Table of Contents

Chapter 1: About This Manual

OVEIVIEW ..ottt et e e et e e e e e eaaanns Section 1.1
(O gF=T o] (=] £ R Section 1.2
Chapter / Section Layout .............coovvvviiiiiiiiiiiiiiieeeneeees ceeee Section 1.3
[cons and CONVENLIONS .........ceeiiiiieiiiieeeeeceeeee e ees e Section 1.4

Chapter 2: Product Description

OVEIVIEBW ...ttt e et 2eeeeas Section 2.1
Macro PleXUS SYSEM .....cccooeiiiiiieiieieeeeeeer e aeeee Section 2.2
MiCro PIeXUS SYSIEM .....uiiiiiii e aeeea Section 2.3
Standard Peripheral Cards ... e Section 2.4
Optional Peripheral Cards ...........ccccceeiiiiiiiiiieiieeeeeeeeeeees v Section 2.5
Additional EQUIPMENT .....ceeveeiiieicieee e e Section 2.6

Chapter 3: Getting Started

(@ )71 V1T Section 3.1
Install Plexus AdmINISrator .........ccoooeueeiiiiiiiiiiiieeieeinn e Section 3.2
(80 To 7= Lo 1 Lo [ Section 3.3
INStallation OVEIVIEW ........ccuuiiiiiiiiiiei e ee aeeeens Section 3.4
Configuration OVEIVIEW ........ccooiiiiiiiiiiiiiiiiiieees e aeeee Section 3.5

Chapter 4: Installation

Installation Considerations ..............coovvviiiiiiiiiiiiiiiiiiees e Section 4.1
Mounting ProCeaUre ........cccoeiiiiiiiiiii i aeeen Section 4.2
Inserting Peripheral Cards ...........ccccovviviiiveviiiiiccieee e ceeeae, Section 4.3
AC POWET CONNECTION ..covveiiiiiiiiiieee e e Section 4.4
YY1 (=10 0 1€ (o 18] o [T Vo Section 4.5
Trunk CONNECLIONS ....ccooiiiiiiiiee e s Section 4.6
EXxtension CONNECLIONS .....ccoooviiiieiiiieeeeeeeeee e e Section 4.7
Plexus Key Telephone Installation ..............ccccceeeeiiiieees veeee. Section 4.8
Analog Telephone/Device Installation ...........ccccccccceiee oo, Section 4.9
Operator Console Installation ..............oeviiiiiiiniinnes e, Section 4.10
External Paging (Pager) Interface ..........cccocceeiviiiiieeeees veeee, Section 4.11
Music-on-hold interface .........cccccooooiiiiiis e Section 4.12
Data Communication Interface .........cccccvvevviiiiiiiiiiinines ceeeee. Section 4.13
System ChecCk-OUt ......cccooiiiiiiiiiiiieeeer e aeee Section 4.14

page TOC-1 Table of Contents



m Table of Contents

Chapter 5: Plexus Configuration Wizard

Introduction to Plexus Configuration Wizard................. ....... Section 5.1
About Plexus Configuration Wizard ...........ccccoeeeeeveviiens evnes Section 5.2
Using the Configuration Wizard ..........ccccoeeeeeiiiiiiiiiiiiien ceene. Section 5.3
Configuration REPOIT ........cooviiiiiiiiiiii e e Section 5.4

Chapter 6: Software Configuration
INErOAUCTION .. e Section 6.1
Software configuration - with Plexus Configuration Wizard . Section 6.2
Software configuration -

without Plexus Configuration Wizard ...........ccccceeveiieenns e Section 6.3

Determine the structure of the system .........c..cccceeeeeees o Section 6.4

Physically insert peripheral cards into the cabinet........ ....... Section 6.5

Launch Plexus AdmINIiStrator .............c.uuevveiiiiiineeneeeees ceeee Section 6.6

Start a new configuration .............cccceeieiiiiiiiieeeeeeeeeeeeeees eeeens Section 6.7

Using an existing configuration file ... Section 6.8

Complete the peripheral card layout ..............ccceeveviiiin e Section 6.9

Configure Auto-Attendant Interface (AAl) card ............ ....... Section 6.10
Configure Integrated Voice Processor (IVP) card......... ....... Section 6.11
Create USEIS ...ttt e e e eeeeens Section 6.12
Create USEr grOUPS ....coeuieieiiieeeiiiee et eeaes e eeane s e Section 6.13
ASSIgN USErS tO USEr grOUPS ...ceeeeeeiieieiiiieiiiiniiiiinanaeeees aeeeeas Section 6.14
Create trUNKS ....ueeeeeiieeee e eeeee Section 6.15
Create trunk groUPs ...ccoeeeeeeeeeiieeeeeeeeeee e e e eeeees Section 6.16
Assign trunks to trunk groups .......oooevviiiieiiiiiiiiieee s e Section 6.17
Configure AEI eXtension POIS ..........euvvveiiiiiiiiinneeeeeeeees ceeee Section 6.18
Intentionally Left Blank ...........ccccoeeiiiiiiiiieies e, Section 6.19
Configure ATI trunK POIS .....covvvivimiiiiiieieiie e eeeeeeees eeeees Section 6.20
Configure system parameters ........ccccceeveeeeeeeeeeenieeeeiiees cneene Section 6.21
CONFIQUIE USEIS ...uiiie i et e e e e e e e aaes eeeens Section 6.22
CoNnfigure USEr groUPS ...oooeeeeeeeieeeeeeeeeeeiiitii e aeeees Section 6.23
Configure truNKS .......oooieiiii e e Section 6.24
Configure trunk groups ......coooevviieeeieee e aeeee Section 6.25
Saving a configuration ... e Section 6.26
Establishing a Nk ..o e Section 6.27
Uploading the configuration file .........ccccccceviiiiiiiiiiees e Section 6.28
Updating the system Clock .............ooooviiiiiiiiiiiiiiiiieees e Section 6.29
Updating Plexus key telephone programming.............. ....... Section 6.30
Updating system XOS .....ccoooiiiiiiiieieeeeernn e aeeee Section 6.31

Table of Contents page TOC-2



Table of Contents m

Chapter 7: Key Telephone Software Configuration

OVEIVIEBW ...ttt e ettt e e e e e e e e e e eaaeeee caneee Section 7.1
Entering Programming mode ...........cooovvvviiiiiiiiiiiiiiieees ceeenn Section 7.2
Entering alphanumeric characters ...........cccocccciiiiiiiinnns e, Section 7.3
Programming MENUS ......ccooveiiiiiiiiiiiiieeeiiiii e aeeee Section 7.4
Exiting Programming mode ............coovvvvvieiiiiiiiiiiieneeees ceeean Section 7.5
System Parameters ..........coooiiiiiiiiiiieeeeei s e Section 7.6
SYSEM TIME e eeee eaeees Section 7.7
System Speed Dial ..........coooviiiiiiii s Section 7.8
O L] ST UPPPUPTRRRPPPI Section 7.9
USEI GIOUP ceeieiieeiieitii ettt e ettt e e e e e e e e eeeana aeeeees Section 7.10
TEUNK Lo e Section 7.11
EXIENSION POIS ..o aeeea Section 7.12
INt. VOICE Mall oo e Section 7.13
CTiIP AAArESS ..coooiiiiieiiie ettt v Section 7.14

Chapter 8: Feature Reference

Overview Of FEAtUIES ......ccovvviiiiiiieeeeee e v Section 8.1
Feature Code LiSt ........oiiiiiiiiieiiee e eeas eeeeens Section 8.1.1
FUunction Code LiSt ........oviiiiieiiiiiee e s Section 8.1.2
Plexus System Feature LiSt ..........cccovvviviiiiiiiiecccciciinees ceeee, Section 8.1.3

Plexus System Features LiSt ...........covvvvviiiiiiiiiiiiiiiiieees ceeeae, Section 8.1.3

Chapter 9: IVP Configuration

SYSEM OVEIVIEW ...cccoiviiiiieeeiieeiee e s e e e e e e eeeeeaeeanes e Section 9.1
The Integrated Voice Processor (IVP) Peripheral Card ....... Section 9.2
The Automated Attendant ...........ccceeeiiiiiieiiiiiiieeeeiiiie e, Section 9.3
V0ICE MAIIDOXES ....evviviiiiiiiiieie s e Section 9.4
System Parameters ..o e Section 9.5
Voice Mail System Manager .........ccooeeeeeieiieeeieiiiiiiiin ceenn Section 9.6
Setting up Hold Queue INtercepts .......ccvvveveeeeiieiieeeeeees veeeee, Section 9.7
Multi-Language OpPtioN .......ccccoeveieeeeeeiiieieeeceeeeeen ceeenes Section 9.8

