terminal, the forwarded-to terminal is treated as the called terminal.

If this feature is activated at the called terminal after the Automatic Callback call is placed, the originaly
called terminal remains the called terminal for the Automatic Callback call.

Call Pickup

A Call Pickup group member cannot use the Call Pickup feature to answer an Automatic Callback call to
the originating terminal.

Call Vectoring

The switch denies activation of Automatic Callback toward a VDN. When this is attempted, the switch
returns intercept tone to the activating party.

Whenever a‘‘forced busy’’ step in avector returns busy tone to a calling party, the switch denies activation
of Automatic Callback in response to the busy tone. When this activation is attempted, the switch returns
intercept tone to the calling party.

Call Waiting

If abusy party has a call waiting and another party tries to call the busy party, the switch returns busy tone
to the calling party. The calling party can now activate Automatic Callback toward the busy party.
However, the callback sequence is delayed until there are no calls waiting.

If acalling party activates Automatic Callback toward a busy terminal and then becomes busy with another
call, use of the Call Waiting feature by another party toward the calling party is still allowed.

If aparty iswaiting on a busy line, the busy party with the waiting call cannot place the active call on hold
and then activate Automatic Callback toward another line.
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DDC (Direct Department Calling)

Any individual DDC group member can use the Automatic Callback feature.

If Automatic Callback is activated toward a DDC group number, callback occurs only when the calling
terminal and the DDC controlling terminal becomeidle.

Hold

Activation of Automatic Callback is alowed if the called terminal line has a party on hold. However,
callback is not completed until after the held call is serviced.

Hunting

If Automatic Callback is activated toward a busy terminal line in a hunt group, the call does not complete
until that specific terminal lineisidle. The call does not hunt.

I PA (Interpartition Access)

A voice termina user (in a partition other than Extension Partition 0) is alowed to activate Automatic
Callback toward voice terminalsin the same partition group or in Extension Partition O.

When the user triesto activate Automatic Callback toward a voice terminal in any other partition group, the
switch returnsintercept treatment.

A voice terminal user in Extension Partition 0 is allowed to activate Automatic Callback toward any voice
terminal in the switch.

Last Extension Dialed

Automatic Callback can be used in conjunction with Last Extension Dialed. Thisis useful when activation
of the Automatic Callback feature toward the last extension dialed is desired. (Dial the Automatic Callback
DAC or press the feature button before pressing the LXD feature button.)

Last Number Dialed

Automatic Callback can be used in conjunction with Last Number Dialed. Thisis useful when activation of
the Automatic Callback feature toward the last number dialed is desired. (Dial the Automatic Callback
DAC or press the feature button before pressing the LND feature button.)
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Line L ockout

Automatic Callback can be activated toward a voice terminal in the lockout condition. When the voice
terminal in the lockout condition goes on-hook, the callback process will begin.

Priority Calling

If a busy party has a priority call waiting and another party tries to call the busy party, the switch returns
busy tone to the calling party. The calling party can now activate Automatic Callback toward the busy
party. However, the callback sequenceis delayed until there are no calls waiting.

If acalling party activates Automatic Callback toward a busy terminal and then becomes busy with another
call, the switch does not alow application of the Priority Calling feature by another party toward the calling

party.

Queuing

The Automatic Callback feature and ringback queuing, at the local switch, cannot be activated at the same
time by aterminal.

Activation of the Automatic Callback feature towards aterminal line that has Queuing activated is allowed,
but deferred, until either the Queuing processis resolved or the administered Queuing interval times out.

Remote Access

A remote access user cannot use the Automatic Callback feature. The switch has no way of placing a
callback call to an off-net number.

Restriction—Attendant Control of Voice Terminals

If any of the Attendant Control of Voice Terminals restrictions are activated on either the calling or called
lines after the Automatic Callback call origination (but prior to the start of the call completion sequence),
the restrictions are ignored for the call.

Tenant Services

A voice termina user (in a partition other than Extension Partition 0) is alowed to activate Automatic
Callback toward voice terminals in the same partition or in Extension Partition 0. When the user tries to
activate Automatic Callback toward a voice terminal in any other partition, the switch returns intercept
treatment.
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A voice terminal user in Extension Partition 0 is allowed to activate Automatic Callback toward any voice
terminal in the switch.

UCD (Uniform Call Distribution)

Any individual UCD group member can use the Automatic Callback feature. |If Automatic Callback is
activated toward a UCD group number, callback occurs only when the calling terminal and the UCD
controlling terminal become idle.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Automatic Callback feature is on a per-line class-of-service basis using the MAAP
(Maintenance and Administration Panel). The customer can partially administer this feature using the SMT
(System Management Terminal) or the TCM (Terminal Change Management) feature. This feature can
also be administered using CSM (Centralized System Management).

The following are the applicable MAAP and SMT procedures.

g MAAP AND SMT PROCEDURES — AUTOMATIC CALLBACK g
O g g O O
I_lPROCEDURE O WORD O PURPOSE O SMT 0
O 000 o 1 O Assignsthevoiceterminal classof servicetoanextension 0 Yes [
U O U number. O U
H 010 g 1 0 Assigns the Automatic Callback feature to a voice [ Yes g
0 O O terminal class of service. O 0
O 054 g 2 g Assigns the Automatic Callback feature button to a g Yes U
g 0 0 multiappearance voice terminal. The applicable encode 0 g
0 0 0 IS 0 0
a 0 0 6 Automatic Callback. 0 a
H = = . - — . = N
0 350 o 1 0 Assigns the first digit of the dial access codes for the [ No [
O O O Automatic Callback feature (if required). O O
U 350 H 2 H Assigns the feature dial access codes. The applicable H No U
g 0 ] encodes are as follows: 0 g
O O O 9 Cancel Automatic Callback O O
H H H 19 Automatic Callback - Calling. H H
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— AUTOMATIC CALLBACK

PATH NAME

PURPOSE

terminal-change class-of-service attributes

Assigns Automatic Callback to a voice termind
class of service.

terminal-change extensions attributes

Assigns the class of service to an extension number.

MOoOoOooopopEsad

terminal-change terminal buttons

o | |

Assigns the Automatic Callback feature button to a
multiappearance voice terminal.

I o s

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
AUTOMATIC CALLBACK

>

PPL'N

OBJECT

PURPOSE

_|
(@)
<

extension

Assigns the voice terminal class of serviceto an
extension number.

_|
@)
<

class-of-service

Defines the Automatic Callback feature to a
voice terminal class of service.

The object will be the set type:
i.e., 36-button, 12-button, bct,
vds, feature-module, or data-
module.

Assigns the Automatic Callback feature button
to amultiappearance voice terminal.

TCM/FM

first-digit

Assigns the first digit of the dial access codes
for the Automatic Callback feature (if
required).

TCM/FM

mOooDoOooOooooooooooopooono
_|
(@)
<

DOopoOoopoooopogooipag

dial-access-code

oo oopoooopogoomg

Assigns the feature dial access code for the
Automatic Callback feature.

0 o
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AUTOMATIC CIRCUIT ASSURANCE

DESCRIPTION

This feature provides a means of early detection of possible trunk problems. Early detection of problems
can reduce out-of-service time and irritation caused by trunks not performing up to standards.

DETECTABLE FAULT CONDITIONS

Frequently, callers connected on a trunk with poor transmission characteristics will hang up and call again.
Thisresultsin many short hold time calls for these trunks. Another common trunk failure is an inability to
disconnect normally after the call (the trunk circuit remains open after both ends of the call have
disconnected). Thisresultsin long hold times for these trunks.

The ACA (Automatic Circuit Assurance) feature can detect these problems by comparing trunk hold times
to standards established by the user (long- and short-hold times). When along duration call or a specified
number of short duration calls is detected on a trunk, a designated attendant is automatically alerted by a
switch-generated referral call. The attendant can then check the condition of suspect trunks by using the
Trunk Verification—Attendant feature or take other action that may be appropriate.

THRESHOLD LIMITS

Different users will have different norms or average hold times depending on their type of business or
calling activity. For example, an order taking operation will have a relatively short average call duration,
say 2- to 3-minutes, while data calls (data terminals linked to central computers, etc.) will normally have
very long average call times (several hours). For this reason, both the short- and long-hold time thresholds
can be set separately for each monitored trunk group.

* The short call threshold can be set to any value between 0 and 160 seconds. This is the value that
determinesif ashort call has occurred.

* The short call referral level can be set to any even value between 0 and 30. Thisis the number of short
callsthat will cause the switch to initiate a short call referral.

* Thelong cdl limit can be set to any value between 0 and 24 hours.

A typical short call threshold value for voice calls would be from 10 to 20 seconds; while for adata call, a
duration of 160 seconds could be considered a short call. A typical long call threshold value for voice calls
would be 1 to 2 hours; while for data calls, the duration might be 4 hours or more.

Asan example, consider atrunk group that is usually used for voice traffic. The short call threshold for this
trunk group is set to 10 seconds, and the short call referral level is set to 8. Given this arrangement, when a
trunk within that trunk group experiences eight consecutive calls that are hung up within 10 seconds, the
switch generates an ACA referral to the designated attendant console.

19-1
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The ACA referral from the switch to the attendant appears like an incoming call with an identifying
Attendant Display (e.g., ACAL).

Release 2, Version 4 Enhancement

For System 85, Release 2, Version 3, and earlier switches, ACA referra calls are sent either to a local
attendant or CAS (Centralized Attendant Service) attendant. With System 85, Release2, Version 4,
another option isavailable. ACA referral calls can now be sent to a central referral point associated with a
maintenance or service center, such as CSM (Centralized System Management) rather than alocal or CAS
attendant.

When an ACA referral is sent to the central referral point, specific trunk failure data is not included in the
referral message. The referral call shows only that a possible trunk failure has occurred. To obtain trunk
failure data, the central referral point polls the switch and accesses the ACA audit trail record. Thisrecord

contains trunk data for the 32 most recent suspected failures. The audit trail record is stored at the switch
where the possible failure was detected.

Feature History and Development

This feature was first available on System 85 in Release 1. In R2 V4, ACA referral calls can be sent to a
central referral point. Otherwise, there are no other enhancements to the ACA feature since its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Activate ACA:

* From an attendant console, press an idle loop button. [PA lamp goes out, and loop lamp lights.]
* PressSTART. [Didl tone]

¢ Dial the ACA Start access code. [Confirmation tone]

* PressRELEASE. [PA lamp lights]

To Deactivate ACA:

* From an attendant console, press an idle loop button. [PA lamp goes out, and loop lamp lights.]
* PressSTART. [Didl tone]
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¢ Dial the ACA Stop access code. [Confirmation tone]
* PressRELEASE. [PA lamp lights]

To ldentify a Possibly Defective Trunk:

* From the designated attendant console, press ANSWER.

* Press TRK ID. [Alphanumeric display shows the trunk-group access code.]

* Press TRK ID. [Alphanumeric display changes to show individual trunk number.]
* Press TRK ID. [Alphanumeric display changesto show original referral message.]
* PressRELEASE.

* Test thetrunk and/or take other actions that may be appropriate.

CONSIDERATIONS

Designated Console

Only one attendant console can be designated to receive system-generated ACA referral cals,
regardless of the number of attendant consoles that may be assigned to the switch.

Statistical Probability of Error
Dueto the statistical nature of the operation of the ACA feature, the switch will occasionally alert the
attendant to check a good circuit. It must be understood that an occasional long call or series of short
calls will occur as a matter of chance and trigger an ACA referral. An ACA referral call does not
confirm a problem, but merely suggests the possibility of a problem.

DataCals
Data calls normally have longer holding times than voice calls. For the ACA feature to be most
effective on a switch that carries a lot of data traffic, it is desirable to provide separate trunk groups
for data calls and for voice cals. A different long- and short-hold time threshold can be set for each
trunk group (Procedure 120, Word 1) based on the type of traffic it is expected to carry.

Maintenance Alarms and ACA Referras

When ACA referrals are directed to alocal or CAS attendant, maintenance alarms can be directed to
a separate destination, such as RMATS. However, when acentral ACA referral point (such as CSM)
is used, maintenance alarms must be directed to the same destination.

Hard and Soft Processor Swaps

The short call threshold, the short call referral level, and the long call limit are stored in atrangdation
portion of memory. Therefore, these parameters will endure a hard processor swap.

Attendant activations of ACA toward trunk groups are stored in a trandation portion of switch
memory. Therefore, these activations will endure a hard processor swap.

The contents of ACA referral messages are stored in a status portion of switch memory. Therefore, if
a hard swap occurs while the designated attendant is reviewing a referral message, the unread part of
the referral messagesis|lost.
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If a hard swap occurs while the switch is placing a referral cal to the designated attendant, the
referral call fails.

The ACA feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Dedicated Switch Connections

The ACA feature ignores a long-holding time threshold exception when a Dedicated Switch Connection is
involved in the call.

DCS (Distributed Communications System)

In a DCS environment with as many as 40 nodes, attendant consoles can be concentrated at one node.
When an attendant at this node activates or deactivates the ACA feature, the feature is activated or
deactivated for every switch in the DCS. In a DCS environment, the operation of ACA is similar to the
operation in a non-DCS environment. However, the initial alphanumeric display to identify a faulty trunk
isdifferent. In addition to the usual information, the initial display shows dial access code of the tie trunk
involved in the ACA referra call. In a DCS, trunk groups that require the use of the ACA feature across
DCS nodes cannot have 4-digit dial access codes.

Tenant Services

An attendant in Attendant Partition O is allowed to activate or deactivate the Automatic Circuit Assurance
feature. However, the switch will only direct ACA referral calls to the designated attendant console. The
designated console must belong to Attendant Partition O.

Attendants (in partitions other than Attendant Partition 0) are not allowed to activate ACA, deactivate
ACA, or receive ACA referral calls.

Trunk Verification—Attendant

The Trunk Verification—Attendant feature is the principal tool used to follow up an ACA referral call. A
distant trunk which has an ACA record associated will be updated.
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Unattended Console Service—Preselected Call Routing

When the switch is in the Preselected Call Routing mode, partiadl ACA operation alows ACA trunk
referralsto be recorded in the audit trail without sending referral calls to the attendant.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the ACA feature is on a per-system and on a per-trunk group basis. The customer can
partially administer this feature using the SMT (System Management Terminal) or the FM (Facilities
Management) feature. The feature can aso be administered using CSM (Centralized System Management).

The following are the applicable MAAP and SMT procedures.

E MAAP AND SMT PROCEDURES— AUTOMATIC CIRCUIT ASSURANCE g
- PROCEDURE E WORD E PURPOSE E SMT g
O 120 O 1 O Administersthe short call threshold, thelong call limit, 0O Yes 0O
O O U and the short call referral level for each trunk group. O S
H 203 o 1 0 Assigns the TRK ID button to the attendant console. [ No 0
0 O 0 Theapplicable encodeisasfollows: O 0
O U 0 . 0 O
g - 0 28 TRK-1D Buitton. 0 0
0 204 g 1 U Designates the desired aphanumeric displays for U No O
D J U referrals to the designated attendant. J E
n 285 E — E Assigns the ACA feature to the system class of E Yes

0 0
0 O O service. U O
= 286 a o Administersthe system-wide characteristics of ACA. 7 Yes =
O U 0 O O
0 350 E g Assigns the first digit of dial access codes for the ACA g No O
E O o feature (if required). O E
0 350 O 2 0 Assigns the feature dial access codes. The applicable [ No
0 O O encodes are as follows: O O
J . . 62 ACA - Start . ]
0 A & 63 ACA - Stop. & 0
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The following are the applicable FM path names used with the AP 16.

g FM SCREENS — AUTOMATIC CIRCUIT ASSURANCE g
J PATH NAME E PURPOSE g
O facilitiesmgmt system-parameters aca-activation 0 Assignsthe ACA featuretothesystemclass [
g E of service and designates the attendant console U
g o, toreceive ACA referral calls. E
E facilitiess-mgmt trunk-groups aca-thresholds O Assigns the short call threshold, the long call
O O limit, and the short call referral level to each O
= E trunk group. O
= — . = - - O
0 facilities:mgmit trunk-groups maintenance-busy ] Displays or prints a report of those trunks
0 O listed as**maintenance-busy.” 0
U facilities-mgmt traffic reporting report U Displays or prints the audit trail report (select U
E H the ACA referral option) of ACA referrals. E
The following are the applicable CSM Command Paths utilizing the admin areaof TCM or FM.

g CSM SCREENS— MASKS E
0 AUTOMATIC CIRCUIT ASSURANCE 0
U appL'n U OBJECT O PURPOSE 0
| O O ]
O FM O trk-grp 0 Administersthe short call threshold, thelong call limit, O
0 O O andthe short referral level for each trunk group. O
H TCM E control-keys E' Assigns TRK ID button to the attendant console. S
U TC™ O consolemessages [ Designates the desired aphanumeric displays for U
O O U referralsto the designated attendant. E
E TCM/FM E Sys-Cos E Assigns the ACA feature to the system class of service. [
o FM T atfri-cul T Administers the system-wide characteristics of ACA. g
0 TCM/FM O first-digit O Assignsthefirst digit of dial access codesfor the ACA [
.y 0 0 feature (if required). E
E TCM/FM H dial-access-code H Assigns the feature dial access code. 0




AUTOMATIC IDENTIFICATION OF OUTWARD DIALING

DESCRIPTION

The AIOD (Automatic Identification of Outward Dialing) feature is used by both the telephone company
and the customer to provide valuable information about outgoing calls. The AIOD feature identifies,
trandates, and transmits the calling party’s extension number and trunk access code to the serving CO
(Central Office), or either the CCSA (Common Control Switching Arrangement) or EPSCS (Enhanced
Private Switched Communications Service) switching office. The CO, CCSA, or EPSCS switching office
contains AMA (Automatic Message Accounting) equipment for recording this information for later billing.

The AIOD feature provides the customer, as well as the telephone company, with detailed toll-call
information. This information helps the customer with cost alocation, traffic analysis, and the policing of
toll calls. Call screening is possible because each toll-call record includes the calling extension number and
the called (destination) telephone number. The duration of a call is part of the cal record. This record
assists in identifying calls that are made frequently and of excessively long duration. The time of day is
recorded in each call record to assist in identifying any suspicious out-of-hours calls.

Other Call Record Features

Besides the AIOD feature, System 85 offers a variety of other CDR formats. SMDR (Station Message
Detail Recording), CDRR (Call Detail Recording and Reporting), and Variable Format Call Detail
Recording. These alternative formats allow the System 85 to independently record information about
outgoing calls. (The CO records aren’'t needed.)

Feature History and Development

The AIOD feature was first available for System 85 in Release 1. During the Release 1 time frame, the
AIOD circuitry was provided on two circuit packs. By the Release 2 time frame, this circuitry was
compressed onto a single pack, the SN244. Otherwise, this feature has remained unchanged since its
introduction.

Billing

The System 85 may be arranged for five types of individual AIOD billing numbers:

* Individual Voice Terminal Billing — Once the voice termina has finished dialing the dial access code
for an outward AIOD call, the extension number and trunk access code are sent to the CO, CCSA, or
EPSCS switching office. If abill is prepared for this call, the extension number is used.

* Auxiliary Voice Terminal Billing — After an auxiliary ANI (Automatic Number Identification) billing
number has been assigned (MAAP adjustable) and the voice terminal(s) has finished dialing the trunk
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access code for an outward AIOD call, the auxiliary extension humber and trunk access code are sent.
Toll calls placed using Remote Access trunks are treated identically (charged to the auxiliary voice
terminal number). This function is useful for billing many voice terminals to a single extension
number.

* Auxiliary Trunk Billing — After an auxiliary ANI billing number has been assigned and the voice
terminal(s) has finished dialing the trunk access code for an outward AI1OD call, the trunk access code
and the auxiliary tie trunk number are sent. Toll call(s) placed by Remote Access users are charged to
the auxiliary tie trunk number.

¢ Attendant Billing — An attendant with an assigned LDN can originate an outward AIOD call or
complete an outward AIOD call that was originated by a voice termina. After the attendant has
finished dialing the dial access code for an outward AIOD call, the cal is processed and billed to the
LDN.

¢ Failure Billing — When an AIOD process is hot completed due to a failure in the ANI function, the
AIOD call is unidentified for billing purposes. For example, if an AIOD call is placed in queue and
cannot be serviced, the identity of the call is unknown. The failure billing number associated with the
trunk group over which the call is directed is recorded by the serving office, and the call is completed.
The failure billing number is recorded on the AMA unit and is subsequently trandlated by the
accounting center to the System 85 LDN.

USER OPERATIONS

The AIOD feature doesn’t require special user actions. Once the feature is administered, its operation is
completely automatic. When voice terminal users or attendants want to access a particular trunk group
associated with AIOD, they just dial the trunk-group access code in the same manner as they would dial
any other outgoing trunk group.

CONSIDERATIONS

Coordination With Serving Central Office
The serving CO must be equipped to receive ANI messages from the System 85.

Five-Digit Diding
If an AIOD billing number contains five digits, the leading digit is truncated because the CO will
only receive the four least significant digits of the billing number.

Hard and Soft Processor Swaps

During a hard processor swap, the ANI buffer is cleared and ANI messages are not sent to the serving
CO. Incomplete messages can also be transmitted when a hard swap occurs.

The AIOD feature operates normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

Presently, AIOD has no interactions with other features.

HARDWARE REQUIREMENTS

The AIOD circuitry consists of a single circuit pack (SN244) on the System 85. The SN244 uses a single
output channel to send the necessary information for billing by the CO. Additional output channels can be
added to the SN244 so information can be sent to other COs.
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FEATURE ADMINISTRATION

This feature is assigned on a per-system basis using the MAAP (Maintenance and Administration Panel).
This feature can aso be administered using CSM (Centralized System Management).

The applicable procedures are as follows.

E MAAP AND SMT PROCEDURES B
0 AUTOMATIC IDENTIFICATION of OUTWARD DIALING O
UproceDURE U worD U PURPOSE 0 svr O
] ] ] | []
O 000 0 2 O Assignsauxiliary billing to an extension number. 0O Yes 0O
H 100 H 1 H Assigns the trunk type to the ANI trunk group. H No g
O 101 o — 0 Assigns AIOD billing numbers to trunk groups (ie O No U
B E E trunks only). E g
O 116 o —  Assignsthe AIOD equipment number toaCOtrunk,a [ No [
O ad O ECSA/APLT trunk, a Foreign Exchange trunk, a [ O
O O U WATS trunk, and a Remote Access trunk. 0 0
E 150 H — H Assigns the equipment location of the ANI circuit to H No B
0 0 [ its trunk-group number, and the AIOD equipment [ 0
O O O number to a CO trunk, a ECSA/APLT trunk, a [ O
U 0 0 Foreign Exchange trunk, a WATS trunk, and a O U
g g S Remote Access trunk. E g
0 204 0 1 0 Assignsalisted directory number to be handledbyan 7 No g
O O O attendant (R2 V3 and later). O O
H 275 B 1 g Assigns AIOD ANI Timing Delay and Auxiliary ANI g Yes 5
O O 5 humber to the system class of service. O 0
O 352 o — O Assigns listed directory number to be handled by an 0 No O
H H H attendant (R2 V1and V2). H H




AUTOMATICIDENTIFICATION OF OUTWARD DIALING 20-5

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS— MASKS g
0 AUTOMATIC IDENTIFICATION of OUTWARD DIALING 0
2 APPL'N U OBJECT U PURPOSE E
OTCM [] extension O Administersthe auxiliary automatic identification number [0
0 0 O (ANI) to an extension line number. 0
HFM H trk-grp E Assigns the trunk type to the ANI trunk group, and g
0 0 ] assigns AIOD billing numbers to trunk groups (tie trunks
O O 0O only). Assigns the AIOD equipment number to a CO O
O O O trunk, a CCSA/APLT trunk, a foreign exchange trunk, a O
g E B WATS trunk, and remote access trunks. Assigns the g
0 0 0 equipment location of the ANI circuit to its trunk-group 0
0 0  humber, and assigns the Central Office AIOD equipment
O 0 0 number to a CO, CCSA/APLT, foreign exchange, 0O
O 0 O WATS, and remote access trunks. 0
OTCM/FM o sys-cos 5 Assigns AIOD ANI delay timing and the Auxiliary ANI g
0 0 ] number. 0
HTCM E listed-directory-number B System85 Rl V3 — R2 V2 — Adds, changes or H
0 0 O removes an LDN (Listed Directory Number). With 0
0 0 ] AlOD, the LDN is the AIOD billing number used by the
O O O attendant. O
Utem g console-messages B System85 R2 V3 — R2 V4 — Adds, changes or H

0 a 0

0 a 0

O d g

removes an LDN (Listed Directory Number). With
AlOD, the LDN is the AIOD billing number used by the
attendant.
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AUTOMATIC ROUTE SELECTION

DESCRIPTION

The ARS (Automatic Route Selection) feature provides aternate routing, also known as least cost routing,
of public network calls. The ARS feature provides automatic selection from multiple routes for a call to
reach itsfinal destination. These routes are grouped into routing patterns. Routing patterns are ordered list
of the trunk groups the switch can use to complete a particular call. Each ARS routing pattern has a first-
choice trunk group and one or more aternate trunk groups arranged in order of preference.

First-Choice Trunk Group

Usually, the first-choice trunk group in an ARS pattern is the least expensive trunk facility for a given
time-of-day and day-of-week, and each alternate route is increasingly more expensive. However, the first-
choice route for a particular pattern can be selected on some criteria other than cost.

Available Trunk Types

An ARS routing pattern may contain any or all of the following trunk types:
* Local CO (Central Office) trunks
* FX (Foreign Exchange) CO trunks
* Tietrunks

* WATS (Wide Area Telecommunications Service) trunks.

FRL (Facilities Restriction Level)

General Operation

Each trunk group in an ARS routing pattern is assigned an FRL. Each originating facility (voice or data
terminal, remote access trunk, etc.) also is assigned an FRL (the default FRL). When an ARS cadl is
placed, the switch selects a routing pattern based on the first three digits (office or area code) of the dialed
number. The switch compares the FRL of the call (the default FRL) to the FRL of the first-choice trunk
group in the selected pattern. The call can only access a trunk group that has an FRL that is lower than or
equal to the default FRL. If the call has access to the first-choice trunk group, the switch checks that trunk
group for an available trunk. If al trunks are busy, the switch checks the next trunk group for accessibility
and available trunks. The use of FRLs s discussed in more detail in the|Facilities Restriction L evel| section
of this manual.
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Authorization Codes

If an ARS call fails to route because of insufficient FRL and a higher FRL would provide access to more
trunk groups, the switch prompts (recall dial tone) the caller for an Authorization Code. Using the FRL
associated with the authorization code, the switch makes another attempt to find an available trunk.
Authorization codes are discussed in more detail in the]Authorization Codegsection of this manual.

Queuing

If the new FRL is till too low (or if no authorization code is given) and the first-choice trunk group
provides Queuing, the switch tries to queue the call on that trunk group. The calls FRL (either the default
FRL or the authorization code FRL) must alow access to the first-choice trunk group before the call can be
queued.

The trunk group’s queue length (number of calls allowed in queue) must also allow access to queuing.
Once the call has entered the queue, the switch checks the first-choice trunk group every 2 seconds for an
idle trunk. If no trunk becomes idle before the time-in-queue limit is exceeded, the switch makes a *‘last
try’’ checking. Every accessible trunk group (as determined by the FRL) in the pattern is checked.

Pattern Queuing

The Pattern Queuing option is available on System 85 Release 2, Version 3 and later switches. This option
allows any number of trunk groups in the pattern to be checked during the entire queuing process. The
switch may check one trunk group (i.e., the first-choice trunk group, ignoring Pattern Queuing), check the
first two trunk groups, etc. If Pattern Queuing indicates that three of ten trunk groups are to be checked, the
switch still checks all ten during the **last try."”’

When a cdl is placed in queue, it queues on the first-choice trunk group and is restricted by that trunk
group’ s queuing parameters (queue length, time-in-queue limit, etc.).

CAUTION: Care must be exercised when setting the number of trunk groups to be included in
Pattern Queuing. An increase in the number of trunk groups to be checked means an increase in
processing time. If this added processing time does not produce a significant increase in cals
served, queues could begin to overflow.

Destination Code

To place an ARS call, aterminal user dials the ARS access code (usually one digit but can be up to three
digits) followed by a destination code (telephone number). The destination code has the form:

P- NPA - NXX - XXXX

P - Prefix digit (not always required)

NPA - Area Code (3-digit NPA [Numbering Plan Areg])
NXX - Office Code (3-digits)

XXXX - Extension number (4 digits).
Cdlls to public network telephones within the local service area [also known as the HNPA (Home
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Numbering Plan Area)] do not require an areacode. This resultsin a 7-digit destination code.

PREFIXDIGITS

The switch examines the digit following the ARS access code to determine if a prefix digit is present. The
prefix digit is either the digit **0"" or **1."”

The Prefix ‘0"’

* If theprefix digit **0’’ isdialed, the call routesto alocal central office for operator assistance if no other
digits are dialed within 4 seconds or for specia processing (e.g., Caling Card Billing) if more digits are
diaed.

¢ |f thedigits‘'00"" aredialed, the call routes to the international operator for assistance if no other digits
are dialed within 4 seconds.

* If the digits **011"" are dialed followed by a destination code, the call is routed to international direct
distance dialing.

The System 85 routes these prefix ‘0"’ calls over two specific patterns that are assigned in Procedure 311,
Word 1.

When the digits ‘0"’ or ‘00"’ are dialed, the switch selects the ARS pattern corresponding to office code
‘000"’ (Field 1), and then outpulses the ‘0" digit(s) and any subsequent digits to the serving CO for
further routing.

When the digits ‘011"’ are dialed, the switch selects the ARS pattern corresponding to office code ‘*001"”’
(Field 1), and then outpulses the digits ‘011"’ and the subsequent digits to the serving CO (or the serving
toll office) for further routing.

The Prefix ‘1"’

Dialing the prefix digit **1'" is optional and depends on the dial 1 requirements of the central office at the
other end of the selected trunk group. The following dial 1 options are available:

1. Theprefix digit ‘1" never hasto be dialed, and the switch ignores the digit if it isdialed. The switch
adds the prefix digit if the central office at the other end of the selected trunk group needsit.

2. The prefix digit *“1"" must be dialed for all 10-digit (area code + office code + extension humber)
destination codes. Seven-digit destination codes do not require the prefix digit ‘1.’ This option
allows codes of the form NO/1X to be used as office codes when the prefix *‘1'" is not dialed. If
NXX (including N 0/1 X) are the first three didled digits, thisis an office code in the HNPA, and the
switch collects four more digits. If 1 plus NO/1X is dided, thisis an area code, and the switch routes
the call according to the next three digits dialed (the office code NXX).

Routing Codes
If the digit following the ARS access code is a number other than **0,”’ the switch examines the next three

digits, excluding the prefix digit, to determine how many more digits to collect and how to route the call.
These codes are one of the following:

OO ooo od
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¢ A servicecode
¢ An office code

¢ Anareacode.

Service Code

A service code hasthe form N11, IN11, or 11X; where N equals any of the digits 2 through 9, and X equals
any of the digits O through 9. One example of a service code is 1411, the number for local directory
assistance.

Office Code or Area Code
To accommodate areas of the country where office codes and area codes have the same form, there are two
ways to differentiate between these codes:
a  NNX isaways an office code and NO/1X (0/1 standsfor 0 or 1) isaways an NPA;
or

b. NO/1X isan NPA only if the prefix ‘1"’ isdialed; otherwise, it is an office code of the form NXX.

The switch uses the NPA, service code, or office code as an index into software tables that contain
information about the trunk groups in a routing pattern. If dialed digits are a service code or office code in
the range 200 to 999, the switch uses these digits as an index into the HNPA (Home Numbering Plan Area)
table. If the dialed digits are an NPA or a service code in the range 200 to 919, the switch checks the
associated 3-digit table. This table points to either a routing pattern or an office code list (toll table). Toll
tables are used with 6-digit routing.

6-Digit Routing

The most significant difference between 3-digit and 6-digit routing is that 6-digit routing offers more than
one (as many as ten) route for a particular NPA. When an NPA’s 3-digit table points to a pattern, calls to
the NPA route via that pattern only. The contents (i.e., the preferences) of the pattern can change by
invoking a new ARS plan, however. For 6-digit routing, the dialed office code determines what ARS
pattern the switch uses to route the call.

After the switch selects a route, it examines the route data associated with that route (trunk group). This
route data supplies the following information.

* Trunk group number

¢ Minimum FRL to access trunks

¢ Warning tone (on or off)

¢ Terminating NPA of the trunk group (the area code of the destination switch)
¢ Dia-1 prefix requirements

* Toll table provided (yes or no), and if yes, which office codes are toll and which arelocal (toll free)
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* Whether the destination switch has extensions numbered 0X XX, where X equals any digit O through 9

¢ Digit modification and outpulsing requirements for calls routed via the private network (10- to 7-digit
conversion).

Access Codes

Two ARS access codes are available.

Toll Code

The toll code allows access to every trunk group in arouting pattern. When routing would occur
over more expensive trunk facilities, the switch can provide a 1-second warnhing tone to the
calling party. After hearing the tone, the caller can either let the call proceed or hang up and try
again later when aless expensive facility isavailable.

Nontoll Code
The nontoll code allows access only to nontoll choices.

ARS Toll Restriction

The ARS toll restriction is a class-of-service restriction that can be used in conjunction with the ARS toll
code. When ARS toll restriction is assigned to a caller’s class of service, the caler is not allowed to place
calls using the ARS toll code. After the toll code is dialed by a restricted caller, the switch denies the call
with intercept treatment. (ARS toll restriction is assigned to a class of service by entering a “‘1"" in
Procedure 010, Word 3, Field 22.)

Time-of-Day Routing Plans

Public network long-distance toll charges vary from day-to-day and from hour-to-hour. To take advantage
of these variations, the switch can automatically change the ARS routing plan as many as six times a day
each day of the week. Three ARS time-of-day routing plans are available, and each plan can have up to 64
routing patterns. The main difference between one routing plan and ancther is the order of the trunk groups
in the routing patterns. Typically, arouting plan optimizes call routing for a particular period of time. For
example, plan one optimizes call routing during normal business hours, plan two optimizes call routing
after business hours, and plan three optimizes call routing on weekends.

Clocked Manual Override

An override schedule can suspend the automatic plan-change times. The customer specifies the parameters
for the override capability, called Clocked Manual Override, including: start time, stop time, and routing
plan in effect. This override capability lets the customer take advantage of low holiday toll rates. When a
holiday falls on a weekday, for instance, the switch can be preprogrammed to use the weekend routing plan
rather than the plan normally used during business hours.
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Manual Override

Another override capability, Manua Override, allows the attendant to change the routing plan from the
attendant console. The manually selected routing plan remains in effect until the attendant selects another
plan or cancels Manual Override.

10- to 7-Digit Conversion

Private Network Routing

An attribute of ARS, called 10- to 7-Digit Conversion, allows ARS calls to route partialy or completely
over private network trunks. When a user dials a 10-digit public network telephone number that is marked
for conversion, the switch converts the number to a 7-digit private network telephone number and routes
the call accordingly. The cal’s final destination may be on either the public network or the private
network. If the call’'s destination is the public network, subnetwork trunking (refer to the [AAR featurd
[description)] converts the number back to ten digits. Using the private network in this way can significantly
reduce long distance telephone bills.

Unauthorized Call Control

The switch can also block certain calls, for example, 900 (DIAL-IT) numbers. Unauthorized Call Control
lets the customer prohibit calls based on the first seven, eight, nine, or ten digits of the destination code. As
a group, these numbers have an FRL, and therefore a caller using an originating facility with a high enough
FRL can call numbers marked for call control.

IXC (Inter-Exchange Carrier) Access

ARS can provide equal accessto any IXC (i.e., a vendor providing long-distance facilities). The customer
can specify by route the particular IXC used for extending callsto given locations. Subnet trunking is used
to modify the destination code as needed. Up to 20 digits can be inserted in front of the destination code to
accommodate an 1 X C access code and authorization code.

Feature History and Development

The ARS feature was first available on System 85 in Release 1. In Release 2, Version 3, the following
enhancements were added.

— There can be as many as 160 6-digit translators (up from 64 in R2,V1 and V2, and 32 in R1)
— Each 6-digit trandator can have ten patterns (up from four)

— Each pattern can contain up to 16 preferences (up from 10)
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— Pattern Queuing
— Subnetwork trunking was expanded to provide IXC Access.
* Seven digits can be deleted from the front of the destination code (no change).
* Twenty digits can beinserted in the place of the deleted digits (up from four).
¢ |nserted digits can be formed into four groups separated by pauses (up from two).

¢ A maximum of 15 digits can beincluded in asingle group.

Flow Diagram

To help conceptualize this complex feature, a flow diagram describing the ARS feature is provided in
This diagram does not show al of the decisions made in the ARS software. The diagram
does, however, unify many of the different ARS functions.
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Isthe caller
attempting a
toll call?

Arethe dialed digits
avalid office or

service code?

Yes

Isthe caller
required to
diaa‘“1’?

Did caller
dida‘'1'?

Switch returns
intercept tone.

Switch returns
intercept tone.

Obtain routing
designator from
the HNPA table.

Are six digits
needed to choose
a pattern?

Yes

Obtain routing
designator from
6-digit table.

No

Obtain routing
designator from
3-digit table.

l

Is the attendant
extending

the call?

No

Isthe incoming call

on an intertandem
unk?

Yes

tie-tr

Use FRL of the
attendant console.

)

Is the incoming call
on aregular

tie-trunk?
Yes

Use FRL associated
with the TCM.

Use FRL of the
incoming trunk group.

Was an authorization

Isincoming call
on aremote

A station is
directly accessing ARS.

access trunk?

Yes

code entered
previously?

Yes

Use FRL of the
authorization code.

l

Use FRL of the
calling station.

Tenant Services
active?

Iscall
coming in from
an outside trunk?

Use the default
call category.

Is the attendant
extending
the call?
Yes

An attendant is
originating the call.

Use call category
associated with the
extension partition.

Use the call category
associated with the
attendant partition.

l

Figure21-1. ARS Feature Flow (Sheet 2 of 4)
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Access pattern and
begin checking
preferences.

Does FRL allow

accessto an
idle trunk?
No

Hasan

authorization code
been requested?
Yes

Did FRL allow
access to first

choice trunk group?

Check next
preference.

Recheck pattern
using station FRL.

Switch returns
recall dial tone.

Switch returns
intercept tone.

Recheck pattern
using new FRL.

Wasavalid

authorization code

Determine FRL of the
authorization code.

entered?

Yes
Switch returns
intercept tone.
|s pattern No Queuefirst
queuing active? preference only.
Yes
No
Determine the Istherean N Has
. . o .
preferences switch idle trunk time-in-queue
can queue to. available? expired?
Yes Yes
Queue to number 3 Check entire
of preferences ) pattern one
FRL will alow. more time.
Does FRL alow

Figure 21-1.

accessto an

Switch returns
reorder tone.

idle trunk?

ARS Feature Flow (Sheet 3 of 4)
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Isthisa
toll cal?

Direct cal to
serving switch.

Yes

Istheidle trunk
aprivate network
trunk?
No

1s10- to

7-digit conversion
needed?

Pass dl ten digits
to AAR software.

Yes

Convert area code
and office code
to an RNX.

Pass seven digits
to AAR software.

Isa*‘1"" prefix
digit required by
the receiving switch?

No

Prependa‘‘1"”’
to the
destination address.

|s subnetwork

trunking

Convert digits to
required form.

necessary?
No

Direct call to
serving switch.

Figure21-1. ARS Feature Flow (Sheet 4 of 4)
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USER OPERATIONS

The ARS feature is fully automatic once administered. No user operations are required.

CONSIDERATIONS

FRL Accessto ARS Routing Patterns

In Release 2, System 85, the caller's FRL need not be greater than or equal to the FRL of the first
preference in an ARS pattern. The caller can access another preference in the pattern when a
subsequent preference has an FRL that is less than or equal to the caller’s FRL. (Therefore, the trunk
groups in an ARS routing pattern need not be arranged with ascending FRLS.)

Hard and Soft Processor Swaps

The contents of the ARS routing plans are stored in a trandation portion of switch memory.
Therefore, if Routing Plan 3 is active when a hard processor swap occurs, the same routing plan is
active after the hard swap is finished.

The contents of the ARS routing patterns are stored in a translation portion of switch memory.
Therefore, these patterns will endure a hard processor swap.

ARS queues are stored in a status portion of memory. Therefore, if an ARS call is queued to a
pattern when a hard swap occurs, the call is never routed to the public network. The queueis cleared.

Stable ARS calls will endure a hard processor swap. However, an ARS call cannot be placed during
ahard swap.

The ARS feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Control of Trunk Group Access

The ACTGA feature takes precedence over ARS. A call directed by ARS to a controlled trunk group is
routed to an attendant.

Bridged Call

The ARS Toall Restriction is assigned to a class of servicein Procedure 010, Word 3. The class of serviceis
then assigned to an extension in Procedure 000, Word 1. When ARS Toll Restriction is assigned to a
shared extension, the restriction applies to every image of the extension.
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Call Forwarding—Follow Me

When administering Call Forwarding—Off Net, all three ARS plans should be administered in Procedure
309, Word 1. Otherwise, when activating the Call Forwarding—Off Net feature, the ARS access code
cannot be used as part of the destination’s telephone number. Rather, the appropriate trunk-group dial
access code would have to be dialed.

Also, when administering Call Forwarding—Off Net, the desired local office codes should be specified in
the ARS Toll Table (Procedure 309, Word 2 and Procedure 309, Word 1, Field 9). Otherwise, when
activating the Call Forwarding—Off Net feature, an office code that is not specifically assigned as local is
presumed by the Call Forwarding—Off Net software to be a toll office code. And, since forwarding to the
toll network is not provided, the switch would return intercept treatment.

Call Vectoring

In Procedure 010, Word 3, an FRL can be assigned to VDNs for use with the ‘‘route to’’ command. The
FRL of a VDN is used to determine whether the call is allowed to route over available public network
facilities.

The ARS Tall Restriction does not limit the routing of ‘‘route to’’ steps to destinations outside the switch.
If ARS Toll restriction isassigned to aVDN's class of service, this assignment isignored.

Data Call Setup

The ARS feature can be used to improve the routing of data calls as well as voice calls. However, as with
the AAR feature, separate routing patterns must be used to prevent voice calls from terminating on data
only extensions and vice versa

ISN (Information Systems Network) Interface

Provided that Modem Pooling is available, ISN data stations can use the ARS feature when placing public-
network calls through the System 85.

I SDN (Integrated Services Digital Network)/PRI (Primary Rate I nterface)

Calls placed over ISDN facilities use the AAR or ARS features for ISDN access. To work effectively for
ISDN, the generalized route selection version must be in effect. In this way, the placing of an ISDN call
is transparent to the user. Factors involved in AAR and ARS pattern selection include calling party COS
(class-of-service) and trunk bearer capability.
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COS (Class-of-Service)
The AAR and ARS pattern searches work differently for ISDN calls based on the calling station COS. For
ISDN, the calling parties COS specifies one of three options as follows:

ISDN Facilities Required

If ISDN facilities are required by a user’s class of service, only ISDN end-to-end facilities are
to be used for AAR or ARSrouting. If ISDN end-to-end connections are not available, the call
will either queue or receive reorder treatment.

ISDN Facilities Preferred

If ISDN facilities are preferred but not required by the COS, ISDN facilities are checked first,
followed by a check for non-1SDN facilities.

Any Facilities Available

Any available facilities can be used to complete the call. In this case, AAR and ARS pattern
searches work like they do for anon-ISDN call.

Bearer Capability
The bearer capability of an ISDN trunk (i.e., the type of call the trunk can support) is another factor used by
the AAR/ARS pattern selection process in determining which trunk group to use for a particular ISDN call.

For ISDN purposes, five types of bearer capability are recognized.

These five types of bearer capability include:

Bearer Code  Typeof Traffic That Can BeCarried

V oice and voice-grade data allowed
Mode 1 data, 56 Kbps allowed
Mode 2 data, 64 Kbps allowed
Mode 3 data

A W N B O

Mode 0 data.

Last Number Dialed

Redia by the LND (Last Number Dialed) feature utilizes al of the ARS routing digits including 1XC
(Interexchange Carrier) Access as though the call were manually dialed. The LND feature will aso store
and redial the ARS access code.

For switch security, the LND feature does not store or redial Authorization Codes.
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Precedence Calling

AUTOVON (Precedence Capable) trunk groups must not be included in ARS patterns.

Queuing

An incoming tie trunk that infers ARS routing cannot have ringback queuing.

Restriction—M iscellaneous Trunk Restrictions

The Miscellaneous Trunk Restrictions feature does not restrict access to trunk groups in an ARS routing
pattern.