Chapter 10: T-1 / E-1 CAS

OVEIVIEW ..oeiiiiiiiie ettt a e e Section 10.1
Features and Advantages ........cccooeevveeeieiiiieeeeeieiiiiiiiin e Section 10.2
Hardware DeSCrPLioN .......ccccovieeieiiiiiceeeeeern e eeeee Section 10.3
INSTAlIALION ... e Section 10.4
CoNfIQUIALION ....eeeiieieieee e eee caneees Section 10.5
Status Monitoring & Troubleshooting ...........c.cccevvvvvvevis wenens Section 10.6
(€1 (0175 o SRR Section 10.7

page TOC-3 Table of Contents



m Table of Contents

Chapter 11: ISDN PRI

OVEIVIEBW .ttt ettt e e et e e e e e aaee seenens Section 11.1
Features and Advantages ...........c.evvviiiiiieeeeeeeeeeeeeeiiiien v Section 11.2
Hardware DesCriptioN ...........uuuueiiiiiieieieiieeeieeii s aeeee Section 11.3
INStAllAtion .......ooiiiii e s Section 11.4
Configuration ..........cocooeiiiiiiiiirr e e Section 11.5
Status MONITONNG ...cooeeieeiiieeeee e e Section 11.6
GIOSSANY ..eeeeiieeiiee et aeeeen Section 11.7

Chapter 12: ISDN BRI

OVEIVIEBW ..ttt e e e e e ettt s e s e e e e e e e e aeaeeees cenenns Section 12.1
Hardware DesCription ..........cccooviviiiveieiiiicis e ee e veeee Section 12.2
INStAllation ......cooiiiii e e Section 12.3
(©0] a1 i{o 18] =11 o] o TR URURR Section 124
Troubleshooting .........covvvviiiiiii e e Section 12.5

Chapter 13: Direct Inward Dialing (DID)

OVEIVIEW ...eieeeiiiiies s et e e e e e e e e e e e e eeeeaeeaasaaaess s eaeaeaaeaeaaaaeaes enenns Section 13.1
DD e Section 13.2
MapPPEd DID ....cooveiiiiiiiiieeee e e Section 13.3
INSEAllAtioN .....cceeiieeeeee e Section 13.4
DID Configuration .........cccoiiorieeee e aeeee Section 13.5
Mapped DID Configuration ................eeuveuiiiiiiinnneeneeeees ceeee Section 13.6

Chapter 14: Least Cost Routing

OVEIVIBW ..ottt aaraaas Section 14.1
[T o3 ¢ o] (o] o [T Section 14.2
(©0] a1 i{o 18] =14 o] o TP SURRRR Section 14.3
AdMINISTratioN .......ccooviiiiiiiiii e aeaean Section 14.4

Chapter 15: Automated Attendant Interface (AAI)
INErOAUCTION .. e Section 15.1
Configure Auto-Attendant IDS ............evvveiiiiiiiiiiieeeeeeees e, Section 15.2

Chapter 16: CTI Interface

OVEBIVIEW ..o e e Section 16.1

Table of Contents page TOC-4



Table of Contents m

Chapter 17: Remote System Management

About Remote System Management .........ccccoveeeeeeeieees weeeees Section 17.1
=0 [T (=] 4 1= o1 Section 17.2
Plexus SyStem SELUP ...coovvviiiiiiiieieiie e e Section 17.3
Plexus AdmINIStrator SEtUP ......cceevvvvviiiiniiee e e Section 17.4
Connecting to the Plexus system ........cccccccccciiiiiieeeeeees vevees Section 17.5
Uploading a configuration file ...........ccccoiiiiiiiiiiiiiiines e Section 17.6
Updating the system clock ... e Section 17.7
Updating Plexus Key Telephone programming ............ ....... Section 17.8
Closing the link and disconnecting ...........ccouvvviiiiiiieees veeee Section 17.9

Chapter 18: Hotel & Motel Package

INEFOAUCTION .. eeeea Section 18.1
System Administrator Privileges ........ccoooiiiiiin e, Section 18.2
DSS-60/DDSS-60 Operator Console ..........cceeveiiieeeeees veeee Section 18.3
Simple Voice MailbOXES. ........coovviiiiiiiiiiiiiiiieeie e i Section 18.4
FEALUIES ... eeeeens Section 18.5

Chapter 19: Plexus Specification
MACIO SYSIEIM ...t eeeeees Section 19.1
Yo o IS V] (] o R Section 19.2

Chapter 20: FCC Information

FCC notification and repair information ............ccccceeeees veennn. Section 20.1
Part 15 of FCC rules-interference information.............. ....... Section 20.2

Chapter 21: Product Warranties

OVEIVIEBW ...ttt e e ettt se e e e e e e e e e e e eaaeeee eanenes Section 21.1
ProduCt Warranty .............eecooioeeieeeeeeeeeeeeeeeeiiin e aeeeaes Section 21.2
Return Material Authorization (RMA) Service............... «...... Section 21.3
Out-of-Warranty SEIVICE .........cuuuvuuuiiuuiiiiiiiei e eeeeeeee vneens Section 21.4
MISCEIIANEOUS ......eeiiiiiiiiiieee e aeeee Section 21.5

Chapter 22: Customer Service

OVEBIVIBW ...ttt e e e eaaaaas Section 22.1
Sales QUESLIONS........coieeiiiiici e e cavaan Section 22.2
L@ 0[] ¢SSP Section 22.3
Technical SUPPOIt ....oooiiiieee e e Section 22.4

page TOC-5 Table of Contents



About This Manual

1.1 Overview

The Plexus System Manual is made up of several different chapters
to be contained in the product manual binder. Each chapter contains
sections which present product and feature information or instruction
on a key area of the setup process.
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1.2 Chapters

The chapters explain how to install, configure, and use the Plexus Hybrid-Key
Digital Telephone System as follows.

"Product Description" - This chapter describes the various models and
components in the Plexus product line.

"Getting Started" - This chapter provides an overview of the steps involved
in the setup process.

"Installation” - This chapter addresses the physical installation of the
telephone system.

"Software Configuration" and "Key Telephone Software
Configuration" - These chapters address the alternative approaches to
configuring the telephone system.

"Feature Reference" - This chapter presents detailed information on each
feature of the Plexus system.

"Integrated Voice Processor" - This chapter presents detailed information
on configuring the Voice Mail and Automated Attendant options.

"T1/E1 CAS", "ISDN PRI", and "ISDN BRI" - These chapters provide
information on the digital trunk capabilities of the Plexus system and the
software configuration required to integrate these trunks.

"Direct Inward Dialing" and "Least Cost Routing" - These chapters
describe these features in detail to facilitate the proper implementation
and utilization of these new features.

"Automated Attendant Interface" - This chapter describes and explains
the Automated Attendant Interface card.

"Hotel / Motel Package" - This chapter provides detailed information on
the abilities and uses of the Plexus system in a hotel or motel environment.

" Specifications", "FCC Information”, "Product Warranties",
"Customer Service", and "Remote System Management" - These
chapters complete the manual, offering various supplementary
information.

Section 1.2 - Chapters page 1-2
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1.3 Chapter / Section Layout

Each chapter is laid out in several sections. The sections represent different
topics within the chapter. Often during a description of a feature or aspect of the
Plexus system, you will be referred to a separate chapter or section for more
information as opposed to a page number. This is done to allow for compatibility
of different versions of the manual and to easily allow updates to the manual
without having to replace the entire book.

1.3.1 Chapter / Section numbering

1.3.1.1 Chapter

The chapters are numbered in order from 1 to 22.

1.3.1.2 Sections / Sub-sections

Sections are numbered from 1 on, within each chapter. The section will use the
numbering format AA.BB.CC.DD.

AA = chapter number

BB = section number

CC = sub-section number

DD = sub-sub-section number

For example, this chapter / section has been laid out in the following order:

1 chapter
1.1 chapter.section
1.2 chapter.section
1.3 chapter.section
1.31 chapter.section.sub-section
1311 chapter.section.sub-section.sub-sub-section
1.3.1.2 chapter.section.sub-section.sub-sub-section
1.3.2 chapter.section.sub-section
1.4 chapter.section

All references will be made to chapters and sections instead of page numbers. If
a reference is made to a sub-section or sub-sub-section, it should be easily found
by finding the chapter, section, and then sub-section, in that order.

page 1-3 Chapter / Section Layout - Section 1.3
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1.3.2 Page numbers

Each page has been given a number, but no references are made to the page
number itself. The page numbers are included to help serve as a guide. The page
numbers use the format "page X-Y". X is the chapter number and Y is the page
number within the chapter. Page numbers restart at 1 within each chapter.

1.3.3 Page Numbering

Page numbering is included at the bottom of every page. Page numbering will
include the page number, the section name, and the section number. This is
done to easily find the desired place in the manual quickly and easily.

Page Footer:

page 8-119 Day/Night Service - Section 8.67
page number ) ﬁ ﬁ
chapter number section name section number
Note

Only section names and numbers will appear at the bottom of the page, not
sub-sections or below. To find a sub-section, find the section it falls under and
locate the subsection using the numbering format shown above.

Section 1.3 - Chapter / Section Layout page 1-4




About This Manual n

1.4 Icons and conventions

Several icons and conventions are used throughout the Plexus documentation to
highlight important points and offer helpful hints and tips. The icons and
conventions are as follows:

Note
A Note provides additional information on the current topic.

Tip
Tips provide helpful hints and always appear with a light bulb icon in the margin.

Example
E‘gl Examples provide additional insight by describing an application of the current topic or
concept. Examples always appear with an e.g. icon in the margin.

Warning
..@‘ Warnings about the proper handling of the Plexus system and its components. These are
+= g used to alert you about factors that could cause damage to the system and/or void
warranties.

Software menus, options, and tabs appear in bold type.
Buttons are indicated by bold, sans-serif type: Button .

Keys are indicated by bold uppercase letters: ENTER, DELETE.

page 1-5 Icons and conventions - Section 1.4



Product Description

2.1 Overview

The Plexus product line is comprised of two hybrid-key digital telephone
systems: Macro Plexus and Micro Plexus. The systems are designed to
satisfy a wide range of communications needs from home offices to
medium-sized business offices. Both digital systems incorporate state-
of-the-art digital technology for control processing and utilize highly
integrated Pulse Code Modulation/Time Division Multiplexing (PCM/
TDM) devices for voice switching.

The unique, universal card-slot arrangement affords the highest level of
expandability and flexibility. The Plexus digital systems are designed
such that the Plexus key telephones are fully compatible between the
two systems and standard single-line telephone devices are supported
without the need for any special adapters.

page 2-1
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2.2 Macro Plexus System

2.2.1 Physical Description

The Macro Plexus system is based upon a proprietary digital backplane and
universal card-slot arrangement. The Macro Plexus system has a metal card
cage with 11 card-slots. When fully configured, and utilizing the Inter-Unit Link
Interface (IL1) card, the Macro Plexus has the capacity for 128 universal ports
(CO lines or telephone devices). Optional peripheral cards include the Integrated
Voice Processor (1VP), the Auto-Attendant Interface (AAl), the Inter-Unit Link
Interface (IL1), additional Analog Extension Interface (AEI), Digital Extension
Interface (DEI), Analog Trunk Interface (ATI) cards, Direct Inward Dial Trunk
(DID) cards, and Digital Trunk Interface (T1, E1, ISDN) cards.

Note
The Macro Plexus port capacity is raised to 188 ports when using E1
peripheral cards and 176 ports when using T1 peripheral cards.

Table 2 - 1 Macro Plexus Cabinet Size

Cabinet Height Width Depth

Macro Plexus System 305 mm 438 mm 248 mm

2.2.2 Power Supply

The Macro Plexus system houses a built-in automatic-ranging/automatic-
switching power supply that is able to tolerate a wide range of AC power inputs.
This is ideal for environments where the power feed is unstable and susceptible
to fluctuations. Macro Plexus systems shipped in the U.S. come with a standard
110V plug. For use outside of the U.S. (e.g., Europe, Africa), the manufacturer
recommends changing the plug to a 220V plug or installing a modular outlet
capable of accommodating a 110V plug as voltage adapters are not suitable for
continuous use.

Section 2.2 - Macro Plexus System page 2-2
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In the event of an AC power failure, the Macro Plexus system contains a built-in
Uninteruptable Power Supply (UPS) that instantly switches to battery backup,
preventing costly downtime. System operation is not disrupted when the system
switches over to battery backup. While AC power is applied, the system applies

a trickle charge to the battery.

Note
Batteries are not included.

page 2-3 Macro Plexus System - Section 2.2
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2.3 Micro Plexus System

2.3.1 Physical Description

The Micro Plexus system utilizes a single motherboard system with plug-in
facilities for two expansion cards. The Micro Plexus system and power supply
are enclosed in separate plastic cases. When fully configured, a single Micro
Plexus system has capacity for 12 CO lines and 24 telephone devices. Optional
peripheral cards include the Analog Combination Interface (ACI), the Integrated
Voice Processor (1VP), the Auto-Attendant Interface (AAl), the Inter-Unit Link
Interface (IL1), and additional Analog Extension Interface (AEI), Analog Trunk
Interface (ATI) cards, Direct Inward Dial Trunk (DID) cards, and Digital Trunk
Interface (ISDN) cards.

The motherboard incorporates 4 trunk ports and 8 hybrid-key extension ports
while a single optional peripheral card, the Analog Combination Interface (ACl),
adds an additional 4 trunk ports and 8 hybrid-key extension ports. The Micro
Plexus system also is available with either the Auto-Attendant or the Integrated
Voice Processor integrated onto the motherboard, thereby freeing up the two
plug-in facilities for other peripheral cards.

Table 2 - 2 Micro Plexus Cabinet Size

Cabinet Height Width Depth
Micro Plexus System 368 mm 292 mm 99 mm
Micro Plexus Power Supply 254 mm 150 mm 90 mm

2.3.2 Power Supply

The Micro Plexus system has a compact external power supply with an
advanced design. The power supply does not provide automatic voltage selection.
Rather, the input power of the power supply is factory-set to either 110V or
220V.

In the event of an AC power failure, the Micro Plexus system contains a built-in
Uninteruptable Power Supply (UPS) that instantly switches to battery backup,
preventing costly downtime. System operation is not disrupted when the system
switches over to battery backup. While AC power is applied, the system
recharges the batteries.

Note
Batteries are not included.

Section 2.3 - Micro Plexus System page 2-4
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2.4 Standard Peripheral Cards

2.4.1 Digital Switch Processor (DXP)

A specific slot in each system is reserved for the Digital Switch Processor card.
This card contains the digital switch matrix and the main Central Processing
Unit (CPU). An array of Digital Signal Processors (DSPs) provides various
resources such as tone detection and generation. The fully digital architecture
ensures high quality digital voice and data transmission.

The serial port located on the DXP card is used to connect to a Windows-based
PC. Configuration files, developed using the Plexus Administrator Windows
application, are uploaded via a serial link between the DXP card and the PC.
Plexus Administrator can be used to configure all aspects of the system. Since
non-volatile memory is used to store the configuration information, the system
does not have to be reconfigured following a power shutdown.

The Switch Operating System (XOS) or firmware is stored in flash-memory
devices on the DXP card to facilitate easy operating system upgrades. The
upgrades are uploaded to the DXP card using Plexus Administrator in a manner
similar to the configuration upload discussed above. For more information, refer
to “Updating system XOS” - section 6.31.

2.4.2 Analog Trunk Interface Card (ATI)

The Analog Trunk Interface card provides either 4 or 8 analog trunk ports. The
ports are designed to accept loop start lines from the CO and are fully
compatible with Centrex Services and Caller ID (name and number)
information. Other call enhancing facilities include disconnect supervision to
CO signals like Clear Forwarding and Polarity Reversal.

2.4.3 Analog Extension Interface (AEI)

The Analog Extension Interface card provides 8 hybrid-key extension ports.
Hybrid-key refers to the system’s ability to accept the input of Plexus Analog
Key Telephones, ordinary phones, or single-line telephone devices at each
analog extension port. The interface automatically adjusts for tone or pulse
(rotary) dialing when an ordinary phone or single-line telephone device is
connected. The single-line capability of the extension port accommodates fax
devices, answering machines, modems, cordless telephones, door phones, and
external voice mail systems. Unlike other systems, no specialized adapters are
needed to accept such devices.

page 2-5
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2.4.4 Digital Extension Interface (DEI)

The Digital Extension Interface card provides 8 digital extension ports. These
ports are designed to operate with the Plexus Digital Key Telephones. Due to the
digital signaling, these ports are not compatible with Plexus Analog Key
Telephones or other analog phone devices (see Analog Extension Interface).

Section 2.4 - Standard Peripheral Cards page 2-6
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2.5 Optional Peripheral Cards

2.5.1 Analog Combination Interface (ACI) - Micro Plexus only

The Analog Combination Interface card is provided as an expansion option for
the Micro Plexus system only. It contains 4 trunk ports and 8 hybrid-key analog
extension ports and is inserted into one of the plug-in facilities.

The trunk ports are designed to accept loop start lines from the CO and feature
Caller ID (name and number) detection and disconnect supervision.

Hybrid-key refers to the system’s ability to accept the input of Plexus key
telephones, ordinary phones, or single-line telephone devices at each analog
extension port. The interface automatically adjusts for tone or pulse (rotary)
dialing when an ordinary phone or single-line telephone device is connected. The
single-line capability of the extension port accommodates fax devices, answering
machines, modems, cordless telephones, door phones, and external voice mail
systems. Unlike other systems, no specialized adapters are needed to accept
such devices.

2.5.2 Inter-Unit Link Interface (ILI)

The Inter-Unit Link Interface card, when installed in each system, allows for the
integration of any two systems, providing a seamless expanded switch.
Connecting two Macro Plexus systems provides capacity for a total of 128 ports.

Each cabinet in an expanded configuration has the ability to operate as a stand-
alone system. However, use of the ILI card provides other signaling
information, enabling the linked units to cooperate as a single system.