Tenant Services

Automatic Route Selection is a partitioned feature on System 85. In a partitioned switch, one or more
extension partitions are assigned to one of 64 call categories in Procedure 320, Word 2. (Each extension
partition can only be assigned to one call category.) In turn, each unique routing designator/call category
pair maps to one of 64 ARS patterns in Procedure 314, Word 1. The result is that an ARS call can receive
treatment by a different pattern depending on the partition’s assigned call category. Further, once an ARS
call enters the assigned pattern, the ARS call-processing software checks successive trunk groups in the
pattern to determine whether the call is alowed to use the trunk group.

The three ARS time-of-day routing plans are a system-wide resource and are not partitioned. Using an
unpartitioned System 85, any attendant is allowed to change the routing plan using Manual Override. For a
partitioned System 85, an attendant in any partition can also change the system-wide routing plan.

NOTE: For a partitioned System 85, it is recommended that the dia access code (Encode 60)
be used to change the ARS routing plan, and that only the attendant(s) in Attendant Partition O is
informed of the dial access code. If buttons were assigned to every attendant console, then the
routing plan might be changed at undesirable times.

Touch-Tone Calling Senderized Operation

When the Automatic Route Selection feature uses subnetwork trunking, each call requires a touch-tone
calling sender. If asender isnot available, the switch denies the call.
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RESTRICTING FEATURE USE

Attendant controlled restrictions that deny access to ARS are the following:
¢ Controlled Outward Restriction
¢ Controlled Total Restriction.

Terminal restrictions that deny access to ARS are the following:
¢ QOrigination Restriction
* Outward Restriction
* Terminal-to-Terminal Only Calling.

A class-of-service restriction that limits access to ARS is the following:
* ARSToll Restriction.

HARDWARE REQUIREMENTS

The ARS feature requires the following specific hardware items:
¢ SN252 Touch-Tone Calling Sender Circuit Pack
Reduce call completion time.
* SN251 Touch-Tone Dialing Register/Receiver Circuit Pack.
Reduce call completion time.
* TN492 Real-Time Clock Circuit.

FEATURE ADMINISTRATION

Assignment of the ARS feature is on a per-switch basis. The customer can partially administer this feature
using the SMT (System Management Terminal), TCM (Terminal Change Management) feature, or FM
(Facilities Management) feature. This feature can also be administered using CSM (Centralized System
Management).
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The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES — AUTOMATIC ROUTE SELECTION

d

real-time clock circuit (TN492) is not provided]. This
procedure also displays the presence or absence of the
real-time clock circuit.

] 0
O O
UPROCEDURE E WORD H PURPOSE E SMT g
O 010 0 1,234 U Assigns features and restrictions (including ARS toll O Yes 0O
0 E E restriction and miscellaneous trunk restriction groups) to a E 0
E O o, Classof service for avoiceterminal. O E
E 012 0O 1,23 [ Assignsdistinctive namesto trunk groups. O Yes [
E' 100 H 1 E] Assigns a trunk dial access code and trunk type to a trunk H No g
0 O [ group. U O
O 101 o — U Administersthe characteristics of trunks assignedtoatrunk O No [
O a d O O
= g o group. = .
E 102 o — [ Assigns trunk groups (via dial access code) to [ Yes
0 O O miscellaneous trunk restriction groups. O O
O 103 g — E Administers network trunk group parameters including: g Yes U
g 0 [ minimum FRL, authorization code requirements, incoming g
0 0 0 tietrunk accessto AAR and ARS, and the number of trunks 0
O O O that are reserved for first-choice AAR and ARS trunk [ 0
O O O groups. O O
H 150 H — E Assigns trunks (via equipment location) to atrunk group. H No H
d 175 o — U Displaysthe trunk groups assigned to amiscellaneoustrunk U Yes O
O 0 5 restriction group. 0 B
E' 176 E — E Displays the trunks assigned to a trunk group. E No [
E 177 H — H Displays the trunks assigned to atrunk group or trunk dial H No E
O 0 [ accesscode. 0 0
O 200 o — O Administers attendant console features including: Direct O No [
0 U U Trunk Group Selection feature, class-of-service display, U 0
J D U trunk test, and FRL for the consoles as agroup. D g
E’ 202 E — i Administers the Direct Trunk Group Select buttons E No [
O O O (attendant console) and the BUSY/WARNING level fora O O
O 0 U trunk group(s). 0 0
H 203 0 — [ Assigns the Display Route Plan button on the attendant 7 No S
0 0 ] console (manual override). The applicable encodeis: 0 0
O o D 27 Display Route Plan. : E
E 253 o — O Assigns an equipment location to the red-time clock 00 No [
O O U circuit. O O
[l [} J - " . - T 0
0 275 0 3 0 Defines dial 1 requirements for toll cals and assigns the 0 Yes 0
0 0 0 HNPA (local area code) and an FRL to numbers assigned 0
O O O to the Unauthorized Call Control feature. O O
E 284 E — E Sets the system clock [the switch uses this clock if the E Yes E
O a d O O
O g g O O
O O O O
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MAAP AND SMT PROCEDURES

AUTOMATIC ROUTE SELECTION (Contd)

PROCEDURE

PURPOSE

286

5
il D
o

Administers the ARS plan in effect and the control
mode (automatic, manual override, or clocked manual
override).

Yes

287

Administers clocked manual override for the ARS plan.

Yes

309

[N

Administers routing pattern parameters for ARS
including: trunk group number, FRL, warning tone,
home NPA at distant end of route, dia 1 for toll
requirements, and toll table index. (To forward calls
off-net, all three ARS plans must be defined using this
procedure.)

Yes

309

Administers the ARS toll tables and defines the office
code(s) at the distant end of an ARS route (see
Procedure 309, Word 1) as either local or toll. (To
forward calls off-net, the local office codes must be
specified using this procedure.)

Yes

309

Defines the digit grouping, dialing format (touch-tone
or rotary), and inserted digits a trunk group in an ARS
pattern requires for subnetwork trunking.

Yes

311

Associates ARS pattern numbers with the local central
office code(s) and service codes.

Yes

311

Associates an NPA (area code) with routing pattern
numbers that point to 3- or 6-digit ARS route tables.

Yes

311

Associates a combined office code and NPA (6-digit
tranglation) with an ARS pattern number.

Yes

312

Administers the 10-Digit Conversion feature.

Yes

313

Administers the Unauthorized Call Control feature.

Yes

316

Administers the ARS 7-day clock for automatic plan
change times.

Yes

330

Assigns Pattern Queuing attribute.

Yes

350

Assigns the first digit of a trunk dial access code, a
feature dia access code, or an extension number. The
first digit is defined in terms of the number of digits the
switch expects to receive and call type.

No

OO oo ofpogoopnooooogoooogoooooogopoooogo oogod

350

OOoOOooOooOoOoooooopgopoopooOooopoooooooOooooooooogoophoogp o

OOoOdOooOooOoOooOooooopOgopoooDoooopoOooODoooO oo oooooooQhogglE o

Assigns the ARS dial access codes. These access
codesinclude:

32 ARS Nontoll Route
33 ARS Toll Route
60 Network ARS Plan Switch.

OOoOOooOooOoOoooooopgopoopooooopoooOooooOOooooooooogoopoogp o

No

I e
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— AUTOMATIC ROUTE SELECTION

PATH NAME

PURPOSE

terminal-change class-of-service attributes

Oooooodgpopdg

Assigns miscellaneous trunk restrictions to a line
class-of-service.  These restrictions include:
Inward, Outward, Full, DID, and ARS toll. This
screen also assigns an FRL to a line class-of-
service.

U terminal-change system parameters
E (select the Access-Codes option)

0

Assigns an authorization code for accessto ARS
routing patterns and the minimum FRL for numbers
on the Unauthorized Call Control list.

H terminal-change names trunk-group-names

MpoOoOogooooggpbo

Assigns distinctive names to trunk groups.

MoooOoooooooogoo
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The following are the applicable FM path names used with the AP 16. A printed report of the displayed

information can also be generated.

FM SCREENS— AUTOMATIC ROUTE SELECTION

PATH NAME

PURPOSE

facilities-mgmt routing route-selection home-NPA

Display and change the ARS pattern
assignments for the office codes within the
home-NPA (free-calling area).

facilities-mgmt synchronization

Display and change (synchronize) the switch
and Applications Processor clocks.

facilities-mgmt routing route-selection plan-change

Display and change the automatic and
override schedules that determine which of
the three ARS plansisin effect at any given
time.

facilities-mgmt routing route-selection foreign-NPA

Display and change the ARS foreign-NPA
routing for each of the three plans. When an
NPA is entered, the routing information for
each plan is displayed. If an NPA uses 6-
digit routing, the allowed office code routing
patterns are displayed.

facilities-mgmt routing route-sel ection office-codes

Display and change the pattern number-to-
office code assignments for an NPA that
uses 6-digit routing.

facilities-mgmt routing route-selection toll-table

Display and change the office codes that are
considered toll. Enter a toll table number
and a list of office codes, and the toll
indication for each office code is displayed.

facilities-mgmt routing route-selection patterns

Display and change attributes associated
with the trunk groups that make up an ARS
pattern. Enter plan, pattern, and preference
(a trunk group’s position in a routing
pattern, that is, first-, second-, third-choice,
etc) and the following information is
displayed: trunk group number, minimum
FRL, warning tone, send 1 for toll
reguirements, and toll table number.

facilities-mgmt routing route-selection rearrangement

Display and change the order of the trunk
groups that make up an ARS pattern.

facilities-mgmt routing conversion

Display and change the correspondence
between a private network location code and
apublic network destination code that routes
to that location code (10-Digit Conversion).
Either the location code or the public
network  destination code (telephone
number) can be entered, and the
corresponding values are displayed.

MOoOdoooOoooopooOogooooOoooooOgoooooooopDO oo pnoooooDopooopoQg o

facilities-mgmt routing call-control

I o |

Display and change the Unauthorized Call
Control list.

I e o s
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
AUTOMATIC ROUTE SELECTION

APPL'N

OBJECT

PURPOSE

TCM

class-of-service

Assigns features and restrictions (including ARS toll
restriction and miscellaneous trunk restriction
groups) to aclass of service for avoice terminal.

FM

trk-grp

Assigns distinctive names to trunk groups. Assigns
a trunk dia access code and trunk type to a trunk
group. Administers atrunk group by associating ten
trunk members and defining features of the trunk
group. Assigns AAR access and AAR prefix.
Administers network trunk-group parameters
including: minimum FRL, authorization code
reguirements, incoming tie trunk accessto AAR and
ARS, and the number of trunks that are reserved for
first-choice AAR and ARS trunk groups. Assigns
trunks (via equipment location) to atrunk group.

FM

misc-trk-rst-grp

Assigns trunk groups (via dial access code) to
miscellaneous trunk restriction groups. Displays the
trunk groups assigned to a miscellaneous trunk
restriction group.

TCM

console-features

Assigns features to all attendant consoles on a
switch. Administers attendant console features
including: Direct Trunk Group Selection feature,
class-of-service display, trunk test, and FRL for the
consoles as a group.

TCM

direct-trk-grp-keys

Administers the Direct Trunk Group Select buttons
(attendant console) and the BUSY/ WARNING
level for atrunk group(s).

TCM

control-keys

Assigns the Display Route Plan button on the
attendant console (manual override).

OO OoOgOooogoooooooooooooooo oo oonooopgoono

FM

MMOOdoooopooOUoooooopoooopoooooooooooognoooip g

clock

MOOdoooopjooOooooooopoooopoooooooooooognooomp g

Synchronizes the switch clock with the CSM system
clock. This command changes only the switch
clock. It has no effect on the system clock, which
can only be changed by the CSM System
Administrator

|




21-22

AUTOMATIC ROUTE SELECTION

CSM SCREENS— MASKS

AUTOMATIC ROUTE SELECTION (Contd)

APPL’'N

OBJECT

PURPOSE

TCM/FM

Sys-cos

Defines dial 1 requirementsfor toll calls and assigns the HNPA
(local area code) and an FRL to numbers that are assigned to
the Unauthorized Call Control feature.

'r|
<

altfrl-ctrl

Activates or deactivates the use of Alternate FRLS on the
switch. Once the Alternate FRL feature is activated on the
switch, the attendant can put Alternate FRLs into effect from
the attendant console.

FM/TCM

Sys-cos

Administers the ARS plan in effect and the control mode.

'r|
<

at-frl

Changes the aternate FRLs associated with trunk group FRLS
0 through 7. One transaction can change the aternate FRL
associated with one FRL, some FRLSs, or al FRLs.

'r|
<

ars-schedule

Defines and schedules time-of-day plans (automatic or manual
override) for each day of the week or changes and displays the
current schedule. The console attendant can aso initiate
manual override. This command also administers the ARS 7-
day clock for automatic plan change times.

'r|
<

ars-pattern

Administers an ARS pattern and the parameters associated
with the pattern. The parameters include trunk-group number,
FRL, warning tone, Toll Table Number, preference in the
pattern, Distant Home NPA, Pattern No., and Dia 1 for Toll
requirements. Defines the digit grouping, dialing format
(touch-tone or rotary) and inserted or deleted digits for
subnetwork trunking (if required in an ARS pattern).

e

'r|
<

OdOooooOoooooooooofooooonooopnooooonooggim .o

ars-toll

OJOooooOoogoooooooopooooopooophpoooopoogim o

Identifies which calls to a specified office code are considered
toll and which are considered local calls at the distant end.
(Toll information can be obtained from the Local CO). A tall
table may contain office codes for more than one area code. A
toll table should be specified for each preference in an ARS
pattern.

e
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CSM SCREENS — MASKS
AUTOMATIC ROUTE SELECTION (Contd)

terminal feature or attendant console feature. System 85
R2 V4 — The dial access code can be up to four digits
long.

] 0
O O
O O
J APPL'N U OBJECT U PURPOSE El
O FM O hnpa O Associates an ARS pattern number with thelocal central [
O 0 00  office code(s) and service codes. 0
H FM H fnpa E Assigns an ARS pattern number used to route callsto a B
0 0 0 FNPA, a nonlocal code, in up to three time-of-day
O O O plans. Assigns ARS patterns to be used for 6-digit 0O
0 O O routing. Blocks call completion to an area code. 0
H FM E[ ars-6-dig E' Associates an ARS pattern to a 6-digit NPA/office code %
0 0 q (area code/exchange) combination. Blocks callsto an
O O 0 NPA/office code combination. a
g FM U conversion U Administers the system’s conversion list, which is used B
0 g B to convert a DDD number to a private network number, 0
0 O n i.e, 10-digit Conversion feature. 0
O FM O restriction O Administers the Unauthorized Call Control feature O
U O U (blocks call completion to specific DDD numbers). g
E FM E trk-grp-queue E Assigns queuing and trunk queuing thresholdsto atrunk
O 0 0 group. O
g TCM/FM O first-digit U Adds or removes the first digit of a trunk dial access B
0 g B code or an extension number. The first digit is defined
0 in terms of the number of digits the switch expects to
0 0 _
O 0 O receiveand call type. |
g TCM/FM E dial-access-code B Adds, changes, and/or removes a DAC associated with a g
O O O O
] 0 a 0
O O O O
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AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM

DESCRIPTION

The ATMS (Automatic Transmission Measurement System) feature allows the customer to measure
transmission characteristics of private network and public network trunk facilities. The transmission
characteristics that can be measured include: loss, noise, and echo impairments. The customer can make
transmission measurements on demand or set up an automatic test schedule.

Transmission measurements are made by setting up a connection between an OTL (Originating Test Line)
in the customer’s System 85 switch (near-end switch) and a TTL (Terminating Test Line) in the far-end
switch through the trunk to be tested.
Transmission measurements can be made to the following types of TTLs:

¢ 105-type TTL with return loss

¢ 105-type TTL without return loss (i.e., 56A miniresponder)

¢ High level tone source (i.e., LC-145)

* Low level tone source (i.e., SN-260B)

e 102-type TTL

* 100-typeTTL.
The following is a list of al the transmission measurements a System85 OTL can make. The

measurements the OTL makes depend on the type of TTL that terminates the connection and may be a
subset of thislist.

* Two-way loss at 404, 1004, and 2804 Hz at alevel of -16 dBm
* Two-way lossat 1004 Hz at alevel of 0 dBm

* Two-way C-message weighted noise

* Two-way C-notched noise

* Two-way singing return loss — low frequency

* Two-way singing return loss — high frequency

* Two-way echo return loss.

22-1
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Feature History and Development

The ATMS feature was first available on Release 2, Version 2 of System 85.
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USER OPERATIONS

The primary customer interface to the ATMS feature is through the Facilities Management application of
the AP (Applications Processor) 16 for System 85, Release 2, Version 3 and earlier switches. For
Release 2, Version 4 of System 85, the primary customer interface to the ATMS feature is through CSM
(Centralized System Management). Information on user operations for these applications can be found in
the following guides.

Automatic Transmission Measurement System  585-201-704
Administrator’s Guide for the AP 16

Centralized System Management 585-220-701
Terminal Change Management User’s Guide

Centralized System Management 585-220-702

Facilities Management User’s Guide

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Trunk Verification—Voice Terminal

The ATMS feature accesses the TVVT (Trunk Verification—Voice Terminal) feature to set up trunk test
cals. Refer to the[TVVT feature description in this reference manual for information about interactions
between the TVVT feature and other System 85 features.

HARDWARE REQUIREMENTS

The ATMS feature requires an Analog/Digital Facility Test Circuit (ADFTC - SN261). The ADFTC can
functionasan OTL, aTTL, or both; however, it cannot simultaneously function as both an OTL and aTTL.

FEATURE ADMINISTRATION

The ATMS feature is assigned on a per-trunk group basis. The customer can (partially) administer this
feature using the SMT (System Management Terminal) or the FM (Facilities Management) feature. The
customer can also administer this feature using CSM (Centralized System Management).



22-4

AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES

AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM

Verification—Voice Terminal feature.

] 0
O a
[ ]
OpPrROCEDURE U worp O PURPOSE J sut J
E 000 0 1 00 Assigns an extension number, equipment location, [ Yes [
O 0 U and class of serviceto an ADFTC circuit. U O
o 010 = 1 = Defines the class of service for the ADFTC circtitas o Yes o
0 0 0 S O 0
0 O ] rotary dia (Field 15=0). 0 0
O 010 03 L Assigns Data Protection—Permanent to a class of 4 Yes U
O g I service E O
O [ [ - [ N
O 051 O 1 O Associates aterminal type (Field 6 = 8) with an 0 Yes [
0 O U equipment location. 0 0
H 052 E 1 E Ass_ociateﬁ a d_evice type (Field 6 = 4) with an E Yes S
O O O equipment location. O O
B 070 H H Displaysterminal information. H Yes g
0 106 O O Displays information about trunks that are O Yes [
O 0 U maintenance busy. U O
H 107 H 1 H Assigns atest linetype and TTL telephone number to H No H
0 O ] atrunk group. 0 0
O 107 B 2 B Assigns the types of transmission measurements to be E No O
S 0 - Mmadeto atrunk group. 0 S
O 107 O 3 0 Assigns automatic testing parameters to a test [ No [
a U U scheduleincluding: the days of the week testswill be U |
g B B made, starting hour, duration, and weeks between E B
0 0 g tess 0 0
0 107 E 4 E Assigns atrunk group to atest schedule. E No O
ﬁ 107 E 5 E Displays the trunk groups assigned to a test schedule. E No El
a 107 o 6 U Defines unacceptable transmission measurement L[ No O
O O U thresholds and the maximum percentage of trunks O O
O o - that can be automatically made maintenance busy f J O
0 O 0 y ytor o 0
0 0 ] atrunk group. 0 0
O 107 B 7 B Defines the minimum number of trunks that must E No O
g 0 0 have failed the unacceptable transmission 0 B
0 0 ] measurement thresholds twice before a minor alarm 0
0 O 0 israised. 0 0
O 290 0o U Displays circuit status of assigned circuit packs. J Yes g
E 350 E 2 E Assign a dial access code for the Trunk E No [
O B =i | O
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The following are the applicable TCM path names used with the AP 16.

erminal-change connection

UEstablishes or releases a connection from the AP to

g TCM SCREENS

0 AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM
g PATH NAME E PURPOSE
E!

0

0

Ea switch in the private network.

(ferminal-change terminal equipment

N

JAssigns an extension number to an ADFTC circuit.

E'?ermi nal-change extension attributes

] f A N
[Assigns aclass-of-service to an extension number.

Eﬂermi nal -change class-of -service attributes

a
U

UDefines a class of service for the ADFTC circuit as
Drotary dial (TOUCH TONE = n) and assigns the
Pata Protection—Permanent feature.

%ermi nal-change terminal extensions

g
d

URequest an on-line listing or a hard copy report of
gthe dia plan, assigned extensions, and/or
unassigned extensions.

Hermi nal-change terminal unassigned-equipment
O

IjRequest an on-line listing or hard copy report of
[unassigned equipment |ocations.

OdoOoooodoooooooboooooodg
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The following are the applicable FM path names used with the AP 16.

FM SCREENS
AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM
PATH NAME E PURPOSE

facilities-mgmt connection

U Establishes or releases a connection from the AP
E to a switch in the private network.

facilities-mgmt transmission thresholds

O Assigns the test line type and TTL telephone
U number and defines marginal and unacceptable
U transmission measurement thresholds for a trunk

0 group.

facilities-mgmt transmission schedule

U Assigns automatic testing parameters to a test
U schedule incl uding: the days of the week tests will
(be made, starting hour, duration, and weeks
] between tests. Also assigns trunk groups to a test
0 schedule.

oooOooooooogQHoogEeOooono

pfacilities-mgmt transmission exec-summary

nood

H -

] Requests an executive summary report. The report
] can be sorted by test schedule number, trunk group
O number, or test date.

Efaci lities-mgmt transmission summary

E Requests a summary report of trunk failures.

E[faciliti&e-mgmt transmission details
[ transmission
0

U Displays detailed transmission data for trunk
failures on atrunk-by-trunk basis. After viewing,
[ entries can be saved or deleted.

Utacilities-mgmt transmission details
] miscellaneous

U Displaysreasons for trunk failures. After viewing,
0 entries can be saved or deleted.

Uracilities-mgmt transmission demand
0 supervision

E Initiates a supervision test on a particular trunk.
[1

Lfacilities-mgmt transmission demand
U transmission

I |

O Initiates all possible transmission tests (determined
U by type of the TTL) on a particular trunk. After

U atrunk has been tested, the status of the trunk

[ €an be obtained and the trunk can be either made
[ maintenance-busy or released from a maintenance-
H busy condition.

0 e |
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS — MASKS
AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM

PPL’N

OBJECT

PURPOSE

| >
@)
<

extension

Administers an extension line number, features,
and attributes. Assigns an equipment location
and aclass of serviceto an ADFTC circuit.

_|
@)
<

class-of-service

Defines the features and/or restrictions assigned
to aline class of service for the ADFTC circuit.

_|
(@)
<

This command will be set type:
i.e, 36-button, 12-button, bct,
data-module, feature module,
coverage module, or vds.

Administers and associates atermina
type and a device type with an equipment
location.

'r|
<

trk-grp-main-busy

Displays a list of al trunks that have been
busied-out (both manually or automatically) for
maintenance purposes. The list may be limited
by entering a DAC or atrunk group number.

'I'I
<

atms-test-lines

Administers the terminating test line associated
with trunks that are to be tested using the
ATMS. ATMStesting is done by completing a
circuit between an Originating Test Line over a
trunk to a Terminating Test Line in a distant
PBX, Central Office, or switch.

_n
<

test-circuit

Administers the Originating Test Line
associated with trunks that are to be tested
using the ATMS.

OO oo OO oo ooogoopnooonhgoog
T
<

OOOoooOOooOooooooogoooooooooooO oo oogoooonoogm .o

atms-campon

OOO0O0O0O0O0O0O00Oo0oOogooopooooooQooooOoooooOooompoOoompo

Performs a camp-on transmission test that will
wait until atrunk isfreeif it isin use when the
test is initiated. The test shows the same
information as an ATMS demand transmission
test, and also shows the threshold information
for the trunk to be tested. To perform the test,
the user specifies a trunk group number or an
equipment line location. If a trunk group
number is specified, the user selects a trunk
group number. (A camp-on test may take a
long time to run, since it will wait for the trunk
to befree).

1
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CSM SCREENS— MASKS
AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM (Contd)

PPL'N

OBJECT

PURPOSE

il
<

atms-demand-supervision

Performs a supervision test to detect a Test Progress
Tone on a specified trunk. The test results include
status, test state, and fault code. (The test will not
run if the trunk specified isin use).

'I'I
<

atms-demand-transmission

Performs all possible transmission tests on a
specified trunk, then reports the results to the
terminal screen. (The test will not run if the trunk
specified isin use).

'n
<

atms-exceptions

This command collects or displays exception
information resulting from trunk tests performed
using the ATMS. Exception information includes
al trunk or trunk group tests that exceeded testing
thresholds.

_n
<

atms-misc-exceptions

This command collects or displays miscellaneous
information resulting from trunk tests performed
using the ATMS. (Miscellaneous exceptions are all
trunk or trunk group tests considered failed for
reasons other than not meeting threshold
requirements, i.e., the facility was busy when
tested).

OO oo oogoooooopo oo ooogopgo o g
T
<

OOOooOOoOOoOoOooOoOoOodoophooooooopooOoopoooomoooOopm o

atms-schedule

OO oo oo ooopooooopooogop o

Administers scheduled trunk tests for the ATMS.
Each schedule is assigned a number from 1 to 16,
and has a set of up to 256 trunk groups associated
with it, as well as a set of timing attributes to
specify when testing should begin, the duration of
the test, and which days testing will occur. The
user can assign timing attributes to al 16 testing
schedules on one screen. Trunk groups must be
assigned to testing schedules one schedule at a
time. For each trunk, the user can specify which
type of tests to run. (If a trunk is busy when a
scheduled test is attempted, ATMS attempts one
automatic reset).

I e
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CSM SCREENS — MASKS
AUTOMATIC TRANSMISSION MEASUREMENT SYSTEM (Contd)

APPL’'N

OBJECT

PURPOSE

FM

atms-summary

This command collects or displays summary testing
information resulting from trunk tests performed
using the ATMS. For each trunk or trunk group
tested, the display shows the schedule number, date
of test, and which trunks failed or passed. For those
trunks that could not be tested, the display shows
which trunks are suspected causes of trouble. The
summary display is useful for quickly identifying
troubled trunk groups and identifying those trunk
groups for which information is available.

oo oOoooooOooooooooooo@QDhooooooogooopgooo

FM

MOOdOoooOOoOdoooOooooooooooopooooooooooom Qg

atms-thresholds

MOOdOoooOOodoooOooooooooooopooooooooooomQg

This command changes or displays testing thresholds
for trunk tests performed using the ATMS. If these
threshold values are exceeded when ATMSS tests are
performed, the tests are considered failed. The user
can designate marginal and unacceptable thresholds
for up to three trunk groups in one transaction.
Marginal thresholds - identifies trunks that are out of
a specified range. If atest fails a marginal threshold,
results are stored in the switch data base as afailure.
Unacceptable thresholds - allows more margin for
error, and are used to identify trunks that are
unusable and should be removed from service. If a
test fails an unacceptable threshold, the failed trunk
may be automatically removed from service. The
user specifies the maximum percentage of trunksin a
trunk group that can be automatically removed from
service. The user can also specify the number of bad
trunks allowed before aminor darm is raised.

I e v o o s
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BRIDGED CALL

DESCRIPTION

The Bridged Call feature alows voice terminal users sharing an appearance to bridge onto an existing call
on that appearance. A 2-party call becomes a 3-party call.

This feature is useful for monitoring a call, note taking, or consulting by a third party. Executives,
secretaries, and consultants are potential users of this feature.

Shared Appearances

Shared appearances must be assigned to enable the Bridged Call feature. These shared appearances are
comprised of more than one image (point of access to the appearance). In practice, a user who initiates a
bridged call enters the active appearance using the image of the active appearance on the bridging user’s
voice terminal.

NOTE: Theterms ‘‘image,’’ ‘‘appearance,’’ and ‘‘extension’’ appear throughout this manual.
Refer to[Appendix E]for a description of how these terms interrel ate.

Feature History and Development

The Bridged Call feature was first available for System 85 in Release 1. In the earlier versions of
System 85, single-appearance voice terminals were not allowed to participate in bridged connections
between voice terminals. Beginning with Release 2, Version 2, Issue 1.2, one single-appearance voice
terminal [administered as an SL S (straight line set)] was allowed to share an appearance with as many as 15
other multiappearance voice terminals.

USER OPERATIONS

The following are the user operating procedures for this feature.

With a Multiappearance Voice Terminal

To Bridge Onto an Existing Call:

* Press the busy appearance button. [Green status lamp is already lit. The associated red status lamp
lights,]

231
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¢ Go off-hook. [Bridged connection is made.]

To Exit From a Bridged Connection:

* Go on-hook, press another appearance button, or press the HOLD button.

With a Straight Line Set

To Bridge Onto an Existing Call:

¢ Go off-hook. [Bridged connection is made.]

To Exit From a Bridged Connection:

¢ Go on-hook.

CONSIDERATIONS

Feature Parameters

There can be as many as 16 images (shared appearances) of each appearance. For example, if an
extension has 3 appearances, an image of each appearance can be assigned to as many as 16 different
voice terminals.

There can be as many as 192 images of an extension (i.e., 12 appearances x 16 images per
appearance).

Each set of up to 16 images (i.e., ‘‘appearance’ ") may contain 1 image assigned to a straight line set.
Bridging With Straight Line Sets

A draight line set is a single-appearance voice terminal that appears to System85 as a
multiappearance voice terminal. Straight line sets possess some, but by no means al, of the
capabilities of multiappearance voice terminals. The bridging provided by straight line setsis limited
by the design of single-appearance terminals. Single-appearance terminals do not have status lamps
to indicate the busy/idle status of their single appearance. As such, the user of a straight line set
must:

* Go off-hook to determine the busy/idle status of the appearance.
¢ Wait until the shared appearanceisidleto place acall.

* Choose between ringing, abbreviated ringing, delayed ringing, and the absence of ringing for the
voiceterminal. Visua alerting isnot provided.

Bridging by Second Party

Only one bridged connection is allowed per appearance. When athird party attempts to bridge on to
an appearance that has already been bridged, the third party receives reorder tone.
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In a conference call (established via Conference—Three Party or Conference—Attendant Six Party),
only one bridged connection is alowed per conferee. When a second bridged connection is
attempted toward any conferee, the bridging party receives reorder tone.

Bridging Across Modules

Using a System 85, parties bridged onto a connection (involving voice terminals from three different
modules) from a voice terminal on afourth module is alowed.

Number of Dedicated Appearances

It is preferable, when assigning shared appearances of an extension number to multiappearance voice
terminals, to assign the same number of appearances to each terminal. This practice would avoid
access and status indication problems.

Hard and Soft Processor Swaps
If avoice terminal user is bridged onto a shared appearance when a hard processor swap occurs, this
connection will endure the hard processor swap.

A voice terminal user cannot bridge onto a shared appearance during a hard processor swap.

The Bridged Call feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of thisfeature.

APLT (Advanced Private Line Termination)

The APLT Redtriction is assigned to a class of service in Procedure 010, Word 3. The class of serviceis
then assigned to an extension in Procedure 000, Word 1. When the APLT Restriction is assigned to a
shared extension, the restriction applies to every image of the extension.

Attendant Call Waiting

Attendant Call Waiting is partially allowed toward shared extensions with only one appearance. When
only the straight line set is active on this type of shared extension, the switch alows an attendant call to
wait. However, when a multiappearance terminal is active on the shared extension, Attendant Call Waiting
isdenied. The switch returns busy tone.

While an attendant extended call is waiting on an SLS, a multiappearance voice terminal can be used to
bridge onto the active call. However, the waiting call cannot be retrieved until the multiappearance voice
terminal leaves the connection.

Attendant Call Waiting is denied toward shared extensions with more than one appearance. Instead,
attendant calls are routed to an idle appearance (if available) of the shared extension. When every
appearance is busy, the switch returns busy tone.
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ARS (Automatic Route Selection)

The ARS Toll Restriction is assigned to a class of servicein Procedure 010, Word 3. The class of serviceis
then assigned to an extension in Procedure 000, Word 1. When ARS Toll Restriction is assigned to a
shared extension, the restriction applies to every image of the extension.
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Call Waiting

Call Waiting is partialy allowed for shared extensions with only one appearance. When only the straight
line set is active on this type of shared extension, the switch alows an incoming call to wait. However,
when a multiappearance terminal is active on the shared extension, Call Waiting is denied. Busy tone is
returned to the calling party. These attendant extended calls can aso return to the attendant console viathe
Timed Reminder feature. Further, the attendant is allowed to re-extend the call for further waiting even
though a multiappearance voice terminal is bridged to the connection. However, when a multiappearance
voice terminal is bridged to the connection, the Attendant Call Waiting tone will not be repeated.

While a call is waiting on an SLS, a multiappearance voice terminal can be used to bridge onto the active
call. However, the waiting call cannot be retrieved until the multiappearance voice terminal leaves the
connection.

Call Waiting is denied to shared extensions with more than one appearance. Instead, incoming calls are
routed to an idle appearance (if available) of thistype of shared extension. When every appearance is busy,
the switch returns busy tone to the calling party.

Conference—Attendant Six Party

For voice terminals with bridge-on capability, it is possible to have the bridged-on party involved in an
attendant established conference though not actually connected to the conference circuit. However,
transmission quality may degrade.

Conference—Three Party and Transfer

Bridging is allowed onto an appearance that is being held for conference.

For multiappearance voice terminals while bridging is active, the CONFERENCE and TRANSFER buttons
are inoperable for both a controlling terminal (extension that originated the bridged call) and a bridged
terminal. A user can bridge on after a conference is established.

For a straight line set while bridging is active, pressing the RECALL button (if provided) and momentarily
pressing the switchhook are ineffective for both a controlling terminal and a bridged terminal. A user can
bridge on after a conference is established.

Data Protection

Attempting to bridge onto a call that has Data Protection activated is denied. The switch returns reorder
tone.

Data Protection—Permanent is assigned to a class of service in Procedure 010, Word 3. The class of
service is then assigned to an extension in Procedure 000, Word 1. When Data Protection—Permanent is
assigned to a shared extension, this protection applies to every image of the extension.
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DID (Direct Inward Dialing)

The DID Restriction is assigned to a class of servicein Procedure 010, Word 3. The class of serviceisthen
assigned to an extension in Procedure 000, Word 1. When the DID Restriction is assigned to a shared
extension, the restriction applies to every image of the extension.

Extension Number Portability

Every image of an extension number must be removed before the extension number can be ported to
another network node.

FRL (Facilities Restriction Level)

An FRL is assigned to a class of service in Procedure 010, Word 3. The class of serviceis then assigned to
an extension in Procedure 000, Word 1. When an FRL is assigned to a shared extension, the calling
privileges granted by the FRL apply to every image of the extension.

Hold

While an SLS has a call on ‘‘soft hold'’ (by pressing the RECALL button, or momentarily pressing the
switchhook), bridging is not allowed for a multiappearance terminal sharing the appearance.

While an SLS has a call on ‘*hard hold’’ (by dialing the Hold dial access code), bridging is alowed for a
multiappearance voice terminal sharing the appearance. The bridging multiappearance voice terminal is

added to the active connection. However, the call on hard hold cannot be retrieved until the bridged
multiappearance terminal leaves the connection.

I ntercom—Automatic

Bridging onto an existing Automatic Intercom call is allowed. A maximum of three multiappearance voice
terminals may be connected to the call at any one time. Additional parties attempting to bridge onto the
connection receive reorder tone.

I ntercom—Dial

Bridging onto a Dial Intercom connection is not allowed.
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Intercom—M anual

Bridging onto an existing Manual Intercom call is permitted. A maximum of three multiappearance voice
terminals may be connected to a Manual Intercom call at any one time. Additional calls trying to bridge
onto the call receive reorder tone.

Last Extension Dialed

The extension number that the Last Extension Dialed feature stores and redials is kept on a per-equipment
location basis. Therefore, even though a voice terminal user shares an appearance with another user, the
stored extension number cannot be overwritten by a user sharing the appearance.
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Last Number Dialed

The didled number that the Last Number Dialed feature stores and redials is kept on a per-equipment
location basis. Therefore, even though a voice terminal user shares an appearance with another user, the
stored number cannot be overwritten by a user sharing the appearance.

Override

The Override feature can be used toward a terminal that isin a normal talking state with another terminal,
even if athird terminal is bridged onto the connection.

NOTE: An override cal to a straight line set enters the busy connection. An override call to a
multiappearance voice terminal usually terminates to an idle appearance. However, if every
appearance is busy, the override call enters the connection.

Priority Calling

Priority Calling is partially alowed toward shared extensions with only one appearance. When only the
straight line set is active on this type of shared extension, the switch allows a Priority Call to wait.
However, when a multiappearance terminal is active on the shared extension, the incoming Priority Call is
denied. Busy toneisreturned to the calling party.

While apriority call iswaiting on an SLS, a multiappearance voice termina can be used to bridge onto the
active call. However, the waiting call cannot be retrieved until the multiappearance voice terminal leaves
the connection.

Priority Calling is partially allowed toward shared extensions with more than one appearance. Incoming
priority calls are routed to an idle appearance (if available), and 3-burst ringing is provided. When every
appearance is busy, the switch returns busy tone to the calling party.

Privacy—Manual Exclusion

Bridging onto an appearance that has Manual Exclusion active is not allowed. The switch returns reorder
tone to the party attempting to bridge.

If aparty isaready bridged onto a call when Manual Exclusion is activated, the switch removes the bridged
party from the connection and returns reorder tone.

The Manua Exclusion feature, requiring an XCLUSION button, cannot be assigned to an SLS.
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Restriction—Attendant Control of Voice Terminals

The Attendant Control of VVoice Terminals feature allows an attendant to apply a restriction to an extension
or a predefined group of extensions. When one of these restrictions is applied to a shared extension, the
restriction applies to every image of the extension.

Restriction—Code Restriction

A Code Restriction level is assigned to a class of service in Procedure 010, Word 3. The class of serviceis
then assigned to an extension in Procedure 000, Word 1. When a Code Restriction level is assigned to a
shared extension, the level appliesto every image of the extension.

Restriction—M iscellaneous Trunk Restrictions

Miscellaneous Trunk Restrictions are assigned to a class of service in Procedure 010, Word 3. The class of
service is then assigned to an extension in Procedure 000, Word 1. When these restrictions are assigned to
ashared extension, the restrictions apply to every image of the extension.

Restriction—Toll Restriction

Toll Restriction is assigned to a class of service in Procedure 010, Word 3. The class of service is then
assigned to an extension in Procedure 000, Word 1. When Toll Restriction is assigned to a shared
extension, the restriction applies to every image of the extension.

Restriction—Voice Terminal Restrictions

Voice Termina Restrictions are assigned to a class of service in Procedure 010, Word 3. The class of
service is then assigned to an extension in Procedure 000, Word 1. When one (or more) of these
restrictionsis assigned to a shared extension, the restriction applies to every image of the extension.

Serial Calls

Bridging is alowed for a shared appearance that isinvolved in a Seria Call.
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Tenant Services

There are no tests in System 85 software to ensure that the images of an appearance (or that the appearances
of an extension) do not cross partition boundaries. It is the responsibility of the system manager to ensure
that every image of each extension resides only on voice terminals that are used by a particular extension
partition.

HARDWARE REQUIREMENTS

Multiappearance voice terminals are primarily used for this feature. However, one single-appearance
terminal can share an appearance with as many as 15 other multiappearance terminals.

Also, hard-wire bridging (connecting tip and ring leads together) of up to two single-line terminals is
allowed using the SN228 and SN229 (previously, SN221 and SN222).

FEATURE ADMINISTRATION

The Bridged Call feature is provided whenever images (shared appearances) of an appearance are provided.
The Bridged Call Feature is administered using the MAAP (Maintenance and Administration Panel). The
customer can administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can aso be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

E MAAP AND SMT PROCEDURES — BRIDGED CALL E
O g g O O
= PROCEDURE O WORD O PURPOSE O SMT 0
O 051 O 1 O Assigns a single-appearance voice terminal as type 0O Yes 0O
U O U SIS for usein bridging. O U
= 052 = 1 = Ass gnsimages (shared appearances) of an appearance. = Yes U
O O O O O

The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— BRIDGED CALL

O

PATH NAME PURPOSE

terminal-change terminal equipment Assigns images (shared appearances) of an appearance.

O
O
E (The terminal type of a straight line set is‘*No-Button.””)
5

mpOoopmo/sad
mOoOoobooOod

terminal-change terminal line-pickup Displays or prints areport of bridging Assignments.
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The following is the applicable CSM Command Path utilizing the admin areaof TCM or FM.

moOoOomad

O
1
O
O “*SLS” for usein bridging, and assigns images (shared
H appearances) of an appearance.

g CSM SCREEN — MASK g
0 BRIDGED CALL 0
0 APPL'N OBJECT PURPOSE E
O TCM ds Administers a single-appearance voice terminal astype [
0 0
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BUSY VERIFICATION OF LINES

DESCRIPTION

This feature allows the attendant to check the status of an apparently busy extension number. This check
verifies that the called extension number is busy or appears busy. The extension humber can appear busy
when the terminal isleft off-hook or isin need of maintenance. Being able to verify whether alineisrealy
busy or not increases the efficient use of time and equipment.

Before allowing the attendant to connect onto a 2-way connection, the talking parties hear a burst of
warning tone. This tone is reapplied at 15-second intervals as long as the attendant is on the connection.
Thefirst burst of tone lasts for 2 seconds. Thereafter, the duration is 1/2 second.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

ToBusy Verify aLine From an Attendant Console;

* Pressanidleloop button. [PA lamp goesout, and ATND lamp lights.]
* PressVERFY. [VERFY lamp lights)]

* Press START, or press the DXS group selection button. [If START was pressed, dial toneis heard. If
DXS group selection button was pressed, the group indicator lamp lights.]

¢ Did theterminal’s extension number, or press the DXS specific terminal line button.
¢ One of the following situations occur:
a Thelineisbusy onanormal 2-party call. [A 2-second warning toneis heard by the attendant and
both parties. The attendant is bridged on the talking connection and can hear and be heard by the

talking parties. A 0.5-second warning tone is heard by al parties every 15 seconds as long as the
atendant ison theline]

24-1
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b. Thelineisidle. (The busy verification request is canceled, and the call proceeds as a normal
attendant-originated call to an idle voice terminal.) [VERFY lamp goes out, RING lamp lights,
ringing is heard at the voice terminal, and the attendant hears ringback tone.]

c. Thelineisin an out-of-service state. (An out-of-service state is when the terminal has remained
off-hook longer than 10 seconds without dialing, remained off-hook longer than 10 seconds
between dialing digits, or remained off-hook longer than 10 seconds after the other party has gone

on-hook.) [Attendant is connected directly to the line. ANS lamp lights, and VERFY lamp goes
out.]

d. Thelineisinan unstable state. (See the[Considerations]section for unstable states.)
* When verification isfinished, press RELEASE. [ATND and ANS lamps go out, and PA lamp lights.]
¢ One of the following situations occur:

a Theverified linewasbusy. [The VERFY lamp goes out.]

b. The verified line wasidle. [RING lamp goes out, ringing stops at the called voice terminal, and
ringback tone is removed from the attendant.]
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CONSIDERATIONS

Reorder Tone
If reorder tone is heard, the VERFY lamp goes out and the attendant is unable to verify the line
because it is in an unstable or transient condition. The attendant should wait a few seconds and try
again to verify theline.

Intercept Tone
If intercept tone is heard, the VERFY lamp goes out and the attendant is unable to verify theline.

Busy Verification Not Recognized
If an attendant presses the VERFY button without first selecting an idle loop, the request for busy
verification is not recognized.

Dual Use of VERFY Lamp
When the switch is equipped with both the Busy Verification of Lines and the Trunk Verification by
Attendant features, the same VERFY button and lamp are used for both features.

Request to Verify Another Line
If the attendant receives arequest from avoice terminal user to verify another line, the attendant must
release the incoming call or place the incoming call on hold before verifying the other line.

Warning Tones
Both warning tones are 440-hertz.

Hard and Soft Processor Swaps

If an attendant is verifying aline when a hard processor swap occurs, this connection will endure the
hard swap.

An attendant cannot verify aline during a hard processor swap.

The Busy Verification of Lines feature operates normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

ACD (Automatic Call Distribution)

An attendant can use the Busy Verification of Lines feature to check the busy/idle condition of the
terminalsin an ACD split. The agent’s terminals can be checked whether or not the terminals are available
for split calls. If Busy Verification of Linesis activated toward an ACD associated extension number, only
the split supervisor'slineis verified.

Attendant Call Waiting

An attempt to verify a terminal line via the Busy Verification of Lines feature takes precedence over the
Attendant Call Waiting feature.

Automatic Callback

While terminal B is on-hook waiting for terminal A to become idle after activating Automatic Callback
toward terminal A, both terminas can be busy verified. But, when terminal A goes on-hook and the
automatic callback process begins, neither terminal can be busy verified until the talking connection
between terminals A and B has been established.

Call Coverage

If an attendant attempts to busy verify an extension classified as‘‘ extension busy’’ and *‘ extension active,”’
verification is allowed. However, verification is not allowed if the Busy Verification call isto an extension
where all appearances are on hold.

A busy verification call to abusy extension that has coverage does not redirect to coverage.

Call Forwarding—Busy and Don’t Answer

Busy Verification is allowed toward a line, even if the line has Call Forwarding—Busy and Don’t Answer
activated.
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Call Forwarding—Don’t Answer

Busy verification is allowed toward aline even if the line has Call Forwarding—Don't Answer active.

Call Forwarding—Follow Me

Busy Verification is allowed toward aline, even if the line has Call Forwarding—Follow Me activated.

Call Park

A linethat isin Call Park cannot be busy verified.

Call Vectoring

An attendant is not allowed to activate busy verification toward aVDN. When thisis attempted, the switch
returns intercept tone to the attendant.

Call Waiting

If an attendant attempts to busy verify a terminal line which already has a call waiting, busy verification
proceeds normally. However, if the attendant attempts to busy verify a termina line that is waiting for
another line, the busy verification attempt is denied.

Conference—Attendant Six Party

Busy Verification of Lines is denied when attempted toward a conference call made by the Conference—
Attendant Six Party feature.

Conference—ThreeParty

Busy Verification of Linesis denied when attempted toward aline connected to a Conference—Three Party
call, unless the line appears on a multiappearance terminal with more than one appearance. In this case, the
verification attempt routes to an idle appearance of theline, if any.
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Data Protection

When Data Protection is active on the terminal line or active on the trunk to which the line connects, Busy
Verification of Linestoward the protected line is denied.

DDC (Direct Department Calling)

An attendant can use the Busy Verification of Lines feature to check the busy/idle condition of the
terminalsin aDDC group. However, this feature cannot check for the line **made busy’’ to group calls. If
Busy Verification of Lines is activated toward a DDC group number, only the controlling termina line is
verified.

EUCD (Enhanced Uniform Call Distribution)

An attendant can use the Busy Verification of Lines feature to check the busy/idle condition of the
terminals in an EUCD split. The agent’s terminals can be checked whether or not the terminals are
available for split cals. If Busy Verification of Lines is activated toward an EUCD associated extension
number, only the split supervisor'slineis verified.

Hold

If terminal A has terminal B on hold, terminal A can be busy verified but terminal B cannot (unless the
extension being verified has multiple appearances).

Hunting

Hunting is not performed when the Busy Verification of Lines feature is activated toward aterminal linein
a hunting group.

Line L ockout

Busy Verification of alocked-out voice terminal makes an immediate talking connection to the locked-out
terminal. No barge-intoneisheard. The ANS lamp lights at the console.
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L oudspeaker Paging Access

Reorder tone is received when attempting to busy verify a terminal line that has accessed Loudspeaker
Paging (making a page or waiting for answer-back).

Override

When busy verifying a called extension, the switch denies Override to that extension.

Privacy—Attendant L ockout

The attendant is prevented from busy verifying a terminal line that is connected to a loop held on the
attendant console.

Privacy—M anual Exclusion

Activating Manual Exclusion on an extension does not prevent an attendant from busy verifying aline.

Priority Calling

A verification attempt made via the Busy Verification of Lines feature has precedence over a priority call
on the same line. However, if an attendant attempts to busy verify aterminal line that is waiting for another
line, the busy verification attempt is temporarily denied and routed to reorder tone.

Serial Calls

The switch denies Busy Verification of Linestoward alineinvolved in aserial call.

Tenant Services

An attendant (in a partition other than Attendant Partition O) is allowed to verify any extension residing in
Extension Partition O or residing in an extension partition that has been assigned to the attendant’ s partition.
When the attendant tries to verify an extension in ancther partition, the switch returns intercept treatment to
the attendant.

An attendant in Attendant Partition O is allowed to verify any extension in the switch.
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Timed Recall on Outgoing Calls

The switch denies busy verification if the terminal line being verified is connected to a call which has
already been switched to an attendant position by means of the Timed Recall feature. Busy verification is
allowed on terminal-to-trunk calls that have not yet been switched to the attendant by this feature. The
recall timing is suspended as long as the attendant remains bridged on the connection by busy verification
and is resumed when the attendant rel eases.

UCD (Uniform Call Distribution)

An attendant can use the Busy Verification of Lines feature to check the busy/idle condition of the
terminalsin a UCD group. However, this feature cannot check for the line *‘made busy’’ to group calls. If
Busy Verification of Lines is activated toward a UCD group number, only the controlling termina line is
verified.

RESTRICTING FEATURE USE

The Busy Verification of Lines feature can be denied toward terminal lines which have the VVoice Terminal
Restriction feature active for the assigned class of service.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Busy Verification of Lines feature is on a per-console basis. The Busy Verification of
Lines feature is administered using the MAAP (Maintenance and Administration Panel). This feature can
also be administered using CSM (Centralized System Management).

The following is the applicable MAAP procedure.

E MAAP PROCEDURE — BUSY VERIFICATION OF LINES

H PROCEDURE E WORD E PURPOSE

O 203 ad 1 0 Assignsthe VERFY button to the attendant console(s). The
E B U applicable encode is as follows.

0 8 ! 7 VERFY Button.

[ e
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The following is the applicable CSM Command Path utilizing the admin areaof TCM or FM.

g CSM SCREEN — MASK g
0 BUSY VERIFICATION OF LINES 0
U APPL'N 0 OBJECT 0 PURPOSE O
] | | []
U TCM d console-keys 0 Assigns the VERIFY button to the attendant 0
E H H console(s). %
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CALL COVERAGE

DESCRIPTION

General Usage

This feature provides alternate answering points for calls that might otherwise go unanswered. For a
principal (user with Call Coverage active), Call Coverage provides automatic redirection of calls that meet
specified conditions. Calls are redirected to a coverage path. The coverage path(s), don’t answer interval,
and coverage criteria (conditions) combine to make a coverage group. A coverage group is assigned to a
principal. (The same coverage group can be assigned to more than one principal.)

The Coverage Path

A single coverage path can consist of up to three coverage points:
* Theprimary covering user
¢ A backup to the primary covering user

¢ Another individual or genera group of pooled answering positions, such as a Message Center or an
AUDIX, asafinal covering point.

A coverage group can have asingle or adual coverage path.

Coverage Points

A coverage point can be:
¢ Anindividual voice terminal (covering user)
¢ Automatic coverage provided by the AUDIX system, or
¢ Coverage service provided by agroup of voice terminals.

Both AUDIX and Message Center group coverage are provided by ACD (Automatic Call Distribution)
splits (EUCD, UCD, or DDC in switches prior to Release 2, Version 3).

When highly interactive coverage is needed, the primary covering user should be someone (e.g., the
secretary) who is aware of the principal’s daily schedule and can determine the relative importance of calls
to the principal. A group or pooled answering arrangement can provide general coverage. This type of
coverage can provide such services as information on when the principal will return, record who called, and
take messages from calling parties to the principal.

25-1
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PRIORITY VERSUSNONPRIORITY CALLS

Priority calls (calls that terminate with 3-burst ringing) do not route to coverage. Nonpriority calls are
redirected to coverage based on the assigned criteria. These criteria define the conditions under which
nonpriority calls, directed to a principal’s extension, are redirected to coverage.
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CoverageCriteria

There are four specific coverage criteria or types of coverage. The criteriaand conditions are;
A. Cover Active

When any appearance of an extension with cover active is busy, al nonpriority calls (of the specified
type) to that extension are redirected to coverage. Cover Active can be assigned to a single-line voice
terminal, a single-appearance extension, or extensions with multiple appearances.

B. Cover Busy

When a single-appearance extension has Cover-Busy assigned and that extension is busy, incoming
nonpriority calls (of the specified type) redirect to coverage. These cals are treated the same as
Cover Active. However, if there are multiple appearances of the extension and any of the
appearances are idle (except origination only appearances), cals do not redirect to coverage.
Incoming calls aert at an idle appearance. When every appearance of the extension is busy,
nonpriority calls (of the specified type) redirect to coverage.

C. Cover Don't Answer

Calls to an extension assigned coverage alert at the principal’s voice terminal for the Don't Answer
Interval (from two to six ringing cycles). If unanswered during this interval, nonpriority cals (of the
specified type) redirect to coverage.

D. Cover All

All nonpriority calls (of the specified type) directed to a principal immediately redirect to coverage.
If Cover All isassigned to an extension, this criterion takes precedence over the other criteria.

These criteria can be applied separately to the following specific types of calls.
* Interna calls (calls originating within the switching system)

¢ External calls (i.e., attendant and trunk calls),
or

¢ Both internal and external calls.

In this manner, specific types of nonpriority calls can be sent to coverage in different ways. For example,
within a single coverage group, Cover Busy can apply to internal calls, Cover Active can apply to external
cals, and Cover Don’t Answer can apply to both internal and external calls.

Dual Coverage Paths

An extension can have up to two coverage paths. These dual coverage paths can provide separate coverage
for different types of calls. For example, calls from within a DCS network can be routed to automatic
coverage by the AUDIX system, while calls from the public network are routed to a Message Center agent.
This use of dual coverage paths provides externa calers, who are less likely to know how to deal with
AUDIX, with personal and flexible interaction with agents, while providing internal callers with efficient
and effective access to automatic coverage.
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Another use of dual coverage paths is to cover calls according to separate criteria. For example, an
executive can have one path that routes calls to the secretary and then to Message Center, and another path
that routes calls directly to Message Center. Cover Active can be assigned to the first path, while Cover
Don't Answer is assigned to the second path. |f available, the secretary is instructed to pickup unanswered
calls for the executive. In this way, when the executive is busy on a call, subsequent calls will route to the
secretary and then to Message Center without ringing the executive's voice termina. Meanwhile,
unanswered calls can be quickly covered either by the secretary or a Message Center agent.

Call Coverage Functions

To satisfy specific Call Coverage needs, seven functions are available to voice terminal users:

A. Caler Response Interval

The caller response interval is an administrable period of time (from 2 to 10 seconds), beginning with
a coverage tone, that allows the caller to make a choice of responses to a call that is being redirected
to coverage. The response interval can be administered as 0 seconds. When this is done, the tone is
given, but calls redirect to coverage immediately. The coverage tone is a single burst of tone that
notifies the caller that the call is being redirected to cover. The Caller Response Interval and
coverage tone do not apply to outside (trunk) calls or attendant-originated calls.

During the Caller Response Interval, the caller can elect one of the following options:
* Terminate the call by hanging up
¢ Activate Leave Word Calling

* Wait for the covering user to answer.
B. Consult/Return

This function allows the covering user to call the principal for private consultation whenever a
principal’s call is redirected to coverage. The calling party is placed on hold and a 2-party
connection is established between the principal and covering user. At the principal’s discretion, the
covering user can add the calling party to the conversation, or can return the call to the principal.

Consult/Return calls are treated as priority calls that override coverage. Like other priority cals,
Consult/Return calls can terminate to an originating (only) appearance.

C. Coverage Callback

This function allows covering users to leave a message for the principal to call back the calling party.
This function is available only when the incoming call (call being directed to coverage) originated
locally (within the same switching system). For externa calls (incoming trunk calls including DCS
calsoriginating on a different node), the Leave Word Calling feature can be used.
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Send All Calls (Prior to R2 V4)

This function allows a principal or covering user to redirect calls to coverage for one extension or all
extensions on a given voice terminal. This is essentially the same as Cover All except that it can be
turned on and off as desired at the principal’ stermina rather than having to be assigned in trandation
(see|Feature Administration).] Send All Calls can be activated at any time, including when a call is
ringing or when the principal is active on a call. If activated when a cal is ringing, the cal
immediately redirectsto coverage.

Send All Calls can be used in association with the Consult function. In this way, a principal could
send every call to coverage, but request to be notified when a specific call arrives.

Send All Cdls (Beginning With R2 VV4)

This function allows a principal or covering user to redirect calls to coverage for one extension, a
group of extensions, or all extensions on a given voice terminal. This is essentially the same as
Cover All except that it can be turned on and off as desired at the principa’s terminal rather than
having to be assigned in trandlation (see|Feature Administration).| Send All Calls can be activated at
any time, including when a call isringing or when the principal is active on acall. If activated when
acall isringing, the call immediately redirects to coverage.

Send All Calls can be used in association with the Consult function. In this way, a principal could
send every call to coverage, but request to be notified when a specific call arrives.

a Send All Cdls Extension

In Release 2, Version 3, and earlier switches, only one Send All Calls button was available.
This button activated the Send All Calls function for every extension appearing on a voice
terminal. For example, a secretary’s or assistant’s voice terminal has an image of a
supervisor's extension. When the secretary or assistant presses the Send All Calls button, Send
All Callsis activated for both the secretary’s extension and the supervisor’'s extension. Calls
for the supervisor are sent to coverage as well as calls to the secretary. The supervisor may be
available to answer calls and may not want calls sent to coverage. The enhanced Send All
Cdlls Extension function allows the secretary to use the send al calls function without
necessarily activating send all calls for the supervisor.

The new Send All Calls Extension button (SAC XXX X) alows calls to a specific extension to
immediately redirect to coverage without impact on other extensions that appear on the same
terminal. (XXXX represents the extension number; **X'* stands for any number 0 through 9.)

Each extension on a multiappearance voice termina can have a separate Send All Calls
Extension button (SAC XXXX). Other terminals with shared appearances of the same
extensions can have SAC XXXX buttons for the same extensions. Pressing the SAC XXXX
button activates or deactivates Send All Callsfor every appearance of that extension (including
the shared appearances of that extension).
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The feature lamp beside the SAC XXXX button lights when Send All Calls is active. This
lamp aso lights on al terminals with SAC Extension buttons for the same extension. These
lamps go dark when Send All Callsis deactivated.

The same multiappearance voice terminal can have as many Send All Calls Extension buttons
asthere are individua extensions on the terminal.

If the voice terminal does not have a Send All Calls Extension button, Send All Calls can till
be activated or deactivated by dialing the appropriate dial access code. The effect on shared
appearances on other terminalsisthe sameasif a SAC XXXX button had been used.

Send All Calls Group of Extensions

In R2 V4, the Send All Calls Group of Extensions (SAC GROUP) button activates the Send
All Calls function for a ‘‘designated’’ group of extensions on a multiappearance voice
terminal. The status of other extensions (not in the specifically designated SAC Group)
remains unchanged.

A multiappearance terminal can have only one Send All Calls Group of Extensions (SAC
GROUP) button.

To ‘‘designate’’ an extension as a member of a Send All Calls group, an image of the first
appearance of the extension must appear on the terminal with the SAC GROUP button. If one
appearance of the extension is assigned to the group, al other appearances (shared
appearances) are also assigned to the group.

Pressing the SAC GROUP button activates or deactivates the Send All Calls function for the
group and all individual extensions belonging to the group. Only the terminal assigned the
SAC GROUP button can activate or deactivate Send All Calls for the group.

The green status lamp beside the SAC GROUP button lights when the button is pressed to
activate Send All Calls. When the button is pressed again, Send All Calls deactivates, and the
green lamp goes dark.

Thereisno dial access code to activate or deactivate send all calls on agroup basis.

An individual extension in a send all calls group can aso be assigned a Send All Calls
Extension (SAC XXXX) button. This button can activate or deactivate Send All Calls for that
specific extension. For example, if a secretary presses the SAC GROUP button to redirect al
calls to coverage, a supervisor belonging to the group can deactivate Send All Calls by
pressing hisher own Send All Calls Extension button. Calls to that specific extension are not
then redirected to coverage (on asend all callsbasis). This has no effect on the other members
of the send al callsgroup. Their calls still redirect to coverage.
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F. Temporary Bridged Appearance

This function allows a principal (with a multiappearance termina or a straight line set) to bridge onto
a coverage call by going off-hook on the appearance that has been redirected to coverage. However,
the coverage point that answered the redirected call cannot be a coverage group (e.g., AUDIX or
Message Center) for the Temporary Bridged Appearance function to work. Also, when a VDN
(Vector Directory Number) is assigned as the final point in a coverage path, a principa’s temporary
bridged appearance is removed at the time that vector processing assumes control of aredirected call.

G. Implied Principal Addressing
This function returns the extension-number address of the principal to whom a coverage call was
originally directed. This address is used for the Consult function and to deliver Coverage Callback

and Leave Word Calling messages to the principal. For example, if Leave Word Calling is provided,
messages can be |eft for the principa at any point in the coverage path.

H. Ring-Ping
For R2 V4, an optional ring-ping on immediately redirected calls (send al cals function) is a
reminder to the principa that send al calls is active. This option is assigned on a line class-of-
service basis rather than an individual terminal basis. The principal’s terminal receives a quick burst
of ringing (ring-ping) when acall isimmediately redirected to coverage. Thisisan especialy helpful
reminder to the user that has Send All Calls active on a terminal that does not have feature lamps

(e.g., single-appearance terminals). Thisis also useful for shared appearances where a different user
can activate send al calls.

Thistoneisidentical to the tone provided when Call Forwarding—Follow Meis active. Ring-pingis
given when calls are redirected due to any of the following:

e Cover All

* Cover Active

¢ Cover Busy

* Send All Calls.
Ring-ping is provided on a line class-of-service basis. All voice terminals sharing the terminating
appearance of the extension receive ring-ping except as follows:

* Theterminal is an off-hook, single-appearance set.

* Theterminal is an on-hook, single-appearance set that is an image of a multiappearance terminal
that is off-hook.

* Theterminal isaready ringing.
* Theterminal is administered not to ring (aert type = 0) for this extension.

* The Ringing—Cutoff feature is active on the terminal.
Thering-ping toneis an 0.1-second burst of ringing.
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Use of the Display—Voice Terminal Feature

If aninternal caller’s voice terminal has a display capability, the caller receives a visua indication that the
call has redirected to coverage. If the covering user’s voice terminal has a display capability, the display
identifies the called principal, the calling party, and the reason the call routed to coverage (see the

[Display—V oice Terminal|feature).

Feature History and Development

The Cal Coverage feature was first introduced in System 85 in Release 1, Version 3. Subsequent
enhancements that effect this feature include the following:

Introduction of the ‘*dual coverage paths'’ functionality providing separate coverage for different types
of calls. Dual coverage paths werefirst available in Release 2, Version 2.

Introduction of the AT&T Personal Termina 510D, and the 7407D IDT (Integrated Display Terminal)
providing additional terminals with enhanced call coverage capabilities. The 510D was first available
in Release 2, Version 2 with a retrofit capability to earlier versions. The 7407D was introduced with
Release 2, Version 3.

Enhancement of the Display—Voice Termina feature to include scrolling capabilities improved the
services available to covering users equipped with this type of terminal. Scrolling was first availablein
Release 2, Version 3.

Improvement of the Send All Calls function with the introduction of two Send All Calls feature buttons:
1. Send All Calls Extension button
2. Send All Calls Group of Extensions button.

Two Send All Cdlls buttons are first available in Release 2, Version 4.

Addition of an optional ‘‘Ring-Ping’’ when calls are immediately redirected using Send All Cals.
Ring-ping for Send All Callsisfirst available in Release 2, Version 4.
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USER OPERATIONS

The following are user operations associated with the Call Coverage feature. Except for Send All Calls,
these operations are performed by a covering user. The Send All Calls operations can be performed by
either the covering user or the principal.

The Consult Function

To activate the Consult function from a multiappearance voice terminal:

* Pressthe TRANSFER (or CONFERENCE) button. [Dial tone] (Calling party is placed on hold.)

* Press the CONSULT hbutton. [3-burst ringing at principal’s extension] (Priority cal is directed to
principal.)

* Obtain handling instructions from the principal.

To establish a 3-way talking connection (principal, caller, and covering user):

* Pressthe CONFERENCE button. (Calling party is returned to the connection.)

To establish a 2-party connection between principal and calling party:

* Pressthe TRANSFER button. [Dial Tone] (Principal and calling party are connected.)

To drop the principal and return to the calling party:

— After a3-way connection has been established:
* Press DROP.
— Before a 3-way connection is established:

* Pressthe held (incoming) appearance.
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To Activatethe Coverage Callback Function:

¢ Pressthe COVERAGE CALLBACK button.

To Establish aLeave Word Calling M essage for the Principal to Call the Covering User:

* Pressthe LEAVE WORD CALLING button.

The Send All Calls Function (Prior to R2 V4)

To activate Send All Callsfor all extensions on a principal’sterminal:

* Pressthe SEND ALL CALLS button.

To deactivate Send All Callsfor all extensionson a principal’sterminal:

* Pressthe SEND ALL CALLS button.

To activate Send All Callsfor a specific extension:

* Go off-hook on the selected extension. [Dial tone]
* Did the Activate Send All Calls access code. [Confirmation tone]

¢ Go on-hook.
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To deactivate Send All Callsfor a specific extension:

* Go off-hook on the selected extension. [Dial tone]
¢ Dial the Cancel Send All Calls access code. [Confirmation tone]

¢ Go on-hook.

The Send All Calls Function (Beginning With R2 V4)

To activate Send All Callsfor a single extension:
* Pressthe appropriate SAC XXXX button. [The lamp for the SAC XX XX button lights.]

If the extension is part of a Send All Calls Group, activating Send All Calls for the group will not alter
the state of the extension. That is, Send All Calls remains active for this extension.
or
¢ Go off-hook on the selected extension. [Dial tone]
* Didl the Activate Send All Calls access code. [Confirmation tone]

¢ Go on-hook.

To deactivate Send All Callsfor a single extension:
* Pressthe appropriate SAC XXXX button. [The lamp for the SAC XXXX button goes dark.]

If the extension is part of a Send All Calls Group and the SAC GROUP button is pressed to deactivate
Send All Calls for a group, the state of this extension is not changed. That is, Send All Calls remains
deactivated for this extension.
or
¢ Go off-hook on the selected extension. [Dial tone]
¢ Dial the Cancel Send All Calls access code. [Confirmation tone]

¢ Go on-hook.

To activate Send All Callsfor a group of extensions:

* Press SAC GROUP. [The lamp for the SAC GROUP button lights, and all the assigned SAC XXXX
feature button lamps of extensions included in the group light on the terminal. The lamps for the
SAC XXXX buttons on al terminals with shared appearances of the extensions included in the group
light.]
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To deactivate Send All Callsfor a group of extensions:

* Press SAC GROUP. [Lamp for the SAC GROUP button goes dark, and all the assigned SAC XXXX
feature button lamps included in the group go dark. Lamps for the SAC XX XX buttons on al terminals
with shared appearances of the extensions included in the group also go dark.]

To deactivate Send All Callsfor a single extension in a group when Send All Callsis active for the group:

Option 1:
* Press the SAC XXXX button for the extension. [The lamp goes dark. Send All Calls has been
deactivated for this extension.]
Option 2:
¢ Go off-hook at the desired extension. [Dial tone]
* Dia the SAC-Cancel dial access code.
¢ Goon-hook. [Thelamp goesdark. Send All Calls has been deactivated for this extension.]
NOTE: Pressing the SAC GROUP hutton to deactivate Send All Calls for the group, after

deactivating Send All Calls for the extension (either option), does not change the status of the
extension. That is, Send All Calls remains deactivated for the extension.

Message Retrieval and Display

To access principal’ s message file as a covering user:

* Press an inactive appearance button.

* Press COVER MSG RETRIEVAL. [Display shows WHOSE MESSAGES?|

¢ Did principal’s extension number (when display shows. MESSAGES FOR [Name]).
* PressNEXT MESSAGE.

To access principal’ s message file during call with principal:

* PressHOLD. [Principa placed on hold.]

* Pressan idle appearance button. [Dial tone]

* Press COVER MSG RETRIEVAL. [Display shows WHOSE MESSAGES?|
¢ Did principal’s extension number.

* Press held appearance. [Principal returnsto connection.]
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To return call for principal to displayed message originator (Callers extension number has appeared in the
message):

* Press TRANSFER. [Principal placed on hold; dial tone returned.]

* PressRETURN CALL. [Callback cal isinitiated.]

* Press TRANSFER. [Callback call and principal are connected.]

TheLock / Unlock Function

To lock the terminal (blocks message retrieval):

* Go off-hook on an inactive appearance. [Did tone]
* Dia the LOCK access code. [Confirmation tone returned.]

Thisterminal cannot now be used to perform any Message Retrieval functions.

To unlock the terminal (return message retrieval):

* Go off-hook on an inactive appearance. [Did tone]
¢ Dial the UNLOCK access code. [Confirmation tone returned.]

CONSIDERATIONS

Unavailable Terminals

A voice terminal in the coverage path is unavailable to receive coverage calls when one of the
following conditions exists.

* The covering extension is busy (every appearance of the extension isin use on multiappearance
voice terminals or off-hook on a single-line voice terminal).

¢ Cadl Forwarding, either Busy and Don't Answer or Follow Me, is active for the covering
extension.

¢ Send All Cdlsisactive for the covering extension or the entire covering user’ s voice terminal.
* The coverage point isin an out-of-service condition.
If Cover Don’'t Answer is active on an unattended voice termina and the entire coverage path is

unavailable, the call cannot redirect to coverage. The call continues ringing on the original called
extension.

When the principal’s voice terminal is busy and the entire coverage path is unavailable, the call
cannot redirect to a covering user. In this case, the caller receives busy tone.

Soft Numbers for Covering Users
Sometimes, a covering user answers redirected calls for numerous (perhaps, as many as 25)
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principals. In this situation, the covering user answers redirected calls using a voice termina
equipped with a coverage module. Generaly, ‘‘soft numbers'’ are used to supply the identity of
the originally called principal to the covering user.

The term ‘‘soft numbers’ should not be misunderstood. These numbers are real extension
numbers. They are part of the numbering plan, and consume some of the usable extension
numbers within a System 85 switch. However, soft numbers for Call Coverage are typically
assigned specia characteristics. Usually, soft numbers have only one image of a single
appearance. Each soft number is assigned to a principal’s coverage path. The image of the soft
number is usually located on a coverage module, and the adjacent appearance button is usually
labeled with the principa’s name (not the number). Ringing is usualy (but not necessarily)
assigned to the image of the soft number. Also, to prevent unauthorized calling activity from soft
numbers, these numbers can be assigned to a common class of service that includes Origination
Restriction or Outward Restriction.

Covering User Send All Calls (Button Activated)

Before R2 V4, if the covering user has an image of an appearance of the principal’s extension and
activates Send All Calls using the SEND ALL CALLS button, the Send All Calls function isin
effect for the principal’s extension as well as the covering user’s extension. This problem can be
avoided by using the feature dial access code rather than the SEND ALL CALLS button.

Temporary Bridged Appearances and Single-Appearance Terminals

Normally, Temporary Bridged Appearances are not provided for single-appearance voice
terminals. Therefore, by default, a principal with an analog voice termina cannot bridge onto
coverage calls. However, when a principa’s analog voice terminal is administered as a straight
line set, the Temporary Bridged Appearance function is provided (except status-lamp operation).

The DCS (Distributed Communications System) Environment

In a DCS, the Cdller Response Interval, Coverage Tone, and Coverage Callback are provided for
calls between nodes (i.e., between System 85s in a DCS cluster) for calls that are redirected to
coverage. An internode call that redirects to coverage does so according to the internal criteria
assigned; that is, the criteriafor an internal call is used. Also, the coverage pointsin a principal’s
coverage path must be located in the same node as the principal .

Message Waiting Lamps
Asmany as 10,500 automatic message waiting lamps can be assigned to voice terminals within the
switch.

Coverage Groups

Asmany as 3,047 separate coverage groups can be assigned to aswitch. Thefirst 1,999 groups are
reserved as single-path groups, and the remaining 1,048 group pairs are reserved as dua-path
groups.

A given coverage point can be assigned only once in a coverage path or group.

Dual Coverage Paths

Dual coverage paths are assigned using pairs of groups numbered from 2000 to 4095. Each dual
path pattern is composed of two groups: an even numbered group and an odd numbered group.
Thefirst group in a dual path pattern must be assigned to the even numbered group, and the second
path is assigned to the immediately following odd numbered group. Thisresultsin atotal of 1,048
dual path patterns composed of 2,096 groups (two groups to a pattern).

When there is a conflict between criteria in dual coverage paths (e.g., both paths are assigned as
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Cover Activefor internal calls), the call will redirect according to thefirst (even-numbered) path.

Single Path Functionality

If necessary, coverage groups from 2,000 to 4,095 can be given single path functionality. Thisis
done by assigning the same criteria and path for both the even group number and the
corresponding odd group number.

Coverage Paths Without Criteria

It is permissible for no coverage criteria to be assigned to a single-path coverage group for an
extension. If criteria are not assigned, the principal or covering user can activate Send All Callsto
redirect callsto coverage.

It is aso permissible to assign no criteria to a dua-path coverage group for an extension. When
this is done, Send All Calls redirects internal calls according to the first coverage path, while
redirecting external calls according to the second coverage path.

Attendant-Extended Calls

If an attendant originates or extends a call to a principal and that call redirects to coverage, the
Temporary Bridged Appearanceis not present on the principal’ s voice terminal.

Call Coverage cannot be assigned to an attendant position. Also, an individua attendant console
cannot be assigned as a coverage point. However, with Call Vectoring, coverage calls can be
redirected to the attendant group (queue). See Call Vectoring under || nter actions With Other|
[Featuredfor further details.

Message Center and ACD Splits
Message Center or other ACD splits can be assigned as coverage points. However, only one split
can be assigned to a coverage path, and it must be the last point in the path.

Parallel Coverage Points

Parallel coverage can be set up by hard-wire bridging a second voice terminal to a coverage point
(extension). When a call redirects to coverage, both voice terminals alert (ring) simultaneously,
and either covering user can answer the call.

Leave Word Calling

Leave Word Calling complements the Call Coverage feature by alowing the calling party to
request areturn call during or before the coverage process.

Lack of Coverage Path
If Send All Cadlls is activated for an extension but the extension does not have a coverage path
assigned, calls to that extension are not routed to coverage. The appropriate lamps still light. The
called party’ sterminal rings, and the calling party receives ringback tone.

Terminals With One Extension
For R2 V4, a terminal that has appearances of only one extension should be assigned a
SAC XXXX button. A SAC GROUP button for a single extension wastes call-processing time by
having to search for group members.

Terminals With Shared Appearances

For R2 V4, shared appearances (images) assigned on a voice terminal should not be included in a
Send All Calls group. This is not recommended because a person with an image of the same
appearance on another terminal may be available to answer calls and may not want Send All Calls
activated. Therefore, the Send All Calls Extension feature button should be assigned to these
extensions.
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Hard and Soft Processor Swaps

The values of the coverage criteria and the extension in coverage paths are stored in a translation
portion of switch memory. Therefore, these values and extension numbers will endure a hard
processor swap.

Send All Calls activations are stored in a status portion of switch memory. Therefore, if a voice
terminal user activates Send All Calls and then a hard swap occurs, Send All Calls will not be
activated after the hard swap isfinished. At thistime, the user can reactivate Send All Calls.

If aprincipal is aready bridged onto a redirected call using atemporary bridged appearance when
a hard swap occurs, this connection will endure the hard swap. However, a temporary bridged
appearance cannot be used to bridge onto aredirected call during a hard swap.

If ahard swap occurs while a call is redirecting to coverage, the redirected call fails.

The Call Coverage feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Display

After pressing the STA ID button, the attendant display indicates the extension number the call redirected
to rather than the originally called extension number.

Attendant Release L oop Operation

When an attendant extends a call to a voice terminal with assigned coverage (with criteria that apply to the
call) and releases the call, the call will not return to the attendant queue. Instead, the call will redirect to
coverage according to the assigned coverage path.

For a call from an internal voice terminal extended by an attendant to another internal voice terminal, the
call can redirect to coverage as an attendant call (i.e., externa call). This occurs when the attendant does
not release the call before the call typeis checked for redirection to coverage.

ACD (Automatic Call Distribution)

An ACD split (including a Message Center split) can be assigned as the final point in a coverage path.
However, the split number, rather than an associated extension number, is used to designate the coverage
point. Therefore, all coverage calls that are redirected to an ACD split are placed in the nonpriority portion
of the queue.
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On an attendant-extended call to a principal with coverage assigned to an ACD split (including a Message
Center split), the attendant receives coverage tone before the call is redirected to the ACD split. During the
caller response interval, the attendant must release the call to allow the call to be queued. The attendant can
release the call prior to the tone.

Automatic Callback

After a voice termina user with coverage active activates Automatic Callback toward another voice
terminal, the 3-burst callback call istreated as a priority call and does not route to coverage.

Activation of Automatic Callback toward aterminal that has Cover Active, Cover Busy, Cover All, or Send
All Calls activeis denied.

Activation of Automatic Callback toward a principal who is busy on a call with either Cover Don’t Answer
active or no coverage criteriaassigned is allowed.

Activation of Automatic Callback during the caller response interval of a coverage call isdenied.

Busy Verification of Lines

If an attendant attempts to busy verify an extension classified as‘‘ extension busy’’ and *‘ extension active,’”’
verification is allowed. However, verification is not allowed if the Busy Verification call isto an extension
where all appearances are on hold.

A busy verification call to abusy extension that has coverage does not redirect to coverage.

CDRR (Call Detail Recording and Reporting)

Same as the CM DR interaction.

CMDR (Centralized Message Detail Recording)

The extension number of the covering user, rather than the principal, is recorded by CMDR, CDRR, or
SMDR when acall isredirected and answered by a covering user.

If acovering user answers aredirected call on a soft number, the primary extension number of the covering
user’svoice termina (not the soft number or the principal’s number) is recorded in the call record.
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Call Forwarding—Busy and Don’t Answer

Call Forwarding—Busy and Don't Answer takes precedence over Call Coverage in the following
situations.

— If any cal forwarding is active for an extension that has coverage, calls to that extension redirect
according to call forwarding.

— If acoverage point (other than a coverage group) has call forwarding active, the point is not eligible to
receive acoverage call.

When a call is forwarded to a principal with coverage active, the forwarded call does not redirect to
coverage. If the principal doesn’t answer, the forwarded call rings until abandoned at the principal’s voice
terminal. For situations where cover active or cover busy would apply, the switch returns busy tone to the
calling party.

Call Forwarding—Don’t Answer

When a call is forwarded to a principal with coverage active, the forwarded call does not redirect to
coverage. If the principal doesn’t answer, the forwarded call rings until abandoned at the principals voice
terminal. For situations where cover active or cover busy would apply, the switch returns busy tone to the
calling party.

Call Forwarding—Follow Me

Same as Call Forwarding—Busy and Don’'t Answer. Also, if call forwarding is active for a group coverage
point (ACD split), callswill cover to the split and then redirect according to call forwarding.

Call Park

When the Call Park feature is activated by a covering user, the Temporary Bridged Appearance at the
principal’s voice terminal is removed; and the principal is unable to bridge onto the parked call.

Call Pickup

Activation of the Call Pickup feature is denied when attempting to:

— Pickup a Temporary Bridged Appearance on a principal’s voice terminal (that is, after the call has been
redirected).

— Pickup acoverage call during Coverage Tone or during the Caller Response Interval.

If amember of the covering user’s pickup group uses Call Pickup to pickup aredirected call, the temporary
bridged appearance on the principa’s voice termina remains intact. After the redirected call is picked up,
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the principal can still go off-hook on the temporary bridged appearance to join the call with the Call Pickup
user.

Call Vectoring

A vector directory number can be assigned as the final point in a coverage path. When thisis done, the full
flexibility of the Call Vectoring feature can be applied to the redirected call. The corresponding vector
could be programmed to queue the redirected call to an ACD split (including an AUDIX or a Message
Center split). Furthermore, the vector’s processing could also vary by time of day (to provide night service)
or by the status of the split’'s queue (to provide intraflow or interflow).

A vector can have a‘‘route to’’ step that routes calls to an extension with coverage assigned. When thisis
done, the destination extension’s coverage isignored.

Coverage to the Attendant Queue

Call Vectoring can redirect coverage calls to the attendant queue. Attendant coverage can be beneficial
for some System 85s. Using this coverage, the attendant group can serve as the final coverage point for
an assortment of principals.

A VDN can be assigned as the final point in a coverage path. One of these VDNSs can be assigned to a
vector with a single ‘‘route to”’ step. The ‘‘route to’’ step within this coverage vector contains an
Abbreviated Dialing list item that outpul ses the attendant dial access code [usually ‘‘0,"" or aDID LDN
(Listed Directory Number)].

Since ‘‘route to’’ steps can direct callsto DID LDNs, partitioned switches can aso cover to the shared
attendant queue. Each extension partition desiring attendant coverage can have a vector that directs
calls to the LDN for the attendant partition assigned to that extension partition. In this way, attendant
coverage is a partitioned function of the Tenant Services environment.

Call Waiting

When a principal has a single-line voice termina with Call Waiting assigned, the call waits on the voice
terminal if the principal has Coverage—Don't Answer active and the principal is busy. If any other type of
coverage is active, the call goes to coverage normally.

Centralized Attendant Service

A backup terminal in a Centralized Attendant Service arrangement can be assigned as a point in a coverage
path. This terminal can aso have coverage assigned. When this terminal has coverage assigned, cals
directly addressed to that extension redirect normally. However, incoming attendant seeking calls route to
the backup terminal when coverage is active and do not redirect to coverage.
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Conference—ThreeParty

The switch denies an attempt to activate a 3-party conference from a multiappearance voice terminal during
the Caller Response interval of acoverage call. The switch ignores the button press.

When the covering user presses the CONFERENCE button after the call goes to coverage, the temporary
bridged appearance is removed from the principal’ s voice terminal.

Data Call Setup

If adata module isin a coverage path, it is skipped during the search for an available coverage point. If a
data module calls an extension with coverage active, the call does not cover.

DDC (Direct Department Calling)

See|UCD Interaction.

Display—Voice Terminal

If a multiappearance voice termina user who is busy on a call receives a call on another appearance, the
new call can redirect to coverage after the don’t answer interval. However, when this occurs, the covering
user (equipped with a display) to whom the call redirects will receive a redirection notification of *‘b’’ (for
busy) rather than *‘d’’ (for don’t answer).

DCS (Distributed Communications System)

In aDCS environment, the covering user and the principal must be located on the same node.

EUCD (Enhanced Uniform Call Distribution)

Same as the ACD interaction.

Extension Number Portability

If an extension is part of Call Coverage, either as a principal or a covering extension, it must be removed
from coverage before it can be ported to a new node.
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Hold

If a covering user places a coverage call on hold and the principal then bridges onto the held call, the
covering user who originally placed the call on hold drops off and cannot reenter the connection.

Hunting

When acall routesto coverage, Hunting is allowed from the last coverage point.

I ntercom—Auto, Dial, and Manual

Intercom calls do not route to coverage.

LWC (Leave Word Calling)

LWC messages are sent to the principa originally called, even when calls redirect to coverage. The only
exception is calls redirected to an attendant. Leave Word Calling is not allowed when acall is redirected to
an attendant.

Coverage Message Retrieval
Coverage Message Retrieval is denied to any covering user not in the principal’s coverage path, except for
‘“‘Global Retrievers.”

LWC on the Switch

Leave Word Calling can be provided on a switch that has no AP. Messages are stored on the switch.

Global Retrieval

Globa retrievers can retrieve messages for anyone in the switch. This ability is useful for attendants and
message center agents who may support users for whom they are not covering users. (Note that message
retrieval cannot be assigned to an attendant console; a separate display voice terminal or data terminal must
be used for this purpose.) Global retrievers need only one COVERAGE MSG RETRIEVAL button. The
same button works for global retrieval, as well as for coverage-path retrieval. All messages accessible by
Coverage Message Retrieval can be accessed globally.
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Main/Satellite/Tributary

Call Coverage cannot redirect acall over atietrunk. Therefore, aterminal user at a satellite location cannot
provide coverage for aterminal user at the main.

Override

An Override call does not route to coverage.

Precedence Calling

The Call Coverage feature functions normally for a Precedence Calling incoming call. The call will route
to coverage if the established coverage criteria are met. However, a Precedence Calling incoming call does
not route to group coverage (i.e., Message Center, ACD Group, or AUDIX).

Priority Calling

A Priority Call does not redirect to coverage. Only nonpriority calls (calls that do not terminate with 3-
burst ringing) are routed to covering users.

Queuing

A Queuing Callback Call is treated as a priority call and does not route to coverage. These callbacks ring
at the terminal that originally placed the call. Callback calls do not cover, even if coverageisin effect.

Queuing in a Main/Satellite Arrangement

If the original call was placed between a Main/Satellite switching arrangement and is placed in a ringback
gueue, the callback call appears to the switch as a normal tandem tie trunk incoming call and coverage
occurs.

Restriction—Attendant Control of Voice Terminals

If Controlled Termination Restriction is activated toward an extension with coverage active, the restriction
overrides, and calls to that extension do not route to coverage.
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Restriction—Voice Terminal Restrictions

If Termination Restriction is assigned to an extension with coverage active, the restriction overrides, and
callsto that extension do not redirect to coverage.

Ringing—Abbreviated and Delayed Ringing

The Send All Calls and Cover All functions of the Call Coverage feature take precedence over Abbreviated
and Delayed Ringing. These functions control the redirection of ringing.

The Cover Don't Answer function of the Call Coverage feature takes precedence over Abbreviated and
Delayed Ringing when the amount of ringing cycles used to time both features are equal.

The details of the don’t answer condition are as follows. If the timing interval for the coverage group is
less than or equal to the timing interval for Abbreviated and Delayed Ringing, terminating calls redirect to
coverage without ringing the images(s) assigned delayed ringing. However, if the timing interval for the
coverage group is greater than the timing interval for Abbreviated and Delayed Ringing, terminating calls
first ring the abbreviated ringing image(s). Then, ringing transfers to the delayed ringing image(s), and
these images ring for the rest of the Cover Don’t Answer timing interval. After the Cover Don't Answer
interval elapses, the call redirectsto coverage.

Since Call Coverage takes precedence over Abbreviated and Delayed Ringing, ring-ping, if assigned in R2
V4, is heard for immediately redirected calls at the caled party’s terminal, except if delayed ringing
(encode 2) is assigned in Procedure 052, Word 1, Field 11.

Ringing Cutoff

When Send All Cals and Ringing Cutoff are both active at a called voice termina, ring-ping is not
provided as the call redirectsto coverage.

Ringing Transfer

Ringing Transfer takes precedence over Call Coverage. Call Coverage controls the redirection of ringing
after the ringing cycle has completed at the secondary terminal.

SMDR (Station M essage Detail Recor ding)

Same as CMDR interaction.
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Tenant Services

There are no tests in Procedure 011, Word 1 to ensure that every point in a coverage path belongs to the
same extension partition. It isthe responsibility of the system manager to ensure that coverage paths do not
Cross partition boundaries.

There are also no tests in Procedure 000, Word 2 to ensure that a coverage group is only assigned to
extensions residing in the same extension partition. It isthe responsibility of the system manager to ensure
that a coverage group pertaining to one extension partition is not assigned to an extension in another
extension partition.

Transfer

Any attempt to activate the Transfer feature from a multiappearance voice terminal during the Caller
Response Interval of acoverage call isdenied. The switch ignores the button press.

After a call goes to coverage, if the covering user presses the TRANSFER button, the temporary bridged
appearance is removed from the principal’ s voice terminal.

UCD (Uniform Call Distribution)

The extension number associated with a UCD or DDC cannot be assigned coverage. Individual group
member extension numbers can be assigned coverage for calls addressed directly to those extensions.

To assign a UCD or DDC group as a coverage point, the group number (i.e., four for group 4 or five for
group 5) is used rather than the extension number. A UCD or DDC group can be assigned only as the final
point on a coverage path. The switch cannot redirect a call to coverage after the UCD/DDC feature has
distributed the call to a group member.
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The UCD/DDC group is classified as unavailable to serve as a covering user, if the UCD/DDC group has
been made unavailable viaa dial access code.

Unattended Console Service—Preselected Call Routing

When an attendant console is in the night mode, calls routed to the preselected voice terminal from the
unattended console do not redirect to coverage. Only direct calls to the preselected voice terminal assigned
coverage are redirected.

Variable Format Call Detail Recording

The extension number of the covering user, rather than the principal, is recorded in the Dialed Number field
by CDR when acall is redirected and answered by a covering user.