2.5.3 Auto-Attendant Interface (AAI)

The Auto-Attendant Interface card provides an integrated four-channel auto-
attendant supporting up to 4 twenty-second greetings. Each greeting may
utilize up to 10 dial digit mappings (e.g. “Press 1 for Sales”).

page 2-7 Optional Peripheral Cards - Section 2.5
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2.5.4 Integrated Voice Processor (IVP)

The Integrated Voice Processor card provides integrated voicemail capabilities
to the Plexus systems. Available models support from 4 to 24 channels. The base
configuration of the I1VP offers over 40 hours of recording time, 511 mailboxes,
and the ability to utilize up to 10 simultaneous auto-attendant trees. The serial
port on the IVP card is used to archive stored voice mail messages on the IVP
card hard drive.

2.5.5 Digital Switch Processor with Computer Telephony
Integration (DXP-CTi)

See Chapter 16 "CTi Interface"

2.5.6 Direct Inward Dial Trunk Interface (DID)

Direct Inward Dialing (DID) is service offered by telephone companies in which
the last digits (typically two to four) dialed by the caller are forwarded to the
system on a DID trunk. DID allows the system to have several inbound dialed
numbers that route directly to different users, user groups, auto attendants, fax
machines, etc. DID also allows the system to have more telephone numbers than
it has trunks because not all telephone numbers will be in use at the same time.

See Chapter 13 "DID Interface"

2.5.7 Digital Trunk Interfaces (T1, E1, ISDN)

2.5.7.1 T1/ E1 CAS

Channel Associated Signaling (CAS) is a generic name for a signaling method
used on T-1 and E-1 carriers. T-1 uses Robbed Bit Signaling (RBS). This method
utilizes all 24 channels for voice, data, and signaling, offering 24 voice channels
for the Plexus system. E-1 provides 30 ‘clear’ channels for voice. The two
remaining channels are reserved for framing and signaling. Each voice channel
represents a digital trunk into the Plexus system.

See Chapter 10 "T1/E1 CAS"

Section 2.5 - Optional Peripheral Cards page 2-8
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2.5.7.2 ISDN PRI

ISDN PRI is an interface between a user and a digital telephony network
capable of delivering many types of services. PRI can be implemented on either a
T-1 or an E-1 carrier. In both cases, the full bandwidth of the bearer or B-
channels is available for the transmission of voice. T-1 ISDN PRI offers 23 voice
channels. E-1 SDN PRI offers 30 voice channels. Each voice channel represents

a digital trunk into the Plexus system.

See Chapter 11 " ISDN PRI"

2.5.7.3 ISDN BRI

ISDN BRI is a communication protocol that utilizes existing local loop wiring
(i.e., standard 2-wire, single pair) to carry a digital signal. This signal can be
split into two separate voice or data channels. A four port ISDN BRI card offers
up to eight voice channels. Each voice channel represents a digital trunk into the

Plexus system.

See Chapter 12 "ISDN BRI"
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2.6 Additional Equipment

2.6.1 PVT-30 and PVT-30D analog key telephones

The PVT-30 series is comprised of two analog key telephone models designed for
use with the Plexus Hybrid-Key Digital Telephone System. Both models offer 52
interface keys including 20 programmable keys, speakerphone, message waiting
display, and many other feature keys. The programmable keys can be set to
monitor extensions or trunks or provide access to features, functions, or speed
dial numbers. Several of the programmable keys on the PVT-30D can be set to
access features by default.

The PVT-30 D offers a Liquid Crystal Display (LCD) capable of displaying
system status messages and Caller ID information.

2.6.2 PDT-30D digital key telephone

The PDT-30D is a digital key telephone model designed for use with the Plexus
Hybrid-Key Digital Telephone System. This phone requires only a two wire
(single pair) connection to the Plexus system. The single pair wiring can help cut
installation costs. The phone is not polarity sensitive, which prevents polarity
reversal problems. The PDT-30D offers 52 interface keys including 20
programmable keys, speakerphone, message waiting display, and many other
feature keys. The programmable keys can be set to monitor extensions or trunks
or provide access to features, functions, or speed dial numbers. Several of the
programmable keys on the PDT-30D can be set to access features by default.

The PDT-30D offers a Liquid Crystal Display (LCD) capable of displaying
system status messages and Caller ID information.

2.6.3 PVT-22 and PVT-22D analog key telephones

The PVT-22 series is comprised of two analog key telephone models designed for
use with the Plexus Hybrid-Key Digital Telephone System. Both models offer 34
interface keys including 10 programmable keys, speakerphone, message waiting
display, and many other feature keys. The programmable keys can be set to
monitor extensions or trunks or provide access to features, functions, or speed
dial numbers. Several of the programmable keys on the PVT-22 series can be set
to access features by default.

The PVT-22D offers a Liquid Crystal Display (LCD) capable of displaying
system status messages and Caller ID information.
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2.6.4 PDT-22D digital key telephone

The PDT-22D is a digital key telephone model designed for use with the Plexus
Hybrid-Key Digital Telephone System. This phone requires only a two wire
(single pair) connection to the Plexus system. The single pair wiring can help cut
installation costs. The phone is not polarity sensitive, which prevents polarity
reversal problems. The PDT-22D offers 34 interface keys including 10
programmable keys, speakerphone, message waiting display, and many other
feature keys. The programmable keys can be set to monitor extensions or trunks
or provide access to features, functions, or speed dial numbers. Several of the
programmable keys on the PDT-22D can be set to access features by default.

The PDT-22D offers a Liquid Crystal Display (LCD) capable of displaying
system status messages and Caller ID information.

2.6.5 DSS-60 Analog Operator Console

The DSS-60 Analog Operator Console provides 60 programmable keys for use in
monitoring extensions or trunks, provide access to features or functions, or as
filter keys for special applications (e.g., Hotel and Motel). The DSS-60 Analog
Operator Console is for use with PVT-30 and PVT-22 series analog key
telephones.

2.6.6 DDSS-60 Digital Operator Console

The DDSS-60 Digital Operator Console provides 60 programmable keys for use
in monitoring extensions or trunks, provide access to features or functions, or as
filter keys for special applications (e.g., Hotel and Motel). The DDSS-60 Digital
Operator Console is for use with PDT-30D and PDT-22D digital key telephones.

2.6.7 Plexus Door Phone

The Plexus Door Phone is a hands-free intercom device. The Door Phone has a
single illuminated button to activate a call and a speaker to perform the hands-
free speakerphone operation.
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3.1 Overview

To set up a Plexus system for operation, the following two procedures
must be completed:

1 Installation

2 Configuration
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3.2 Install Plexus Administrator

Plexus Administrator can run on any Windows-based PC that meets the
following system requirements.

3.2.1 System requirements
« Windows 95, 98, or NT
+ Pentium-class processor

+ 32 MB RAM (The Plexus Administrator application typically utilizes less
than 10 MB of RAM while running.)

+ 10 MB of available hard-disk space
+ CD Rom (3.5” floppy disks available)

« Available serial port. For uploading configuration and switch operating
system files.

« Color Monitor

3.2.2 Installation using CD Rom

Install the Plexus Administrator Windows application and the required Borland
Database Engine as follows:

1 Insert the CD into the CD Rom drive.

2 The CD will run automatically. Follow the screen prompts.

3.2.3 Installation using 3.5" floppy disks

Install the Plexus Administrator Windows application and the required Borland
Database Engine as follows:

1 Insert Borland Database Engine Disk 1 of 2 into the floppy drive.

2 Click on @AStart| .

3 Select Run.
4 Type A:\Setup or B:\Setup on the Open command line.

5 Follow screen prompts — Insert Disk 2 of 2 when prompted.
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6 When complete, remove Disk 2 of 2 from the floppy drive.
7 Restart the computer.

8 Insert Plexus Administrator Disk 1 of 2 into the floppy drive.

9 Click on ﬂl .

10 Select Run.

11 Type A:\Setup or B:\Setu p on the Open: command line.

12 Follow the screen prompts.
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3.3 Upgrading

Before beginning with installation and configuration, it may be necessary to
upgrade the Plexus Administrator Windows application. To assure
compatibility and peak performance, it is always best to utilize the most current
version. Determine the existing Plexus Administrator version according to the
instructions included in this section and compare the version number with the
version available on the Internet (www.bbstelecom.com).

3.3.1 XOS Upgrade Procedure

It may be necessary to upgrade the Switch Operating System (XOS) to an XOS
compatible with your System Administrator software or to a newer version of
the XOS for system performance.

3.3.1.1 Determining the Version of the Existing XOS

To determine the version of the existing XOS, proceed as follows:

[EEN

Launch the Plexus Administrator version 2.0 Windows application.
Set up the link (see “Setting Up a Link” - section 3.3.3.1).

From the Link menu, select Open.

A WD

You will be prompted to enter a password. This will be the System
Administrator Password for the system to which you are linking. If this is
a new system, leave the Password as the default 123456.