If acovering user answers aredirected call on a soft number, the primary extension number of the covering
user’svoice termina (not the soft number or the principal’s number) is recorded in the call record.

HARDWARE REQUIREMENTS

The applicable hardware for Call Coverage is dependent on the type of voice terminal available to the
covering user. While any voice terminal will meet the requirements of call coverage, the following
combinations can be used to provide enhanced capabilities for covering users.

* The 7205H Voice Termina with the C201A Call Coverage Module

This combination provides 20 additional 2-lamp appearances identified to specific principals to alow
one voice terminal to cover alarger group of terminals.

* The 7404D VDS (Voice/Data Station) with the Z300B Messaging Cartridge and an associated EIA type
dataterminal such asthe 513 BCT

This combination provides an EIA data terminal with the capability of accessing and displaying
messages using the Display Voice Termina feature.
* The 7405D Voice Termina with the C401A Call Coverage Module

This combination provides the covering user with the same functionality as the 7205H voice terminal
with C201A Coverage Module. Call Coverage modules are generally used by covering users.

* The 7405D Voice Termina with the D401A Display Module
This combination provides the covering user with identification of the calling party (internal calls) or

outside source and the principal. It further provides the covering user, when permissions are granted,
with the ability to access messages for supported principals.

NOTE: The Call Coverage Module and the Digital Display Module are mutually exclusive.
That is, the same terminal cannot use both modules at the same time.
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* The 7406D With Display

This is a digital voice terminal, smaller than the 7407D, with an optional built-in display module. It
provides the covering user with identification of the calling party (internal calls) or outside source and
principal. It provides the covering user, when permissions are granted, with the ability to access
messages for supported principals.

* The7407D IDT (Integrated Display Terminal)

Thisis a digital voice terminal, similar to the 7405D, with a built-in display module. It provides the
covering user with identification of the calling party (internal calls) or outside source and the principal.
It provides the covering user, when permissions are granted, with the ability to access messages for
supported principals.

* The AT&T Personal Terminal 510D or 515 BCT (Business Communications Terminal).

These are data terminals with integrated voice terminal capabilities. Both of these terminals can access
the Display—Voice Terminal feature and, therefore, provide the same functionality as the 7405D Voice
Terminal with D401A Digital Display Module or the 7407D IDT.

FEATURE ADMINISTRATION

Assignment of the Call Coverage feature is defined by the coverage paths(s) and criteria for the group and
then assigning the group to a principal.

The Call Coverage feature is administered using the MAAP (Maintenance and Administration Panel). The
customer can partially administer this feature using the SMT (System Management Terminal) or the TCM
(Terminal Change Management) feature. This feature can also be administered using CSM (Centralized
System Management).



CALL COVERAGE

25-27

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES— CALL COVERAGE

PROCEDURE

WORD

g
O PURPOSE

SMT

000

1

0 Assigns the voice terminal class of service to an extension
E number.

<
®

000

N

O Assigns a coverage group to an extension (for group numbers
O between 2,000 and 4,095, use an even group number). Also,
0 designates whether a covering user is authorized Coverage
O Message Retrieval.

<
®

010

[N

0 Assigns Send All Callsto avoice terminal’s class of service.
0 This procedure also assigns ring-ping tone to the class of
E service (R2 V4 only).

<
B

011

(=Y

O Administers the coverage path(s) and criteria for a coverage
U group.

<
B

OodgoOoonooopoooonpoopEoE/ O

051

OogoopoOoopoooopogpbmo

=

H Assigns coverage/display capabilities to the plug-in modules
] used on designated H/D Series voice terminals.

<
®
OOoooOooOoodoooooooooooooo

OogoopoOoopoooopogppo
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MAAP AND SMT PROCEDURES — CALL COVERAGE (Contd)

Applicable encodes are as follows:

55 Activate Send All Calls
56 Cancel Send All Calls.

] 0
. O O O .
O O
I_|PROCEDURE O WORD O PURPOSE O SMT 0
O 052 o 1 O Assigns appearances of extensions on a multiappearance 0 Yes 0O
O E B terminal as members of the Send All Calls group (Field 14) B O
E O o (R2V4only). O E
0 054 o 1 00 Assignsthe buttons to amultiappearance voice termina for [0 Yes [
O O U Call Coverage. The applicable encode include: O O
0 . S 19 SendAll CallsButton . ]
0 0 0 19 Send All Calls— Group of Extensions Button 0 0
O O O (R2V4) O O
0 O 0 20 Consult Button 0 O
g g B 23 Coverage Callback Button g E
O 0 0 29 Send All Calls— Extension (R2 V4). 0 O
0 054 o 4 U Assigns the display feature buttons to the 7405D, 510D, or LU Yes [
O g B 515 BCT voice terminal, or to the D401A display module B N
. g 5 for the 7408D. . .
O 063 o 1 O Assigns an automatic message waiting lamp to a voice 0O Yes [
0 U U terminal. 0 0
H H H— - - - - 0
0 075 o 1 0 Displays al voice terminals having the same coverage [ Yes [
O O O group assignment. O O
g 275 H 3 E[ Specifies the Caller Response Interval and the Coverage E Yes E
O O  Don't Answer Interval. N 0
O 350 o 1 O Assigns the first digit of the dial access codes used with 0O No [
0 0 0 Call Coverage (if required). 0 0
H 350 E 2 E Assignsthe dial access codes for the Call Coverage feature. E No E
O a d O O
O g g O O
O U U 0 0O
O O O O O
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— CALL COVERAGE

PATH NAME

PURPOSE

terminal-change
class-of-service attributes

Assigns Send All Callsto avoice terminal class of
service.

terminal-change extensions attributes

Assigns the class of service to an extension
number. Use this screen to assign a coverage
group(s) to an extension number (for group
numbers between 2,000 and 4,095, use an even
group number). Also, use this screen to designate
whether or not the line permits Coverage Message
Retrieval .

terminal-change group coverage

Administers the characteristics of acoverage
group (or pair of coverage groups).

terminal-change system parameters
(select Call-Coverage option)

Assigns the Caller Response Interval and the
Coverage Don't Answer Interval.

MMOoOoOoO0OoOooOopoogoopoooocoocoocpoOopoEa

terminal-change terminal buttons

MOoOoooodopoogoopooooooogopoo/| g

Assigns the Send All Calls, Consult, or Coverage
Cadlback button to a multiappearance voice
terminal. Also, use this screen to assign the
display feature buttons to the 7405D, 510D, 515
BCT voice terminal, or the display module for the
7405D. This screen is aso used to assign the
Automatic Message Waiting lamp to a voice
terminal.

MOODODdoooooooooooooooooooooooog
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS — MASKS
CALL COVERAGE

>

PPL'N

OBJECT

PURPOSE

_|
(@)
<

extension

Assigns the voice terminal class of serviceto an
extension number. Assigns access to message
retrieval and the AP or AUDIX machine,
assigns the coverage group to an extension and
assigns the automatic message waiting lamp to
an analog voice terminal.

TCM

class-of-service

Administers the features and/or restrictions
assigned to the voice terminal(s) class of
service. Assignsthe Send All Callsfeatureto a
voice terminal class of service. (System 85 R2
V4) Assigns ring-ping to the class of service.

TCM

This command will be set type:
i.e, 36-button, 12-button, bct,
data-module, feature-module,
coverage-module, or vds.

Assigns appearances of extensionson a
multiappearance terminal as members of the
Send All Calls group.

TCM

call-coverage-path

Administers a coverage path and defines its
attributes, including coverage criteria, no
answer interval, and the coverage points. Call
coverage alows voice termina users to have
automatic cal redirection to alternate
answering voice terminads for message
handling and screening. This command can
link two call coverage paths for dual coverage
for the System 85 R2 V4

TCM

This command will be set type:
i.e.,, 36-button, 12-button, bct,
data-module, feature-module,
coverage-module, or vds.

Assigns coverage/display capabilities to the
plug-in modules used on designated H/D Series
voice terminals. Definestermina attributes and
button  feature  assignments. Assigns
appearances of extensions on a multiappearance
terminal as members of the Send All Cals
group. Assigns an automatic message waiting
lamp to avoice terminal.

TCM/FM

Sys-cos

Defines the Caller Response Interval and the
Coverage Don't Answer Interval.

TCM/FM

first-digit

Assigns the first digit of the dia access codes
used with Call Coverage (if required).
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Assigns the dial access codes for the Call
Coveragefeature.
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CALL FORWARDING—BUSY AND DON'T ANSWER

DESCRIPTION

The Call Forwarding—Busy and Don’t Answer feature redirects calls to one extension humber and sends
them to another specified extension number or to the attendant queue.

When this feature is active, calls are forwarded whenever the caled terminal is busy or the user does not
answer the call within a specified period (number of ringing cycles). The user selects the forwarding
destination when activating the feature. The Call Forwarding—Busy and Don't Answer feature is activated
or canceled by either the voice terminal user or the attendant.

Call Forwarding—Busy and Don’'t Answer provides a simple form of local call redirection for calls that
might otherwise go unanswered.

The don’t answer interval isflexible and may be chosen by the customer. To suit the needs of an individual
switch, the don’t answer interval can be set from one to eight ring cycles. The designated interval will be
the same for every terminal within the switch.

Feature History and Development

The Call Forwarding—Busy and Don't Answer feature was first available on System 85 in Release 1.
There have been no changes to his feature since itsintroduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

ToActivate Call ForwardingtoaVoice Terminal

From the forwarding terminal:

* Go off-hook. [Dial tone]
¢ Dial the Call Forwarding—Busy and Don’'t Answer access code,

or

* Pressthe feature button. [Second dia tone]

26-1
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¢ Dial the destination extension number. [Confirmation tone]

¢ Go on-hook.

From the Attendant Console for a voice terminal

* Pressanidleloop button. [PA lamp goesout, and ATND lamp lights.]
* PressSTART. [Didl tone]
¢ Dial the Call Forwarding—Busy and Don’'t Answer access code. [Second dial tone]

¢ Dial the extension number of the forwarding terminal,

or
* Pressthe appropriate DXS button. [Third dial tone]

* Did the forwarding destination extension number,

or
* Pressthe appropriate DXS button. [Confirmation tone]
* PressRELEASE. [ATND lamp goes out, and PA lamp lights.]

To Activate Call Forwarding to the Attendant Queue

From the forwarding terminal:

* Go off-hook. [Dial ton€]
¢ Dial the Call Forwarding—Busy and Don’'t Answer access code,

or
* Pressthe feature button. [Second dia tone]
¢ Dial the attendant access code, or dial an LDN (listed directory number). [Confirmation tone]

¢ Go on-hook.

To Cancel Call Forwarding

From the forwarding terminal:

* Go off-hook. [Dial tone]
¢ Dial the Call Forwarding—Cancel access code,

or
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* Pressthe feature button. [Confirmation tone]

¢ Go on-hook.

From the Attendant Console for a voice terminal

* Pressanidleloop button. [PA lamp goesout, and ATND lamp lights.]

* PressSTART. [Didl tone]

¢ Dial the Call Forwarding—Cancel access code. [Second dial tone]

¢ Dial the extension number of the forwarding terminal. [Confirmation tone]
* PressRELEASE. [ATND lamp goes out, and PA lamp lights.]

To Activate Call Forwarding While on a 2-Way Connection

Using a Single-Appearance Terminal:
¢ Momentarily press the switchhook,

or
* PressRECALL. [Recal dial toneis heard, and the second party put on soft hold.]

¢ Dial the Call Forwarding—Busy and Don’'t Answer access code. [Second dial tone]
¢ Dial the forwarding destination extension number. [Confirmation tone]

* Momentarily press the switchhook,

or

* PressRECALL. [Reconnected to the second party.]

Using a Multiappearance Terminal:

* Press CONFERENCE or TRANSFER. [Dial toneis heard, and the second party put on hold.]
¢ Dial the Call Forwarding—Busy and Don’'t Answer access code,

or
* Pressthe feature button. [Second dia tone]

¢ Dial the forwarding destination extension number. [Confirmation tone]
¢ Select the held appearance. [Held party isreconnected.]



26-4 CALL FORWARDING—BUSY AND DON'T ANSWER

To Cancel Call Forwarding While on a 2-Way Connection

Using a Single-Appearance Terminal:
¢ Momentarily press the switchhook,

or
* PressRECALL. [Recal dia toneis heard, and second party placed on soft hold.]
¢ Dial the Call Forwarding—Cancel access code. [Confirmation tone]

* Momentarily press the switchhook,

or

* PressRECALL. [Reconnected to the second party.]

Using a Multiappearance Terminal:

* Pressthe CONFERENCE or TRANSFER button. [Dial toneis heard, and second party is put on hold.]
¢ Dial the Call Forwarding—Cancel access code,

or
* Pressthe Call Forwarding—Busy Don’t Answer feature button. [Confirmation tone]
¢ Select the held appearance. [Held party isreconnected.]

CONSIDERATIONS

Limitations
Call Forwarding—Busy and Don’t Answer can only be used within the local switch. EveninaDCS
environment, this feature cannot be used to forward calls to a distant network node.

Forwarding to an Attendant

Call Forwarding—Busy and Don’'t Answer can be used to forward calls to the attendant queue, but
forwarding to a selected attendant is not allowed.

Two Types of Forwarding Not Allowed

Call Forwarding—Busy and Don’'t Answer and Call Forwarding—Follow Me cannot be activated at
the same time on the same voice terminal. The switch returnsintercept tone when thisis attempted.

Two Destinations Not Allowed

The terminal user must always cancel the previous forwarding destination before establishing a new
destination for forwarding. Without previous cancellation, the switch returns intercept tone.

Double Forwarding Not Allowed

Terminal A may activate forwarding to terminal B, and termina B may activate forwarding to
terminal C. However, this does not imply that terminal A’s calls will forward to terminal C. Voice
terminal callsforward only once.
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Mutually Exclusive Features

Call Forwarding—Busy and Don’'t Answer and Call Forwarding—Don’t Answer cannot be assigned
to the same class of service. Therefore, a voice terminal user can have access to either one of these
two features, but not both. Both features are activated using the same dial access code (Encode 2)
and using the same feature button (Encode 4). When either method of activation is used, the feature
accessed depends on the class-of-service entry in Procedure 010, Word 1, Field 4: **1"" defines Call
Forwarding—Busy and Don’'t Answer, and ‘2"’ defines Call Forwarding—Don’t Answer.

Hard and Soft Processor Swaps

Call Forwarding relationships are stored in a translation portion of switch memory. Therefore, if Call
Forwarding is activated to forward calls to alocal extension number and then a hard processor swap
occurs, the forwarding relationship will endure after the hard swap is finished.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

When Call Forwarding—Busy and Don't Answer is active at the called voice terminal, the forwarding
operation occurs before Attendant Call Waiting is allowed. There are four possible operations. If the
originally called voice terminal is busy and the forwarded-to voice termina isidle, attendant cals forward
to and ring at the forwarded-to voice termina. If the originally caled voice termina is busy and the
forwarded-to voice terminal is busy, attendant calls forward to and wait on the forwarded-to voice terminal.
If there is no answer at the originally called voice terminal and the forwarded-to voice termina is idle,
attendant calls forward to and ring at the forwarded-to voice terminal. If there isno answer at the originaly
called voice terminal and the forwarded-to voice terminal is busy, attendant calls continue ringing at the
originally called voice terminal.

AUDIX (Audio Information Exchange)

The Cadll Forwarding—Busy and Don’'t Answer feature cannot be used to forward calls to the AUDIX
extension number. When this is attempted, the switch returns intercept tone.

ACD (Automatic Call Distribution)

When an ACD split supervisor activates Call Forwarding—Busy and Don't Answer (Intraflow—
Threshold), calls are forwarded to alocal destination in an overflow condition. The Don’t Answer portion
of this feature does not apply.

The split supervisor cannot use call forwarding to forward calls to the supervisor’s individua extension
number. Activation of either feature only forwards calls which are directed to the split.
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For ACD calls, there can be three forwarding destinations arranged in a priority scheme. |If the first priority
destination is unavailable, the second and third destinations are checked. However, if the first or second
priority destination is an attendant or an ACD split (without the inflow level specified for the split), the
remaining priority destinations would not be checked. Instead, a forwarded call would unconditionally
enter the attendant’ s or the split’s queue.

When an ACD call is forwarded to another loca split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.

Automatic Callback

Call Forwarding—Busy and Don’'t Answer has no effect on an Automatic Callback call origination.
Callback always directs to the originating terminal, not to the forwarded-to terminal .

Busy Verification of Lines

Busy verification is allowed toward a line even if the line has Call Forwarding—Busy and Don’t Answer
active.

Call Coverage

When a call is forwarded to a principal with coverage active, the forwarded call does not redirect to
coverage. If the principal doesn’t answer, the forwarded call rings until abandoned at the principal’s voice
terminal. For situations where cover active or cover busy would apply, the switch returns busy tone to the
calling party.

Call Vectoring

The Call Forwarding—Busy and Don’t Answer feature cannot be used to forward callsto a VDN.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward cals for the
supervisor's individual extension. Without Call Vectoring assigned, Call Forwarding—Busy and Don’t
Answer isinstead used to forward calls which are directed to the split’s queue.

CDRR (Call Detail Recording and Reporting)

The extension that a call forwardsto is the extension number that CDRR records in the called number field.
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Call Waiting

When Call Forwarding—Busy and Don't Answer is active at the called voice terminal, the forwarding
operation occurs before Call Waiting isalowed. There are four possible operations. If the originally called
voice termina is busy and the forwarded-to voice terminal is idle, calls forward to and ring at the
forwarded-to voice terminal. If the originally called voice terminal is busy and the forwarded-to voice
terminal is busy, calls forward to and wait on the forwarded-to voice terminal. If there is no answer at the
originally called voice terminal and the forwarded-to voice terminal isidle, cals forward to and ring at the
forwarded-to voice terminal. If there is no answer at the originaly caled voice termina and the
forwarded-to voice terminal is busy, calls forward to and wait on the forwarded-to voice terminal.

CMDR (Centralized Message Detail Recording)

See the|SMDR interaction.|

Data Call Setup

Call Forwarding—Busy and Don’t Answer can be used by voice terminal and data terminal users. For data
terminals, this type of forwarding can serve as a substitute for Call Coverage.

DCS (Distributed Communications System)

The Call Forwarding—Busy and Don't Answer feature is not transparent in the DCS environment. The
forwarded-to extension in acall forwarding relationship cannot reside in a different DCS node.

EUCD (Enhanced Uniform Call Distribution)

When an EUCD split supervisor activates Call Forwarding—Busy and Don't Answer (Intraflow—
Threshold), calls are forwarded to alocal destination in an overflow condition. The Don’t Answer portion
of this feature does not apply.

The split supervisor cannot use call forwarding to forward calls to the supervisor’s individua extension
number. Activation of either feature only forwards calls which are directed to the split.

For EUCD calls, there can be three forwarding destinations arranged in a priority scheme. If the first
priority destination is unavailable, the second and third destinations are checked. However, if the first or
second priority destination is an attendant or an EUCD split (without the inflow level specified for the
split), the remaining priority destinations would not be checked. Instead, a forwarded cal would
unconditionally enter the attendant’s or the split’s queue.

When an EUCD call is forwarded to another loca split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.
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Extension Number Portability

Call Forwarding—Busy and Don’t Answer cannot be used to forward calls outside the switch. Thus, an
extension number that has been ported to a new node cannot be aforwarded-to extension.

Hold

Hard hold ringbacks for single-appearance voice terminals are not forwarded. Instead, the held call rings
back the terminal that placed the call on hold when the user goes on-hook.

Hunting

When a call forwards to aterminal in a hunt group, another terminal in the hunt group may receive the call
rather than the designated terminal (hunting occurs).

When an incoming call reaches aterminal in a hunt group with Call Forwarding—Busy and Don’t Answer
active, the call forwards to the designated terminal (call forwarding takes precedence).

I PA (Interpartition Access)

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition group or in Extension Partition 0. The switch will return intercept
treatment to a user attempting to forward calls to any other partition group.

Last Extension Dialed

Call Forwarding can be used in conjunction with Last Extension Dialed. This is useful when activation of
the Call Forwarding—Busy and Don’t Answer feature toward the last extension dialed is desired. (Dial the
Call Forwarding—Busy and Don't Answer DAC or press the feature button before pressing the LXD
feature button.)

Last Number Dialed

Call Forwarding can be used in conjunction with Last Number Dialed. Thisis useful when activation of the
Call Forwarding—Busy and Don’t Answer feature toward the last number dialed is desired. (Dial the Call
Forwarding—Busy and Don’'t Answer DAC or press the feature button before pressing the LND feature
button.)
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Leave Word Calling

Within the local switch, Leave Word Calling messages direct to the principal originally called even when
the calls redirect via Cal Forwarding—Busy and Don't Answer. The only exception to this is cals
redirected to the attendant. Leave Word Calling is not allowed when acall is redirected to the attendant.

Line L ockout

A call directed toward a locked-out voice termina with Cal Forwarding active will forward to the
designated terminal.

Override

When a called terminal has activated Call Forwarding—Busy and Don’'t Answer, an override call does not
forward. Three-burst ringing is provided for an idle forwarding terminal, and the override call enters the
conversation of a busy forwarding terminal.

Priority Calling

When Call Forwarding is in effect, the forwarding operation occurs before Priority Calling is allowed.
There are four possible operations. If the originaly called voice terminal is busy and the forwarded-to
voice termind isidle, calls forward to and ring at the forwarded-to voice termina. If the originaly called
voice terminal is busy and the forwarded-to voice termina is busy, calls forward to and wait on the
forwarded-to voice terminal. If there is no answer at the originaly called voice termina and the
forwarded-to voice terminal isidle, calls forward to and ring at the forwarded-to voice terminal. If thereis
no answer at the originally called voice terminal and the forwarded-to voice terminal is busy, calls forward
to and wait on the forwarded-to voice terminal.

Restriction—Attendant Control of Voice Terminals

Call Forwarding—Busy and Don’t Answer cannot be activated to forward calls to aterminal that is already
restricted by Controlled Terminal-to-Terminal, Controlled Termination, or Controlled Total restriction.
When thisis attempted the switch returns intercept tone.
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If cals are already being forwarded to a voice terminal before an attendant activates a termination
restriction against the forwarded-to terminal, these forwarded calls are allowed to terminate to the restricted
terminal.

If avoice terminal has forwarding activated, and then an attendant activates a termination restriction against
the forwarding terminal, calls to the forwarding termina do not terminate or forward. The switch returns
intercept tone to the calling party.

Restriction—Voice Terminal Restrictions

Calls may not forward to a voice terminal with Restriction—Voice Terminal Restrictions (Termination,
Manual Terminating Line, or Terminal-to-Terminal Calling) activated.

Incoming calls on public or private network trunks may not forward to an Inward restricted terminal.

Call Forwarding—Busy and Don't Answer functions normally for an Origination restricted voice terminal
when the attendant or a single-line voice termina user activates the Call Forwarding—Busy and Don't
Answer feature from a hold or recall dia tone state. The Origination restricted terminal is not alowed to
activate Call Forwarding—Busy and Don’'t Answer from an idle state.

If an unrestricted voice terminal is assigned as the forwarded-to voice terminal and then Restriction—Voice
Terminal Restrictions (Inward, Termination, Terminal-to-Terminal Only, or Manual Terminating Line)
restriction is activated in itsline class of service, callswill still forward to the voice terminal.

Ringing—Abbreviated and Delayed

Call Forwarding—Busy and Don’'t Answer takes precedence over Abbreviated and Delayed Ringing when
the amount of ringing cycles used to time both features are equal.

The details of the don’t answer condition are as follows. If the timing interval for call forwarding is less
than or equal to the timing interval for Abbreviated and Delayed Ringing, terminating calls forward to the
destination extension without ringing the image(s) assigned delayed ringing. However, if the timing
interval for call forwarding is greater than the timing interval for Abbreviated and Delayed Ringing,
terminating calls first ring the abbreviated ringing image(s). Then ringing transfers to the delayed ringing
image(s), and these images ring for the rest of the call forwarding timing interval. After the call forwarding
timing interval elapses, the call forwards to the destination extension.

SMDR (Station M essage Detail Recor ding)

The extension that a call forwardsto is the extension number that SMDR records in the called number field.
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Tenant Services

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition or in Extension Partition 0. The switch will return intercept treatment
to a user attempting to forward calls to any other partition.

Timed Reminder

If the attendant presses the STA ID button after the extended call forwards, the attendant display indicates
the extension number that the call forwarded to rather than the originally called extension number.

Variable Format Call Detail Recording

The call record shows the extension number that the Call Forwarding—Busy and Don’'t Answer feature
directed the call to as the called nhumber.

RESTRICTING FEATURE USE

Voice Terminal Restrictions
The voice terminal restrictions that restrict call forwarding are:

* Termination restriction
* Manual Terminating Line restriction
* Terminal-to-Terminal Only Calling restriction.

Attendant Control of Voice Termina Restrictions

The attendant can restrict terminals from being used as a destination for forwarding. The restrictions
are:

¢ Termination restriction
¢ Totd restriction
* Terminal-to-Terminal restriction.
The application of Attendant Control of Voice Terminal restrictions takes precedence over the Call

Forwarding—Busy and Don’t Answer feature only when applied before the Call Forwarding—Busy and
Don't Answer feature is activated.
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HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Call Forwarding—Busy and Don’t Answer feature is on a per-terminal class-of-service
basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES
CALL FORWARDING—BUSY AND DON’T ANSWER

PROCEDURE
000

10

PURPOSE

Assigns the voice termina class of service to an
extension number.

Assigns Call Forwarding—Busy and Don’t Answer
to a voice terminal class of service. (Enter “‘1" in
Field 4.)

Administers the Call Forwarding—Busy and Don't
Answer button to a multiappearance voice terminal .
The applicable encodeis:

4 Call Forwarding—Busy and Don’'t Answer

Yes

5
[ =g
O

010 Yes

054 Yes

200 Specifies the don't answer timing interval (one to No

eight cycles) for call forwarding.
Designates the desired aphanumeric display for
calls forwarded to an attendant.
Assigns thefirst digit of the feature dial access codes
(if required).
Assigns the feature dia access codes. The
applicable encodes are as follows:
2 Cdl Forwarding—Busy and Don’'t Answer
3 Cdl Forwarding—Cancel.

204 No

350 No

350 No

10 A |
OO0 oooogoopoooooooomo o d

=
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10 e e
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The following are the applicable TCM path names used with the AP 16.

g TCM SCREENS— CALL FORWARDING—BUSY AND DON'T ANSWER

H PATH NAME E PURPOSE

O terminal-change class-of-service attributes O Assigns Cdl Forwarding—Busy and Don't
U 0 Answer to avoice terminal class of service.

H terminal-change extensions attributes E Assigns the class of service to an extension
0 O  number.

H terminal-change terminal buttons E Assigns the Call Forwarding—Busy and Don’t
0 0 Answer button to a multiappearance voice
0 g terminal.

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
CALL FORWARDING — BUSY AND DON'T ANSWER

OBJECT PURPOSE

APPL'N

Oooooooooooogd

_|
(@)
<

extension Assigns the voice terminal class of serviceto

an extension number.

TCM Administers the features and/or restrictions
assigned to the voice terminal(s) class of
service. Assigns Call Forwarding — Busy
and Don’t Answer to a voice terminal class

of service.

class-of-service

This command will be set type:
i.e, 36-button, 12-button, bct,
data-module, feature-module,
coverage-module, or vds.

Administers the button assigned to Call
Forwarding — Busy and Don’t Answer.

_|
(@)
<

console-features Assigns the don’'t answer timing for call

forwarding.

_|
@)
<

console-messages Designates the desired alphanumeric display

for calls forwarded to an attendant.

TCM/FM first-digit Assigns the first digit of the feature dial

access code (if required).

_|
(@)
<

dial-access-code

MMOooOOoooooOopoooopnoooooooopgoodg
_|
(@)
<

MOogoOoogoopoooohooooogoomo
MOooOgoOogQoopoooopooooogoompmo

Assigns the feature dial access codes.

2 e
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CALL FORWARDING—DON'T ANSWER

DESCRIPTION

This feature forwards calls at an extension number to another selected extension number or to the attendant
gueue. When this feature is active, calls forward whenever the user does not answer the call. The user
designates the forwarding destination when activating the feature. Either a voice terminal user or the
attendant can activate or cancel the feature.

The feature provides asimple form of local coverage for calls that might otherwise go unanswered.

The don’t answer interval isflexible and may be chosen by the customer. To suit the needs of an individual

switch, the don’t answer interval can be set from one to eight ring cycles. The designated interval will be
the same for every terminal within the switch.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

ToActivate Call ForwardingtoaVoice Terminal

From the forwarding terminal:

Go off-hook. [Dial tone]

Dia the Call Forwarding—Don't Answer access code, or press the feature button. [Second dial tone]

Did the destination extension number. [Confirmation tone]

¢ Go on-hook.

27-1
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From the Attendant Console for a voice terminal

* Pressanidleloop button. [PA lamp goesout, and ATND lamp lights.]
* PressSTART. [Didl tone]
¢ Dial the Call Forwarding—Don’t Answer access code. [Second dial tone]

¢ Dial the extension number of the forwarding terminal, or press the appropriate DXS button. [Third dial
tone]

¢ Dial the forwarding destination extension number, or press the appropriate DXS button. [Confirmation
tone]

* PressRELEASE. [ATND lamp goes out, and PA lamp lights.]

To Activate Call Forwarding to the Attendant Queue

From the forwarding terminal:

* Go off-hook. [Dial ton€]
¢ Dial the Call Forwarding—Don’t Answer access code, or press the feature button. [Second dial tone]
¢ Dial the attendant access code, or dial an LDN (listed directory number). [Confirmation tone]

¢ Go on-hook.

To Cancel Call Forwarding

From the forwarding terminal:

* Go off-hook. [Dial tone]
¢ Dial the Call Forwarding—Cancel access code, or press the feature button. [Confirmation tone]

¢ Go on-hook.

From the Attendant Console for a voice terminal

* Pressanidleloop button. [PA lamp goesout, and ATND lamp lights.]

* PressSTART. [Didl tone]

¢ Dial the Call Forwarding—Cancel access code. [Second dial tone]

¢ Dial the extension number of the forwarding terminal. [Confirmation tone]
* PressRELEASE. [ATND lamp goes out, and PA lamp lights.]



CALL FORWARDING—DON' T ANSWER 27-3

To Activate Call Forwarding While on a 2-Way Connection

Using a Single-Appearance Terminal:
* Momentarily press the switchhook, or press RECALL. [Recall dial tone is heard, and the second party
put on soft hold.]
¢ Dial the Call Forwarding—Don’t Answer access code. [Second dial tone]
¢ Dial the forwarding destination extension number. [Confirmation tone]

* Momentarily press the switchhook, or press RECALL. [Reconnected to the second party.]

Using a Multiappearance Terminal:

* Press CONFERENCE or TRANSFER. [Dia toneis heard, and the second party put on hold.]
¢ Dial the Call Forwarding—Don’t Answer access code, or press the feature button. [Second dial tone]
¢ Dial the forwarding destination extension number. [Confirmation tone]

¢ Select the held appearance. [Held party isreconnected.]

To Cancel Call Forwarding While on a 2-Way Connection

Using a Single-Appearance Terminal:
¢ Momentarily press the switchhook, or press RECALL. [Recall dia tone is heard, and second party
placed on soft hold.]
¢ Dial the Call Forwarding—Cancel access code. [Confirmation tone]

* Momentarily press the switchhook, or press RECALL. [Reconnected to the second party.]

Using a Multiappearance Terminal:

* Pressthe CONFERENCE or TRANSFER button. [Dial toneis heard, and second party is put on hold.]

¢ Dial the Call Forwarding—Cancel access code, or press the Call Forwarding—Don't Answer feature
button. [Confirmation tone]

¢ Select the held appearance. [Held party isreconnected.]

CONSIDERATIONS

Limitations
Call Forwarding—Don't Answer can only be used within the local switch. Even in a DCS
environment, this feature cannot be used to forward calls to a distant network node.
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Forwarding to an Attendant

Call Forwarding—Don’t Answer can be used to forward calls to the attendant queue, but forwarding
to a selected attendant is not allowed.

Two Types of Forwarding Not Allowed

Call Forwarding—Don’t Answer and Call Forwarding—Follow Me cannot be activated at the same
time on the same voice terminal. The switch returns intercept tone when thisis attempted.

Two Destinations Not Allowed

The terminal user must always cancel the previous forwarding destination before establishing a new
destination for forwarding. Without previous cancellation, the switch returns intercept tone.

Double Forwarding Not Allowed

Terminal A may activate forwarding to terminal B, and termina B may activate forwarding to
terminal C. However, this does not imply that terminal A’s calls will forward to terminal C. Voice
terminal callsforward only once.

Mutually Exclusive Features

Call Forwarding—Don’t Answer and Call Forwarding—Busy and Don’'t Answer cannot be assigned
to the same class of service. Therefore, a voice termina user can have access to either one of these
two features, but not both. Both features are activated using the same dial access code (Encode 2)
and using the same feature button (Encode 4). When either method of activation is used, the feature
accessed depends on the class-of-service entry in Procedure 010, Word 1, Field 4: ‘2" defines Call
Forwarding—Don't Answer, and *‘ 1"’ defines Call Forwarding—Busy and Don’t Answer.

Hard and Soft Processor Swaps

Call Forwarding relationships are stored in atranslation portion of switch memory. Therefore, if Call
Forwarding is activated to forward calls to alocal extension number and then a hard processor swap
occurs, the forwarding relationship will endure after the hard swap is finished.
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

When Call Forwarding—Don't Answer is active at the called voice terminal, the forwarding operation
occurs before Attendant Call Waiting is allowed. There are two possible operations. |If there is no answer
at the originally called voice terminal and the forwarded-to voice terminal isidle, attendant calls forward to
and ring at the forwarded-to voice terminal. If thereis no answer at the originally called voice terminal and
the forwarded-to voice terminal is busy, attendant calls continue ringing at the originally called voice
terminal.

AUDIX (Audio Information Exchange)

The Cal Forwarding—Don’t Answer feature cannot be used to forward calls to the AUDIX extension
number. When thisis attempted, the switch returns intercept tone.

ACD (Automatic Call Distribution)

An ACD split supervisor cannot activate Call Forwarding—Don’t Answer to forward the supervisor’s calls.
When an ACD split supervisor activates Call Forwarding—Don't Answer, the split’s calls are forwarded to
alocal destination in an overflow condition (as if Call Forwarding—Busy and Don’'t Answer were instead
assigned to the supervisor’s class of service).

For ACD calls, there can be three forwarding destinations arranged in a priority scheme. If the first priority
destination is unavailable, the second and third destinations are checked. However, if the first or second
priority destination is an attendant or an ACD split (without the inflow level specified for the split), the
remaining priority destinations would not be checked. Instead, a forwarded call would unconditionally
enter the attendant’ s or the split’s queue.

When an ACD call is forwarded to another loca split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.



27-6 CALL FORWARDING—DON' T ANSWER

Automatic Callback

Call Forwarding—Don't Answer has no effect on an Automatic Callback call origination. Callbacks
always direct to the originating terminal, not to the forwarded-to terminal.

Busy Verification of Lines

Busy verification is allowed toward aline even if the line has Call Forwarding—Don't Answer active.

Call Coverage

When a call is forwarded to a principal with coverage active, the forwarded call does not redirect to
coverage. If the principal doesn’t answer, the forwarded call rings until abandoned at the principal’s voice
terminal. For situations where cover active or cover busy would apply, the switch returns busy tone to the
calling party.

Call Vectoring

The Call Forwarding—Don’'t Answer feature cannot be used to forward callsto aVDN.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward calls directed to the
supervisor's individua extension. Without Call Vectoring assigned, Call Forwarding—Busy and Don't is
instead used to forward calls which are directed to the splits queue. (This is true even if Cal
Forwarding—Don’t Answer is assigned to the supervisor’s class of service.)

CDRR (Call Detail Recording and Reporting)

The extension that a call forwardsto is the extension number that CDRR records in the called number field.

Call Waiting

When Call Forwarding—Don't Answer is active at the called voice terminal, the forwarding operation
occurs before Call Waiting is allowed. There are two possible operations. If there is no answer at the
originally called voice terminal and the forwarded-to voice terminal isidle, cals forward to and ring at the
forwarded-to voice terminal. If there is no answer at the originaly called voice termina and the
forwarded-to voice terminal is busy, calls forward to and wait on the forwarded-to voice terminal.
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CMDR (Centralized Message Detail Recording)

The extension that a call forwardsto is the extension number that CMDR records in the called number field.

DCS (Distributed Communications System)

The Call Forwarding—Don't Answer feature is not transparent in the DCS environment. The forwarded-to
extension in acall forwarding relationship cannot reside in a different DCS node.

EUCD (Enhanced Uniform Call Distribution)

An EUCD gplit supervisor cannot activate Call Forwarding—Don’'t Answer to forward the supervisor’'s
calls. When an EUCD split supervisor activates Call Forwarding—Don't Answer, the split's cals are
forwarded to a local destination in an overflow condition (as if Call Forwarding—Busy and Don’t Answer
were instead assigned to the supervisor’s class of service).

For EUCD calls, there can be three forwarding destinations arranged in a priority scheme. If the first
priority destination is unavailable, the second and third destinations are checked. However, if the first or
second priority destination is an attendant or an EUCD split (without the inflow level specified for the
split), the remaining priority destinations would not be checked. Instead, a forwarded cal would
unconditionally enter the attendant’s or the split’s queue.

When an EUCD call is forwarded to another loca split, the caller hears the first delay recorded
announcement corresponding to theinitially dialed split.

Extension Number Portability

Call Forwarding—Don't Answer cannot be used to forward calls outside the switch. Thus, an extension
number that has been ported to a new node cannot be a forwarded-to extension.

Hold

Hard hold ringbacks for single-appearance voice terminals are not forwarded. Instead, the held call rings
back the terminal that placed the call on hold when the user goes on-hook.

Hunting

When a call forwards to aterminal in a hunt group, another terminal in the hunt group may receive the call
rather than the designated terminal (hunting occurs).
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When an incoming call reaches aterminal in a hunt group with Call Forwarding—Don’'t Answer active, the
call forwards to the designated terminal if the call is not answered. When the forwarding terminal is busy,
the call will hunt.

I PA (Interpartition Access)

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition group or in Extension Partition 0. The switch will return intercept
treatment to a user attempting to forward calls to any other partition group.
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Last Extension Dialed

Call Forwarding can be used in conjunction with Last Extension Dialed. Thisis useful when activation of
the Call Forwarding—Don't Answer feature toward the last extension dialed is desired. (Dia the Call
Forwarding—Don’t Answer DAC or press the feature button before pressing the LXD feature button.)

Last Number Dialed

Call Forwarding can be used in conjunction with Last Number Dialed. Thisis useful when activation of the
Call Forwarding—Don't Answer feature toward the last number dialed is desired. (Dial the Cal
Forwarding—Don’t Answer DAC or press the feature button before pressing the LND feature button.)

Leave Word Calling

Within the local switch, Leave Word Calling messages direct to the principal originally called even when
the calls redirect via Call Forwarding—Don't Answer. The only exception to thisis calls redirected to the
attendant. Leave Word Calling is not allowed when acall is redirected to the attendant.

Line L ockout

A cadl directed toward a locked-out voice termina with Call Forwarding—Don't Answer active will not
forward. Instead, the switch returns busy tone to the calling party.

Override

When a called terminal has activated Call Forwarding—Don't Answer, an override call does not forward.
Three-burst ringing is provided for the idle forwarding terminal.

Priority Calling

When Call Forwarding is in effect, the forwarding operation occurs before Priority Calling is allowed.
There are two possible operations. If there is no answer at the originaly called voice terminal and the
forwarded-to voice terminal isidle, calls forward to and ring at the forwarded-to voice terminal. If thereis
no answer at the originally called voice terminal and the forwarded-to voice terminal is busy, calls forward
to and wait on the forwarded-to voice terminal.
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Restriction—Attendant Control of Voice Terminals

Call Forwarding—Don't Answer cannot be activated to forward calls to aterminal that is already restricted
by Controlled Terminal-to-Terminal, Controlled Termination, or Controlled Tota restriction. When thisis
attempted, the switch returns intercept tone.

If cals are already being forwarded to a voice terminal before an attendant activates a termination
restriction against the forwarded-to terminal, these forwarded calls are allowed to terminate to the restricted
terminal.

If avoice terminal has forwarding activated, and then an attendant activates a termination restriction against
the forwarding terminal, calls to the forwarding termina do not terminate or forward. The switch returns
intercept tone to the calling party.

Restriction—Voice Terminal Restrictions

Calls may not forward to a voice terminal with Restriction—Voice Terminal Restrictions (Termination,
Manual Terminating Line, or Terminal-to-Terminal Calling) activated.

Incoming calls on public or private network trunks may not forward to an Inward restricted terminal.

Call Forwarding—Don’t Answer functions normally for an Origination restricted voice termina when the
attendant or a single-line voice terminal user activates the Call Forwarding—Don't Answer feature from a
hold or recall dial tone state. The Origination restricted termina is not alowed to activate Call
Forwarding—Don't Answer from an idle state.

If an unrestricted voice terminal is selected as the forwarded-to voice terminal and then restricted by the
Restriction—Voice Terminal Restrictions feature (class-of-service) in away that would normally block the
forwarded call, callswill still forward (forwarding takes precedence).

Ringing—Abbreviated and Delayed

Call Forwarding—Don't Answer takes precedence over Abbreviated and Delayed Ringing when the
number of ringing cycles used to time both featuresis equal.

The details are as follows. If the timing interval for call forwarding is less than or equal to the timing
interval for Abbreviated and Delayed Ringing, terminating calls forward to the destination extension
without ringing the image(s) assigned delayed ringing. However, if the timing interval for call forwarding
is greater than the timing interval for Abbreviated and Delayed Ringing, terminating cals first ring the
abbreviated ringing image(s). Then ringing transfers to the delayed ringing image(s), and these images ring
for the rest of the call forwarding timing interval. After the call forwarding timing interval elapses, the call
forwards to the destination extension.
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SMDR (Station M essage Detail Recor ding)

The extension that a call forwardsto is the extension number that SMDR records in the called number field.

Tenant Services

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition or in Extension Partition 0. The switch will return intercept treatment
to a user attempting to forward calls to any other partition.

Timed Reminder

If the attendant presses the STA ID button after the extended call forwards, the attendant display indicates
the extension number that the call forwarded to rather than the originally called extension number.

Variable Format Call Detail Recording

The call record shows the extension number that the Call Forwarding—Don't Answer feature directed the
call to asthe called number.

RESTRICTING FEATURE USE

Voice Terminal Restrictions
The voice termina restrictions that restrict call forwarding are:

* Termination restriction
* Manual Terminating Line restriction
* Terminal-to-Terminal Only Calling restriction.

Attendant Control of Voice Termina Restrictions

The attendant can restrict terminals from being used as a destination for forwarding. The restrictions
are:

¢ Termination restriction
¢ Totd restriction
¢ Terminal-to-Terminal restriction.
The application of Attendant Control of Voice Terminal restrictions takes precedence over the Call

Forwarding—Don't Answer feature only when applied before the Call Forwarding— Don’t Answer feature
is activated.
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HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Call Forwarding—Don't Answer feature is on a per-terminal class-of-service basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES
CALL FORWARDING—DON'T ANSWER

PROCEDURE
000

PURPOSE

Assigns the voice termina class of service to an
extension number.

10

Yes

010 Assigns Call Forwarding—Don't Answer to a voice Yes

terminal class of service. (Enter ‘2"’ inField 4.)

5
N [ =g
O

054 Administers the Call Forwarding—Don't Answer Yes
button to a multiappearance voice terminal. The

applicable encodeis:
4 Call Forwarding—Busy and Don’'t Answer

200 Specifies the don't answer timing interval (one to No

eight cycles) for call forwarding.

204 Designates the desired aphanumeric display for No

calls forwarded to an attendant.

350 Assignsthefirst digit of the feature dial access codes No

(if required).

350 Assigns the feature dial access codes. The No

applicable encodes are as follows:
2 Cdl Forwarding—Busy and Don’'t Answer
3 Call Forwarding—Cancel.

OOodooogoopoooonoooogoopogHago o g
OOdoooOogoooogoonoooogooonmogue o

=
OOdOooogoopogoomnoooogooonood
OOdOooogoopogoopoooogoompogEo.o

OOdoooooooooooooooodoooogooooog
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The following are the applicable TCM path names used with the AP 16.

TCM SCREENS — CALL FORWARDING—DON'T ANSWER

PATH NAME PURPOSE

terminal -change class-of -service attributes Assigns Call Forwarding—Don’'t Answer to

avoiceterminal class of service.

terminal -change extensions attributes Assigns the class of service to an extension

number.

terminal-change terminal buttons Assignsthe Call Forwarding—Don’'t Answer

button to a multiappearance voice terminal .

OOogoooogopaE/ o
OooOooogmogpeEno

The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
CALL FORWARDING-DON'T ANSWER

OBJECT

APPL'N PURPOSE

OOdoooooogono

_|
(@)
<

extension Assigns the voice terminal class of serviceto

an extension number.

TCM Administers the features and estrictions
assigned to the voice terminal(s) class of
service. Assigns the Call Forwarding —
Don't Answer feature to a voice termina

class of service.

class-of-service

This command will be set type:
i.e, 36-button, 12-button, bct,
data-module, feature-module,
coverage-module, or vds.

Administers the Call Forwarding— Don't
Answer feature button.

_|
(@)
<

console-features Assigns the don’'t answer timing for call

forwarding.

_|
@)
<

console-messages Designates the desired alphanumeric display

for calls forwarded to an attendant.
Assigns the first digit of the feature dial
access code (if required).

TCM/FM first-dligit

OPpOOoooOooOopodooopoooooooophgood
_|
(@)
<

OfoOopooofpoooohooooogoomo
OphOOdpoOoDOopoooopooooogogibo

_|
(@)
<

dial-access-code Assigns the feature dial access codes.

mOOOdoooOodoooooogoooooogoooogg
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CALL FORWARDING—FOLLOW ME

DESCRIPTION

This feature forwards al calls from a given extension number to another selected extension number, to the
attendant queue, or to a telephone in the nontoll public network. Either a voice termina user or the
attendant can activate or cancel this feature. When a call is placed to a voice termina with Call
Forwarding—Follow Me active, ring ping [a quick burst of ringing (0.1 seconds)] is provided at the
forwarding terminal. Thisisto remind the user that the terminal is still in the forwarding mode.

Forwarding calls to another extension is useful when the user will be at the forwarded-to voice terminal, or
the forwarded-to voice terminal user will be there. Forwarding calls to another extension also reduces
attendant work |oad.

Feature History and Development

This feature was first available on System 85in Release 1. Call Forwarding—Off Net was first available in
the Release 2, Version 1 software package. This function allows usersto forward all callsto atelephonein
the nontoll public network.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Activate Call Forwarding—Follow Meto aVoice Terminal

From the forwarding terminal:

Go off-hook. [Dial tone]
Did the Call Forwarding—Follow Me access code, or press the feature button. [Second dial tone]

Did the destination extension number. [Confirmation tone]

¢ Go on-hook.

28-1
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From the Attendant Console for a voice terminal

* Pressanidleloop button. [PA lamp goes out, and the ATND lamp lights.]
* PressSTART. [Didl tone]
¢ Dial the Call Forwarding—Follow Me access code. [Second dial toneg]

¢ Dial the extension number of the forwarding terminal, or press the appropriate DXS button. [Third dial
tone]

¢ Dia the extension number of the destination terminal, or press the appropriate DXS button.
[Confirmation tone]

* PressRELEASE. [ATND lamp goes out, and PA lamp lights.]

To Activate Call Forwarding to the Attendant Queue

From the forwarding terminal:

* Go off-hook. [Dial ton€]
¢ Dial the Call Forwarding—Follow Me access code, or press the feature button. [Second dia tone]
¢ Dial the attendant access code, or dial an LDN (listed directory number). [Confirmation tone]

¢ Go on-hook.

To Activate Call Forwar ding—Off Net

From the forwarding terminal:

* Go off-hook. [Dial tone]

¢ Dial the Call Forwarding—Follow Me access code, or press the feature button. [Second dial tone]
¢ Dial the trunk-group access code or the ARS access code. [Third dial tone.]

¢ Dia a7-digit public-network telephone number. [Confirmation tone]

¢ Go on-hook.

To Cancel Call Forwarding—Follow Me

From the forwarding terminal:

* Go off-hook. [Dial tone]

¢ Dia the Cal Forwarding—Cancel access code, or press the Call Forwarding—Follow Me feature
button. [Confirmation tone]
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Go on-hook.

From the Attendant Console for a voice terminal

Pressanidle loop button. [PA lamp goes out, and ATND lamp lights.]
Press START. [Dial ton€]

Dia the Call Forwarding—Cancel access code. [Second dial tone]

Dia the extension number of the forwarding terminal. [Confirmation tone]
PressRELEASE. [ATND lamp goes out, and PA lamp lights]

CONSIDERATIONS

Switch Capacities

Call Forwarding can be simultaneously activated to as many as 3,200 public telephone numbers
and/or extension numbers in the DCS network.

Call Forwarding can be simultaneously activated to any number of local voice terminals.

Nontoll Off-Net Forwarding

Call Forwarding—Off Net can only be activated to forward calls to nontoll telephone numbers (i.e.,
7-digit numbers). There are two primary reasons for this operation.

The first reason pertainsto billing. It isusualy questionable who should be billed for these toll calls.
There are three choices. the calling party, the forwarding party, and the forwarded-to party. The
caling party could be a local caller who is forwarded to the toll network, and then charged for an
unexpected long-distance call. The forwarding party would be charged for every forwarded call; both
the wanted calls and the unwanted calls. The forwarded-to party could be someone besides the user
of the forwarding terminal. Again, these parties would be charged for unexpected long-distance
cals.

The second reason pertains to transmission quality. It would be difficult to always provide a low
enough noise level for these forwarded calls. The calling party could be along-distance caller. After
this call is forwarded over the toll network, the transmission level could fall below the usua
transmission standards.

Off-Net Forwarding

With Cal Forwarding—Off Net, the forwarded-to public-network telephone can forward cals
toward its own forwarding System 85 voice terminal. (This capability is useful while the user isin
transit between the two locations.) However, there is a safeguard in the switch software to prevent
calls from forwarding back and forth between the two telephones. Then, after completing transit, the
user should promptly cancel Call Forwarding at the point of arrival.

Attendant Restrictions

Call Forwarding—Follow Me can be used to forward al calls to the attendant queue, but forwarding
to a selected attendant is not allowed.

Call Forwarding—Follow Me override allows the forwarded-to extension to call the forwarding
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extension in a forwarding relationship. However, an attendant cannot call an extension that has
activated Call Forwarding—Follow Me to the attendant queue.

The attendant queue can be the forwarded-to destination in a call forwarding relationship. However,
the attendant cannot originate Call Forwarding in order to forward attendant seeking calls to another
destination.
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Intercept Tone

Intercept tone is heard when the terminal user attempts to establish a new destination for forwarding
before canceling the previous destination.

Intercept tone is aso heard when the forwarded-to voice terminal attempts to forward calls toward its
own forwarding voice terminal.

Additionally, intercept tone is heard when attempting to activate Call Forwarding—Follow Me and
Call Forwarding—Busy and Don’t Answer at the same time on the same terminal.
Double Forwarding Not Allowed

Terminal A may activate forwarding to terminal B, and termina B may activate forwarding to
termina C. However, termina A’s calls will not forward to terminal C. Voice termina calls
forward only once.

Hard and Soft Processor Swaps

Call Forwarding relationships are stored in a trandation portion of switch memory. Therefore, if
calls are forwarded to alocal extension, DCS extension, or public-network telephone and then a hard
processor swap occurs, the forwarding relationship will endure the hard swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

When Call Forwarding—Follow Me is active at the called voice terminal, the forwarding operation occurs
before Attendant Call Waiting is allowed. There are two possible operations. Attendant calls forward to
and ring at the forwarded-to voice terminal (if this voice terminal is idle). Otherwise, attendant calls
forward to, and then wait on, the forwarded-to voice terminal (if this voice termina is busy).

AUDIX (Audio Information Exchange)

The Call Forwarding—Follow Me feature can be used to forward all callsto the AUDIX extension number.
When thisis done, forwarded calls enter the AUDIX queue.

ACD (Automatic Call Distribution)

Cal Forwarding—Follow Me (Intraflowv—All), when activated for an ACD (or EUCD) associated
extension number or the split supervisor's individual extension number, redirects the split’s calls to a local
switch destination.

a. Only the split supervisor or system supervisor can activate or deactivate Call Forwarding—Follow
Me for an ACD (or EUCD) split. Nonsupervisory split members cannot activate call forwarding for
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the entire split.

b. Only ACD (or EUCD) calls forward when Call Forwarding—Follow Me s active for the split. Calls
to an individual extension number do not forward.

¢.  Nonsupervisory split members may activate Call Forwarding—Follow Me for calls to the individual
member’ s extension number.

Automatic Callback

Call Forwarding—Follow Me has no effect on an Automatic Callback call origination. Callbacks always
return to the originating terminal, not to the forwarded-to terminal .

If Call Forwarding—Follow Me is active at the caled terminal when the Automatic Callback call is
originated, the forwarded-to terminal is treated as the called line for the call.

If Call Forwarding—Follow Me is activated by the called terminal after an Automatic Callback request is
placed, the Automatic Callback request remains active toward the originaly caled voice termina. The
callback request is not reapplied to the forwarding destination.

ARS (Automatic Route Selection)

When administering Call Forwarding—Off Net, all three ARS plans should be administered in Procedure
309, Word 1. Otherwise, when activating the Call Forwarding—Off Net feature, the ARS access code
cannot be used as part of the destination’s telephone number. Rather, the appropriate trunk-group dial
access code would have to be dialed.

Also, when administering Call Forwarding—Off Net, the desired local office codes should be specified in
the ARS Toll Table (Procedure 309, Word 2 and Procedure 309, Word 1, Field 9). Otherwise, when
activating the Call Forwarding—Off Net feature, an office code that is not specifically assigned as local is
presumed by the Call Forwarding—Off Net software to be a toll office code. And, since forwarding to the
toll network is not provided, the switch would return intercept treatment.

Busy Verification of Lines

Busy verification is allowed toward aline even if the line has Call Forwarding—Follow Me active.

Call Coverage

When a call is forwarded to a principal with coverage active, the forwarded call does not redirect to
coverage. If the principal doesn’t answer, the forwarded call rings until abandoned at the principal’s voice
terminal. For situations where cover active or cover busy would apply, the switch returns busy tone to the
calling party.
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If Call Forwarding—Follow Me s active for an extension that has coverage, calls to that extension redirect
according to call forwarding. If a coverage point has Call Forwarding—Follow Me active, the point is not
eligible to receive a coverage call. If Cal Forwarding—Follow Me is active for a coverage group [ACD
(Automatic Call Distribution) or EUCD (Enhanced Uniform Call Distribution) split], coverage cals
redirect to the split and then redirect according to call forwarding.

Call Vectoring

The Call Forwarding—Follow Me feature can be used to forward calls to a VDN. When this is done, the
forwarded-to vector controls call processing for the forwarded call. For example, the call could enter an
ACD gplit's queue (including AUDIX or Message Center), and be processed according to the vector’'s
programming.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward cals for the
supervisor's individual extension. Without Call Vectoring assigned, Cal Forwarding—Follow Me is
instead used to forward calls which are directed to the split’s queue.

CMDR (Centralized Message Detail Recording)

The extension that a call forwards to (designated terminal) is the extension number that is recorded in the
called number field.

Call Waiting

When Call Forwarding—Follow Me is active at the called voice terminal, the forwarding operation occurs
before Call Waiting is allowed. There are two possible operations. Calls forward to and ring at the
forwarded-to voice terminal (if this voice terminal is idle). Otherwise, calls forward to and wait on the
forwarded-to voice terminal (if this voice terminal is busy).

DDC (Direct Department Calling)

Call Forwarding—Follow Me, when activated for a DDC group, routes all DDC calls to a designated
terminal, the attendant queue, the centralized attendant queue, or to another UCD or DDC group’s queue
immediately after dialing. If a call is already queued when this feature is activated, the call remains in
queue for 7 seconds before forwarding.

a.  Only the controlling terminal or attendant can activate or deactivate Call Forwarding—Follow Me for
a DDC or UCD group. Other group terminals cannot activate or cancel Call Forwarding—Follow
Me even if authorized by their line class of service.

b. Only callsto the DDC or UCD group number forward when Call Forwarding—Follow Meis active.
Callsto an individual terminal or controlling terminal number do not forward.
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c. The stop hunt option should be assigned to each DDC or UCD group member’s class of service.
Otherwise, when calls forward to a group member’ s extension, the call is treated as a call to the group
(hunting occurs).

DCS (Distributed Communications System)
The Call Forwarding—Follow Me feature is transparent in the DCS environment. The forwarded-to

extension in acall forwarding relationship can reside in adifferent DCS node.

EUCD (Enhanced Uniform Call Distribution)

See|lACD (Automatic Call Distribution) interactions)

Hold

Hard hold ringbacks for single-appearance voice terminals are not forwarded. Instead, the held call rings
back the terminal that placed the call on hold when the user goes on-hook.

Hunting

When a call forwards to aterminal in a hunt group, another terminal in the hunt group may receive the call
rather than the designated terminal (hunting occurs).

When a termina in a hunt group has Call Forwarding—Follow Me active, the termina is temporarily
removed from the hunt group. Calls hunting through the hunt group bypass this terminal.

If the designated terminal has Call Waiting active and is in a hunt group, a call forwarded to the busy
designated terminal hunts for an idle line first and then waits on the designated terminal if no idle line is
found.

I PA (Interpartition Access)

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition group or in Extension Partition 0. The switch will return intercept
treatment to a user attempting to forward calls to any other partition group.
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Last Extension Dialed

Call Forwarding can be used in conjunction with Last Extension Dialed. Thisis useful when activation of
the Call Forwarding—Follow Me Answer feature toward the last extension dialed is desired. (Dia the Call
Forwarding—Follow Me DAC or press the feature button before pressing the L XD feature button.)

Last Number Dialed

Call Forwarding can be used in conjunction with Last Number Dialed. Thisis useful when activation of the
Call Forwarding—Follow Me Answer feature toward the last number dialed is desired. (Dia the Cal
Forwarding—Follow Me DAC or press the feature button before pressing the LND feature button.)

Leave Word Calling

Leave Word Calling messages are addressed to the principal originally dialed, even when a redirection
feature is active. The only exception to thisis calls redirected to the attendant. Leave Word Calling is not
allowed when acall isredirected to the attendant.

In a Distributed Communications System environment, Leave Word Calling cannot be activated toward the
originally called voice terminal unless the node has an Applications Processor.

Line L ockout

A call directed toward a locked-out voice termina with Cal Forwarding active will forward to the
designated terminal.

Modem Pooling

The Call Forwarding—Follow Me feature functions normally for data calls except that a data call requiring
Modem Pooling should not be forwarded to an attendant. An attendant established (transferred) call does
not receive a Modem Pooling conversion resource. The attendant must extend the call to a multiappearance
voice terminal with one button transfer capability (see[Data Call Setup)| feature) to complete the call for a
conversion resource to be provided.

Override

An Override cal does not forward when Call Forwarding—Follow Me is active. Three-burst ringing is
provided for an idle forwarding terminal, and the override call enters the conversation of a busy forwarding
terminal.
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Priority Calling

When Call Forwarding is active at the called voice terminal, the forwarding operation occurs before Priority
Calling is allowed. There are two possible operations. Calls forward to and ring at the forwarded-to voice
terminal (if this voice termind is idle). Otherwise, calls forward to and wait on the forwarded-to voice
terminal (if this voice terminal is busy).

Queuing

If acalback attempt is made from a tandem switch to a subtending switch, the call appears as an ordinary
incoming tie trunk call to the subtending switch. Therefore, if the called terminal has Call Forwarding—
Follow Me active, the callback forwards to the designated terminal.

When a callback attempt is made to alocal terminal, it is not forwarded if Call Forwarding—Follow Me s
activated. The callback call is placed to the line which placed the call in queue.

Restriction—Attendant Control of Voice Terminals

See thel ' Restricting Feature Use'’| section.

Restriction—Voice Terminal Restrictions

Calls may not forward to a voice terminal with Restriction—Voice Terminal Restrictions (Termination,
Manual Terminating Line, or Terminal-to-Terminal Only Calling) activated.

Incoming calls on public or private network trunks may not forward to an Inward restricted terminal.

Call Forwarding—Follow Me functions normally for an Origination restricted voice termina when an
attendant activates the feature for the voice terminal. However, the Origination restricted voice terminal is
only allowed to activate Call Forwarding—Follow Me from a hold or recall dial tone state. If Call
Forwarding—Follow Meis activated, only the attendant can deactivate it.

If an unrestricted voice termina is assigned as the forwarded-to voice terminal and then Restriction—Voice
Termina Restrictions (Inward, Termination, Terminal-to-Termina Only Calling, or Manual Terminating
Line) isactivated initsline class of service, calswill still forward to the voice terminal.

Call forwarding is permitted between two data modules even though both are Terminal-to-Terminal Only
Calling restricted.
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Ringing—Abbreviated and Delayed Ringing

Call Forwarding—Follow Me has precedence over Abbreviated and Delayed Ringing. Call Forwarding—
Follow Me controls the redirection of ringing.

Ringing Cutoff

When Call Forwarding—Follow Me and Ringing Cutoff are both active at a called voice terminal, ring-
ping is not provided as the call forwards.

Ringing Transfer
Call Forwarding—Follow Me takes precedence over Ringing Transfer. Call Forwarding—Follow Me

controls the redirection of ringing.

SMDR (Station M essage Detail Recor ding)

See|CMDR (Centralized Message Detall Recording) interaction.|

Tenant Services

A voice terminal user (in a partition other than Extension Partition 0) is allowed to forward calls to another
voice terminal in the same partition or in Extension Partition 0. The switch will return intercept treatment
to a user attempting to forward calls to any other partition.

Call Forwarding—Off Net is allowed in a partitioned System 85. This forwarding can be activated using

the ARS/AAR access code or using the access code of a trunk group that is dedicated to the user's
extension partition.

Timed Reminder

When pressing the STA ID button, the attendant display indicates the extension number that the call
forwarded to rather than the originally called extension number.
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UCD (Uniform Call Distribution)

See|DDC (Direct Department Calling) interaction)

Variable Format Call Detail Recording

The call record shows the extension number that the Call Forwarding—Follow Me feature directed the call
to asthe called number.

RESTRICTING FEATURE USE

Voice Terminal Restrictions
The voice termina restrictions that restrict call forwarding are:

* Termination restriction
* Manual Terminating Line restriction
* Terminal-to-Terminal Only Calling restriction.

Attendant Control of Voice Termina Restrictions

The application of Attendant Control of Terminal Access restrictions takes precedence over the Call
Forwarding—Follow Me feature only when applied before the Call Forwarding—Follow Me feature
isactivated. Therestrictionsare:

¢ Termination restriction
e Total restriction

* Terminal-to-terminal restriction.

HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Call Forwarding—Follow Me featureis on atermina class-of-service basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).
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The following are the applicable MAAP and SMT procedures.

E MAAP AND SMT PROCEDURES — CALL FORWARDING—FOLLOW ME g
O g g O O
I_|PROCEDURE O WORD O PURPOSE O SMT 0
O 000 g 1 g Assigns the voice terminal class of service to an extension g Yes O
0 number. O
H 000 O 2 0 Specifies the destination AUDIX adjunct for calls [ Yes g
0 O O forwarded to the AUDIX extension number (Field 10). O 0
U 010 g 1 g Assigns Call Forwarding—Follow Me to a voice terminal g Yes U
E O o Classof service. O E
E 010 o 2 O Assigns Call Forwarding—Off Net to a voice termina [0 Yes [
0 O O classof service. 0 0
H 054 H 2 H Administers the Call Forwarding—Follow Me button to a H Yes H
0 0 [ multiappearance voice terminal. The applicable encodeis 0
0 O O asfollows: O 0
O 0 0 i 0 O
0 . . 3 Cdl Forwarding—Follow Me. o o
O 204 O 1 O Designates the desired aphanumeric display for cals O No [
a O U forwarded to the attendant. 0 a
H 309 H 1 H Assigns the three ARS routing plans for use by Call H Yes B
0 O o Forwarding—Off Net. O 0
d 309 o 2 U Assigns the local office codes to the ARS Toll Tablefor [ Yes O
O E E use by Call Forwarding—Off Net. (Local office codes E O
g 0 0 that are not assigned to the toll table are presumed to be 0 g
0 0 7 toll office codes.) 0 0O
0 350 g 1 g Assigns the first digit of the dia access codes (if g No O
B o o, required). o B
0 350 o 2 0 Assigns the feature dial access codes. The applicable [ No [
O O O encodes are as follows: O O
O O O 1 Call Forwarding—Follow Me O O
0 0 0 , 0 0
0 0 0 3 Call Forwarding—Cancel. 0 B

The following are the applicable TCM path names used with the AP 16.

E TCM SCREENS— CALL FORWARDING—FOLLOW ME B
E PATH NAME E PURPOSE g
O terminal-change class-of-service attributes O Assigns Cal Forwarding—Follow Meto avoice [
O U terminal class of service. 0
i - ; ; = . " " O
] terminal-change extensions attributes [ Assignstheclassof serviceto anextensionnum-
0 O ber. Also, specifiesthe AUDIX number (1to4)
0 O for cals forwarded to the AUDIX extension [
0 U number. 0
H terminal-change terminal buttons E Administers the the Cal Forwarding—Follow %
0 O Mebutton to a multiappearance voice terminal. 0
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

E CSM SCREENS— MASKS g
0 CALL FORWARDING — FOLLOW ME O
UappLN U OBJECT O PURPOSE 0
] | | []
OTCM [] extension O Assignsthe voice terminal class of servicetoan [
0 0 O extension number. Specifies the destination U
g 0 O AUDIX adjunct for calls forwarded to the B
. E E AUDIX extension number. 0
OTCM ﬁ class-of-service i Administers the features and/or restrictions [
O O O assigned to the voice terminal(s) class of U
g B E service. Assigns Call Forwarding — Off Net to g
0 0 0 avoice terminal class of service. Assigns Call 0
0 0 q Forwarding — Follow Me to a voice terminad
O O O classof service. O
ETCM B This command will be set type: E Administers the Call Forwarding — B
0 0 i.e, 36-button, 12-button, bct, 0 Follow Me feature button. 0
0 q datamodule, feature-module, 0
O [ coverage-module, or vds. O O
ETCM U console-messages U Designates the desired alphanumeric display B
0 E E for calls forwarded to an attendant. 0
OFM ﬁ ars-schedule i Defines and schedules the three time-of-day 0O
O 0 O plansfor usewith Call Forwarding—Off Net. U
CFM D arstoll D" Assigns the local office codes to the ARS Toll 1,
0 0O  Table for use by Call Forwarding—Off Net. [
O 0 O (Local office codes that are not assigned to the [0
O O O toll table are presumed to be toll officecodes.) U
0 TCM/FM E first-digit H Assigns the first digit of the feature dial access B
0 O  code (if required). 0
HTCM/FM  F dia-access-code H Assignsthe feature dial access codes. H




CALL PARK

DESCRIPTION

This feature is used to place a call on hold and then transfer the call to an answer-back channel. That call
can then be answered on any other voice terminal within the switch. The cal is reanswered by dialing the
answer-back access code and the answer-back channel number.

This procedure is useful when call-related information is in another area, or the call could be handled more

conveniently in another area. This feature also alows an option to have music while waiting for an
answer-back.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. The enhancements to this feature include:

¢ Automatic attendant recall was provided for Release 2, Version 2.
* An option to have music while waiting for an answer-back was added for Release 2, Version 3.

* An administrable recall button is provided for Release 2, Version 4 and was also retrofitted to the
Release 2, Versions 2 and 3.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Park aCall

Using a single-appearance voice terminal

* PressRECALL
or
* Momentarily press the switchhook. [Second party is placed on hold. Recall dial toneis heard.]
¢ Dial the Call Park trunk-group access code. [Second dial tone]
¢ Dial the Call Park zone number.

29-1
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¢ Dial anidle answer-back channel number. [Confirmation tone]
* PressRECALL. [Ringback tone]

¢ Goon-hook. [Held party istransferred to the previously dialed answer-back channel and hears ringback
tone or music while waiting for the answer-back call ]

Using a multiappearance voice terminal :

* Press TRANSFER. [Second party isplaced on hold. Dial toneis heard.]
¢ Dial the Call Park trunk-group access code. [Second dial tone]

* Did the Call Park zone number.

¢ Dial anidle answer-back channel number. [Confirmation tone]

* PressRECALL. [Ringback tone]

* Press TRANSFER. [Held party is transferred to the previously dialed answer-back channel and hears
ringback tone or music while waiting for the answer-back call.}

¢ Go-on-hook.

To Pickup a Parked Call:

* Besure, asauser, that the Call Park feature is activated.
¢ Go off-hook. [Dial tone]
¢ Dial the answer-back access code.

* Did the previously used answer-back channel number. [Ringback tone or music is removed from the
waiting line, both parties hear confirmation tone, a 2-party connection is established, and the answer-
back channel isreleased.]

CONSIDERATIONS

Busy Tone
Busy toneis heard if the call park zone or answer-back channel is busy.

Intercept Tone
Intercept tone is heard if an invalid access code, invalid zone number, invalid answer-back code, or
invalid channel number is dialed. Intercept tone is also heard if the answer-back code was dialed,
and the second party is no longer waiting for the answer-back call.

Answer-Back Channels

Nine answer-back channels are available. These are the same answer-back channels used with the
Loudspeaker Paging feature. These answer-back channels are shared by both features.

Availability
Call Park is available only with the Loudspeaker Paging. A single-line voice terminal user must be
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assigned the Conference—T hree Party feature to use Call Park.

Parked Incoming Trunk Calls

Beginning with R2 V2, incoming trunk calls that are parked by a voice terminal will automatically
recall an attendant after two minutes. At thistime, the attendant can appropriately handle the call.

Administrable Recall Buttons

Some multiappearance voice terminas do not have afixed RECALL button. If RECALL buttons are
needed for these voice terminals, RECALL buttons can be assigned to the terminals using Procedure
054, Word 1.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Attendant Call Waiting

The switch denies Attendant Call Waiting toward aline that is parked. Busy toneisreturned.

Busy Verification of Lines

A line that is in Call Park cannot be busy verified using the Busy Verification of Lines feature. Intercept
tone isreturned.

Call Coverage

When a covering user activates the Call Park feature, the Temporary Bridged Appearance at the principa’s
voice terminal is removed, and the principa is unable to bridge onto the parked call.

CDRR (Call Detail Recording and Reporting)

The CDRR feature records the extension number of the last voice termina in a Call Park connection.

Call Waiting

The switch denies Call Waiting toward aline that isin call park.
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CMDR (Centralized Message Detail Recording)

The CMDR feature records the extension number of the last voice terminal in a Call Park connection.

L oudspeaker Paging Access

The Loudspeaker Paging Access feature and the Call Park feature are closely related. Administering
Loudspeaker Paging, in effect, also enables Call Park. A paging zone that is not used for Loudspeaker
Paging is assigned for use by Call Park. The paging zone assigned to Call Park requires an auxiliary trunk
circuit to prevent alarms; however, it is not necessary to connect a paging amplifier to Call Park auxiliary
trunk circuits. Both Call Park and Loudspeaker Paging Access share the same answer-back channels.

Music-on-Hold Access

When Music-on-Hold is implemented, music can be provided for acall on hold in an answer-back channel.

Override

The switch denies Override toward an extension in call park.

Priority Calling

The switch denies Priority Calling toward aline that is parked.

SMDR (Station M essage Detail Recor ding)

The SMDR feature records the extension number of the last voice terminal in a Call Park connection.

Tenant Services

The call park zones for the Call Park feature are not partitioned. By default, the provided zones are equally
accessible to voice terminal usersin any extension partition.

Voice terminal accessto the Call Park feature can be limited in the voice terminal class of service. To limit
voice termina access, assign a Miscellaneous Trunk Restrictions group containing the Call Park trunk
group to avoice terminal class of service in Procedure 010, Word 3.

Answer-back channels for the Call Park feature are not partitioned. A parked call can be retrieved by
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dialing the answer-back access code from any voice terminal in the switch.

Trunk Verification—Attendant and Voice Terminal

The Trunk Verification feature cannot verify atrunk that isin call park.

Unattended Console Service—Preselected Call Routing

When Preselected Call Routing is active, if atrunk party is placed in Call Park and the 2-minute timer for
ringback tone times out, the trunk call is routed to the assigned preselected voice terminal .

Variable Format Call Detail Recording

The call record shows the extension number of the last voice termina in a Call Park connection.

HARDWARE REQUIREMENTS
The following additional or specia hardware isrequired for the Call Park feature.
* SN231, Auxiliary Trunk Circuit Pack

Each Call Park zone requires an auxiliary trunk circuit (four circuits per circuit pack).

FEATURE ADMINISTRATION

Assignment of the Call Park feature is on a per-system basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer this feature using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).

To provide music while waiting for answer back, the Music-on-Hold feature must also be assigned.
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The following are the applicable MAAP and SMT procedures.

g MAAP AND SMT PROCEDURES — CALL PARK g
UPROCEDURE E WORD E PURPOSE E SMT g
O 000 o 1 O Assigns the voice terminal class of service to an extension 0 Yes [
U . U number. O U
H 010 o 1 0 Assigns Conference—Three Party/Transfer to a voice [ Yes g
0 O 0 terminal class of service for use with the Call Park feature. O 0
O 010 E 3 L Assigns Miscellaneous Trunk Restrictions to a voice terminal B Yes O
E 0  classof service. O E
0 0 0 Assigns the utton to a multiappearance voice [] Yes

0 054 1 A the RECALL button t It Yes [
0 O O termina without a fixed RECALL button. The applicable O 0
E E B encodeis: B E
0 0 0 27 Recall. 0 0
d 100 U 1 LI Administers the trunk dial access code and the trunk typefor 5 No O
O U 0 O O
0 O o the Call Park feature. O 0
O 102 o — O Administers the Miscellaneous Trunk Restriction group O Yes [0
O 0 [ associated with the Call Park trunk dial access code. O O
H 150 E — H Assigns the SN231 equipment location and trunk feature of a E No B
0O 0 ] Cal Park trunk to its trunk-group number. 0 0
d 275 o 1 0 Assigns Call Park to the system class of service (Field7)and U Yes O
O 0 U assigns the music-on-hold option. J B
0o 350 0 0 Assignsthefirst digit of the dial accesscodes (if required). 0 No
E 350 H E Assigns the feature dial access code. The applicable encode E No E
|:| D D IS. . D |:|
H H H 17 Paging answer back. H H

The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— CALL PARK

PATH NAME PURPOSE

terminal-change class-of -service attributes Assigns Conference—Three Party/Transfer to a
voice terminal class of service for use with the Call
Park feature. Also, use this screen to assign
Miscellaneous Trunk Restriction groups to the

terminal class of service.

MOoOOooooopopo
OOoOoooOogEo

terminal-change extensions attributes Assigns the class of service to an extension number.

(oOoooooogooo
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

E CSM SCREENS — MASKS B
0 CALL PARK O
UappL'N U OBJECT N PURPOSE 0
] ] ] []
OTCM [] extension O Assignsthe voiceterminal class of serviceto an O
0 0 O extension number. 0
HTCM H class-of-service E Assigns Conference — Three Party/Transfer to a g
0 0 ] Vvoice terminal class of service for use with the [
O 0 O Call Park feature. Assigns Miscellaneous Trunk [J
U O U Restrictionsto aclass of service. 0
E[TCM H The command will be set type: E' Assignsthe RECALL button to a multiappearance g
0 0 i-e, 36-button, 12-button, bct, 7 voiceterminal without afixed RECALL button.
O O vds, feature-module, coverage- [ O
U 0 module, or data-module. 0 0
OFM H trk-grp E Administers the trunk dial access code and the B
0 0  trunk type for the Call Park feature. 0
OFM O misc-trk-grp O Administers the Miscellaneous Trunk Restriction O
g 0O O group associated with the Call Park trunk dial B
O E E access code. 0
OFM E trk E Assigns the SN231 equipment location and trunk [
O O 0 feature of a Call Park trunk to its trunk group U
. o 0 number. g
ETCM/FM E Sys-cos E Assigns Call Park to the system class of service
0 O O and assigns the music-on-hold option. O
UreM/irM U first-digit U Assigns the first digit of the dial access code (if 5
O O 0 ; a
O O O required). 0

B B

HTCM/FM

dial-access-code

E

Assigns the feature dial access code.
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CALL PICKUP

DESCRIPTION

This feature allows anyone within a specified call pickup group to answer at their own voice terminal a call
that is ringing at another extension within the group. This provides a simple means of answering
unattended voice terminal calls.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

ToAnswer a Call at Another Extension Within the Same Pickup Group

At a single-appearance or multiappearance voice terminal:

* Besureavoiceterminal inyour pickup group isringing.
¢ Go off-hook, or press an idle appearance button. [Dial tone]

¢ Dial the Call Pickup access code. [The call pickup user and the calling party are connected. The called
terminal stopsringing.]
At a multiappearance voice terminal with a CALL PICKUP button:

* Besureavoiceterminal in your pickup group isringing. [The CALL PICKUP button flashes.]

* Press CALL PICKUP. [The call pickup user and the calling party are connected, called terminal stops
ringing, and flashing CALL PICKUP status lamp goes out.]

30-1
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CONSIDERATIONS

Busy Tone
Busy tone is heard when attempting to pickup an Automatic Callback or Queuing callback call.
Intercept Tone

Intercept tone is heard when attempting to pickup a call in another pickup group or attempting to
pickup a phone that is not ringing.
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Limitations
Any number of extension humbers can be assigned to a Call Pickup group. A maximum of 999 Call
Pickup groups can be assigned.

Terminal Locations
Call Pickup cannot be used to answer callback calls or callsto terminasin other pickup groups.

Because a Call Pickup user needs to know when a termina in the group is ringing, place single-
appearance terminals within a pickup group close together.

Colocating the voice terminas is not as necessary for multiappearance terminas. On
multiappearance terminals, the Call Pickup lamp can flash to aert the Call Pickup user to a group
cal. This occurs whenever a voice terminal in the group is ringing and an appearance of an
extension in the Call Pickup group is either manually or automatically preselected (i.e., the red status
lamp islit for an appearance of the extension).

Multiple Ringing Terminals
If more than one voice terminal in a pickup group isringing when Call Pickup is activated, the switch
selects the call which the Call Pickup user answers. The algorithm used is that a Call Pickup
activation answers the most recent call that isringing a voice terminal in the call pickup group.

Hard and Soft Processor Swaps

The extension numbers in a Call Pickup group are stored in a translation portion of switch memory.
Therefore, the membersin a Call Pickup group will remain unchanged after a hard processor swap.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Automatic Callback

A terminal user cannot pickup an Automatic Callback call to the originating terminal. Busy toneis heard.

Call Coverage

The switch denies activation of the Call Pickup feature to a Call Coverage user when attempting to:

a. Pickup a Temporary Bridged Appearance on a principal’s voice terminal.

b. Pickup acoverage call during Coverage Tone or during the Caller Response Interval.
If amember of the covering user’s pickup group uses Call Pickup to pickup aredirected call, the temporary
bridged appearance on the principa’s voice termina remains intact. After the redirected call is picked up,

the principal can still go off-hook on the temporary bridged appearance to join the call with the Call Pickup
user.
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CDRR (Call Detail Recording and Reporting)

When a call is answered using the Call Pickup feature, the answering terminal line is recorded, not the
called terminal line.

CMDR (Centralized Message Detail Recording)

When a cdll is answered using the Call Pickup feature, the answering terminal line is recorded, not the
called terminal line.

Data Call Setup

Although a data terminal (or more precisely, its extension number) can be assigned to a Call Pickup group,
Call Pickup is blocked for data terminals. Data terminals cannot be used to pickup calls, nor can calls
directed to adataterminal be picked up by other members of the pickup group.

Data Protection

Use of Call Pickup toward a call directed to aterminal with Data Protection—Permanent active is denied.

Extension Number Portability

An extension number must be removed from a pickup group, if assigned, before it can be ported to another
node.

Hold

A single-appearance voice terminal user is denied use of the Call Pickup feature while holding a call on
hard hold and soft hold at the same time.

A voice terminal user is allowed to place a call on hard hold, and then answer a call using Call Pickup. If
this is done using soft hold, the held call is moved to hard hold and can be retrieved using the Call Hold
access code.
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Intercom

The Call Pickup feature cannot be used to pickup an Intercom call.

I PA (Interpartition Access)

There are no tests in Procedure 000, Word 2 to ensure that a Call Pickup group is only assigned to
extensions residing in the same partition group. The system manager should ensure that every member of
each Call Pickup group belongs to the same partition group.

When Call Pickup groups have been assigned to overlap partition-group boundaries, the call-processing
software provides partitioning for the feature. If a Call Pickup group member in one partition group triesto

pickup acall to another group member residing in a different partition group, intercept treatment is returned
by the switch.

Leave Word Calling

Leave Word Calling messages are always addressed to the principa originaly called, even when a call
redirects via Call Pickup.
Queuing

A terminal user cannot pickup alocal Queuing callback. Busy toneis heard.

A cdlback from a tandem switch looks like an incoming tie trunk call and can be picked up. Also, a
callback call between amain and subtending switch appears as anormal tie trunk call and can be picked up.

Restriction—Attendant Control of Voice Terminals

A voice terminal that is otherwise restricted from receiving calls (by Controlled Terminal-to-Terminal,
Outward and Terminal-to-Terminal, Controlled Termination, or Outward and Termination Restriction) is
allowed to pickup group members' calls using Call Pickup.

Restriction—Voice Terminal Restrictions

A voice terminal with Voice Termina Restrictions (Inward, Termination, Termina-to-Termina Only
Calling, or Manua Terminating Line) activated may pickup a call directed to another voice terminal in the
restricted voice terminal’s Call Pickup group.
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Serial Calls

When Serial Calls is in effect, pressing the RECALL button at a local terminal recalls the attendant.
Therefore, a terminal user cannot access the Call Pickup feature during a serial call from a single-
appearance terminal.

SMDR (Station M essage Detail Recor ding)

When a cdll is answered using the Call Pickup feature, the answering terminal line is recorded, not the
called terminal line.

Tenant Services

There are no tests in Procedure 000, Word 2 to ensure that a Call Pickup group is only assigned to
extensions residing in the same extension partition. The system manager should ensure that every member
of each Call Pickup group belongs to the same extension partition.

When Call Pickup groups have been assigned to overlap partition boundaries, the call-processing software
provides partitioning for the feature. If aCall Pickup group member in one partition tries to pickup acall to

another group member residing in a different extension partition, intercept treatment is returned by the
switch.

Variable Format Call Detail Recording

The call record shows the extension number of the termina using Call Pickup (the termina that actually
answered the call) as the called number.

RESTRICTING FEATURE USE

The Controlled Total Restriction and Origination Restriction features can prevent aterminal line from using
the Call Pickup feature.

HARDWARE REQUIREMENTS

None.
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FEATURE ADMINISTRATION

Assignment of the Call Pickup feature is on a per-terminal basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partially administer Call Pickup using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

MAAP AND SMT PROCEDURES — CALL PICKUP

PROCEDURE PURPOSE SMT

000 Assigns Call Pickup group numbersto a set of extensions. Yes

S
I'\)I\)m
&)

054 Administers the Call Pickup button to a multiappearance Yes

voiceterminal. The applicable encodeisasfollows:
7 Call Pickup.

075 Displays the voice terminals sharing a Call Pickup group Yes

assignment.

350 Assignsthefirst digit of the dial access code (if required). No

350 Assigns the feature dial access code. The applicable No

encodeis:
5 Call Pickup.

OOOOoOOogoOopOoooggopOopEada
MOoOdOoOoohOoopooopOo)pE .
N [
MoOoOdOoOoOoohOoopooopnOo)pE .o
MmOooOoogoopooompo|p o

mOoOoOodOoooooogoooooooo

The following are the applicable TCM path names used with the AP 16.

g TCM SCREENS— CALL PICKUP

E PATH NAME H PURPOSE

O terminal-change group pickup E Displays or prints areport of the Call Pickup groups.

E terminal-change extensions attributes E Assigns Call Pickup group numbers to a set of extension
O O numbers.

U terminal-change terminal buttons E Administers the Call Pickup button to a multiappearance
H ] voiceterminal.

MoOoOoooooood
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS— MASKS g
0 CALL PICKUP 0
U appL'N U OBJECT O PURPOSE 0
] | | []
O TCM O extension O AssignsCal Pickup group numberstoaset 0O
O 0 0 of extensions. U
H TCM H This command will be set type: H Administers the Call Pickup button to a g
0 q i.e, 36-button, 12-button, bet, 7 multiappearance voice terminal. 0
O ] data-module, feature-module, 0 O
U O coverage-module, or vds. O O
0O TCM/FM 5 first-digit H Assigns the first digit of the dial access g
0 0 code (if required). 0
H TCM/FM  H dia-access-code H Assignsthe feature dial access code. H




CALL VECTORING

DESCRIPTION

The Call Vectoring feature is an enhanced and highly flexible way of processing incoming calls to the
System 85 switch. Vectors are the basis of the Call Vectoring feature. These vectors are programmed
using methods that resemble a ‘*high-level’’ programming language. Using a ‘‘vector’’ (a discrete set of
predefined call-processing steps), the customer can design appropriate and desirable ways of treating
specific incoming calls.

Calls terminate to vectors using VDNs (vector directory numbers). A VDN isa‘‘soft’’ extension number
that is assigned an internal line number (but not assigned to an equipment location). (Each VDN can be
published to enable public access to a vector’s call-processing sequence.) Vectors are assigned to VDNs
(vector directory numbers). In turn, these VDNSs can either be preassigned to incoming (or 2-way) trunk
groups or passed in digit form to the System 85 by the serving switch.

Since more than one VDN can terminate to the same vector, the answering party can respond appropriately
to the call with knowledge of the dialed number. Moreover, since a set of vectors can terminate to the same
answering destination, the call-processing sequence can vary according to the vector reached. These ideas
are shown in the following figure.

31-1
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T-G VDN-1
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Figure31-1. Trunk Groups, VDNSs, Vectors, and Answering Destinations

Feature History and Development

Thisfeature isfirst available for System 85 in Release 2, Version 4.

Vectoring in the General System 85 Environment

In the general System 85 environment, the Call Vectoring feature can be applied in an assortment of
beneficia ways. Some of these applications represent new or enhanced functionality to the System 85
switch. Othersrepresent alternate, sometimes simpler, ways to configure existing functionality. Depending
on the configuration used and the parameters of the addressed need, these alternate configurations can also
yield reduced costs for the customer. A representative list of these applications follows.

¢ |nformation announcements for calling party

The human intervention needed to distribute common messages can be minimized with information
announcements. A group of people with common interest can be instructed to call a specific number
(VDN) that terminates to a specific announcement vector. The vector's announcement can be
periodically updated to provide current information to the callers. Vectors providing information
announcements are easily programmed. Refer to the pair of vectors under Vector J, ‘‘Providing an
Information Announcement for Callers,”’ for examples of this type of vector.

¢ Vector processing before routing to the attendant queue

Two realistic applications for vector processing attendant calls include: *‘forced first announcement’’
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and ‘‘customized night service.” A forced-first-announcement vector is shown in Vector E, and a
night-service vector is based on Vector G.

Night Service for Message Center.

A vector can be programmed to provide automatic AUDIX ‘‘night coverage’’ for calls that would
otherwise redirect to an ‘‘unstaffed’”’ Message Center split. The VDN that terminates to this vector is
assigned as the final point in the principals’ coverage paths. In this way, redirected calls automatically
cover to AUDIX Call Answering at night, while covering to Message Center during work hours. Refer
to Vector |, *“*Using AUDIX to Provide Night Service for Message Center,’’ for an example of thistype
of vector.

Recent-Disconnect Announcements and Tenant Services

Multiple *‘ recent-disconnect’’ announcements can be desirable for a partitioned switch (i.e., ‘** You have
reached an unworking number of the Corporation.””). When Call Vectoring is used on a
partitioned switch, as many as 84 different recent-disconnect announcements can be provided.

Whenever a voice terminal is taken out of service, the voice terminal can be removed using Procedure
001, Word 1 or 052, Word 1. Once the voice terminal is removed, the extension number is temporarily
assigned as a VDN (in Procedure 000, Word 1) that points to a specific partition’s *‘ recent-disconnect’’
vector (Procedure 031, Word 1). Each recent-disconnect vector would contain a single ‘‘forced
disconnect with announcement’’ step that specifies the actual tenant called, and provides that tenant’s
LDN (eg., ‘“You have reached an unworking humber of the Jericho Company. For assistance, please
call 737-2100."")
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¢ Cadll Coverage to the Attendant Queue

Call Vectoring can redirect coverage calls to the attendant queue. Attendant coverage can be beneficial
for some System 85s. Using this coverage, the attendant group can serve as the final coverage point for
an assortment of principals.