Link Access Security E

Enter the System Administrator Pazsword:

|
|\/ 0K | ‘x Cancel |

5 Enter the Password and click OK.

6 The link indicator at the bottom of the screen should indicate Link: Opened
and the LED image should appear green.

|Link : Achivated |
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7 Click on the magnifying glass icon.

i Plexzus - Administrator

File Link Toolz Help

8 Ifthecurrent XOS versionisaversion 2.0 XOS, the XOS version will appear
in a pop-up window.

Information m |

Unit 0
@ X0S Yerzionis 2_00.00
Loader ¥ersion iz 1.01.00

9 Ifthecurrent XOS versionisa1.02 XOS, the pop-up window will state "This
version of Plexus Administrator is not compatible with the current version
of XOS". You must upgrade the XOS using Plexus Administrator 1.02
(see“Upgrading version 1.02 XOS with a version of 2.0 XOS” - section
3.3.2)

3.3.2 Upgrading version 1.02 XOS with a version of 2.0 XOS

Note

For existing systems: Before upgrading XOS, ensure you have the system
configuration saved on your computer. You will need to reload the
configuration once the XOS upgrade is complete. If upgrading the XOS in
conjunction with using a new version of Plexus Administrator software, see
“Upgrade configuration using Dbconv.exe” - section 3.3.5.

3.3.2.1 Setting Up a Link

1 Connect the serial port on the DXP card (labeled “RS-232") to an available
COM port on a PC using a 9-pin serial cable (not included).

2 Launch the Plexus Administrator version 1.02 Windows application. For
instructions, see “Launch Plexus Administrator” - section 6.6.
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3 Choose the COM port to which the serial cable is connected, by selecting
Setupand Port from the Link menu (as shown below).

Open ‘
[Elmze
Connection  ® COw 2
- CO 3
COk 4

Note

The default Connection setting, Direct (Connection , Direct), applies to a
serial connection. Modem connections apply only when performing Remote
System Management.

ability of a COM port.

Tip
Q The chosen COM port must be an available COM port. Read below to determine the avail-

3.3.2.2 Serial and COM ports

Most computers provide two serial ports for use by serial devices. Serial ports
are either 9-pin or 25-pin external ports. Each serial port has an associated
COM port. Microsoft Windows supports COM 1, COM 2, COM 3, and COM 4.
Generally, the two serial ports are pre-configured as COM 1 and COM 2.
Internal devices such as modems may utilize a COM port. Should an internal
device utilize COM 1 or COM 2, the associated serial port will be unavailable.
Should an internal device utilize COM 3 or COM 4, the serial ports are available
as long as the COM port utilized by the internal device has been assigned other
than the default IRQ.

3.3.2.3 IRQs

An interrupt request (IRQ) is a unique number (between 0-15) assigned to each
device in a computer. The unique number assigned to a device enables the
computer’s processor to manage which device is receiving its attention. If devices
share an IRQ, a conflict arises as the processor does not know which device to
attend to. COM 1 and COM 3 share a default IRQ. COM 2 and COM 4 share a
default IRQ. In order to simultaneously use COM 1 and COM 3 or COM 2 and
COM 4, one of the COM ports must be assigned a different IRQ (i.e., other than
the default).
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A. 25-pin Serial Ports
Should the computer’s only available serial port be a 25-pin port, a 9-25 pin
adapter must be used. 9-pin serial cables and 9-25 pin adapters may be
purchased at most electronics and computer supplies stores.
3.3.2.4 Uploading the XOS File
1 Launch the Plexus Administrator Windows application.

2 From the Link menu, select Open.

3 The link indicator at the bottom of the screen should indicate Link: Opened
and the LED image should appear green

From the File menu, select New.

Choose the appropriate system type (e.g. Macro or Micro).

o O b

Right mouse click on the DXP card and select XOS Upgrade
7 Locate the most recent.XOS file.

8 Click on OK.

9 It may take several minutes for the upload to complete.

10 When successfully completed, the system will notify you.

Information E |

@ Uit O
Plexus X05 Upgrade Successhul...

11 Click OK.

12 Shut down Plexus Administrator version 1.02. To upload the
configuration or make any changes to this system, you will need to run
Plexus Administrator version 2.0. See Chapter 6, "Software
Configuration".
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3.3.3 Upgrading version 2.0 XOS with a newer version of 2.0 XOS

Note

For existing systems: Before upgrading XOS, ensure you have the system
configuration saved on your computer. You will need to reload the
configuration once the XOS upgrade is complete

3.3.3.1 Setting Up a Link

1 Connect the serial port on the DXP card (labeled “RS-232") to an available
COM port on a PC using a 9-pin serial cable (not included).

2 Launch the Plexus Administrator version 2.0 Windows application. For
instructions, see “Launch Plexus Administrator” - section 6.6.

3 Choose the COM port to which the serial cable is connected, by selecting
Setupand Port from the Link menu (as shown below).

Open ‘
[Eloze
Connection  * Ok 2
- CO 3
COk 4

Note

The default Connection setting, Direct (Connection : Direct), applies to a
serial connection. Modem connections apply only when performing Remote
System Management.

ability of a COM port.

Tip
Q The chosen COM port must be an available COM port. Read below to determine the avail-
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3.3.3.2 Serial and COM ports

Most computers provide two serial ports for use by serial devices. Serial ports
are either 9-pin or 25-pin external ports. Each serial port has an associated
COM port. Microsoft Windows supports COM 1, COM 2, COM 3, and COM 4.
Generally, the two serial ports are pre-configured as COM 1 and COM 2.
Internal devices such as modems may utilize a COM port. Should an internal
device utilize COM 1 or COM 2, the associated serial port will be unavailable.
Should an internal device utilize COM 3 or COM 4, the serial ports are available
as long as the COM port utilized by the internal device has been assigned other
than the default IRQ.

3.3.3.3 IRQs

An interrupt request (IRQ) is a unique number (between 0-15) assigned to each
device in a computer. The unique number assigned to a device enables the
computer’s processor to manage which device is receiving its attention. If devices
share an IRQ, a conflict arises as the processor does not know which device to
attend to. COM 1 and COM 3 share a default IRQ. COM 2 and COM 4 share a
default IRQ. In order to simultaneously use COM 1 and COM 3 or COM 2 and
COM 4, one of the COM ports must be assigned a different IRQ (i.e., other than
the default).

25-pin Serial Ports

Should the computer’s only available serial port be a 25-pin port, a 9-25 pin
adapter must be used. 9-pin serial cables and 9-25 pin adapters may be
purchased at most electronics and computer supplies stores.

3.3.3.4 Uploading the XOS File

1 Launch the Plexus Administrator Windows application.
2 From the Link menu, select Open.

3 Thelink indicator at the bottom of the screen should indicate Link: Opened
and the LED image should appear green

4 From the File menu, select New.
5 Choose the appropriate system type (e.g. Macro or Micro).

6 Right mouse click on the DXP card and select XOS Upgrade
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7 Locate the most recent.XOS file.
8 Click on OK.

9 It may take several minutes for the upload to complete. When complete, the
system will notify you.

Information m

@ Unit O
Plexus X05 Upagrade Successful. ..

10 When successfully completed, the Plexus Administrator will prompt
whether to re-boot the system now or wait. Select either.

Important:-

For the X05 change to take effect and to be able to update the System
Configuration you will need to Re-Boot/Power-Cycle the Syztem.

Do want to Reset the System now?

V' oYes | Mo

Note

The XOS upgrade will not take effect until the Plexus system is re-booted or
power cycled. This allows for an XOS upgrade to be entered but the actual
resetting of the Plexus system to wait until the system is not in use.

11 If the Plexus was configured prior to the XOS upgrade, it will be necessary
to reconfigure the Plexus and/or reload the configuration (.zdb) file once
the Plexus system has been re-booted or Power cycled.
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3.3.4 Plexus Administrator Upgrade Procedure

To upgrade Plexus Administrator, simply install the newer version to the
default directory provided by the installation program. If the you want to use the
default directory (e.g., C:\Plexus2.00), accept the default directory during the
upgrade installation. Otherwise, determine the directory where Plexus
Administrator should be installed. It is recommended you keep both the older
and newer version of Plexus configuration software in case of system
maintenance of older (not yet updated) Plexus systems.

Note
Configurations that were created with a previous version of Plexus

Administrator may not be compatible the newer version.

Always backup the current installation of Plexus before installing a newer
version.