A VDN can be assigned as the final point in a coverage path. One of these VDNs can be assigned to a
vector with a single ‘‘route to'’ step. The ‘‘route to’’ step within this coverage vector contains an
Abbreviated Dialing list item that outpul ses the attendant dial access code [usually ‘‘0,”" or aDID LDN
(Listed Directory Number)].

Since ‘‘route to’’ steps can direct callsto DID LDNSs, partitioned switches can also cover to the shared
attendant queue. Each extension partition desiring attendant coverage can have a vector that directs
calls to the LDN for the attendant partition assigned to that extension partition. In this way, attendant
coverage is a partitioned function of the Tenant Services environment.

Vectoring in an ACD (Automatic Call Distribution) Environment

In R2 V4, the initia availability of Call Vectoring, one primary application of this feature is the designing
and programming of customized interfaces for calling to ACD splits. The ACD feature (without Call
Vectoring) offers a useful calling party interface that includes up to two recorded announcements and
optional music for the queued caller.* However, the more flexible and customized calling party interface
provided by Call Vectoring can be desirable when:

* Theagentsin asplit answer calls for more than one purpose.

This need can be addressed by assigning a set of VDNs and/or trunk groups (each controlled by a
discrete vector) that terminate to a single ACD queue. Since these VDNs and trunk groups are
controlled by different vectors, a unique announcement can be provided for each type of call. In this
way, an appropriate announcement can be provided for each of the different types of calling parties.

A split experiences peak periods of incoming calling activity.

Vectors can be programmed to provide a variety of calling party interfaces for heavy influxes of cals.
For example, these calls can be redirected according to the number of callsin queue or according to the
duration of the oldest waiting call. Also, Call Vectoring can limit the number of callsin an ACD queue.
When this limit is reached, the switch can either disconnect or return busy tone to the calling party.

An automatic form of night serviceis desired for ACD splits.

A vector can be programmed to provide automatic night service for ACD splits (or the attendant queue).
Callers automatically receive a ‘‘night service’’ announcement when these calls are placed while the
split is off duty. Otherwise, during normal work hours, calls to the split are processed in a norma and
appropriate way. Refer to Vector G, *‘Providing Conditional Night Service for the Attendant Queue or
an ACD Queue,’”’ for an example of thistype of vector.

*

Refer to|Table 17-Alfor atabular description of this standard interface.
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* A split's agents answer emergency calls, and queue limiting is desired.

During widespread emergencies, incoming calls to emergency numbers produce heavy bursts of calling
activity. Meanwhile, more localized emergencies produce a much lower steady volume of caling
activity. To address this call-answering scenario, an ACD split (perhaps containing from one to four
agents) can be provided to answer these calls. The vector that queues calls to this emergency split can
be programmed to encourage callers to hang up when a predefined number of queued calls is reached.
The limit would need to be considerably higher than the prevailing steady volume and yet considerably
lower than the volumes that could be reached in a widespread emergency. In this way, these agents can
routinely handle localized emergencies in an effective manner, and yet not be flooded with unlimited
bursts of calls containing information that only repeats a known problem. Refer to Vector B,
““Providing an ACD Split to Handle Emergency Calls,’”’ for an example of thistype of vector.

Once the specific emergency is known, another vector can be programmed to replace the queue limiting
vector. Thisvector contains a more specific announcement (e.g., ‘‘We are aware of the power outagein
Plainfield.’”) that assures the caller that his/her specific problem is being addressed. Given this
assurance, the caler is more likely to hang up. Refer to Vector C, ‘‘Providing a Specific Emergency
Announcement,”’ for an example of thistype of vector.

NOTE: Call Vectoring does not currently provide queue limiting for the attendant queue.
* An enhanced form of priority queuing is desired for ACD queues.

The ACD feature without Call Vectoring provides two levels of priority queuing, but the Call Vectoring
feature offers up to four levels of entry to an ACD queue (including AUDIX and Message Center
gueues). The four levels of entry include: O (‘‘low’ priority), 1 (‘*‘medium’ priority), 2 (‘‘high”
priority), and 3 (‘‘top’’ priority). Using these four levels (selected in Procedure 030, Word 3, Field 6),
the switch administrator can give preferentia answering treatment to certain incoming calls based on
various criteria. These criteria might include: the cost of various trunking facilities, the amount of
revenue generated by various calls, and courtesy to executive personnel.

To implement an ACD queue with four levels of entry, there would usually be four vectors that queue
calls to the same split. The ‘‘queue to main split’’ step in each vector is assigned a different level of
priority from O (low priority) to 3 (top priority). Inturn, each vector is assigned to a different VDN that
is either passed to call-processing in digit form or assigned to an incoming trunk group.

As a simple example of priority queuing to an AUDIX split, consider this scenario. Three levels of
entry are provided to the AUDIX queue using three different VDNs associated with three different
vectors. One vector, programmed to queue to AUDIX at Priority 2, has an unrevealed VDN. This
VDN is administered as the final coverage point for all of the AUDIX subscribers. Another vector,
programmed to queue to AUDIX at Priority 1, has a VDN that is known to the executive AUDIX
subscribers. The third vector, programmed to queue to AUDIX at Priority O, has a VDN that is known
to the rest of the AUDIX subscribers. In this way, the highest priority serves to minimize unleft
messages. The second and third priorities provide two levels of direct access to AUDIX mailboxes.

NOTE: Call Vectoring does not currently provide priority queuing for the attendant queue.
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Methods of Routing Incoming Calls Into Vector Processing

As previously mentioned, there are two ways to route incoming VDN calls to the System 85 switch. These
two methods include:

¢ Digit-oriented routing

Using this method, a VDN'’s digits are passed through the serving switch (usually, the serving Central
Office) and to the local System 85 in a manner similar to the way that DID calls are routed. As the
VDN'’s digits are analyzed by the System 85's call-processing software, the dialed number is
recognized as a VDN that terminates to a specific vector. In turn, the call-processing software gives
control of the incoming call to vector processing.

¢ Trunk group-oriented routing

Using this method, a VDN call is recognized by the serving switch (usually, the serving Central Office)
as a call that is routed to the local System 85 over a specific trunk group. In turn, the local System 85
accepts the call from over the trunk group, and recognizes this as a call assigned to terminate to a
specific VDN. Likewise, this VDN terminates to a specific vector. So far, this method of routing
resembles ‘‘non-DID routing’’ to the attendant queue, or ‘‘automatic-in routing’’ to an ACD split's
queue. However, Call Vectoring can add an important element to this linkage. The vector that assumes
control of the VDN call can be programmed with a ‘‘route to’’ command as the first step in the vector.
In this way, an ‘*automatic-in VDN call’’ can terminate to an assortment of destinations that previously
could not be accessed using trunk group-oriented routing. These additional destinations include:

— A specific voice terminal

— A Host Computer Access trunk group.

Figure 31-2 contains simplified drawings of the alternate routing methods.

- - - —= ""Queue-To’’ Command
|
|
Incoming Trunk Group Vector !
(VDN'’sdigits passed) XYZ ‘
|
Lo “‘Route-To’’ Command
r - - —> ""Queue-To’’ Command
|
i |
Incoming Trunk Groups VDN Vector ‘
_ XYz |
(No digits passed) |
|
L - - —> "““Route-To"’” Command

Figure 31-2. Methods of Routing Incoming VDN Calls

DNIS (Dialed Number Identification Service)

In the initial availability of DNIS, ACD agents equipped with a display voice terminal (e.g., 7405D with a
display module, 7406D With Display, or 7407D) receive visual displays that specify the dialed number for
calls terminating to the agents’ voice terminals.
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In traditional ACD arrangements, groups of agents are organized into ‘‘splits’ (functiona groups of
answering positions). Using this approach, an agent is trained to answer calls for one specific purposein an
efficient and professional manner. However, ACD managers are recognizing the need to relax this concept
of limiting each split to a single call-answering task.

The dternative is to provide splits where each group of agents is proficient with severa types of calls. The
desired gain is to provide adequate service for the severa call types with fewer agents and with less
administrative intervention by the ACD manager. Using this approach, the changing staffing needs of the
several call types are averaged in time, and enough agents are staffed to provide adequate service for the
prevailing average load. Where five agents might be needed in each of 3 smaller splits (15-agent total) to
handle 3 types of calls, only 11 or 12 agents might be needed in the single (more general) split.

This idea of averaging the call-handling load is sound for certain applications, but the goal of improved
agent efficiency is more readily achieved with the DNIS capability. The DNIS function of the Call
Vectoring feature alows each answering agent to know the purpose of each incoming call as the call
terminates to the agent’s voice terminal. As a result, the natural efficiencies of the single split/single call
type arrangement are not compromised. With the calling number display provided by DNIS, agents are
aware of each call’s purpose, and can answer each incoming call with the appropriate greeting. Agents
need not invest time merely to determine the purpose of calls.

Table 31-A shows sample displays that Call Vectoring DNIS might provide to an ACD agent.

Table 31-1. DNIS Display Information

TYPE OF CALL DISPLAY

I nside call | a=R JONES to CLAIMB \

Qut si de cal | | a=QUTSI DE CALL to SALES \
| SDN cal | | a=212-281-7733 to SERVICE \

Configuration of Call Vectoring DNIS

Call Vectoring provides a simple and direct means of providing the DNIS functionality. In
Procedure 012, Word 1, a discrete and appropriate name is assigned to each VDN and/or trunk
group that directs incoming calls to the split’s queue.

Definitions of the Nine Vector Commands
A set of nine vector operations is provided for the Call Vectoring feature. A list of these commands and
their definitions follows.

* Queueto main split

Queue the call to the specified main split at the specified priority. This command is unconditional.
(After acall is queued, regular ACD software periodically checks the main split’s status to determine
whether the split is steffed. If the split is staffed, ACD software periodically scans for an available
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agent. If an agent is available, the call at the head of queue is quickly connected to the available agent.)
Therefore, if an agent is available at the time acall is queued, regular ACD software quickly distributes
the call to the available agent. If no agents are available at the time the call is queued, the caller can
immediately begin to advance in queue. If the split is not staffed at the time the call is queued, the Call
Vectoring software still queues the call, and vector processing moves to the next step.

Multiple *‘queue to main split’”’ commands are allowed in the same vector. However, VDN calls are
not allowed to be queued to more than one split at atime. When vector processing encounters a second
‘‘gqueue to main split’”’ command, the call is removed from the first split’s queue and then regqueued to
the second split. (The second split could actually be the same split asthefirst.)

* Check backup split

Check for queuing the call to the specified backup split at the specified priority. This command is
conditional. The allowed conditions for overflow include:

— The number of available agents in the backup split

— The number of staffed agentsin the backup split

— The number of queued callsin the backup split's queue

— Theamount of time that the oldest call in the backup split’ s queue has waited to be answered.

Once the ‘‘check backup split’”” command is invoked, the backup split's queue is tested at 2-second
intervals until either:

— The backup split’s conditions are met, and the caller is connected to an available agent or queued to
the backup split.

— Thecall isanswered at the primary answering destination.
— Thecalling party abandons the call.

When a cal is queued to a backup split, the call is removed from the split’s queue where the call may
aready be queued.

* Routeto

Route the call to:

— A local extension humber

— Theattendant queue

— The CAS attendant queue

— A Host Computer Access trunk group

— Another VDN

— A remote location (using the AAR, ARS, DCS, or Main/Satellite feature).

An Abbreviated Dialing group-list item is specified as part of the administration for a ‘‘route to”’

command. Whenever the ‘‘route to’’ command is executed, the digits stored in the list item are
obtained and then used to route the call.

An extension can be designated as the ** controlling extension’’ for the Call Vectoring group list. When
this is done, the user of the controlling extension can change the destinations of ‘‘route to’” commands
without using the MAAP or SMT.
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* Announcement

Connect the call to a specified recorded announcement.

An announcement on the 13A announcement set can be up to 24 seconds long. An announcement on
the 65270 digital announcer set can be up to 16 seconds long. The effective announcement length of
either announcement set can be increased by programming a vector with two or more announcement
steps in sequence. However, these ‘‘chained announcements’ are subject to a delay between
successive announcements in the chain. Each delay can be as long as 3 seconds plus the duration of the
following announcement. Therefore, when an announcement is chained, the provided message should
be understandable with substantial pauses.

If answer supervision has not already been returned for an incoming call, this signal is sent to the
serving switch just before vector processing executes an ‘‘ announcement’”’ step.

Based on time-slot and TM S-blockage considerations, as many as 255 callers per module can listen to
the same recorded announcement at the same time.

Delay

Delay vector processing for a specified number of seconds (while the calling party hears silence,
ringback, or music).

If answer supervision has not already been returned for an incoming call, this signal is sent to the
serving switch just before vector processing executesa‘‘delay with music’” step.

The allowed values for delay intervals are even numbers between 2 and 998 (in seconds).

If the ‘“‘delay’’ step is afinal effective step* of the vector, the audible tone (i.e., ringback or music) can
continue beyond the specified duration. For these ‘‘delay’’ steps, ringback or music would continue
until the call is either answered or abandoned.

For calls routed to vectors from over CO trunks, the calling party hears the initial ringback from the
Central Office (not from vector processing). However, the best ideais to design and program vectors as
if the caling-party feedback were always provided by the vectors. In this way, every vector can be
more generally applied. When a vector is programmed to provide ringback that is actually provided by
the CO, no harm is done. The time slot’s ringback is merely ignored by the CO. But now, this same
vector can be applied, for example, to interna callsand DID trunks.

Go to step

Go to another step in the vector. After branching, vector processing continues at the designated step.
This operation can provide either conditional or unconditional branching.

*

A “‘final effective step’” of avector is either the last vector step or avector step that isfollowed by a‘‘stop’” step.
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When conditional, the allowed conditions for branching include:

— Thetime of day

— The number of available agents in the specified or default split

— The number of staffed agents in the specified or default split

— The number of queued callsin the specified or default split’s queue

— The amount of time that the oldest call in the specified or default split's queue has waited to be
answered.

NOTE: The default split (i.e., no split is specified) is aways taken as the one the call is
currently queued to.

¢ Forced disconnect

Disconnect the calling party from the switch. (An optional disconnect announcement is available.)

Without optional announcement

If answer supervision was not previously returned for an incoming call, the answer supervision
signal is first sent to the serving switch and then the call is immediately disconnected. This
operation is necessary because switching systems cannot disconnect calls that have not been
‘“*answered.”” Therefore, incoming toll calls to which this disconnect operation is applied are billed
the minimum applicable charge. The customer is billed for these calls from over 800 Service
trunks. Theindividual calling parties are billed for each call using the other trunk types.

With optiona announcement

If answer supervision has not aready been returned for an incoming call, this signal is sent to the
serving switch just before vector processing executes the announcement option.

¢ Forced busy
Return busy tone to the calling party (except with automatic CO trunks).

Answer supervision is not returned as this step is executed.
* Stop
Stop vector processing (of additional steps) for thiscall.

If the call is queued to a split, the call remains in the queue. If a‘‘check backup split”’ command was
previously executed, scanning continues for the call. If a‘‘delay’” step is active when the *‘stop’’ step
is encountered, the specified delay treatment (i.e., music, silence, or ringback) continues until the call is
either answered or abandoned.
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Table 31-B shows the success and failure criteriafor each of the nine vector commands.

Table 31-2. Criteriafor Success/Failure of Vector Commands

d

ol

COMMAND

HSUCCEED/FAI L CRITERIA HVECTOR PROCESSING DISPOSITION

[Queue to main split

EA Iways succeeds.

LContinue vector processing with next sequen-
Utial step.

heck backup split

JAlways succeeds.
1l

EContinue vector processing with next

(OFails if routed-to VDN does

gnot terminate to a vector.

O
[Otherwise, succeeds.

B

[sequential step.
outeto* U U

ATTENDANT EAIways succeeds. EExit vector processing. Pass control to
0 [Jprocessing for attendant queue.

CAS UAlways succeeds. UExit vector processing. Pass control to CAS
g Dproc ng.

VDN OFailsif cal would routetothe  [If final effective step in vector, treat this
Usame vector. Ustep as a ‘‘stop’’ step. Otherwise, continue
g gvector processing with next sequential step.

OIf final effective step in vector, treat this step
Uasa‘‘stop’’ step. Otherwise, continue vector
Eproc ng with next sequential step.

UEXit previous vector processing. Pass control
Hto new vector.

ﬂ:ﬂ[]l:ll:ll:ll:ll:lDDDDDDDDDDDED%E]D

* Tenant Services partitioning checks are made.

e m w
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0 coMMAND

E SUCCEED/FAIL CRITERIA

EVECTOR PROCESSING DISPOSITION

Uwith a CO trunk,
answer supervision
7 aready been returned.

E Otherwise, succeeds.

fails if
has not

BContinue vector
) Sequential step.

0

BExit vector processing, and pass control to

processing with next

0 r call processing.
Stop E Always succeeds. U Exit vector processing. Control is passed to
0 [ ACD scanning if caller is queued to split.

0
[ O
CRouteto* (Contd) O 0 0
g EXTENSION g Falsif extensionis active. Ui final effective step in vector, check for an g
0 0 0 idle appearance, idle forwarding destination,
O O por idle hunt-group destination. Step is
O O Oretried at 2-second intervals. Otherwise, O
E E Bconti nue vector processing with next B
0 0 0 sequential step. 0
E E Otherwise, succeeds. U Exit vector processing. Pass control to call B
0 0 j Processing. 0
O OFF-SWITCH [Fails due to a resource failure O If final effective step in vector, retry at 2- O
U U(eg., no Originating Register Usecond intervals. Otherwise, continue U
g 0 or no trunks). 0 vector processing with next sequential step. B
g E Otherwise, succeeds. B Exit vector processing. Pass control to call g
0 o 0 pro<_:ng. _ _ 0
O OTHER OFals due to unknown [OIf fina effective step in vector, treat this O
0 U destination. Ustep as a ‘‘stop’’ step. Otherwise, continue U
H E E vector processing with next sequential step. g
DAnnouncement O Always succeeds. 0 Pass control to announcement software. O
EDelay E Always succeeds. E Pass control to delay timer. B
E‘Goto step gFaiIs if step condition is not BContinues vector processing with next B
0 0 met. 0 sequential step. 0
g ESJcceeds if step condition is BContinues vector processing with the B
O 0 met. O destination step. 0
UForced disconnect O Always succeeds. O Conditionally under control of O
E E U announcement software. Then, exit vector B
0 0 0 processing, and pass control to call 0
0 0 [] processing. 0
a
0
0
0
0
0
0
U
0
t
0
0

OOoOogooooonO

* Tenant Services partitioning checks are made.
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Fundamentals of Designing and Programming Vectors

Designing and programming vectorsis afairly straightforward process. The Call Vectoring *‘ programming
language'’ provides three basic types of ‘‘control flow’’ to pass vector-processing control from one vector
step to another.
¢ Serid flow
Serial flow passes vector-processing control from the current vector step to the following step.

¢ Conditional branching

When the vector’s condition is met, conditiona branching (e.g., go to step 8, if T.0.D. between 5:00
p.m. and 7:00 am.) passes control from the current vector step to the specified vector step (in this
example, Vector Step 8). If not, control is passed to the following step. This example of conditional
branching appears in Vector G: ‘‘Providing Conditional Night Service for the Attendant Queue or an
ACD Queue.”” Other examples of conditional branching also appear in the sample vectors.

¢ Unconditional branching.

Unconditional branching (e.g., go to step 2) aways passes control from the current vector step to the
specified vector step (in this example, Vector Step 2). This example of unconditional branching appears
in Vector K: ‘*Providing a Repeated Delay Announcement.’”’” As used in that vector, the unconditional
branch establishes an apparent ‘‘endless loop’’ between the final step (go to step 3) and Step 3 that has
the effect of repeating a recorded announcement. The loop, however, isn't really endless. Normally,
vector processing would stop when an agent answers the call. On most other occasions, vector
processing would stop when the System 85 has recognized that the calling party has abandoned the call.
Otherwise, in a‘‘permanent seizure’’ condition, a set of timers and counters (with threshold values) is
used by the Call Vectoring feature to decide when the cal’'s facilities should be automatically
disconnected.

Other examples of unconditional branching also appear in the sample vectors.

Sample Applications of Vectoring

A. Limiting an ACD Queue

1. gotostep4,if morethan 7 calls are queued to split 15

2. queueto main split 15 at low priority (Split 15 contains perhaps eight agents.)

3. stop

4. forced disconnect with announcement 17 (‘‘Every lineisbusy. Please call back later.’)
B. Providing an ACD Split to Handle Emergency Calls

1. queuetomainsplit 9, at low priority (Split 9 contains from oneto four agents.)

2. gotostep 4, if morethan 30 callsarein queue

3. stop

4. announcement 20 (‘‘We are aware of the wide-spread situation. Efforts are being taken to

rectify the problem. If your call is not urgent, please call back later. If it is, please wait. Your
call will be answered as soon as possible.’’)



31-14

CALL VECTORING

C. Providing a Specific Emergency Announcement

1
2.

3.
4,

gueue to main split 9 at low priority (Thisisthe same split asin the previous vector.)

announcement 99 (‘‘We are aware of the power outage in Plainfield. If you still need help,
please wait."")

delay 300 seconds with music
stop

D. Providing a Forced Announcement to Handle Emergency Calls

1

2.
3.
4,

announcement 21 (‘‘We are aware of the current situation. Efforts are being taken to rectify
the problem. If your call is not urgent, call back later.”’)

delay 6 seconds with music
gueue to main split 9 at low priority

delay 200 seconds with music

E. Providing aForced Announcement for the Attendant Queue

1

2.
3.

announcement 21 (‘‘We are aware of the current situation. Efforts are being taken to rectify
the problem. If your call is not urgent, call back later.””)

delay 8 seconds with music

route to 3400 (LDN to access the attendant queue)

F. Basing Delay Intervals on the Number of Callsin an ACD Queue

1

9.

© N o o~ w D

gueue to main split 6 at low priority (Split 6 contains perhaps 16 members)
go to step 5, if more than 16 callsin queue

go to step 6, if more than 8 callsin queue

gotostep 7

delay 6 seconds with ringback

delay 6 seconds with ringback

delay 16 seconds with ringback

announcement 16 (‘‘Our agentsare busy. Please wait. Calls are being answered in their order
of arrival.””)

stop

G. Providing Conditiona Night Service for the Attendant Queue or an ACD Queue

1
2.

N o g M

goto step 8, if T.O.D. between 5:00 p.m. and 7:00 am.

(Steps 2 through 7 represent vector processing during work hours.)

stop
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8.

route to 3300 (VDN to access acommon vector for the night announcement)

H. Providing the Night-Service Announcement

1

2.

announcement 19 (‘‘We are closed for the evening. Please call back between the hours of
7:00 am. and 5:00 p.m.”")

forced disconnect

Using AUDIX to Provide Night Service for Message Center

1

B R
N 2O

13.

© © N o o &M w DN

gotostep 8, if T.O.D. between 4:30 p.m. and 7:30 am.
gueue to main split 47 at high priority (Split 47 isthe Message Center split.)
delay 18 seconds with ringback

(Steps 2 through 7 represent vector processing for Message Center.)
stop
gueue to main split 54 at high priority (Split 54 isthe AUDIX split.)

delay 14 seconds with ringback

(Steps 8 through 13 represent vector processing for AUDIX.)

J. Providing an Information Announcement for Callers

1

2.

forced disconnect with announcement 25 (‘‘Today has been declared a snow day. Please
report for work tomorrow at 8:00 am.’")

or

announcement 26 (‘‘This factory is closed for the Christmas holidays. We will reopen on
Tuesday, January 6. Please call back after this date.”’

forced disconnect

K. Providing a Repeated Delay Announcement

L.

1
2.
3.

4,
5.

gueue to main split 53 at low priority
delay 30 seconds with ringback (The duration of aring cycle is approximately 5.2 seconds.)

announcement 16 (‘‘Our agentsare busy. Please wait. Calls are being answered in their order
of arrival.””)

delay 20 seconds with music (or silence)

gotostep 3

Providing Conditional Intraflow for an ACD Split

1

gueue to main split 21 at medium priority
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2. gotostep 4, if oldest call in main split’s queue has waited more than 45 seconds
stop

4. check backup split 22, queue if less than 5 calls in backup split's queue NOTE: This version
of “*conditional intraflow’’ differs from the ACD version. This Call Vectoring algorithm
diverts the newest call (not necessarily the last cal) in queue, whereas the ACD version
divertsthefirst call (not necessarily the oldest call) in queue.

M. Providing Unconditiona Intraflow for an ACD Split
1. gotostep5, if there are no staffed agents
gueue to main split 21 at medium priority
delay 30 seconds with ringback
stop
route to 3500 (VDN of another local ACD split)

o > WD

NOTE: This version of ‘‘unconditiona intraflow’’ can be used when an ACD split is
inactive. However, thisversion is slightly different from the standard ACD version. This
version automatically activates after every agent enters the unstaffed mode, whereas the
ACD version is activated by the split supervisor.

N. Scanning Multiple Backup Splits
1. queueto main split 37 at low priority (Split 37 contains perhaps 30 agents)
go to step 4, if the number of staffed agentsislessthan 16
stop
check backup split 11, queue at low priority if more than 1 available agent*

o > WD

check backup split 12, queue at low priority if more than 1 available agent
6. check backup split 13, queue at low priority if more than 1 available agent
O. Combining the Conditions of ‘‘ Check Backup Split"" Commands
1. queueto main split 56 at medium priority (Split 56 contains perhaps 10 agents)
2. check backup split 57, queue at high priority if main split hasless than 2 staffed agents

3. check backup split 57, queue at high priority if the oldest call in main split’s queue has waited
more than 34 seconds

4. delay 10 seconds with ringbackt
P. Gracefully Closing an ACD Split

*  Multiple*‘check backup split'"” commands should be programmed in descending order of preference. Usually, when the conditions
of more than one *‘check backup split”” command are met, the cal queues to the first split in the sequence that meets the
conditions[in this case, Split 11 (or 12)].

T Sincethis‘‘delay’’ stepisthefinal effective step of the vector, the audible tone (in this case, ringback) can continue for more than
10 seconds. Ringback continues until the call is either answered or abandoned. (Actually, the processor occupancy would be
lower if the**10"" were changedto ‘‘2,”" and thisfinal effective step would have the same effect.)
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g > w NP

9.
10.
11.
12.

13.

gotostep 13, if T.O.D. between 4:00 p.m. and 8:00 am.
gueue to main split 52 at low priority

goto step 8, if T.O.D. between 3:56 p.m. and 4:011 p.m.
delay 20 seconds with ringback

announcement 16 (‘* Our agents are busy. Please wait. Calls are being answered in their order
of arrival.””)

delay 10 seconds with music
stop

announcement 22 (‘*It is nearly 4:00, closing time for this office. We are trying to serve your
cal. If we can't, please call back between 8:00 and 4:00, Monday through Saturday.’’)

delay 6 seconds with music
gotostep 12, if T.O.D. between 4:00 p.m. and 4:15% p.m.
gotostep 9

forced disconnect with announcement 23 (‘‘We are sorry. This office has closed. To be
assured of service, please call back between 8:00 and 3:45 Monday through Saturday.’’)

forced disconnect with announcement 24 (‘‘Please call back during business hours: 8:00 to
4:00, Monday through Saturday.’’)

Q. Exampleof aChained Vector for ACD

W DN PE

10.

gueue to main split 59 at low priority (Split 59 contains perhaps 25 agents.)
gotostep 15, if D.O.W. is Saturday or Sunday /* Branch for weekends */
gotostep 15, if T.O.D. between 4:30 p.m. and 7:30 am. /* Branch for evenings */
goto step 12, if morethan 35 callsin main split’s

gueue /* Branch when severely overloaded */

go to step 10, if oldest call in main split’s queue has

waited more than 36 seconds /* Intraflow - mild overload */
delay 30 seconds with ringback /* Normal processing for queue 59 */

announcement 16 (‘‘Our agentsare busy. Please wait. Calls are being answered in their order
of arrival.””)

delay 20 seconds with music (or silence)
gotostep 7
check backup split 1, queue at low priority if less than 10 callsin backup split’s queue

T The upper time boundary isset to 4:01 to ‘‘trap’’ the occasional callsthat cross the previous 4:00 boundary.

t Thisupper boundary is rather arbitrary. Consider, however, that this 15-minute interval is considerably longer than the combined
duration of Steps8and 9.
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11. gotostep6

12. announcement 17 (‘‘Every lineisbusy. Pleasecal back later.””)

13. forced busy

14. stop

15. routeto VDN 3307 (‘*3307"’ isaVDN to access the continuation vector.)
Continuation Vector

1. announcement 18 (‘‘Please call back during business hours: 7:30 to 4:30, Monday through
Friday.”")
2. forced disconnect

USER OPERATIONS

To Verify a Recorded Announcement

An ACD split supervisor should:

* Go off-hook on anidle appearance. [Dial tone]

¢ Dia the Announcement Verify access code, or press the VERIFY ANNCT button (an Abbreviated
Dialing button with the Announcement V erify access code as the stored number). [Second dial tone]

¢ Dial the 2-digit announcement number (e.g., 08).
* Listen to the announcement.
* Go on-hook, or press the RELEA SE button.

To Extend an Attendant Call to a Vector Directory Number

An attendant should:

* Pressthe ANSWER button. [Talking connection between the attendant and the calling party]

* Pressthe START button. [The switch returns dia tone and places the calling party in soft hold.]
¢ Did the vector directory number. [The switch returns ringback tone to the attendant.]

* Pressthe RELEASE button within 4 seconds. [Vector processing begins for the calling party.]

NOTE: If the attendant does not release within 4 seconds, the switch will complete the call
to an idle answering destination. If an available answering destination is not found, the
switch will return reorder tone to the attendant.

A centralized attendant should:

* Press the ANSWER button. [Talking connection between the centralized attendant and the calling
party]
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* Pressthe START button. [The switch returns dia tone and places the calling party in soft hold.]
* Did the vector directory number. [The switch returns ringback tone to the centralized attendant.]
* Pressthe RLT RELEASE button within 4 seconds. [Vector processing beginsfor the calling party.]

NOTE: If the centralized attendant does not release within 4 seconds, the switch will
complete the call to an idle answering destination. If an available answering destination is
not found, the switch will return reorder tone to the attendant.

CONSIDERATIONS

Switch Capacity
System 85 software alows for as many as 128 vectors to be defined within the switch.

Each vector can contain as many as 15 call-processing steps. This 15-step maximum can be
exceeded by ‘‘chaining’’ two or more vectors together. This is done by programming a ‘‘route to
VDN’ step asthe final step in each vector (except the last vector in the chain). The ‘‘route to VDN’
step serves as the “‘link’’ between successive vectors. The VDN specified in the *‘route to VDN’
step of a vector is administered to terminate to the next vector in the chain. In this way, two chained
vectors could provide as many as 29 effective call-processing steps. Three chained vectors could
provide as many as43[i.e., 15n — (n — 1)] effective call-processing steps.

NOTE: When ‘‘routeto VDN’ steps are used to chain vectors, these commands are not
allowed to route calls back to the same vector. When this is attempted, vector processing
ignores the request, and continues processing with the next vector step. If the ‘‘route to
VDN’ step is the last step in the vector (or immediately followed by a ‘‘stop’” step),
vector processing treats this‘‘routeto VDN’ stepasa‘‘stop’’ step.

To repeat execution of the same vector, use the command ‘‘go to step 1.”" This command
has a similar effect to the disallowed *‘route to’* command, and uses less call-processing
time.

NOTE: When ‘“‘route to VDN'' steps are used to chain vectors, vector processing stops
for the first vector, and then vector processing assumes control of the continuation vector.
As aresult of this discontinued processing for the first vector, calls are removed from any
gueue they are in, and any scanning (at 2-second intervals) invoked by a ‘‘ check backup
split’”’ command also stops. Therefore, whenever a call should be queued or whenever
scanning should proceed in the continuation vector, the ** queue to main split’”’ and *‘ check
backup split’’ step(s) must be repeated as steps in the continuation vector.

As many of the 128 vectors as desired can terminate to the same answering destination.

Each vector can be assigned to as many VDNSs as desired, and each VDN can be assigned to as many
of the 982 administrable trunk groups as desired.
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As many as 84 SN231 recorded announcement trunks (numbers 16 through 99) can be assigned for
use with Call Vectoring. The Intercept Treatment feature also uses recorded announcement trunks.
Thefirst 15 recorded announcements are reserved for the Intercept Treatment feature.

Recorded Announcement Limit

Based on time-slot and TMS-blockage limitations, as many as 255 callers per module can listen to
the same recorded announcement at the same time. In practice, the limit is considerably lower.

The Call Vectoring software adds calling parties who are waiting for an announcement to an
unlimited ‘‘waiting queue.’”’ Between announcement cycles, the calls at the head of the waiting
gueue are moved to a ‘‘listening queue.”” This software can move up to 144 callers to the listening
gueue before the beginning of the next announcement, but will continue to add parties after the
announcement begins. In the worst case, the 255th caller would not hear the first 1.4 seconds of this
announcement.

If more than 144 calling parties are routinely being added to the same listening queue, consider
reengineering the ACD configuration.

Call Vectoring in an ACD Environment
When the Call Vectoring feature is enabled in an ACD environment, some of the basic ACD
functionality isdisabled. The disabled ACD functionality includes:
* Associating splits with trunk groups
¢ Routing callsto ACD splits using associated extension numbers
* Providing thefirst delay recorded announcement for a split
* Providing the second delay recorded announcement for the switch
¢ Providing intraflow from a split’s queue viathe Call Forwarding feature

¢ Providing interflow from a split's queue via the Overload Balancing function or the Call
Forwarding feature

¢ Specifying a split number (from 1 to 60) asthe final point in a coverage path.
The Cadll Vectoring feature provides an alternate method for implementing these functions, and if
desired, vectors can be administered to emulate the disabled ACD functionality.

“‘Scratch-Pad’’ Vector Administration

Vectors can be administered while the switch is actively processing calls. However, once a vector
assumes control of processing for a specific call, that vector cannot change until processing for the
call isfinished.

When a vector is modified, System 85 enters a transitional phase of vector processing. During the
transition, the switch accepts the new vector as a‘‘temporary vector,”” and immediatedly applies this
vector to every new cal that accesses the vector. Meanwhile, the old ‘‘permanent vector’’ still
controls processing for every call that accessed the vector before the modification. After the switch
finishes processing these ‘‘old calls,”’ the old vector is replaced with the new vector as the new
‘‘ permanent vector.’’

Special Function Charactersand ‘*Route To’’ Commands

When an Abbreviated Diding list item for Call Vectoring is programmed, the special function
characters (e.g., pause, wait, and mark) must not be used. The ARS and AAR features automatically
handle the timing to complete these calls. So, only the digits for a*‘‘route to’’ destination should be
programmed.
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If special characters are programmed into a Call Vectoring group-list item, then the ‘‘route to”
command that usesthe list item will fail.

Adjunct Machine Numbers

At most, each vector can point to one Message Center AP and one AUDIX adjunct. Therefore,
vectors with multiple *‘ queue to main split’” or **check backup split’”’ commands should be carefully
programmed.

As an example, it is legal to queue to a Message Center split on one AP. It would aso be legal to
check several backup Message Center splits that correspond to the same AP. However, Procedure
030, Word 3 would return an administration error if one or more of the vector's *‘ check backup
split”” commands pointed to a split on adifferent AP.

As another example, it islegal to queue to the AUDIX split corresponding to one AUDIX adjunct. It
is aso legal to base a conditional branch on the status of that queue. However, Procedure 030, Word
3 would return an administration error if the vector tried to overflow calls to a different AUDIX
adjunct’s split.

However, as previously shown in Vector |, it is legal to provide automatic night service for a
Message Center split by redirecting callsto an AUDIX split after hours. Vector | reaches the limit by
pointing to one AP and one AUDIX adjunct.

Testing the Vectors

Customers are encouraged to use creativity in designing vectors that fully address an individual
switch’'s needs. However, vector processing is a powerful software tool that, without exercising due
caution, could produce highly undesirable and unexpected results in response to an ill-conceived or
misprogrammed vector. It is strongly recommended that every vector (especially vectors with
untried sequences of steps) be fully tested before they are placed in control of actual call processing
or written to permanent trang ation on the HCMR tape.

To facilitate vector testing, one VDN, one vector, and a few answering destinations of each type can
be reserved for testing purposes. The logic within this test vector (perhaps, Vector 128) should be
identical to the logic in the planned vector. However, the conditional parameters (e.g., greater than
30 callsin queue) can be relaxed to simplify the testing process. In this way, the logic of Vector 128
can be tested to ensure effective and sane results. After a successful test phase, the conditional
parameters in Vector 128 are set to the desired values, and then Vector 128 is copied to another
vector number. (At this point, Vector 128 can be removed.) In turn, the new duplicate vector is
assigned to the VDN planned for usein actual call processing.

““Route To'" Steps and CM S M easurements

Asacall to an ACD split isacted upon by a‘‘routeto’’ step within a vector, the call’ s identity within
the switch changes. This call is no longer recognized as an ACD call, and the switch sends the final
message to the CM S for this call. Therefore, once processed by a*‘routeto’’ step, calls are no longer
captured on the CM S measurement reports. (However, ‘‘route to VDN’ steps are recaptured in the
CMS measurements once vector processing is reinitiated.)

Final ‘‘Delay’” Steps
The last ‘‘delay’’ step in a vector can be timed by vector processing for any even value between 2
seconds and 998 seconds. For any value chosen, the calling party hears the programmed audible
feedback (ringback or music) beyond the delay timing until the call is either answered or abandoned.

Therefore, setting the delay interval to 2 seconds can be a good idea. In this way, the vector
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processing finishes as quickly as possible with no interruption to the ringback or music. This strategy
has the benefit of conserving processor occupancy for the switch.

However, setting this delay interval to 2 seconds can aso change the meaning of the CMS statistic
““Total Time in Vector.”” As the fina 2-second timing elapses for each call, the switch sends a
message to the CM S indicating that vector processing has finished. So, vector processing can finish
before an answering destination actually answers acall. In the CMS environment, it might be more
desirable to ensure that the ‘“Total Time in Vector'’ accurately reflects the amount of time for
answering each VDN call. If so, set thetiming for final ‘‘delay’’ stepsto a much higher value.

Permanent Seizure Counters and Timers

To help the switch recover from permanent trunk seizures, the Call Vectoring software contains three
counters. For VDN calls from over incoming trunks, one or more of these counters is invoked to
limit the duration of permanent seizure conditions. These countersinclude:

* ““Route To'’ Retry Counter

While afinal effective ‘‘routeto’” step is being retried, this counter’s task is invoked at 5-minute
intervals. After the counter has incremented 8 times (approximately 40 minutes), the switch
assumes a permanent seizure condition and tears down the connection.

‘*Check Backup Split'"’ Command Counter

During vector processing, this counter keeps track of the number of times that a *‘ check backup
split’” command has been executed. After the counter has incremented 1000 times (2000 seconds
for 1 ‘‘check backup split’”’ command, 1000 seconds for 2 *‘ check backup split'’’ commands), the
switch assumes a permanent seizure condition and tears down the connection.

‘“Go To Step’’ Command Counter

During vector processing, this counter keeps track of the number of times that a ‘‘go to step’”’
command has been executed. After the counter has incremented 1000 times, the switch assumes
a permanent seizure condition and tears down the connection. (This is the counter that prevents
“‘endlessloops.’’)

The Cal Vectoring software also contains two 20-second timers to minimize permanent trunk
seizures. Thesetimersinclude:

¢ ‘“‘Forced Busy’’ Command Timer

Each time a vector executes a ‘‘forced busy’’ command on an incoming trunk call, this timer is
invoked. After 20 seconds elapse, the switch checks the trunk connection. If the connection is
till active, the switch assumes a permanent seizure condition and tears down the connection.

‘‘Forced Disconnect’’ Command Timer

Each time a vector executes a ‘‘forced disconnect’”” command on an incoming trunk call, this
timer is invoked. After 20 seconds elapse, the switch checks the trunk connection. If the
connection is still active, the switch assumes a permanent seizure condition and tears down the
connection.

O

O Oood
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Logical Patternsto Avoid
A ‘‘go to step’”’ command should never direct vector processing to itself. As an example, consider
this vector sequence that could have occurred by adding Steps 2 and 3 to an old vector.

1. queueto main split 46 at priority O

check backup split 47, queueif lessthan 7 callsin split 47's queue
check backup split 48, queue if lessthan 7 calsin split 48's queue
go to step 4, if time of day is between 5:00 p.m. and 8:00 am.
stop

o oA W N

. routeto (anight service destination)

In addition to the logical problem caused by Step 4, this command causes a severe problem for vector
processing*. Step 4 does nothing but consume vast amounts of switch processor time. This
command would consume 6 milliseconds per calling party per second.

IR

This same ill effect can also be consciously programmed by ‘‘daisy chaining go to step”

commandst. The following sequenceis an example.

1. gotostep?2
2. gotostep3
3. gotostepl

Since ‘*check backup split”’ commands are heavy consumers of switch processor time, excessive use
of these commands should be avoided. Each ‘‘check backup split’”” command consumes 1/2
millisecond of processor time per calling party per 2-second interval. So, one of these commands
making checks for 400 calling parties would increase processor occupancy by approximately 10
percent. Or, two commands making checks for 200 calling parties would also increase processor
occupancy by about 10 percent. Likewise 800 caller-checks would increase processor occupancy by
about 20 percent.

Limited Integrity Checks

Before accepting a vector to permanent memory, administration software performs three limited
integrity checks on each programmed vector. However, these integrity checks do not substitute for
thorough vector testing. The checks include:

¢ Ensuring that the destination step of every ‘‘go to step’”’ command exists in the vector
¢ Ensuring that every time-of-day branch has both a starting time and an ending time

¢ Ensuring that if the start time of a time-of-day branch is programmed as ‘‘every day,”’ then the
end time isalso programmed as ‘*‘every day’’ (and vice versa).

Hard and Soft Processor Swaps
Stable VDN callswill endure a hard processor swap.

* At the time of this writing, an integrity check is planned to ensure that a“‘‘go to step’” command does not direct vector processing
toitself.

T Anintegrity check isnot planned to prevent daisy chaining.
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Permanent vectors are stored in atranglation portion of switch memory. Therefore, these vectors will
endure a hard processor swap.

Transition vectors are stored in atranglation portion of switch memory. Therefore, these vectors will
endure a hard processor swap.

The unwritten scratch-pad vector is stored in a status portion of switch memory. Therefore, these
vector statements are lost during a hard processor swap.

The contents of the Abbreviated Dialing group list for Call Vectoring are stored in a trandation
portion of switch memory. Therefore, these ‘‘route to’’ destinations will endure a hard processor

swap.

Vector processing is disrupted during a hard processor swap. For example, VDN calls are removed
from queue, check-backup-split scanning ceases, and the switch buffer for CM S messagesiis cleared.

The Call Vectoring feature operates normally during a soft processor swap.

INTERACTIONSWITH OTHER FEATURES

Abbreviated Dialing

In addition to the System List which is authorized separately, the Abbreviated Dialing feature permits voice
terminal usersto access a maximum of two Abbreviated Dialing lists: two group lists, two personal lists, or
one group list and one personal list. The vector-group list counts as one of these two lists. Therefore, if a
voice terminal user is designated as the controller of the vector-group list, the controller can only have
access to one other persona or group list.

If the vector-group list controller shares Abbreviated Dialing with a data terminal, both the voice and data
terminal must use the same personal or group list for Abbreviated Dialing. Normally this will not pose a
problem as that list can contain up to 95 entries. To help keep voice termina and data terminal list entries
separate, it is recommended that this list be allowed the full 95 members and that one terminal use only the
low-order entries (01 to 49) and the other terminal use only the high-order entries (50 to 95).

Call Vectoring group-list items must not contain special function characters (e.g., pause, wait, and mark).
The ARS and AAR features automatically control the timing for routing cals to the destinations of ‘‘route
to’’ commands.

Attendant Control of Trunk Group Access

If vector processing encounters a ‘‘route to’’ step where the call would route over a trunk group that is
currently controlled by the attendant, the ‘‘route to’’ step is not executed. Instead, if the ‘‘routeto’” stepis
the final effective step in the vector, the switch treats the ‘‘route to’” step asa‘‘stop’” step. If vector steps
follow the ‘‘route to’’ step, vector processing continues with the next sequential step.



CALL VECTORING 31-25

Attendant DXS (Direct Extension Selection) With BLF (Busy Lamp Field)

An attendant can use the appropriate DXS buttons to place or extend calls to a VDN. However, since a
VDN's associated vector is never redly ‘‘busy,”” the BLF lamps adjacent to these DXS buttons are never
lit.