3.3.4.1 Determining the Version of the Existing Plexus Administrator

To determine the version of the existing Plexus Administrator, refer to the
installation disk label or proceed as follows:

1 Launch the Plexus Administrator Windows application.

2 Select About Plexus Administrator from the Help menu.

3.3.5 Upgrade configuration using Dbconv.exe

Configurations created with Plexus Administrator version 1.02 will not be
compatible with Plexus Administrator version 2.0. To convert these
configurations to a compatible format, a program is available called Dbconv.exe.
To run Dbconv.exe, proceed as follows:

1 Open the folder used in “Install Plexus Administrator” - section 3.2 (default
is C:\Plexus-2.00).

2 Find the program Dbconv.exe (on some systems, the program will appear as
Dbconv)

3 Double click the icon to run the program.

4 Follow the instructions on the screen.
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5 Whenfinished, it may be desirable to modify the configuration to implement
new features or functionality available in Plexus Administrator version

2.0. To modify the configuration, follow the instructions in “Using an
existing configuration file” - section 6.8.
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3.4 Installation Overview

Installation entails the physical setup of the various hardware components of
the Plexus system, the wiring, and the connection of the telephone devices. The
installation procedure includes:

« mounting the cabinet

- grounding the cabinet

inserting peripheral cards

wiring the CO lines to the trunk ports

« wiring the stations to the hybrid-key extension ports

connecting ordinary telephones

connecting Plexus Key Telephones

connecting operator consoles

connecting other single-line telephone devices (e.g., fax machine, modem,
credit card scanner)

Note
Before inserting peripheral cards into the Plexus cabinet, refer to chapter 4
"Installation".
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3.5 Configuration Overview

Configuration entails customizing the system with regard to users, user groups,
trunks, trunk groups, etc. Configuration of the Plexus system is accomplished
through the Plexus Configuration Wizard or through the Plexus Administration
software. Chapter 5, "Plexus Configuration Wizard" and chapter 6, "Software
Configuration” provide detailed instructions.
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Errata

Section 3.2—Install Plexus Administrator (page3-2)
3.2.1 System requirements

e Windows 95, 98, NT.

Should read

e Windows 95, 98, 2000, NT, ME and XP®

e CD Rom (3.5 floppy disks available)

Should read

e CD ROM (3.5 floppy disks NOT available)

3.2.3 Installation using 3.5” floppy disks

This section is NOT applicable.

Footnote:

1. No Help file is available under Windows 2000, ME and XP systems.
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4.1 Installation Considerations

4.1.1 Dealer Tips

Thorough planning of an installation aids in a smooth transition of
phone service and a satisfied customer. Dealers/Installers should
consider the following when consulting with a customer prior to the
installation of a Plexus Hybrid-Key Digital Telephone System:

« Select a suitable location for the system.

» Determine the number of trunk ports and extension ports required
by the customer.

« Develop a floor plan.

» Determine the location and number of stations of each type,
including key telephones, ordinary telephones, fax machines,
modems, etc. Mark the floor plans accordingly. Only one key
telephone set is allowed per extension port. It is not possible to
attach multiple key telephones to a single extension port.

» Determine the location(s) of the operator console(s). Mark the floor
plans accordingly. Note that Plexus Operator Consoles utilize an
extension port.

Collect detailed configuration information (e.g., User Names, User
Groups, Trunk information, etc.) so that the system may be
configured either before, or while, the system is being installed.

+ Arrange for station cabling and power cabling (if necessary).

» Connect the system to surge protection to provide additional
lightning protection (beyond that which is provided on the CO lines
by the local telephone company). See “Lightning Protection” -
section 4.5.2 and “Surge Protection Considerations” - section 4.6.2
for more information.
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Note
Installers should be trained and thoroughly familiar with the basic components
of the system before attempting installation of the product.

4.1.2 Site Planning

The most basic, yet most critical, consideration in the installation of the Plexus
system is the selection of a suitable location to mount the cabinet. The following
points should be considered when choosing a location:

« Sufficient space should be allowed for access to the cards within the cabinet
and to the Main Distribution Frame (MDF) panel, punchdown block, etc.

- Location where the CO lines are terminated.

+ The relative location of the majority of the telephone sets (stations); in order
to minimize the length of cable runs between the stations and the Key
Service Unit (KSU).

« The KSU, MDF panel, and punchdown block should be located in an
electrically noise-free environment, isolated and shielded from equipment
that generates Electro-Magnetic Interference (EMI) and Radio-Frequency
Interference (RFI1) radiation.

« When installed in locations prone to lightning strikes, adequate provisions
should be made for lightning protection on the power line, CO lines, and
any station cable runs outside the building.

» The install location should be well ventilated, having an optimum
temperature range of 60° to 80° F and a relative humidity range of 5 to 90%
(non-condensing).

- The install location should be well lit for installation and maintenance of the
system.

« Any hazardous or flammable materials should be removed from the vicinity.

» The immediate area should not be subject to flooding or excessive moisture.
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4.1.3 Tools and Hardware
Ensure that the following items are available for installation purposes:
» fasteners: wood screws (¥4” x 1” round head), toggle bolts, or wall anchors

« screwdriver

electric drill - if prepared holes are required

« connecting tool - for fastening wires to the connector block
« crimping tools - for the modular plugs

« volt/ohm meter

« 10 gauge wire - for grounding

4.1.4 Installation Notice

Be aware of the following precautions applicable to the installation of equipment
that is to be directly connected to the telephone network:

« Do not perform telephone wiring during a lightning storm.

» Do not install telephone jacks in wet locations, unless the jack is specifically
designed for wet locations.

» Do not touch uninsulated telephone wires or terminals, unless the telephone
line has been disconnected at the network interface.

« Use caution when installing or modifying telephone lines.
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4.2 Mounting Procedure

Plexus systems may be wall-mounted, rack-mounted, or placed on a tabletop.

4.2.1 Wall-Mounting Procedure

Both Macro and Micro systems may be wall-mounted. Wall-mounting templates
are included for each cabinet.

1 If a backboard is required at the mounting location, attach it securely to
provide a stable mounting surface for the Plexus system.

2 Refer to the mounting template (included in the product manual) to
determine the placement of the 4 mounting screws.

3 Drill holes, corresponding to the size of the fastener (e.g., wood screws,
toggle bolts), in the mounting surface. If necessary, prepare the holes with
inserts, anchors, or other attachment devices.

4 Apply the 4 fasteners into the mounting surface and tighten them to within
approximately 5/16” (8 mm) of the surface.

5 Place the cabinet on the fasteners using the mounting holes located at the
rear of the cabinet. Note that the holes are elongated with an enlargement
at one end. This feature allows the cabinet to snap down on the screws to
secure the mounting.

4.2.2 Rack-Mounting Procedure

Macro systems may be rack-mounted on standard 19-inch racks. Hardware,
including brackets and screws, is not included, but may be special-ordered
Please call Customer Service for more information.

1 Securely attach the rack ears (brackets) to the Macro cabinet with the
provided screws.

2 Place the cabinetinto the rack. The screw holes in the brackets must line up
with the screw holes on the face of the rack.

3 Securely fasten the brackets to the rack with the provided screws.

4.2.3 Tabletop Procedure

Both Macro and Micro systems may be placed on and operated from a tabletop.
Make sure that the table utilized is stable and capable of bearing the full weight
of the system.
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4.3 Inserting Peripheral Cards

4.3.1 Installation Notices

« Key telephone configuration can only be undertaken after all standard and
optional peripheral cards have been inserted into the cabinet.

« Before installing peripheral cards, thePlexus system must be completely powered
down. It is required that the system be unplugged during card installation.

« The system cards are sensitive to static electricity and should be handled by
the edges only. Never touch the components on a card.

Warning
,ﬁ@‘ Do not install or remove any peripheral card into a Plexus
% g system while the system is on. Power off the Plexus system
before doing any card installation or removal. Failure to do so
can damage system components and will void warranties.
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4.3.1.1 Allowable Slot Configuration

Some peripheral cards may only be inserted into certain card-slots. The
allowable card-slot configuration for each system is indicated below:

Slot Macro System
0 AEI,DEI, ATI, AAI, IVP*, DID, ISDN BRI
1 AEI,DEI, ATI, AAI, IVP* DID, ISDN BRI
2 AEI,DEI, ATI, AAl, IVP*, DID, ISDN BRI
3 AEI,DEI, ATI, AAI, IVP*, DID, ISDN BRI
4 AEI,DEI, ATI, AAI, IVP* DID, ISDN BRI
5 AEI,DEI, ATI, AAl, IVP*, DID, ISDN BRI
6 AEI,DEI, ATI, AAI, IVP*, DID, ISDN BRI
7 AEI,DEI, ATI, AAI, IVP* DID, ISDN BRI
8 AEI|,DEI, ATI, AAl, IVP, DID, ISDN BRI, T-1/E-1 CAS, ISDN PRI, ILI
9 DXP
10 IVP, T-1/E-1 CAS, ISDN PRI
Slot Micro System
Front ACI, AEI, DEI, ATI, DID, AAl, ISDN BRI, IVP
Rear ACI, AEI, DEI, ATI, DID, AAI, ISDN BRI, IVP, ILI
* = Only 4 or 8 port IVP cards may be installed in slot 0-7.
Note

If a T-1 or E-1 is installed in slot 10, slot 8 may only contain another T-1 or E-1
or an Inter-Unit Link Interface (ILI) card. If the T-1 or E-1 is installed in slot 8,
no similar limitations exist.
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4.3.1.2 Inserting the Peripheral Cards
Insert peripheral cards as follows:
1 Carefully remove the peripheral card from the packaging.

Note
The cards are sensitive to static electricity and should be handled by the edges
only. Never touch the components on a card.

2 Place the edges of the card inside the top and bottom card guides within the
Plexus system cabinet.

3 Gently slide the card in until it completely seats into the backplane. There
will likely be an increase in pressure and a slight noise as the card is
seated into the backplane.