Attendant Display

When Call Vectoring redirects coverage calls to the attendant queue, the attendant who answers the
redirected call receives the usua Calling Party Identification on the alphanumeric display. The called
principa’sidentification is not provided.

AUDIX (Audio Information Exchange)

A vector can have a‘‘ queue to main split’’ step or a‘‘routeto’” (AUDIX extension number) step that routes
cals to an AUDIX split. However, if the DCIU link is down or if every voice port to that AUDIX is
unstaffed, these calls are not directed to the AUDIX queue. Instead, the switch returns reorder tone to the
calling party.

AAR (Automatic Alternate Routing)

In Procedure 010, Word 3, an FRL (Facilities Restriction Level) is assigned to VDNSs for use with the
““route to’’” command. The FRL of a VDN is used to determine whether the call is allowed to route over
available private network facilities.

ACD (Automatic Call Distribution)

When Call Vectoring is enabled in an ACD environment, the abandon call search function operates
normally. During any step of the call-processing for incoming calls provided by a vector, the check for
abandoned calls is performed just before ringing an idle agent. The switch only distributes the call to an
agent when the trunk is found active at the CO (Central Office).

When Call Vectoring is enabled in an ACD environment, the queue-status display function operates
normally. These agents receive the full queue-status information as each ACD call is received. These
agents can also manually update the display information using the NORMAL MODE button.

When Call Vectoring is enabled in an ACD environment, the multiple call handling function operates
normally. When an agent receives a distributed call that was processed by a vector, the agent can place the
call on hold and remain available to receive another call that is distributed from the split’s queue.

When Call Vectoring is enabled in an ACD environment, queue warning lamps can still be provided. (The
warning lamp threshold for each split is still assigned in Procedure 026, Word 1, Field 5.) However, the
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meaning of lamp activity on the 30A8 is dightly modified. The appropriate lamp still lights when the
number of callsin the split’s queue is greater than or equal to the assigned threshold. With Call Vectoring
assigned, however, the assigned queue warning threshold can be a different value than the parameter(s)
within the vector itself that actually divert callsto aternate destinations.

Automatic Callback

The switch denies activation of Automatic Callback toward a VDN. When this is attempted, the switch
returns intercept tone to the activating party.

Whenever a‘‘forced busy’’ step in avector returns busy tone to a calling party, the switch denies activation
of Automatic Callback in response to the busy tone. When this activation is attempted, the switch returns
intercept tone to the calling party.

ARS (Automatic Route Selection)

In Procedure 010, Word 3, an FRL is assigned to VDNs for use with the *‘routeto’” command. The FRL of
aVDN isused to determine whether the call is allowed to route over available public network facilities.

The ARS Tall Restriction does not limit the routing of ‘‘route to’’ steps to destinations outside the switch.
If ARS Toll restriction isassigned to aVDN's class of service, this assignment isignored.

Busy Verification of Lines

An attendant is not allowed to activate busy verification toward aVDN. When thisis attempted, the switch
returns intercept tone to the attendant.

Call Coverage

A vector directory number can be assigned as the final point in a coverage path. When thisis done, the full
flexibility of the Call Vectoring feature can be applied to the redirected call. The corresponding vector
could be programmed to queue the redirected call to an ACD split (including an AUDIX or a Message
Center split). Furthermore, the vector’'s processing could also vary by time of day (to provide night service)
or by the status of the split’'s queue (to provide intraflow or interflow).

When a VDN is assigned as the final point in a coverage path, a principal’s temporary bridged appearance
isremoved at the time that vector processing assumes control of aredirected call.

A vector can have a‘‘route to’’ step that routes calls to an extension with coverage assigned. When thisis
done, the destination extension’s coverage isignored.
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Call Forwarding—Busy and Don’t Answer

The Call Forwarding—Busy and Don’t Answer feature cannot be used to forward callsto aVDN.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward cals for the
supervisor's individual extension. Without Call Vectoring assigned, Call Forwarding—Busy and Don’t
Answer isinstead used to forward calls which are directed to the split’s queue.

Call Forwarding—Don’t Answer

The Call Forwarding—Don’'t Answer feature cannot be used to forward callsto aVDN.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward calls directed to the
supervisor's individual extension. Without Call Vectoring assigned, Call Forwarding—Busy and Don’t
Answer is instead used to forward calls which are directed to the splits queue. (This is true even if Call
Forwarding—Don’t Answer is assigned to the supervisor’s class of service.)

Call Forwarding—Follow Me

The Call Forwarding—Follow Me feature can be used to forward calls to a VDN. When this is done, the
forwarded-to vector controls call processing for the forwarded call. For example, the call could enter an
ACD gplit's queue (including AUDIX or Message Center) and be processed according to the vector’'s
programming.

With Call Vectoring assigned, an ACD split supervisor can use this feature to forward cals for the
supervisor's individual extension. Without Call Vectoring assigned, Cal Forwarding—Follow Me is
instead used to forward calls which are directed to the split’s queue.

Call Waiting

If a single-appearance termind is the destination of a*‘‘route to’” command, an incoming call will not wait
on the terminal. Instead, if the ‘‘route to’’ command is the last vector step, vector processing will attempt
to redirect the call to an idle forwarding destination or coverage point. Thisfina vector step is retried at 2-
second intervals. If the ‘‘route to’’ command is not the last vector step, vector processing will continue
with the next sequential step.

CAS (Centralized Attendant Service)

A centralized attendant is allowed to extend callsto aVDN. When thisis done, the switch returns ringback
tone to the attendant. At this time, the centralized attendant should release the call and return to other
activity. If the centralized attendant does not release within 4 seconds, the switch will complete the call to
an idle answering destination. If an idle answering destination is not found, the switch will return reorder
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tone to the attendant.

A centralized attendant is not allowed to place direct calls to a VDN over an RLT (Release Link Trunk).
When thisis attempted, the switch returns intercept tone.

Vector processing is not available for incoming calls to backup voice terminals at a branch location.
Entering a VDN in Procedure 211, Word 2 as the extension number of a backup voice termina is not
allowed. When thisis attempted, an administration error will occur.

Conference—ThreeParty

A multiappearance voice terminal user on a 2-party call is allowed to add the recipient of a VDN call to a
3-party conference. However, the second press of the CONFERENCE button in the conferencing operation
is ignored until the recipient of the VDN call has actually answered the cal. (That is, the second button
pressisignored during vector processing.)

A single-appearance voice terminal user on a 2-party call is also allowed to add the recipient of a VDN call
to a 3-party conference. However, the controlling party must execute the second button press (of the
switchhook or the RECALL button) after the recipient of the VDN call has actualy answered the call. If
the controlling party executes the second button during vector processing, the soft held party is reconnected
to the controlling party, and the conference attempt does not succeed.

Display—Voice Terminal

When queue-status displays are assigned for Call Vectoring in the ACD environment, these displays use 8
characters (6 digits and 2 spaces) of the available 40 characters. Further, these eight characters overlap with
the source and destination fields on the 40-character display. Therefore, unless the source and destination
names are fairly brief, these names are more likely to be truncated when queue-status displays are enabled.

DCS (Distributed Communications System)

A ‘“‘routeto’’ command can be used in vector processing to route calls to a distant DCS node. Beyond this
functionality, no DCS transparency is provided. System 85 does not provide message correspondence over
DCIU links that is unique to Call Vectoring. ‘‘queue to main split’” and ‘‘check backup split'”’ commands
can only be applied to ACD splits within the local DCS node.

Given these limitations, ‘‘route to’” commands could be used to route calls to an associated extension
number or VDN at a distant DCS node. The distant associated extension number or VDN can, in turn,
terminate to a centralized AUDIX or Message Center queue.
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DID (Direct Inward Dialing)

If the DID restriction is assigned to a VDN'’s class of service, this restriction is not applied to the VDN'’s
vector processing. Even if this restriction is assigned to the class of service, DID calls are alowed to
terminate to the vector.

FRL (Facilities Restriction Level)

In Procedure 010, Word 3, an FRL is assigned to VDNs for use with the *‘routeto’” command. The FRL of
a VDN is used to determine whether the call is allowed to route over available network facilities.

Hunting

A vector directory number cannot be assigned to a Hunting sequence. When this is attempted, an
administration error will occur.

A member of a hunt group can be assigned as the destination of a ‘‘route to’’ vector step. When this is
done, the call terminates to an idle extension in the hunt group when the routed-to extension is busy.

I PA (Interpartition Access)

A voice terminal user (in a partition other than Extension Partition 0) is allowed to call (using an extension
number) a VDN assigned to an extension partition in the same partition group or assigned to Extension
Partition 0. If the user tries to call a VDN assigned to another group’s extension partition, the switch will
return intercept treatment.

The ‘‘route to’’ vector command can route cals to an extension in the VDN's partition group or to
Extension Partition 0. If a ‘‘route to’’ command is programmed to route calls to another extension
partition, the switch will treat afinal effective ‘‘routeto’” stepasa‘‘stop’’ step. Otherwise, the ‘‘route to’’
step isignored, and vector processing continues with the next sequential step.

M essage Center

Message Center agents are normally allowed to transfer calls to VDNs. However, there may be some
vectors that would provide undesirable treatment for these transferred calls. Transferring acall toaVDN is
blocked whenever undesirable treatment would resullt.
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Modem Pooling

The “‘route to'’ step of the Call Vectoring feature is compatible with the Modem Pooling feature.
Whenever a conversion resource is needed to complete the call to a ‘‘route to’’ step’s destination, these
conversion resources will be inserted.

Multiple Listed Directory Numbers

A vector directory number cannot be assigned as a system LDN in Procedure 204, Word 1. When thisis
attempted, an administration error will occur.

In order to route public network calls to the attendant queue with a VDN, the vector must contain a *‘ route
to’’ command that directs these calls to the attendant queue. However, vector treatment of calls within the
attendant queue is not available. Vector steps (e.g., recorded announcements, conditional go to steps,

forced busy, and forced disconnect) can be applied to these calls before they enter the queue. However,
once a call enters the attendant queue, vector processing stops.

Music-on-Hold Access

The music interface that can be provided with a ‘‘delay’’ step is functionally independent of the system-
wide Music-on-Hold feature. To provide music for vector processing only, the music source should be
provided, and the Music-on-Hold software should be fully administered. Then, to turn off the regular
Music-on-Hold feature, Field 11 of Procedure 275, Word 1issetto‘*0.”

Override

Override calls cannot be placed to VDNs. When thisis attempted, the switch returns intercept tone.

Precedence Calling

The precedence level of AUTOVON calls that are directed to or forwarded to a VDN are checked. If the
precedence level is higher than ‘*Routine,’’ the call does not terminate to the vector. Instead, the call is
redirected to the attendant queue.

Priority Calling

Priority calls cannot be placed to VDNs. When thisis attempted, the switch returns intercept tone.
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Restriction—Attendant Control of Voice Terminals

An attendant is not allowed to activate an Attendant Control of Voice Terminals restriction against a VDN.
When thisis attempted, the switch returns intercept tone.

Restriction—Code Restriction

The Code Restriction feature does not limit the routing of ‘‘route to'’ steps to destinations outside the
switch. ‘‘Routeto’’ steps utilize AAR/ARS software to route these calls, and Code Restriction checks are
not made by the AAR/ARS software.

Restriction—Toll Restriction

The Toll Restriction feature does not limit the routing of ‘‘route to’’ steps to destinations outside the
switch. ‘‘Route to’’ steps utilize AAR/ARS software to route these calls, and Toll Restriction checks are
not made by the AAR/ARS software.

Restriction—Voice Terminal Restrictions

Voice terminal restrictions that are assigned to a VDN's class of service are not applied to the VDN'’s
vector processing. As an example, if Termination Restriction is assigned to Class-of-Service 1, and Class-
of-Service 1 is assigned to VDN 7300, this restriction is ignored by the Call Vectoring feature. Calls are
allowed to terminate to the vector.

Voice terminal restrictions do not limit the routing of ‘‘route to’’ steps to an answering destination. For
example, if Origination or Outward Restriction is assigned to a VDN's class of service, this assignment is
ignored.

Route Advance

The first trunk group in a Route Advance sequence can be programmed as the destination of a ‘‘route to’’
vector step. When this is done, the call can route over an idle trunk in an alternate trunk group in the
sequence.

Tenant Services

Trunk group-oriented routing to vectors is not partitioned. There are no checks in Procedure 031, Word 2
to ensure that the partition of an automatic-in trunk group matches the partition of the assigned VDN. It is
the responsibility of the system manager to ensure that these partition numbers match.

Digit-oriented routing to vectors is partitioned. When a VDN's digits are passed to System 85 from the
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serving switch or didled from inside the switch, the Tenant Services feature makes the necessary
partitioning checks. Vector directory numbers are assigned to partitions using Procedure 000, Word 4.

The **queue to main split’’ and ‘‘check backup split’’ vector commands are not partitioned. For vectors
containing either of these commands, there are no checks in call-processing software to ensure that the
extension partition of the answering agent matches the extension partition of the VDN or the split
supervisor. It isthe responsibility of the System Manager to ensure that ‘‘ queue to main split’’ and ‘‘ check
backup split’’ commands do not cause callsto cross partition boundaries.

The *‘route to’” vector command can route cals to an extension in the VDN's extension partition or to
Extension Partition 0. If a ‘‘route to’’ command is programmed to route calls to another extension
partition, the switch will treat afinal effective ‘‘routeto’” stepasa‘‘stop’’ step. Otherwise, the ‘‘route to’’
step isignored, and vector processing continues with the next sequential step.

If avector containsa‘‘routeto’’ step that routes calls to the shared attendant queue, the call will terminate
to an attendant partition that is assigned to the VDN's extension partition. If no attendant partition is
assigned to the VDN’ s extension partition, the switch returns Intercept Treatment to the calling party.

If avector containsa‘‘routeto’’ step that routes calls outside the switch, the call uses the FRL assigned to
the VDN and the Call Category assigned to the VDN’ s extension partition.

In Procedure 030, Word 1, one Abbreviated Dialing group list is assigned to control the destinations of
“‘route to’’ commands. The controlling terminal for this group list (assigned in Procedure 059, Word 1)
can belong to any extension partition. However, it is strongly recommended that this controlling terminal
belong to Extension Partition 0.

The calling party announcements for the Call Vectoring feature are not partitioned. These announcements
are available to every extension partition. VDNSs in various extension partitions can terminate to severa
vectors containing ‘‘announcement’’ steps that all request the same recorded announcement.

Transfer

Voice termina users (including ACD agents) can transfer calls to a VDN. When this is done, the
transferred-to vector controls call processing for the transferred call. For example, the call could enter an
ACD gplit's queue (including an AUDIX or Message Center queue) or the attendant queue, and be
processed according to the vector’ s programming.

Trunk Verification—Voice Terminal

Entering a VDN in Procedure 285 as the designated internal extension or the remote maintenance terminal
for Trunk Verification isdenied. When thisis attempted, an administration error will occur.
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Unattended Console Service—Preselected Call Routing

Vector processing is not available for incoming calls to the default voice terminal for Unattended Console
Service. Entering a VDN in Procedure 275, Word 2 as the default extension number is not allowed. When
thisis attempted, an administration error will occur.

Entering a VDN as the ** Trunk-to-Night Termina’’ extension number for a trunk group in Procedure 116,
Word 1 or Procedure 150 is not allowed. When thisis attempted, an administration error will occur.

An attendant is not alowed to establish a*‘ Trunk-to-Night Terminal’’ assignment by dialing a VDN as the
night-terminal extension. When thisis attempted, the switch returns intercept tone.

Variable Format Call Detail Recording

Call detail records show the extension number of the answering destination (rather than the VDN) as the
called number when an internal or external call is processed by a vector.

The Variable Format CDR feature can be administered to record the dialed VDN (instead of the trunk-
group dial access code) as the calling number for calls placed to VDNSs. In this way, when several VDNs
complete calls to the same answering destination, the Variable Format CDR feature can provide hard-copy
datafor the calls placed to the separate VDNSs.
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RESTRICTING FEATURE USE

Incoming callsto VDNs are not restricted. The following is a summary of these interactions.

¢ DID restriction isignored.

* Incoming Attendant Control of Voice Terminal restrictions cannot be activated.

* Incoming Voice Termina Restrictions are ignored.
The routing of ‘‘route to’’ steps to a destination is only controlled by the FRL of the VDN'’s class of
service. Thefollowing isasummary of theseinteractions.

* ‘‘Route to’’ steps can only route a call to the private or public network if the VDN’'s FRL is high
enough to allow access.

¢ ARSToll Restriction isignored.

¢ Qutgoing Attendant Control of Voice Terminal restrictions cannot be activated.
* Code Restrictions do not apply.

* Toll Restriction does not apply.

¢ Qutgoing Voice Termina Restrictions are ignored.

HARDWARE REQUIREMENTS

Beyond the basic hardware chosen to implement other related features [e.g., the regular ACD feature, the
Music-on-Hold Access feature, the CM S (Call Management System), or recorded announcements], there is
no additional hardware required to implement the Call Vectoring feature.
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DESCRIPTION

This feature allows a call to a busy single-appearance voice terminal to be held waiting on the called voice
terminal. The calling party hears call waiting ringback tone, and the called party hears a specia tone
indicating that a call is waiting. One burst of tone indicates a terminal-to-terminal call, and two bursts of
tone indicate an attendant or an outside call.

Use of the Call Waiting feature essentially doubles the call handling ability of a single-appearance voice
terminal.

Feature History and Development

Thisfeature was first available on System 85 in Release 1. There have been no changes to this feature since
its introduction.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Answer a Call Waiting Call

Without ending the current 2-way connection:

* Besureaburst of toneisheard. [Calling party hears a call waiting ringback tone.]

* Press RECALL, or momentarily press the switchhook. [The second party is put on soft hold, and recall
dial toneisheard.]

¢ Dial the Call Waiting answer/hold access code. [The second party is put on hard hold, and the called
party is connected to the waiting party.]

32-1
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By disconnecting from the current 2-way connection:

* Besureaburst of toneisheard. [Calling party hears a call waiting ringback tone.]
* Goon-hook. [The second party is disconnected, and the switch rings the called party.]
* Go off-hook. [The called party is connected to the calling party.]

To Retrieve the Second Party After the Call Waiting Call Is Finished:

* PressRECALL, or momentarily press the switchhook. [Recall dial tone]
* Did the Call Waiting answer/hold access code. [The second party is reconnected to the called party.]



CALL WAITING 32-3

CONSIDERATIONS

Call Waiting Tone
The Call Waiting toneis one or two 100-millisecond, 400-hertz beeps.

One Call to aTerminal
Only one call at atime can be held waiting on a single-appearance voice terminal. The switch returns
busy tone to the calling party when another call is already waiting.

Multiappearance Voice Terminals
Callsare not held waiting at multiappearance voice terminals, because such calls are usually routed to
anidle appearance. If every appearance is busy, the caller receives busy tone.

Application of Call Waiting
The Call Waiting feature can only be applied to callsthat are in a steady 2-party talking condition.

Companion Feature
The Priority Calling feature is an independent companion feature to the Call Waiting feature.
Priority Calling alows a calling party to use distinctive 3-burst ringing or three 400-hertz beeps to
aert the called party.

Hard and Soft Processor Swaps

If acal is waiting on a busy single-appearance terminal when a hard processor swap occurs, the
waiting call does not endure the hard swap.

The Call Waiting feature operates normally during a soft processor swap.
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Automatic Call Distribution

Call Waiting is denied to an ACD agent while an observer (using agent override) is connected to the agent’s
cal.

Automatic Callback

If abusy party has a call waiting and another party tries to call the busy party, the switch returns busy tone
to the calling party. The calling party can now activate Automatic Callback toward the busy party.
However, the callback sequence is delayed until there are no calls waiting.

If acalling party activates Automatic Callback toward a busy terminal and then becomes busy with another
call, use of the Call Waiting feature by another party toward the calling party is still allowed.

If aparty iswaiting on a busy line, the busy party with the waiting call cannot place the active call on hold
and then activate Automatic Callback toward another line.

Bridged Call

Call Waiting is partialy allowed for shared extensions with only one appearance. When only the straight
line set is active on this type of shared extension, the switch alows an incoming call to wait. However,
when a multiappearance terminal is active on the shared extension, Call Waiting is denied. Busy tone is
returned to the calling party.

Busy Verification of Lines

If an attendant attempts to busy verify a terminal line which already has a call waiting, busy verification
proceeds normally. However, if the attendant attempts to busy verify a termina line that is waiting for
another line, the switch denies the busy verification attempt.

Call Coverage

When a principal has a single-appearance voice terminal with Call Waiting assigned, the call waits on the
voice termina if the principal has Coverage—Don’'t Answer active and the principal is busy. If any other
type of coverageis active, the call goesto coverage normally.
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Call Forwarding—Busy and Don’t Answer

When Call Forwarding—Busy and Don't Answer is active at the called voice terminal, the forwarding
operation occurs before Call Waiting isalowed. There are four possible operations. If the originally called
voice termina is busy and the forwarded-to voice terminal is idle, calls forward to and ring at the
forwarded-to voice terminal. If the originally called voice terminal is busy and the forwarded-to voice
terminal is busy, calls forward to and wait on the forwarded-to voice terminal. If there is no answer at the
originally called voice terminal and the forwarded-to voice terminal isidle, cals forward to and ring at the
forwarded-to voice terminal. If there is no answer at the originaly caled voice termina and the
forwarded-to voice terminal is busy, calls forward to and wait on the forwarded-to voice terminal.

Call Forwarding—Don’t Answer

When Call Forwarding—Don't Answer is active at the called voice terminal, the forwarding operation
occurs before Call Waiting is allowed. There are two possible operations. If there is no answer at the
originally called voice terminal and the forwarded-to voice terminal isidle, cals forward to and ring at the
forwarded-to voice terminal. If there is no answer at the originaly called voice termina and the
forwarded-to voice terminal is busy, calls forward to and wait on the forwarded-to voice terminal.

Call Forwarding—Follow Me

When Call Forwarding—Follow Me is active at the called voice terminal, the forwarding operation occurs
before Call Waiting is allowed. There are two possible operations. Calls forward to and ring at the
forwarded-to voice terminal (if this voice terminal is idle). Otherwise, calls forward to and wait on the
forwarded-to voice terminal (if this voice terminal is busy).

Call Park

Call Waiting cannot be used toward aline that is parked.

Call Vectoring

If a single-appearance termind is the destination of a*‘‘route to’” command, an incoming call will not wait
on the terminal. Instead, if the ‘‘route to’’ command is the last vector step, vector processing will attempt
to redirect the call to an idle forwarding destination or coverage point. Thisfina vector step is retried at 2-
second intervals. If the ‘‘route to’’ command is not the last vector step, vector processing will continue
with the next sequential step.
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Conference—Attendant Six Party

Call Waiting is denied when the called terminal isinvolved in an attendant established conference call.

Conference—ThreeParty

Call Waiting is denied when the called terminal isinvolved in a 3-party conference.

Data Protection

The switch denies Call Waiting when the Data Protection feature is active on acall.

DDC (Direct Department Calling)

When Call Waiting is assigned to an individual extensionin a DDC group, calls to the terminal are allowed
to wait if the called terminal line isbusy. The called group member can be connected to the waiting call by
going on-hook, whereby the terminal is alerted and connected to the call upon answer. These calls have
preference over DDC calls in queue waiting to be answered. The controlling extension number of a DDC
group should not have this feature assigned.

EUCD (Enhanced Uniform Call Distribution)

While an observer (using agent override) is connected to an EUCD agent’s call, the Call Waiting feature is
denied for use by the agent.

Hold

A voicetermina with acall on hold and acall in waiting goes on-hook. The waiting call is connected first.
Using the Call Hold access code is the recommended method for returning to aheld call.

The switch denies Call Waiting toward a voice terminal that has been placed on hold.
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Hunting

Hunting takes precedence over Call Waiting. That is, if the called terminal is a member of a hunt group,
the call will hunt before it will wait. However, if every member of the hunt group is busy, the call will wait
on the originaly called terminal.

I PA (Interpartition Access)

A partitioned System 85 allows Call Waiting and provides 1-burst tone for terminal-to-terminal callsinside
a partition group. The switch also allows Call Waiting and provides 1-burst tone for terminal-to-terminal
calls between an extension partition and Extension Partition 0.

Otherwise, terminal-to-terminal calls are not allowed to cross partition-group boundaries. In order to cal a
voice termina in any other partition group, a voice terminal user must dial the appropriate 7-digit number
which routes the call over a CO (Central Office) trunk. When this is done, the switch allows Call Waiting
and provides 2-burst tone for the called voice terminal.

The switch allows Call Waiting for incoming calls from the public network, and provides 2-burst tone for
these cals.

Line L ockout

A call is not allowed to wait on a voice terminal that has been locked out. The switch returns busy tone to
the calling party.

L oudspeaker Paging Access

A call isnot allowed to wait on aline which has accessed L oudspeaker Paging.

Malicious Call Trace

Calls are not allowed to wait on a line involved in a Malicious Call Trace. Instead, the calling party
receives busy tone.

Override

Overrideis not alowed toward a line which is waiting, but is allowed toward the 2-party call that has a call
waiting.
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Queuing

The callback sequence associated with Queuing at the local switch is delayed until there are no calls
waiting on the terminal. If acallback attempt is made from atandem switch to a subtending switch, the call
appears as an ordinary incoming tie trunk call to the subtending switch. Consequently, if the calling party
has call waiting assigned and is busy on another call, the callback attempt notifies the called party. If the
callback attempt is answered, the call can be completed while the third party waits on hold. If the called
party ignores the tone, the attempt is treated as ** don’'t answer attempt.”’

Recorded Telephone Dictation Access

A call isnot allowed to wait on aterminal that has activated Recorded Telephone Dictation Access.

Restriction—Attendant Control of Voice Terminals

If an Attendant Control of Voice Terminals restriction prevents a call from terminating at a terminal, Call
Waiting is also prevented to that terminal.

Restriction—Voice Terminal Restrictions

If a Voice Termina Restriction prevents a call from terminating at a terminal, Call Waiting is also
prevented to that terminal.

Trunk Verification—Attendant and Voice Terminal

If the trunk is being held or answered by aterminal using the answer-hold code of the Call Waiting feature,
trunk verification is denied.
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Tenant Services

A partitioned System 85 allows Call Waiting and provides 1-burst tone for terminal-to-terminal callsinside
an extension partition. The switch also alows Call Waiting and provides 1-burst tone for terminal-to-
terminal calls between an extension partition and Extension Partition O.

Otherwise, terminal-to-terminal calls are not allowed to cross partition boundaries. In order to call a voice
terminal in any other partition, a voice terminal user must dial the appropriate 7-digit number which routes
the call over a CO (Central Office) trunk. When thisis done, the switch allows Call Waiting and provides
2-burst tone for the called voice terminal. The switch allows Call Waiting for incoming calls from the
public network, and provides 2-burst tone for these calls.

System 85 allows attendant calls to wait on local voice terminals, and always provides 2-burst tone for the
called voice terminal. When allowed, 2-burst tone is provided for attendant calls directed to a voice
terminal using the extension number. When allowed, 2-burst tone is provided for attendant calls directed to
a voice terminal using DXS (Direct Extension Selection). Two-burst tone is also provided for attendant
cals directed to a local voice termina using the appropriate 7-digit public-network number (when
partitioning requires this method of dialing).

Unattended Console Service—Preselected Call Routing

Call Waiting is not allowed when a call is aready waiting on the busy, preselected voice terminal, or when
the user has placed another call on hold. The next call is handled by the Call Answer From Any Voice
Terminal feature, if provided. The incoming queue holds all other calls. When going on-hook with a call
waiting and with one or more callsin queue, the user may be connected to the next call in the queue instead
of the waiting call. This occurs because the queue scan runs every 100 milliseconds, whereas the Call
Waiting scan runs every 2 seconds. To ensure a connection with the waiting call, the terminal user should
pressthe RECALL button and dial the answer-hold access code. The terminal user is then connected to the
waiting party.

UCD (Uniform Call Distribution)

When Call Waiting (Terminating) is assigned to an individual extension in a UCD group, calls to that
terminal are allowed to wait if the called terminal line is busy. The called terminal is connected to the
waiting call by going on-hook, whereby the terminal is alerted and connected to the call when answered.
These calls have preference over UCD calls in queue. The controlling extension number of a UCD group
should not have the Call Waiting feature assigned.
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HARDWARE REQUIREMENTS

None.

FEATURE ADMINISTRATION

Assignment of the Call Waiting feature is on a per-system and per-voice terminal basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer Call Waiting using the SMT (System Management Terminal) or the TCM (Terminal
Change Management) feature. This feature can also be administered using CSM (Centralized System
Management).

The following are the applicable MAAP and SMT procedures.

E MAAP AND SMT PROCEDURES — CALL WAITING

DPROCEDURE O WORD O PURPOSE O SMT
O O O O

O 000 O 1 O Assigns the voice termina class of service to an [0 Yes
O O U extension number. O

H 010 0 0 Assigns Call Waiting to avoice terminal classof service. [ Yes
E 275 H H Assigns Call Waiting to the system class of service. E Yes
O 350 O O Assigns the first digit of the dial access codes (if O No
O 0 U required). O

U 350 = 2 = Assigns the feature dial access codes. The applicable = No
O O O ' O

0 0 ] encodeis: 0

H H H 6 Call Waiting - Answer Hold. H

The following are the applicable TCM path names used with the AP 16.

TCM SCREENS— CALL WAITING

PATH NAME PURPOSE

terminal-change class-of -service attributes Assigns Call Waiting to avoice termina class of
service.

Assigns the class of service to an extension number.

Oogoopopad
o |

terminal-change extensions attributes

MOoOOdooooooooboogd

Oooooboogod
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

g CSM SCREENS — MASKS S
0 CALL WAITING 0
UapPL'N U OBJECT 0 PURPOSE 0
] ] | []
[TCM [extension OAssigns the voice terminal class of serviceto an O
0 0 Oextension number. 0
ISTCM Eclassrof-service HAssigns Call Waiting to a voice terminal class of S
0 0 service. 0
QTCM /FM  Osys-cos OAssigns Call Waiting to the system class of service. E
CTCM/FM  [first-digit DAssigns the first digit of the dia access code (if [
O O drequired). O
JTcM/FM  Hldial-access-code Unssigns the feature dial access code. H
ETCM EThis command will be set type: i.e, EAS& gns the feature buttons. 0
O 036-button, 12-button, bct, data O O
U Omodule, feature-module, coverage- O g
H Hmodule, or vds. H
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CENTRALIZED ATTENDANT SERVICE

DESCRIPTION

This feature allows a System 85 user served by switches at two or more locations to consolidate the
attendant positions at one of these locations. At unattended branch locations, calls requiring attendant
services route over RLTs (release link trunks) to the centralized (main) attendant location (see[Figure 33-1) |
Attendants located and working together provide several advantages.

¢ Traffic peaks at branch locations are more evenly distributed.

* Supervising and training one group could be easier.

* Working together can reduce space needed and improve morale.

Call Identification Tones

Centralized attendants receive call identification tones before connecting to a call. A distinctive tone is
provided for each of the following types of calls.

¢ Anincoming call
¢ A dia accessto attendant (dial *‘0"") call

¢ A forwarded call on Don't Answer, ACD (Automatic Call Distribution), or EUCD (Enhanced Uniform
Call Distribution) Overflow

¢ A recall on Code Call Access
¢ A recall on Call Waiting

¢ A redirected call from the Remote Access feature.

Branch L ocation Attendants

System 85 branch locations can also have local attendant positions. The only requirement is that a branch
location accept RLTS. Local attendants can sometimes provide local services that centralized attendants are
not able to provide for a branch location. The following are examples of some such services:

¢ Alternate Facilities Restriction Levels
¢ Attendant Control of Trunk Group Access

¢ Attendant Interposition Calling and Transfer

33-1
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* Busy Verification of Lines

¢ Conference—Attendant Six Party

* Madlicious Call Trace

* Restriction—Attendant Control of Voice Terminals

* Seria Calls

¢ Trunk Verification by Attendant

¢ Unattended Console Service—Preselected Call Routing.

Voice terminal users at a branch location can reach a local attendant by dialing the attendant dial access
code. The centralized attendants handle al other calls requiring attendant help.

System Status Monitoring

If provided at the main (or at a branch) location, SSI (system status indicator) lamp panels monitor the
status of RLTs and can also provide four control signals. Each panel has eight indicator lamps that show
the busy, idle, or ringing states of the RLTs. The four control signals displayable are:

e CONTROL (CAS active)
e OVERLOAD

* MAJOR (alarm)

* MINOR (alarm).

Branch M odes

A System 85 branch location can operate in three modes:
* Regular (CAS active)

* Backup Voice Terminal

In this mode, specially equipped voice terminals (at the branch) provide service for the RLTs.
e CAAVT (Cdl Answer From Any Voice Terminal).

In this mode, calls that would otherwise route to a centralized attendant are identified by a bell. Any
unrestricted voice terminal user (at the branch) can answer the call by dialing the CAAVT access code.

When the regular CAS mode is not active, the branch location can use either the backup voice terminal
mode or the CAAVT mode.
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Figure 33-1. Centralized Attendant Service—Block Diagram
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FADS (FORCE ADMINISTRATIONS DATA SYSTEM)

As an option, the FADS feature can be used with CAS to monitor attendant-related traffic data. The FADS
feature uses a display unit and, optionally, a printer for ease of monitoring and analyzing the traffic data.
The FADS feature is assigned to the CAS main location.

An incoming call routed to a centralized attendant flashes the ATND lamp, and the Attendant Display
identifies the branch location called.

Feature History and Development

This feature was first available on System 85 in Release 1. Beginning with R2 V3, Extension Number
Steering must be used to route DID callsto the CAS queue.

USER OPERATIONS

The following are the user operating procedures for this feature.

To Answer an Incoming Call to a Branch L ocation:

* Pressthe appropriate loop button or ANSWER. [PA lamp goes out.]
(Calling party is connected.)

* After receiving the calling party’ sinstructions, press START. [Dial tone]
(Calling party is placed on hold.)

¢ Dial the requested number.
* When ringback is heard, pressRLT RELEASE.

To Test the Status Lamps:

* Pressan idleloop button.

* PressSTART. [Didl tone]

¢ Did the lamp test access code. [Status lamps light.]
¢ Scan the status lamps to verify that all are lighted.
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To Return Status Lampsto Normal Operation:

* Besureyou'rein the test mode.

* PressCANC.

* PressSTART. [Didl tone]

¢ Dial the lamp test access code. [Statuslamps go out.]
* PressRELEASE. [PA lamp lights]

CONSIDERATIONS

Main Capacities
The main location can support as many as 40 attendant consoles. Besides providing the normal
attendant functions for the main location, these consoles provide services for up to 110 RLTs. These
RLTs can connect to as many as 40 branch locations. Each RLT trunk group between the main and a
branch location can have up to 16 RLTs. Each RLT in the trunk group can have an individual
backup voice termina (optional).

RLT Functions

The RLTs function as 1-way outgoing circuits from the branch location and 1-way incoming circuits
to the main location. They participate in the redirection of incoming calls originaly directed to
branch locations, to attendants at the main location, and handle call completion back to the branch.
Therefore, in addition to RLTSs, tie trunks should be provided between locations in the CAS
arrangement to alow normal voice traffic within the arrangement.

Backup Voice Terminals

The number of backup voice terminals cannot exceed the number of release link trunks. Since the
backup mode provides call identification tones, the voice terminals should be equipped with turnkey
operation. This allows the user to place the headset or handset near the ear before going off-hook.

For RLT calls processed on the console switch loops, the BUSY, RING, and ANS lamps are inactive.

Department Numbering Plans

Uniform numbering of departments throughout the CAS arrangement is recommended to facilitate
operations for the centralized attendants. Using this numbering plan, identical departments at every
branch location are assigned the same extension number. In this way, the centralized attendants need
only use one extension number to extend a call to a specific department at any location. When
several departments at a branch location share the same voice terminal, several extension numbers
can be assigned to the terminal.

Tie Trunk Numbering

Uniform numbering of tie trunks throughout the CAS arrangement is also recommended to facilitate
operations for centralized attendants. Using this numbering plan, every tie trunk that terminates at a
specific switch in the CAS arrangement is assigned the same dial access code at every originating
switch. In this way, the centralized attendants need only use one access code to extend a call to a
specific switch through any switch in the arrangement.
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Routing DID Calls From a Branch to the CAS Queue
Procedure 115 does not allow DID trunk groups at a branch to terminate to the CAS queue at the
main. Instead, Extension Number Steering provides digit-oriented routing to the CAS queue for
these DID calls. Extension Number Steering is assigned in Procedure 354, Word 2. To enable DID
routing from a branch to the CAS queue, assign the desired extension number to the Call to CAS
Attendant dial access code (encode 49).

FRLs (Facilities Restriction Levels)

Centralized attendant positions may be assigned FRLs. In order to achieve satisfactory attendant
performance, provide an appropriate FRL to these attendant positions.

Hard and Soft Processor Swaps

Stable CAS calls that have already been extended to a branch location will endure a hard processor
swap at either the main or the branch location.

When a hard swap occurs at either the main or a branch location, a CAS call that has been answered
by a CAS attendant (but not yet extended to the branch location) cannot be extended to the branch.
The calling party should hang up and retry the call in 40 to 60 seconds.

The attendant queue at the main location is stored in a status portion of switch memory. Therefore, if
ahard processor swap occurs at the main location, the attendant queueis cleared.

The CAS queue at each branch location is stored in a status portion of switch memory. Therefore,
when a hard processor swap occurs at a branch location, the CAS queue at that location is cleared.

The CAS feature operates normally during a soft processor swap at either the main or a branch
location.
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INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of this feature.

Abbreviated Dialing

A backup voiceterminal user cannot extend a call using the Abbreviated Dialing feature.

Attendant Auto—Manual Splitting

Manual splitting isinactive. The SPLIT lamp and button do not function on release link trunk calls.

Attendant Direct Extension Selection With Busy Lamp Field

When a console at a Centralized Attendant Service main location is handling a call from a branch location,
the BLF gives no indication of busy/idle status of branch location voice terminals. An attendant’s DXS
buttons cannot be used to call voice terminals at the branch.

The Attendant Direct Extension Selection With Busy Lamp Field feature is not available for backup voice
terminals at branch locations.

Attendant Interposition Calling and Transfer

A call originated to a centralized attendant viaan RLT cannot be transferred to another attendant using the
Attendant Interposition Calling and Transfer feature.

Call Coverage

When a backup voice terminal in a CAS arrangement is assigned coverage, calls directly addressed to that
extension are redirected normally. However, attendant seeking calls to this terminal do not redirect to
coverage.
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Call Vectoring

A centralized attendant is allowed to extend callsto aVDN. When thisis done, the switch returns ringback
tone to the attendant. At this time, the centralized attendant should release the call and return to other
activity. If the centralized attendant does not release within 4 seconds, the switch will complete the call to
an idle answering destination. If an idle answering destination is not found, the switch will return reorder
tone to the attendant.

A centralized attendant is not allowed to place direct calls to a VDN over an RLT (Release Link Trunk).
When thisis attempted, the switch returns intercept tone.

Vector processing is not available for incoming calls to backup voice terminals at a branch location.

Entering a VDN in Procedure 211, Word 2 as the extension number of a backup voice termina is not
allowed. When thisis attempted, an administration error will occur.

L oudspeaker Paging Access

A CAS attendant has only 10 seconds to make a page, and then the paging circuit isreleased. This prevents
the RLTs associated with the attendant from being tied up.

Main/Satellite/Tributary

A Main/Satellite complex cannot have Centralized Attendant Service. If a satellite location in a
Main/Satellite arrangement is also translated as a branch location in a CAS arrangement, neither feature
will work properly. (Tietrunksin the network will lock up.)

Malicious Call Trace

A malicious call placed to abranch location in a CAS arrangement cannot be controlled by a CAS attendant
at the main switch. However, when the MCT feature is assigned at a branch location, malicious calls can
be controlled by a specia services attendant at the branch location if one is assigned.

A malicious call placed to the main location in a CAS arrangement can be controlled by a CAS attendant at
the main switch.
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Override

When a CAS backup voice termina is handling an RLT call, an attempt to enter the conversation by
another terminal using the Override featureis denied.

SMDR (Station M essage Detail Recor ding)

The SMDR featureis provided for calls extended by a CAS attendant or backup voice terminal.

Tenant Services

A partitioned System 85 can function as amain location in a CAS arrangement. However, incoming RLTs
(release link trunks) are not assigned to specific partitions, so these centralized attendants must reside in
Attendant Partition O.

A partitioned System 85 cannot serve as a branch location in a CAS arrangement.

Through Dialing

When a switch is a branch location in the CAS network, the CAS attendant can allow terminal users at the
branch to through dia calls at the branch.

Timed Reminder

The CAS feature uses a recall timing process that is different from the standard Timed Reminder feature.
The timed interval for CAS is assignable in 2-second intervals up to a maximum of 62 seconds. The
standard timed reminder interval is 30 seconds.

Unattended Console Service—Call Answer From Any Voice Terminal

When the branch switch isin the Call Answer From Any Voice Terminal mode of operation, incoming tie
trunk and Remote Access calls reach the Call Answer From Any Voice Terminal queue.

Variable Format Call Detail Recording

The call record stores call datafor callsthat a CAS attendant extends over RLTSs.
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HARDWARE REQUIREMENTS

The CA S feature requires the following special hardware.
¢ Each RLT requiresone circuit of an SN233 circuit pack (four circuits per SN233).
¢ Additional hardwareis required to monitor Release Link Trunks. This equipment includes:
— 30A8 SSI (System Status Indicator) lamp panels (maximum of 35) (8 lamps per panel)
— SN241 Contact Interface circuit packs (eight circuits per SN241).

The branch location switching systems may reguire the following additional hardware.
¢ An SN253 auxiliary tone plant per module
¢ Specially equipped backup voice terminal(s) (optional).
— 2514BM backup voice termina sets
— 60A or KS-20778 headsets
— G15A handsets.

FEATURE ADMINISTRATION

Assignment of the CAS feature is on a per-system basis.

This feature is administered using the MAAP (Maintenance and Administration Panel). The customer can
partialy administer this feature using the SMT (System Management Termina), the FM (Facilities
Management) feature, or the TCM (Terminal Change Management) feature. This feature can also be
administered using CSM (Centralized System Management).
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The following are the applicable MAAP and SMT procedures.

g MAAP AND SMT PROCEDURES — CENTRALIZED ATTENDANT SERVICE g
0 Common Administration for Main and Branch L ocations 0
DPROCEDURE EWORD H PURPOSE HSMT g
U 001 0 —  [OAssigns the associated extensions to the primary extension for O Yes U
E E Euniform numbering. E E
0 100 0 1  Administers attendant ID code and trunk group assignments for o No [J
O O Orelease link trunks and contact interface circuits. O O
E’ 101 g — gAdmi nisters trunk group characteristics for the trunk groups E No H
O O o administered in Procedure 100, Word 1. O 0
a 115 0 —  [OAssigns CAStermination for an incoming trunk grouptothe CAS [0 No O
O O O arrangement. O O
H 150 H — HAssi gns the SN233 equipment location of an RLT trunk to its H No g
0 O 7 trunk-group number. O 0
U 155 0 —  [OAssigns the SN241 equipment location of a contact interfface O No U
E E Etrunk to itstrunk group number. E E
o 275 0 7 Enters the DCS node number of the main location. oYes O
H 286 E 1 EAssi gns Remote Access to Attendant for the CAS attendant. E Yes H
g MAAP AND SMT PROCEDURES — CENTRALIZED ATTENDANT SERVICE g
0 Administration for Main L ocations 0
U [l 0 0 O
O PROCEDURE O WORD O PURPOSE O SMT 0
U 203 o 1 0 Assignsthe RLT RELEASE button to the CASconsoles. 0 No U
g g g The applicable encodeis as follows: g g
0 0 0 29 RLT RELEASE Button. 0 O
= 204 U 1 U Designates the alphanumeric display for incoming calls 0T No O
O O O O 0
O O o tothe CAS attendants. O 0
a 212 O 1 O Administers the CAS main RLT trunk groups and the 0O No O
0 O U type of branch. . g
E' 212 E E[ Administers lamp status for incoming RLTs to the main. H No [
E 350 E g Assigns the first digit of the feature or trunk group dial g No E
O o o acCess codes (if required). 0 0
O 350 0 2 ] Assigns the CAS dia access codes. The applicable [ No [
O O O encodes are asfollows: O O
= = = 8 Attendant Dial Access Code = =
O O O . O O
0 0 0 64 CASmain lamp test. 0 0




33-12

CENTRALIZED ATTENDANT SERVICE

g MAAP AND SMT PROCEDURES — CENTRALIZED ATTENDANT SERVICE B
0 Administration for a Branch Location 0
PROCEDURE worp E PURPOSE Homt g
0 000 O 1 OAdministers CAS backup terminal equipment location and classof O Yes O
O O Uservice, O O
E 000 0 2  pgAdministers hunt-to assignments for the CAS backup terminal. 0 Yes %
E 100 H EAdmi nisters the special queue trunk group. H No g
O 211 O OAdministers CAS attendant features: timed reminder, LDN tones, O Yes [0
0 u Uand queue assignments. U O
H 211 H 2 EAdmi nisters the CAS branch backup extension associated with an E Yes B
0 0 RLT and start pulse activation. 0 0
E 252 E 2 EAdmi nisters an auxiliary tone plant (SN253) for use with CAS. E No B
o 275 0 [JAssigns Trunk-to-Trunk Transfer to the system classof service. [ Yes [
H 350 H UAss gns the first digit of the feature or trunk-group dial access H No H
O 0O codes (if required). 0 0
O 350 o 2 UAssignsthe CAS dial access codes. Applicable encodes are: 0 No O
0 a (] a
O O O O
O 0 0 a
0 a (] a
O O O O
O 0 0 a
0 a (] a
O O O O
O 0 0 a
B g E &

mOooooggooono

8 Attendant DAC (for local attendant console, if provided)

45 Activate CAS control

46 Activate control of CAS backup terminal

47 Activate CAAVT (Call Answer From Any Voice
Terminal) for CAS backup

48 CAS attendant puts remote call in hold state

49 Call to CAS attendant
50 CAS branch lamp test.

The following isthe applicable TCM path name used with the AP 16.