Warning
Do not install or remove any peripheral card into a Plexus
=g system while the system is on. Power off the Plexus system
before doing any card installation or removal. Failure to do so
can damage system components and will void warranties.
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4.4 AC power connection

4.4.1 Primary Power Supply

Employ a dedicated 117VAC 15 AMP circuit, with a third-wire ground, supplied
to a standard electrical outlet (NEMA 5-15R) for the AC power connection.

Note
Refer to chapter 2, "Product Description" or chapter 19, "Specifications" for
information on the Macro Plexus and Micro Plexus system power supplies.

For added equipment protection:

» Connect a plug-in power line surge protector between the Plexus power cord
and the AC outlet.

» Thoroughly check out the installation before connecting the Plexus power
cord to AC power (i.e., an AC outlet or a surge protector outlet).

4.4.2 Battery Backup / UPS (Uninteruptable Power Supply)

4.4.2.1 Description

Plexus Systems provide an internal Uninteruptable Power Supply (UPS).
Batteries are not included and must be added to the Plexus for the UPS to work

properly.

Note

It is strongly recommended that the Plexus systems internal UPS be
connected to a 24-volt battery source in order to maintain system operation
during a power failure.

The power supply module provides a common equipment interface connector
(labeled “24 Vdc”) for the connection of an optional external battery assembly.
The required adapter cable is included with each Plexus system.

Before connecting an external battery assembly to the connector, be sure that
the Plexus power cord is connected to an electrical outlet. This enables internal
protection circuitry that may prevent damage resulting from an improper
connection.
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During AC operation, recharging current is provided to the common equipment
interface to maintain the voltage potential of the external battery assembly.
The recharging circuit may not provide an adequate charge if an installed
battery assembly has a current rating of greater than 26 Ah.

An external battery assembly may require several hours to completely recharge
after it has been completely discharged and, in some cases, when initially
installed. Refer to the documentation supplied with the external battery
assembly that is being used.

The recommended configuration consists of two 12-volt batteries connected in
series as shown below.

olex 815-97-50E1 Receptocle
Molex =39-00-0083 Terrinals
Molex =15-97-904]1 TPA (opuonall

The length of time that the system can operate on battery power is primarily
determined by the characteristics of the particular battery being used. The battery
draw of the Plexus systems is 6 A @ 24V max or 2.5 A @ 24V nominal. With a 24V,
20-26 Ah (Plexus) or 10 Ah (Micro-Plexus) battery, the system can operate for 2-4
hours at maximum draw or 6-8 hours at nominal draw.
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4.5 System Grounding

4.5.1 General Considerations

A good earth ground is necessary to ensure proper operation of the system.
Carefully check that the system is connected to a reliable grounding path.
Generally, the gauge of the ground wire should directly correlate with the
distance from the ground source (i.e., a greater distance from the grounding
source requires a larger gauge of grounding wire). The ground wire should be
connected to the ground lug located inside the Plexus cabinet directly below the
power supply. The distance of ground wire should be kept as short as possible.

4.5.2 Lightning Protection

It is good practice to protect all CO lines and extension lines with proper
lightning surge arrestors, such as gas discharge tubes. This guards against
damaging surges caused by non-direct lightning strikes.

Failure to provide proper lightning protection may increase maintenance
expense by requiring the replacement of damaged components.
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4.6 Trunk Connections

4.6.1 Central Office (CO) Line Installation

Wire directly from the CO terminal block to the trunk ports of the Plexus system
using only a two conductor (single pair) line cord from the terminal block,
terminating with a RJ-11 plug. Depending on how the CO terminal block was
installed, there may be modular jacks available to connect the two conductor
(single pair) line cords between the trunk ports of the Plexus system and the CO
terminal block.

RJ-11 Connectors

rasa

u*

C0 Terminal |
Block J lf@

l
< -- 11 RJ-11} |
CO Lines - -t __j
< —— 11 RJ-11
_ _ 1 [
: : - : To Trunk Ports >
- - - = RdJ-11 Connectors
S - -t >_f£]
CO Lines - -t
<=
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4.6.2 Surge Protection Considerations

Transitory voltage spikes, if induced onto CO lines, can travel through the cable
and into the common equipment. The telephone company offers basic protection
against this condition, but it is usually designed to protect the CO circuits and
should, therefore, not be relied upon for total protection. To help protect the
Plexus system from external voltage surges, the manufacturer recommends that
gas discharge tubes, or similar primary protection devices, be installed and
properly grounded on all lines.
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4.7 Extension Connections

4.7.1 Extension Line Installation

Connections between the extension ports of the Plexus system and stations are
typically done via punchdown blocks with four wire (two pair) line cords. The
lines are terminated into the appropriate extension port with RJ-11 connectors.

Station Block

/ J:‘J:'EE \x RJ-11 gnemm
1L _
L L e -
4 —— X /,-(j To Extension Poris »
Wiring e fa
= o
1 - -
R
11 _ -

For the Plexus system to function properly, the internal phone wiring must be in
a “Home Run” configuration. If any two or more phones in a building access the
same line when picked up, it is likely that the building is wired in a “Loop
Through” configuration. In such a case, the wiring scheme must be redone in a
“Home Run” configuration, as it will not function otherwise.

4.7.2 Distance Considerations

The maximum distance at which a station can be wired depends on the following
two factors:

« The device being used at the station.

« The gauge of the wire being used for the extension (station) run.
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The total resistance for the run should not exceed 700 Ohms. Therefore, if the
device on the far end operates at a resistance of 350 Ohms, then a run of up to
1.5km using 24 AWG twisted pair copper wire would be acceptable.

Note
24 AWG copper wire provides approximately 180 Ohms of resistance per
kilometer.

4.7.3 Grounding Considerations

If spare conductors exist in the cables run between the stations and the terminal
block, it is good practice to connect them to earth ground. This action may
prevent them form introducing Radio-Frequency Interference (RFI) and/or AC
interference into the system. It is also good practice to disconnect any unused
station jacks from the connector block and ground the wiring.

4.7.4 Station Relocation

The station relocation feature allows a station to be added, moved, or otherwise
changed without relocating station wiring. Station relocation is possible with the
Plexus because the extension number is based on a logical numbering plan (User
ID) as opposed to the location of physical wiring. Once the telephone type is
defined for an extension port, a user may log in at the station, enabling their
unique system rights and privileges.

Note that some features, manually programmed into the key telephone, are not
disabled or changed through user login (e.g., Caller ID format, LCD contrast,
etc.).
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4.8 Plexus Key Telephone Installation

4.8.1 PVT series analog Key Telephones

The wiring scheme for the Plexus analog key telephones (PVT-30, PVT-30D,
PVT-22, PVT-22D) calls for straight-through wiring, using all four wires (two
pairs).

Note
Be careful not to reverse the polarity when wiring. Reversing the polarity will
prevent proper functioning of the analog key telephone.

A 4-wire base cord is shipped with each Plexus PVT analog key telephone. Use of
this cord is recommended.

If a Plexus analog key telephone is not functioning properly when connected to
the station wiring, perform the following check:

1 Connectthe Plexus analog key telephone directly to the modular jack on the
Analog Extension Interface (AEI) card using the 4-wire base cord shipped
with the telephone.

2 If the telephone functions correctly, it is likely that the polarity is reversed
in the station wiring, there is a wiring short, or there is a loose connection.

3 If the telephone does not function correctly, it is likely that the telephone or
the AEI peripheral card is damaged.

Note

If the outer pair (data pair) on any wiring attached to an analog port on the
Plexus system should short out, all data pairs on that card will cease operating
until the shorted out pair is removed or un-shorted and the Plexus system is
reset.

4.8.2 PDT series digital Key Telephones

The wiring scheme for the Plexus digital key telephones (PDT-30D and PDT-
22D) calls for wiring, using two wires (single pair). Polarity is not an issue with
Plexus digital key telephones.
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A base cord is shipped with each Plexus PDT digital key telephone. Use of this
cord is recommended.

If a Plexus digital key telephone is not functioning properly when connected to
the station wiring, perform the following check:

1 Connectthe Plexus digital key telephone directly to the modular jack on the
Digital Extension Interface (DEI) card using the base cord shipped with
the telephone.

2 If the telephone does function correctly, it is likely that the wiring has a
short or loose connection.

3 If the telephone does not function correctly, it is likely that the telephone or
the DEI peripheral card is damaged.
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4.9 Analog Telephone/Device Installation

Ordinary phones and single-line telephone devices are wired using two
conductor (single pair) base cords between the wall jack and the telephone set.
Four wire (two pair) base cords should not be utilized with any ordinary phone
or single-line telephone device. Such wiring may cause a short in the Plexus
system. Utilizing four wire (two pair) wiring from the extension port to the
station wall jack is not recommended due to the risk of the outer pair shorting
out.

Note

If the outer pair (data pair) on any wiring attached to an analog port on the
Plexus system should short out, all data pairs on that card will cease
operating.