IEll TCM SCREEN — CENTRALIZED ATTENDANT SERVICE g
O PATH NAME H PURPOSE g
Cterminal-change extensions attributes [ Assigns the class of service for the CAS backup terminal. O
0 U Also, this screen administers the hunt-to extension 0
g number to the CA S backup terminal and assigns the O
g [ associated extension numbers to the primary extension B
0O g for uniform numbering. 0
The following is the applicable FM path name used with the AP 16.

E FM SCREEN — CENTRALIZED ATTENDANT SERVICE g
0 PATH NAME O PURPOSE N
= [ 0
O facilities-mgmt system-parameters centralized-attnd [ Specifies the timed reminder interval, sets [
0 g the queue overflow level, and assignsthe U
H 0 branch backup extensiontoan RLT. H
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The following are the applicable CSM Command Paths utilizing the admin area of TCM or FM.

CSM SCREENS— MASKS
CENTRALIZED ATTENDANT SERVICE
Common Administration for Main and Branch L ocations

APPL’'N

OBJECT

PURPOSE

TCM

associ ated-extension

Assigns the associated extensions to the primary
extension for uniform numbering. Assigns a
name display to the associated extension.

FM

trk-grp

Administers attendant ID code and trunk group
assignments for release link trunks and contact
interface circuits. Administers trunk group
characteristics, and assigns equipment locations
for the RLT and the contact interface trunk(s) to
their trunk group numbers.

FM

term-trk-grps

Assigns CAS termination for an incoming trunk
group to the CAS arrangement.

TCM/FM

Sys-cos

Enters the DCS node number of the main location.

FM

OO oodoooopoogopoooon

Odogooooopooooooomooopmo

alt-frl

Assigns Remote Access to Attendant for the CAS
attendant.

OOoggooooopooooooomooompmo

Mmoo Oodoooooogoooogoono

CSM SCREENS— MASKS
CENTRALIZED ATTENDANT SERVICE
Administration for Main L ocations

OBJECT

PURPOSE

control-keys

Assignsthe RLT RELEASE button to the CAS console(s).

console-messages

Designates the aphanumeric display for incoming calls to
the CAS attendants.

cas

Adds, changes, displays, or removes the CAS main RLT
groups and the type(s) of branch. Administers lamp status
for incoming RLTs to the main.

TCM/FM

first digit

Assigns the first digit of the feature or trunk group dia
access codes (if required).

MOooOOoOoogoopOopPpOogoOoodg

TCM/FM

MmoOoOoooogooooma4a

dial-access-code

Mmoo oOogoooompad

Assigns the CAS dia access codes.

N o v o i e
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CSM SCREENS— MASKS
CENTRALIZED ATTENDANT SERVICE
Administration for a Branch L ocation

] ]
O O
0 0
] ]
H APPL’'N O OBJECT O PURPOSE H
0 TCM O extension 0 Administers CAS backup terminal O
g 0 O  equipment location and class of service. g
0 U O Administers hunt-to assignments for the 0
0 o D CASbackup termindl. 0
E TCM/FM 0 trk-grp 0 Administers the special queue trunk group. B
E FM E' cas E Administers CAS attendant features: O
0 0 0 timed reminder, LDN tone and queue [
U 0 0 assignments. Administersthe CASbranch U
O 0 O backup extension associated with an RLT O
E 0 U and start pulse activation J
= 5 s P : =
g TCM/FM 0 Sys-CoS 0 Assigns trunk-to-trunk transfer to the O
E 0 0 system class of service. E
E TCM/FM H first-digit H Assigns the first digit of the feature or 0
E 0 0 trunk-group dial access codes (if required). g
E TCM/FM H dial-access-code H Assignsthe CAS dial access codes. 0
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DESCRIPTION

This feature provides a means of collecting and reporting detailed call information on selected trunk groups.
This call detail information can be used for cost alocation, traffic analysis, and security (detecting
unauthorized calls). Call information is collected inside the System 85 CDR (Call Detail Recording) record
and is routed to four types of output ports. These four port types areillustrated in figure 34-1). The CMDR
feature records the CDR records output across the CMDR/NCOSS ports (1 through 7). Through
Administration of Procedure 253, the CMDR (Centralized Message Detail Recording) feature (sometimes
called the CSMDR feature), can use the one SMDR (Station Message Detail Recording) port as an eighth
input port to an LSU adjunct (Refer to Figure 34-1). This feature is assigned to selected trunk groups and
therefore, internal cals (i.e., Intercom calls) and calls that do not involve a selected (for CM DR reporting)
trunk group, are not recorded.

Call information output from the CDR record is provided at four different port types shown in Figure 34-1.
Adjuncts to ports other than the CMDR/NCOSS ports are not shown.

System 85 .
Switch —= Loca Printer
SMDR port . Data
Administered as 13'1\{"%? nggttgu Processing
8th CMDR port b Equipment
L= O-Track Tape
CMDR/NCOSS 18-word (1-7) 94A
ports 1-7 output LSUs
93B CPS
Polling
Device
CDRR port
94A LSUs
From Distant
PCC port Switch

Figure 34-1. Call Record Output Arrangements
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Feature History and Development

This feature was first available, on a limited scale, in System 85, Release 1. Feature enhancements have
included the following:

¢ Expanded account codes (up to 15 digits), first availablein R2 V3.

¢ Forced entry of account codes (optional), first availablein R2 V3. The optional FEAC (Forced Entry of
Account Codes) enhancement was developed in R2 V3 to force the user to enter an account code based
on the call characteristics and administered restrictions. FEAC provides the customer with a method of
accounting for calls based on the following three categories:

— User’sclass of servicefor toll calls. A toll call is categorized by the following:

a
b.
C.
d.

All ARS calls are considered toll cals.

When the first digit of a CO (Central Office) call isaone.

When an area codeis dided.

When the dialed office code is administered as atoll office code.

— Thecall accesses atrunk group.

— Accounting is done on a system basis when ARS is used.

* Flexible call record start time administrable by trunk group, first available in R2 V3.
¢ Expanded trunk 1D fields (three digits), first availablein R2 V3.

Since the development of SMDR (Station Message Detail Recording) and CMDR, other methods of
recording and reporting called VFCDR (Variable Format Call Detail Recording) and CDRR (Call Detail
Recording and Reporting) have been developed for System 85. TheVECDR]feature is discussed in its own
feature section within this manual. The CDRR feature is contained within the AP-16, and is supported by
the switch. Refer to AP-16 documentation for details.

The CDR Record

Call information is collected by the switch in a data base called the CDR record. The data items from a
CDR record can be output in five different formats. The formats listed below that are in bold letters apply
to the CMDR feature.

— Standard Default 15-word (Refer to the[SMDR feature)]

— Standard Default 18-word (Refer to[Figure 34-3)]

— Recommended Standard 18-word ISDN (Refer to the[VECDR feature)
— Recommended Standard 24-word (Refer to theVECDR feature)|

— Variable format. (Refer to theVEFCDR feature)]
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This data base uses one of the three following account code structures. Notice that the account code is part
of the call record shown in|Figure 34-3.

¢ Standard 1 to 5 digits

¢ Expanded 6 to 12 digits

¢ Expanded 13 to 15 digits.
The SMDR port can be administered to provide 15- or 18-word standard default formats (15-word for
SMDR, 18-word for LSU portability) while CMDR and CDRR use the same 18-word format. The VFCDR

output is variable between 15-, 18-, and 24-word formats to provide for a variety of applications. All CDR
formats use the 4-byte, 16-bit word structure shown in Table 34-A, below.

CFIELDID 2 Byted o Byte3 [ Byte2 [ Bytel

ﬂalTSUSED E15141312 E11100908 H07060504 Eosozoloo

mOooOood

é’SONTENTS E Op Code E Call Data E Call Data E Call Data

Table 34-1. Cadl Detail Record Word Structure

The standard default 15-word output is provided at the SMDR output port and is used by the SMDR
feature. The standard default 18-word output format is provided at the CMDR/NCOSS ports and is used by
the CMDR feature. The standard default 18-word record isillustrated in

Each word of the 15- or 18-word standard default format record consists of 16 bits of data (four 4-hit
nibbles, or ‘‘cells’). Each cell contains binary coded decimal data except the Condition Code cdll, IXC
Code, and Feature Flag cells, which can be hexadecimal data. Thefirst 4 hits of each word, bits 15 through
12, contain the operation code (opcode). The 24- word record and the variable record, however, do not
require any opcodes if used with the 3B2 CDRU (Call Detail Recording Utility).

The opcode is used for hardware control and on-line error checking (identifies the end of a record), and is
stored in the storage devices. However, this opcode is never included in the outputs received by the polling
devices. The last 12 hits, hits 11 through O, are arranged in 4-bit cells that contain coded data representing
CDR dataitems, or ‘‘fields.”

DATA PRESENTATIONS FROM THE SMTCH

* SMDR Port:
— 15-Word Direct Output BCD Code
— 18-Word Direct Output BCD Code.
* CMDR/NCOSS Port:
— 15-Word Direct Output BCD Code
— 18-Word Direct Output BCD Code.
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* CDRR Port:
— 15-Word Direct Output BCD Code
— 18-Word Direct Output BCD Code.
 PCC (TN-474B) Port:
— 15- to 24-Word BCD with BTC (Better Transmission Checks) Protocol
— 18-word Formatted ASCII Direct Output
— Unformatted ASCII Direct Output.

EXISTING DATA ITEMS (PREVIOUSTO R2 V4)

This section describes the data elements in the CDR records as they have existed prior to System 85,
R2 V4. The enhancements to the existing data elements and the new data elements that are available with
System 85, R2 V4, are discussed in the next section.

Call information available on the CMDR record includes the following:

e Cdl Duration. This field measures the timing of a call. It contains a total of four characters,
representing hours (0 through 9), minutes (0 through 59), and 6-second intervals within each minute (O
through 9). The call-duration timing in the CDR record varies with the type of call asfollows:

— For AAR/ARS calls, prior to System 85, R2 V3, the call-duration timing started right after the last

digit was dialed with an error margin of from 0 to 12 seconds. System 85, R2 V3 and later releases
have the Variable Call Completion Threshold feature that can set the delay time between end of
diaing and start of charging on either a per-trunk group or a per-system basis. The administrable
time can be from 1 to 99 seconds in 1-second increments. If neither trunk group or system time is
administered, afixed 6-second default timeis used.

For CO, TIE, and FX trunk groups, prior to System 85, R2 V3, the call-duration timing started 10
seconds after the last digit was dialed with an error margin of 0 to 12 seconds. For these trunk
groups, there is aso an administrable timing parameter in System 85, R2 V3, on a per-trunk group
or a per-system basis. In the case of an AAR/ARS call over a CO, TIE, or FX trunk group, the
call-duration timing scheme for AAR/ARS overrides that for CO, TIE, or FX trunk group.

Calls can be queued if the call-processing software is unable to find any available trunks. Queued
calls do not start timing until they come out of queue. As a result, the call-duration time does not
include the time in queue.

¢ Condition Code. The condition code is a single-digit apha or numeric character field. This field
defines the type of call or information recorded in a particular call record.
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o CODEUSED 1 .
O 0 DESCRIPTION 0
[B-Track E Direct [ O
O O O
= Tape 0 Output = 5
0 1 O A UAttendant handled calls (except conference calls). O
1 [l 1 O
) = B Uaddi ng to the list of CDR monitored trunk groups. 0
0 0 [l 0
B 3 g C gRemovi ng from the list of CDR monitored trunk groups. B
O
B 4 0 D EA long hold time call (10 hours or longer). Calls with a duration of 9 B
O O hours, 59 and 9/10 minutes are reported each 10-hours. When they end,
d 9 Oafinal record with the remaining call timeis reported. O
O O O O
O 5 O E Maintenance Test datarecord. Ignorein call data compilations. 0
T = t |
O 6 o F OSystem reload. Ignorein call data compilations. O
B = B O
o 7 U G dCalls handled by the ARS or AAR features (overrides condition codes 1, [
O O g, and C). 0
& = B 0
O 8 E H Callsthat have been handled via the Queuing feature. O
= = 0
0o 9 o Ulncoming or tandem trunk calls. 0
0 [ 0 |
0 A UBLANK Ooutgoing calls. 0
O U O 0
0 O 0 0
0 B nBLANK DNot used. 0
B C E L EConference Call—Attendant 6-Party. Separate records are produced for B
0 O each outgoing conference connection. 0
B E M ECaII record with ARS plan change data. B
[ . . . . .
B E 0 gUnsuccessful call, either incoming or outgoing. Includes call failuresfor B
0 O [jany reason except insufficient FRL. 0
g F E O gUnsucceﬁsful outgoing call due to insufficient FRL. g

Table 34-2. CDR Condition Codes

* Access Code Used. This 3-digit field, used only for outgoing or tandem calls, contains the access code
of the actual trunk group that the call was routed over.

If the Access Code Dialed Field and the Access Code Used Field have the same value, the field appears
blank.

¢ Dialed Number. Thisfield contains up to 15 digits and is the number dialed by the system user.
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e Caling Number. This field contains the trunk access code on incoming calls or the extension humber
of an outgoing call. The Calling Number contains up to four digits before System 85, R2 V1. After
R2 V1, the Calling Number field can be up to five digits but the fifth digit is recorded in a separate field.

¢ Account Code. This field contains an optional user-dialed account number that further identifies a
specific call. Prior to System 85, R2 V3, this field was five digits long. The capability to assign a
flexible account code, up to 15 digits, was introduced in System 85, R2 V3. If a user administers an
account code greater than 5 digits, it overrides other fields such as authorization code, time-in-queue,
and/or FRL in the record. If account codes are not used, thisfield is blank.

e Authorization Code. This 7-digit field further identifies the call and indicates the outgoing calling
privileges of the caller. If authorization codes are not used, thisfield is blank.

* Time-in-Queue. This 2-digit field indicates the time that the outgoing call has spent in a trunk group’s
queue. It represents minutes for ringback queue or tenths of minutes for off-hook queue. When a
ringback and off-hook queue are both provided on the same outgoing trunk, voice terminals use the
ringback queue, and trunks use the off-hook queue. Thisfield isblank if no queuing is used.

* FRL (Facilities Restriction Level). This field contains a 1-digit number that indicates the level of
service associated with the calling privileges for the call. Thisfield isthe FRL of the authorization code
used for the call unless no authorization code is used, in which case it is the FRL of the originating
facility (trunk number or extension). FRLs are supplied for ARS/AAR calls and for Remote Access
calsif FRL is active for Remote Access. Otherwise, the FRL field is blank.

¢ 10,000ths Digit. Thisfield is the fifth (10,000ths) digit of the calling number. It is blank if the 5-digit
dial plan is not administered.

* |Incoming Circuit ID. This field identifies the trunk within a trunk group which is used to carry
incoming and tandem calls. This field was enlarged from two digits to three digits in System 85,
R2 V3.

* Feature Flags. This 1-digit field consists of the following bit assignments in System 85, R2 V3 and
previous releases. validity bit, queuing-type bit, voice/data call bit and one reserved bit.

* Outgoing Circuit ID. Thisfield identifies the trunk within atrunk group which is used to carry outgoing
cals. Thisfield was enlarged from two digits to three digitsin System 85, R2 V3.

* |XC (Interexchange Carrier) Code. This 1-digit field, introduced in System 85, R2 V3, identifies, for a
particular call, the long-distance carrier — i.e.,, the vendor of ‘‘interexchange service’’” — such as
AT&T Communications, MCI, or US Sprint.

R2 V4 CHANGESTO EXISTING DATAITEMS
¢ Expanded IXC Code. The IXC (Interexchange Carrier) code has been enlarged from one digit to three
digits.

* Answer Supervision in Feature Flag. A Feature Flag bit position is now being used to indicate Answer
Supervision.
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¢ 4-Digit Dia Access Codes. The following fields are adjusted to handle the capabilities of the 4-digit
DACs (Dial Access Codes) enhancement.

— Dialed DAC and DAC Used. There are two fields that record the DAC Dialed and the DAC Used.
These fields record the 4-digit DACs if these fields are administered to be greater than three digits.
If the fields are administered to the appropriate length, the entire DAC isrecorded in these fields.

If these fields are administered for less than the number of digits in the DAC, only the right-most
digitsarerecorded. The number of digits recorded depends on the administered data field lengths.
The 4-digit DACs are supported in 24-word and Variable Format CDR records.

— Status Messages. With the variable format CDR records, a maximum of 24 DACs can be
administered to a single status message. The maximum number of DACs that can be administered
is dependent on the DAC length and the number of words per CDR record. DACs of one, two,
three, or four digits are supported in R2 V4.

If the DAC length is greater than the data field length, only the right-most digits are recorded in the
CDR record. Otherwise, the entire DAC isrecorded.

Hardwar e Configurations

Configurations vary according to port, processor, and peripheral devices. Only the most commonly used
storage units, processing products, and peripherals are mentioned.

* Portss SMDR, CMDR/NCOSS, CDRR and PCC.

¢ Associated Processing and Storage Units: 9-Track Tape, 94A LSU, 93B CPS, AP-16, 3B2 CDRU,
TELESEER* SMDR, CSM, NCOSS, and CAS.

* Peripheras: See"Customer Owned Peripherals' in[CONSIDERATIONS.

THE CDR PORTS

SMDR Port:

The CDR record outputs call information over the SMDR port to either the SMDR
adjunct or to an LSU (if administered as a CMDR/NCOSS port). Outputting to the
SMDR adjunct is the traditional local output version used by the SMDR (Station
Message Detail Reporting) feature. Output goes directly to a printer or can be written to
a 9-track tape.

* Registered trademark of AT&T.
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Table 34-3. CDR Standard Formats

o d STANDARD FORMATS S
0 e Encode [CDR Dataltems U15-Word C18-Word Jigword g
O g 0  defaut  [default 5 ISDN ¢ 0
& - i ]
g 1 OcCdl Duration Hours 0 X 0 x 0 x 0 x 0
g 2 QCall Duration Minutes B X o x o x g x g
0 3 Hcall Duration 10ths/Minute O X g x o x O x 0
E 4 ECondition Code H X E X E X E X B
05 HTrunk Access Code Dialed ] X H X H X H X O
H 6  OTrunk Access Code Used H X O x O x O x E
E, 7 HDiaIed Number B X H X H X H X g
08 ECaIIing Number* 0 * E * E * E X 0
0 9 JAccount Code d X o x g o x S
= g izati = a O O
0 10 DAuthonzallon Code O T = T = X = X O
H 11 QTimein Queue H T o ft O O X E
012 CFailities Restriction Level o t Ut T x Tx oo
F 13 05th Digit of Calling Extension - 0 x 0 x 0 x B
g 14 Hlncoming Circuit ID g H X H X H X g
0 15  OFeature Flag 0 O x U x J x
g 16  Outgoing Circuit ID B o x o x o x S
O 17 EOutgoi ng Circuit ID (100s digit) [ E X E X El X 0
H 18 Elncoming Circuit 1D (100s digit) H E X E X E X E
019 Hlnterexchange Carrier Code ] H X ﬁ X H X ]
520 OTimeof Day, Hours g i 0 0 .
- - 0 ) m)
g 21 Timeof Day, Minutes g 0 0 0 g
022 EDale, Month 0 E E 9 0
[ [ T T
023 pDate Day g 0 0 0 -
n u] A m] [m] [m]
024 DDate, Year O = 5 = O
H 25 [glncoming Trunk Dial Access* H * o * o * O X E
026 CPrecedence Level Digit 0 E U U x @O
27 DAttendant Console Number 0 0 0 0 x4
g 28 HISDN Network Service g H H X E‘ X S
0 29 UExtension Partition Number O U U U 0
E 30 ENode Number E E E E X g
n m] ili = m] m] [m]
031 DBearer Capability Class O = o = X O
H 50 [Control Code H O 0 0O X H
051 CTimeof Day Pattern Set O = d E O
[52-50 ODial Access Codes 1-8 0 X O x O O o
B60-75 [Dial Access Codes 9-24 B o g o =

* For al Standard 15- and 18-word record formats, the Incoming Trunk Dial Access Code
islocated in the same field as the Calling Number.

1 The Standard Default 15- and 18-word formats may or may not have the Authorization
Code, Time-in-Queue, and FRL fields, depending on the length of the Account Code.
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CMDR/NCOSS Port:

The CDR record outputs call information over 7 ports (eight including the SMDR port)
in a rotational pattern. This alows the LSUs enough time to process the high speed
output of the switch. These ports output an 18-word record which includes IXC codes
and circuit 1Ds as well as expanded account codes. An external polling device such as
the 93B CPS (Customer Premise System) is used to collect and process records on a
periodic basis. The CMDR/NCOSS ports support both the CMDR (Centralized Message
Detail Recording) feature and the network monitoring feature NCOSS (Network Control
Operations Support System).

CDRR Port:
The CDR record passes cal information over the CDRR (Call Detail Recording and
Reporting) port to the CDRR feature available on the AP-16. Refer to AP-16
documentation for details.

PCC Port:
The CDR record passes call information over the PCC (Processor Communications
Circuit) port to the 3B2 CDRU (Call Detail Recording Utility). The PCC port is capable
of direct output to customer peripherals.

The 94A LSUs cannot handle the 24-word capability that the new PCC port can output.
Thus, the switch must recognize the type of output port so it can truncate extra words
from the CDR output (24 words truncated to 18 words for CMDR/NCOSS port) when
appropriate. Refer to the[VECDR featurd for details.

All four adjuncts, SMDR, 94A LSU, AP-16, and 3B2 use the same data base record (The Call Detail
Record inside the switch) as a source for call detail information. Similar information is output to al four
port types (SMDR, CMDR/NCOSS, CDRR, and PCC). The only difference in port output is the number of
wordsin arecord. Older switch adjuncts are not able to receive the new and expanded CDR record formats
provided. The switch is designed to support not only the new adjuncts, but the old adjuncts as well. For
example, the SMDR adjunct cannot receive 5-digit extension numbers; therefore, the switch truncates the
fifth digit. Through administration, the SMDR port is capable of outputting 5-digit extensions, (requires
18-word format) and can be administered as an eighth CMDR/NCOSS port.

ASSOCIATED STORAGE UNITS

The 3B2 CDRU: See the [[ASSOCIATED STORAGE UNITS] section in the VFCDR feature
description.

The 94A LSU:

Asthe record size grew to 18 words, a 94A LSU ( Loca Storage Unit) was introduced to
collect and store data output over the CMDR/NCOSS ports. The 94A LSU supports: 1)
a direct-output port that feeds into the AT&T processing systems (such as CSM,
TELESEER SMDR, CAS or other customer-provided equipment), and, 2) two
NCOSS/LSU ports through which NCOSS collects the CDR records by polling each
LSU on aregular basis, and the 93B poller polls the LSU for centralized collection of
CDR data. The NCOSS/LSU ports can be polled simultaneously by NCOSS and by the
93B poller.
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The 94A LSU can handle up to 14,600 CDR records per hour, store up to 64,000
records, and transmit up to 5,700 calls per hour over one or two 1200-bps asynchronous
datalinks. Dataintegrity between the 94A LSU and the 93B CMDR is assured by using
adata protocol that checks errorsin blocks of data.

In System 85, R2 V3, support of multiple 94A LSU devices was introduced, with each
LSU receiving a portion of the CDR records distributed by the switch in a round-robin
fashion. Multiple LSUs were introduced primarily to accommodate the slow polling
speed of the 93B CMDR in high CDR volume applications, and aso to provide for at
least partial CDR retrieval in the event of asingle LSU failure.

The 94A supports the standard default 15- and 18-word , and 18-word ISDN record
formats, but not the 24-word or variable format. shows an example of the
serial data output from the 94A LSU.

The 93B CMDR:

For customers with multiple locations, the 94A LSU in each location can be polled by a
centralized device caled the 93B CMDR . The 93B CMDR connects to a 94A LSU via
a 212A or equivalent data set over the DDD network. It can poll a maximum of 31
LSUs but only 3 LSUs can be polled simultaneously. The 93B CMDR has the capacity
to poll up to 27,000 call records per hour at a maximum rate of 9,000 call records per
hour for each LSU (in the maximum configuration).

The 93B CMDR has two versions. The first version, caled CMDR-TO (Centralized
Message Detail Recorder — Tape Output), provides CDR records that are stored on
magnetic tapes. The second version, called CMDR-DO (Centralized Message Detail
Recorder — Direct Output), provides CDR records directly to a customer host or to
CSM.

The 9-Track Tape Unit:

See the feature for details.

ASSOCIATED PROCESSORS AND SYSTEMS

NCOSS (Network Control Operations Support System):

3B2

The NCOSS system remotely polls aloca storage unit to obtain CDR records which are
used to perform network analysis. This data link uses the DDCMP protocol for data
integrity, and also supports a message set similar to the 93B for communication with the
CDRU.

The NCOSS supports the default 15- and 18- word CDR records as well as the
recommended standard 18-word ISDN and 24-word records.

The 3B2 processor cannot be interfaced with the CMDR/NCOSS port. The 3B2 must be
used with the PCC port. See the|VFCDR|feature for details.
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CHARACTER 7 BIT

SERIAL
| DATA
STREAM

XX
00
01
02
03
04
05
06
07
08
09
10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28
29
30
31

START TRANSMISSION

SPACE

SPACE

SPACE

TIME-HR

TIME-HR

TIME-MINUTE

TIME-HR

SPACE

DURATION-HOUR

DURATION-MINUTE

DURATION-MINUTE

DURATION-MINUTE

SPACE

CONDITION CODE

SPACE

ACCESS CODE 1-1

ACCESS CODE 1-2

ACCESS CODE 1-3

ACCESS CODE 2-1

ACCESS CODE 2-2

ACCESS CODE 2-3

SPACE

DIALED NUMBER -1

DIALED NUMBER -2

DIALED NUMBER -3

DIALED NUMBER -4

DIALED NUMBER -5

DIALED NUMBER -6

DIALED NUMBER -7

DIALED NUMBER -8

DIALED NUMBER -9

DIALED NUMBER -10

CHARACTER 7 BIT 1

31
32
33

35
36
37
38
39
40
41
42

45
46
47
48
49
50
51
52
53
54
55
56
57
58
59
60
61
62

XX

DIALED NUMBER -11

DIALED NUMBER -12

DIALED NUMBER -13

DIALED NUMBER -14

DIALED NUMBER -15

SPACE

CALLING NUMBER -1

CALLING NUMBER -2

CALLING NUMBER -3

CALLING NUMBER -4

SPACE

ACCOUNT CODE -0

ACCOUNT CODE -1

ACCOUNT CODE -2

ACCOUNT CODE -3

ACCOUNT CODE -4

ACCOUNT CODE -5

AUTHORIZATION CODE -1

AUTHORIZATION CODE -2

AUTHORIZATION CODE -3

AUTHORIZATION CODE -4

AUTHORIZATION CODE -5

AUTHORIZATION CODE -6

AUTHORIZATION CODE -7

TIME-IN-QUEUE -1

TIME-IN-QUEUE -2

FACIL.

CARRIAGE RETURN

LINE FEED

NULL

NULL

NULL

END TRANSMISSION

Figure 34-2. Example of 94A LSU Call Record Output to a Polling Device
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01

02

03

05

06

07

08

09

10

11

12

13

14

15

16

17

18

15 ‘14 ‘13 ‘12 11 ‘10 ‘09 ‘08 ‘07 ‘06 ‘05 ‘04 ‘03 ‘02 ‘01 ‘00
Cal  Duration
Opcode Hours Minute (Xx) Minute (xX)
Condition Access Code 1
Opcode 10th Minute Code
Access Code 1 Access Code 2
Opcode ‘
Access Code 2 Diaed
Opcode ‘ Number
Dialed Number
Opcode ‘ ‘
Didled  Number
Opcode ‘ ‘
Dialed Number
Opcode ‘ ‘
Dialed Number
Opcode ‘
Diaed Number Calling
Opcode ‘ Number
Cadling Number
Opcode ‘ ‘
Account  Code
Opcode digit 1 ‘ digit 2 digit 3
Account  Code Authorization
Opcode digit 4 ‘ digit 5 Code
Authorization Code
Opcode ‘ ‘
Authorization Code
Opcode ‘
Time in Queue FRL
Opcode
5th  Digit, Incoming Circuit ID
Opcode Calling Ext digit 1 ‘ digit 2
Feature Flags* Outgoing Circuit 1D
Opcode | ‘A ‘Q ‘D digit 1 digit 2
Out Circuit ID In Circuit ID IXC
Opcode digit 3 digit 3 Code
*Feature Flags:

Variable-
Length
Account
Codet

| = Invalid, A = Answer Supervision, Q = Queuing Type, D = Data Call

T The Account Code can vary in length from 1 to 15 digits. The length is administered
in Procedure 275, Word 1. If the Account Code exceeds five digits, the Authorization Code is lost.
If it exceeds 12 digits, the Time-in-Queuefield islost. If 15 digitslong, the FRL field islost.

Figure 34-3. Standard 18-Word Default Record
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USER OPERATIONS

The following are the user operating procedures for this feature.

General

The CMDR feature reports on selected trunk groups. These trunk groups are identified in local switch
trandations described later under ‘‘ Feature Administration.”” Once a trunk group has been identified as
reportable, actual reporting is controlled from an attendant console at the recording switch. The attendant
can control (turn on or off) reporting on an individual trunk group basis.

Activating Trunk Group Recording

To start call datarecording for atrunk group at an attendant console:
* Pressanidleloop button. [PA lamp goes out.]
* Pressthe START button. [Dial tone]
¢ Dia the SMDR—Start access code. [Second dial tone]
* Did the access code for the desired trunk group. [Recall dial tone]

NOTE: The previous step can be repeated for various trunk groups.
* Pressthe RELEASE button. [PA lamp lights]

Deactivating Trunk Group Recording

To stop recording for atrunk group at an attendant console:
* Pressanidleloop button. [PA lamp goes out.]
* Pressthe START button. [Dia tone]
¢ Dial the SMDR—Stop Access Code. [Second dia tone]

¢ Dial the access code for the trunk group you want to stop recording. [Recall dial tone]

NOTE: The previous step can be repeated for various trunk groups.
* Pressthe RELEASE button. [PA lamp lights)]

Polling and Reporting

The polling arrangement used for centralized data collection and reporting is a matter of user preference.
The 93B CPS is a standard system available for this purpose. It is compatible with the 94A LSU and
System 85; however, other systems could be devised for this purpose. The following is an example of how
apolling arrangement using the 93B CPS could operate.
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Determining L SU Requirements

The number of LSUs needed at a particular switch is a function of the level of cal activity being recorded
and the polling scheme used. Frequent or continuous polling requires fewer LSUs. To calculate the
amount of memory required for a given switch, the following procedureis used.

¢ Determine the polling technique that will be used (see|Polling Options) |

¢ Calculate the maximum Record Density.

¢ Determine LSU requirements from Table 34-D.

¢ Determine LSU Memory Requirement.

¢ Cadculate Polling Time Required to establish a polling schedule.
Table 34-4. Vauesof LIM

gDirect Orull Time BAfter Hrs ELSUS g
Putput 7 Polling 5 Polling Needed
L] L] L] L] [l
0 1081 5 1200 640 o 1
0 0 0 0 0
02162 o 2400 5 1280 5 2 -
Us3s3 U0 36000 19000 3 O
O O Il O O
O 4324 O 4800 O 2560 O 4 O
0 0 0 0 0
05405 0 6000 0 32000 5 O
= = = = 0
06486 0 7200 0 38400 6 [
7 = = A 0
0 756.7 840.0 480 o 7 0
O O O O O
0848 o 900 g 51205 8

The values given in the columns of are the LIM values for the polling system shown in the
column headings. This LIM value represents the limit or maximum number of records that can be
supported by a given number of LSUs for each type of polling arrangement. If the value of MAX (the
maximum number of records to be generated for a given system between polling cycles) is equal to or less
than the LIM value shown, the number of LSUs needed is shown in the right-hand column. The value of
MAX is determined by the Record Density Estimation calculations.

Poalling Options: Two basic polling options are available;
Full Time Polling

Polling is initiated at a specific time (i.e., the beginning of each hour) and is continued until the
LSU memory is empty. This processis repeated cyclicly. That is, if the start polling time is set
for the beginning of each hour; the polling cycle will begin again at the beginning of each hour.
In this way, if four switches are being polled from a single CMDR polling station and each
switch requires less than 15 minutes to complete polling, the cycles could be started at 15-
minute intervals. The first switch is polled at the beginning of each hour, the second switch 15
minutes later, and so on.

After Hours Polling
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Polling only takes place after the busy period of the day or during periods of minimal call
activity. This method is not recommended because if link problems develop or a power failure
occurs before polling takes place, records could be lost.

For any given system, the After Hours method requires the most LSU memory, and the Full Time method
requires the least LSU memory.

Record Density Estimation:

a If the daily total of calls to be recorded is known, use that number for MDRs (Message Detail
Records). Otherwise, MDR can be estimated from the BHC (busy hour call) rate using the following
formula

MDR H(10/3) x BHC

b. The maximum value for LIM isthen estimated as follows:
MAX = (MDR +5vVMDR) / 1000
MAX <LIM

Determining Memory Requirements. The memory capacity of asingle LSU depends on the type of memory
circuit used. Two types are available: the LC316 with 4K of memory and the LC459B with 16K of
memory. Four memory units can be combined for each LSU, to provide memory capacity from 16K to
64K. Selection is made on the basis of cost and requirement. Three LC316 circuit boards provide 12K of
memory and cost more than one LC459B circuit board with 16K of memory. The following steps are used
to determine the memory requirements for a system and the memory board configuration needed in the
L SUs used:

* Let LMAX =MAX/LSUs*
(*the number of required L SUs as determined using[Table 34-D)
* Thenif your polling schemeis:

Direct Output:
For: LMAX £31.5 MEM = .2 x LMAX
For: 31.5<LMAX <63.0, MEM = 4xLMAX-6.3
For: 63.0<LMAX <108.1, MEM =LMAX -44.1
Full Time Palling:
For: LMAX <40, MEM = 4 x LMAX
For: 40<LMAX <80, MEM = 4xLMAX -8
For: 80 <LMAX <120, MEM =LMAX - 56
After Hours Palling:
For: LMAX <192, MEM =LMAX

Calculate Polling Time Required: The number of 93B polling ports and polling schedules can be
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determined from the total port polling time. Thisis calculated as:

TPT (Tota Polling Time) = (MAX / 8) hours

CONSIDERATIONS

ASCII Character Code
All CDR ports output the standard ASCI| character code.

Attendant Assisted Completion

If Forced Entry of Account Code is active on a particular terminal, calls directed to the attendant by
dialing the attendant access code shall not require an account code for completion.

If an account code is desired by the customer, the attendant may enter the account code.

Attendant Originated Call
The attendant is not required to enter an account code for any call, but shall be permitted to do so.

Cabinet Separation
The SMDR cabinet must be located within 200 feet of the common control cabinet because of high-
speed data transmission between the two systems. It is not permissible to locate the SMDR cabinet
in another building because of the possibility of extensive lightning damage.

CAS (Centralized The CMDR feature is compatible with the CAS feature. The call record shows calls
extended by either a centralized attendant or backup voice terminal.

CDR Portahility CDR records can be output to all the ports simultaneously.

Memory Overload Overload of memory can cause the output of partial records. This can be avoided by
using the 9-track tape storage unit.

Multidigit Steering
The call record shows calls to DCA (Data Communications Access) ports and calls to Main/Satellite
locations over Main/Satellite trunks. When these calls are placed using Multidigit Steering, the call

record shows both the dialed extension number and the dial access code of the associated outgoing
trunk group.

Multiple Records on Network Calls In a network environment where the SMDR feature is used on multiple
nodes, the same call is recorded separately on each node where arecordable trunk circuit is used.

Unsuccessful Call Records

Incoming calls and outgoing AAR or ARS calls that are not completed for any reason (unsuccessful
calls) can be recorded as such by SMDR depending on system trandations. If the system is
translated for ineffective call recording (see |Feature Administration),| unsuccessful calls will be
identified in the call record as such. If ineffective cal recording is not administered, unsuccessful
incoming calls and unsuccessful AAR or ARS calls will not be identified. An unsuccessful call can
result from any of the following:

¢ All trunks are busy and no queuing exists, or al queue slots are busy.
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* The call queues but never completes because the caller either abandons the call (hangs up), or the
call remainsin queue for the maximum time allowed and is released by the system.

* The FRL isnot high enough to allow accessto an available route in the route list.
* The caller didsthetoll-restricted access code, and only toll routes are available.
¢ Anincoming call is placed to an unavailable (busy or unassigned) terminal.

Variable Call Completion Thresholds

The system scans each call record once every 6 seconds. The call duration timer is normally started
as soon as a recordable call is found to be active (resulting in atiming accuracy limit of 6 seconds).
This compensates to some degree for time spent waiting for the far end of a call to answer. Users can
increase the delay time (before the call duration counter is started) by administering a start timer that
delays starting the duration time by up to 99 seconds. This can be done on an individual trunk group
basis and asystem basis. Theindividual trunk group setting takes precedence if used.

INTERACTIONSWITH OTHER FEATURES

The following System 85 features affect or are affected by the operation of the CMDR feature.

Abbreviated Dialing

Outgoing calls are recorded by this feature as though they were manually dialed.

Attendant Call Waiting

The CDR unit records the called extension number, as well as the account code (if dialed) for attendant-
assisted incoming calls using the Attendant Call Waiting feature.

AAR (Automatic Alternate Routing)

Valid account codes are required for trunk groups within an AAR pattern that have FEAC (Forced Entry of
Account Codes) applied to them. FEAC within an AAR pattern must be administered on a trunk group
basis. If a FEAC trunk group appears in arouting pattern, and the account code has not been dialed, AAR
will skip that trunk group.

ACD (Automatic Call Distribution)

The extension number of the answering agent in an ACD call, is recorded by the CDR unit as the called
number, rather than the split LDN (listed directory number).
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Automatic Route Selection

If terminal class of service, or system class of service require an account code (FEAC active), and acodeis
not dialed, ARS will route the call attempts to intercept treatment. |If a FEAC trunk group appears in a
routing pattern, and the account code has not been dialed, ARS will skip that trunk group.

Call Forwarding—Busy and Don’t Answer

The call record shows the extension number that the Call Forwarding—Busy and Don’'t Answer feature
directed the call to as the called number.

If a user establishes call forwarding outside, other users may attempt to call that extension and be routed
over facilities which they might not have permission to access without an account code (because of FEAC).
The callerswould dial the extension number and be denied without a clear indication of why.

A termina whose class of service requires an account code (administered through FEAC) entry, shal be
denied the ability to set up call forwarding off the switch in other than a DCS (Distributed Communications
System) environment (only to terminal extensions within the DCS).

If the system class of service requires an account code (administered through FEAC), all forwarding outside
will not be permitted through the ARS feature.

[Call Forwarding—Don’t Answer|

The extension number that the Call Forwarding—Don't Answer feature forwarded to is recorded by the
93B-CMDR unit as the called number. Refer to the|Call Forwarding—Busy and Don’'t Answer|interaction
for details on FEAC interactions.

[Call Forwarding—Follow M€

The extension number that the Call Forwarding—Follow Me feature forwarded to is recorded by the 93B-
CMDR unit as the called number. Refer to the|Call Forwarding—Busy and Don’t Answer|interaction for
details on FEAC interactions.

The final destination voice terminal in a Call Park connection is recorded by the CDR unit as the called
number.
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Call Pickup

The terminal using Call Pickup (the terminal that actually answered the call) is recorded by the CDR unit as
the called number.

CAS (Centralized Attendant Service) Compatibility

The CMDR feature is compatible with the CAS feature. The call record shows calls extended by a
centralized attendant or a backup voice terminal.

CDRR (Call Detail Recording and Reporting)

The CDRR, SMDR, and CMDR features al use the same data base record of the switch (CDR record). The
SMDR feature uses a 15-word output that is the same as the first 15 words of the 18-word output used for
CMDR. If SMDR is used on the same switch with a CMDR Interface, the number of LSUs available for
CMDR purposesis limited to seven. If SMDR is not used, the SMDR port can be administered as an eight
18-word L SU port.

Conference—Attendant Six Party

The attendant can dia the CMDR access code and account code before adding avoice terminal or atrunk to
aconference. When the codes are dialed, the 93B-CM DR unit records the trunk or voice terminal number.

Conference—ThreeParty

If an account code had already been dialed to establish the original connection, the dialing of the new
account code to add the second party will create anew acall detail record.

If an established call is extended to a trunk using the conference or transfer features, the following FEAC

rule applies: If an account code had already been dialed to establish the original connection, the dialing of a
new account code to add the second party would result in two CDR records.

DDC (Direct Department Calling)

For incoming calls, the 93B-CMDR unit records the answering agent’s extension rather than the LDN
(listed directory number) as the called number.
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EUCD (Enhanced Uniform Call Distribution)

For incoming EUCD calls, the CDR unit records the answering agent’s extension (the extension that
actually answersthe call) rather than the split’s LDN (listed directory number) as the called number.

Hunting

The 93B-CMDR records the hunted-to extension number (the extension that actually answers the call) as
the called number.

I nter cept Treatment—Attendant

If anincoming trunk call receives Intercept Treatment and is routed to the attendant, the call record looks as
if the attendant had been dialed directly. This interaction occurs regardless of whether recording of
ineffective attemptsis active or not.

L oudspeaker Paging Access

With an incoming call waiting, the attendant can dial the CMDR access and account code, and then use
L oudspeaker Paging Access. The call isrecorded by the 93B-CMDR unit, but the page is not.

NCOSS (Network Control Operations Support System)

The CMDR Interface uses the same ports and L SUs used by the NCOSS feature.

Personal Central OfficeLLine

The CDR feature does not record calls made on Personal CO (Central Office) Lines. Personal CO lines are
for direct access to the Central Office, and therefore not provided all the features of a PBX terminal
extension. FEAC is not applicable to Personal CO lines.

APLT (Advanced Private Line Termination)

— Incoming Tie Trunk Calls

If a caling party dials an account code and then calls across a tie trunk to an attendant on another
network node, the account code is recorded at the originating node. The attendant at the terminating
node must enter the account code to record it at that node.
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— Outgoing Tie Trunk Calls

If acalling party dials an CMDR account code and then calls the attendant, the account code is dropped.
However, the attendant can reenter the account code before extending the call across the tie trunk.

Route Advance

The rules for forced account code entry apply to route advance trunk groups as well as the primary trunk
group.

If auser has not dialed an account code, trunk groups which require the account code in the route advance
list shall be skipped.

Serial Calls

The 93B-CMDR records each call in aserial call, including call duration.

Through Dialing

Whenever the attendant allows Through Dialing by a voice terminal user, the CMDR record shows the call
as an attendant-assisted call. If an account code is used, the attendant must dial the account code before
dialing the trunk access code.

SMDR (Station M essage Detail Recor ding)

Same as CDRR (Call Detail Recording and Reporting). Call records are not maintained during the
execution of SMDR link-test procedure. This link-test prevents the CDR record from outputting to the
SMDR port.

Transfer

The 93B-CMDR records the last voice termina connected to a Transfer call as the called number.

UCD (Uniform Call Distribution)

Same as the interaction for ACD.
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