If a Plexus analog key telephone was previously connected to an extension port,
it will be necessary to reset the port as follows:

1 After connecting the telephone/device, enter F99 (default F = * on the
keypad).

2 The system will reinitialize the port and identify the new device.
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4.10 Operator Console Installation

4.10.1 DSS-60 Analog Operator Console

The wiring scheme for the Plexus analog operator consoles (DSS-60) calls for
straight-through wiring using all four wires (two pairs). The polarity is not
reversed. Note that reversing the polarity will prevent proper functioning of the
operator console.

A base cord is shipped with each Plexus analog operator console. Use of this cord
is recommended.

Note
Plexus analog operator consoles must be terminated on the same Analog
Extension Interface (AEI) card as the host analog key telephone.

4.10.1.1 Installation Considerations

The DSS-60 Analog Operator Console is installed in the same manner as any
other extension device (e.g., Plexus key telephone, ordinary phone, etc.). Each
DSS-60 utilizes an extension port on an Analog Extension Interface (AEI) card.
Therefore, separate station wiring must be available for each Operator Console.

To facilitate programming, each DSS-60 must have a host Plexus analog key
telephone (i.e., PVT-30D). Each host is capable of programming up to seven (7)
DSS-60 Analog Operator Consoles. All of the DSS-60 Analog Operator Consoles
must be connected to the same AEI card as the host analog key telephone.

Note
The DSS-60 analog console only operates with the Plexus Analog Key
Telephone of the same software version number (e.g., 1.01 or 2.0).

4.10.2 DDSS-60 Digital Operator Console

The wiring scheme for the Plexus digital operator consoles (DDSS-60) calls for
wiring using two wires (single pair). The wiring polarity does not affect the
DDSS-60.

A base cord is shipped with each Plexus digital operator console. Use of this cord
is recommended.

Section 4.10 - Operator Console Installation page 4-18



Installation

Note
Plexus digital operator consoles must be terminated on the same Digital
Extension Interface (DEI) card as the host digital key telephone.

4.10.2.1 Installation Considerations

The DDSS-60 Digital Operator Console is installed in the same manner as any
other extension device (e.g., Plexus digital key telephone). Each DDSS-60
utilizes an extension port on a Digital Extension Interface (DEI) card. Therefore,
separate station wiring must be available for each Operator Console.

To facilitate programming, each DDSS-60 must have a host Plexus digital key
telephone (i.e., PDT-30D). Each host is capable of programming up to seven (7)
DDSS-60 Digital Operator Consoles. All of the DDSS-60 Digital Operator
Consoles must be connected to the same DEI card as the host digital key
telephone.

Note
The DDSS-60 digital operator console only operates with the Plexus Digital
Key Telephone.
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4.10.3 Configuration Considerations

Operator Consoles should be assigned sequential User I1Ds based on the User ID
(i.e., extension number) of the host key telephone.

If the host key telephone is assigned a User ID of 100, the related DSS-60/DDSS-
60 Operator Console(s) should have sequential User IDs beginning with 101.

4.10.4 Programming the Operator Console(s)
Once installed and configured, the DSS-60/DDSS-60 must be programmed using

the host key telephone. It is recommended that each extension have an assigned
key on the DSS-60/DDSS-60 Operator Console(s). These keys allow the operator
to monitor phone activity and transfer calls easily.

4.10.4.1 Assigning Extension Keys

1 On the host key telephone, press and hold down OVERRIDE for 2 seconds.

2 Press VoL a until the option Setup Consoleappears.

Setup Console.

3 Press SPKR to select this mode.

4 At the Console IDprompt enter the User ID that has been assigned to the
desired Operator Console.

ConsolelID:

5 Press SPKR.

All the programmable keys on the corresponding Operator Console
will illuminate.
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6 Onthe Operator Console, press the Operator Console key to be programmed.

7 On the host key telephone, press VoL a until the desired parametappears.

Monitor
ID:

8 Operator Consoles can have each key used to monitoring extensions or
trunks, provide access to features or functions, or as filter keys for special
applications (e.g., Hotel and Motel).

Note

For Information on feature or function codes, see chapter 8, "Feature
Reference". For information on filter codes, see chapter 18, "Hotel / Motel
Package".

9 Enter the appropriate system entity ID, feature or function code, or filter
code.

10 Press the next key to program.
11 Repeat steps the above steps until each key has a defined setting.
12 Press OVERRIDE to exit out of the programming mode.
Tip
Label each key on the DSS-60/DDSS-60 with the appropriate system entity number or code.

Precut overlay templates and software to customize the labels are available from dealers or
Customer Service.
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4.11 External Paging (Pager) Interface

4.11.1 Installation Considerations

The Plexus system provides a special mono RCA line-out connector (labeled
“Pager”) which may be used to couple the system to an external paging amplifier
(not included). The line-out port does not provide a talk-back path nor will it
recognize DTMF tones.

Note
Use of either the paging or the music-on-hold interface (or both) on a Micro
system utilizes the resources of extension port #8 on the motherboard.

Warning
‘@‘ Some pagi_ng systems or music dgvice_zs p_ut out large static
g voltage which could damage the circuitry in the Plexus
system. Install equipment with the following safeguards.

You will need to protect the Plexus systems against excessive stray voltage
output. The design below provides for two capacitors to prevent stray voltage
from the pager's amplifier or from music systems from reaching and damaging
Plexus circuitry. Resisters are included in the circuit to dampen any surge
effects. All parts can be found at any electronics retailer.

A. Materials

Components Quantity needed
1K, 1/2 W, 5% resistor 2

0.22 MF, 50 V, disc capacitor |2

RCA Plug 1

red and green wire as needed

B. Directions
1 Crimpor solder the red wire to the pole (or tip) contact of the RCA connector.

2 Crimp or solder the green wire to the shell (or ring) contact of the RCA
connector.
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Attach a 1K resistor across the red and green wires.
Attach a capacitor to the red wire and green wire, as shown.

Attach a second 1K resistor across the red and green wires.

[©2 BN ) B S N OV

Extend wires to the pager or music on hold equipment.

7 Plug the RCA jack into the PAGER or MOH port.

4a. Attach a capacitor
to the red wire

5. Attach a 1K resistor across 3. Attach a 1K resistor across
the red and green wires the red and green wires

1. Solder red wire to pole contact
of the RCA connector

[
o | red wire

o green wird
//: | | r

6. Extend wires to pager I Al

or MOH equipment 2. Solder green wire to the shell
contact of the RCA connector

4bh. Attach a capacitor
to the green wire
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4.12 Music-on-hold interface

4.12.1 Installation Considerations

The Plexus system provides a special mono RCA line-in connector (labeled
“MOH”) which may be used in connecting a music source (not included) for
Music-On-Hold. The system supplies the signal from the music source to outside
lines placed on hold.

Note
Use of either the music-on-hold or the paging interface (or both) on a Micro
system utilizes the resources of extension port #8 on the motherboard.
iy -
=

Warning

Some paging systems or music devices put out large static
voltage which could damage the circuitry in the Plexus
system. Install such devices according to directions in
previous section, External Paging (Pager) Interface.
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4.13 Data Communication Interface

4.13.1 Installation Considerations

The Plexus system is connected to a computer through the port labeled “RS-
232". A straight (not null modem) 9-pin serial cable is connected between this
port and an available serial port on the computer.

All data transfers to and from the Plexus system are performed according to the
following communications rate and format:

« 19200 baud
- 8 data bits
« 1 stop bit

« NO parity

4.13.1.1 RS-232 Pin-Out

The pin-out for the RS-232 connection is as follows:

Pin Function

1 No Connection

2 Data out of KSU

3 Data into KSU

4 Data Terminal Ready
5 Ground

6 Data Set Ready

7 Request to Send

8 Clear to Send

9 No Connection
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4.14 System Check-Out

System operating features are set to defaults at initial power-up (prior to any
configuration). The default settings provide a basic operating system with a
known set of parameters. Initial system checks should be performed under
these conditions.

4.14.1 General Check

The red LED located on the face of the DXP card is the system status indicator.
When power is applied to the Plexus system, the LED should flash steadily at
the rate of 1 second on and 1 second off.

Different flashing rates or the lack of flashing indicates problems as follows:
« An LED that remains lit indicates that the system has crashed.
+ Rapid flashing indicates that the system firmware must be reloaded.

» Steady flashing for a period of 2 seconds on and 2 seconds off indicates a
hardware fault.

+ Steady flashing for a period of 4 seconds on and 4 seconds off indicates a
possible DSP problem.

The common equipment and telephone installation may be checked for proper
operation by performing the resistance and voltage checks as discussed below.
4.14.2 Resistance Check

The resistance of each installed station as measured from the station side of the
station connector block(s) should be within the following limits:

Greater than 700 KOhms

Note
Resistance values vary with cable length and station type.

Measure resistance at the station connector block(s) under the following
conditions:

+ Plexus AC power cord disconnected from electrical outlet
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« Hybrid-key extension ports wired to station connector block(s)
« Stations wired with wiring punched down at station connector block(s)

« Bridging clips removed from station connector block(s) to isolate stations
from common equipment

4.14.3 Voltage Check

The voltage as measured across the signal pair (or inner pair) at the station
connector block(s) must be within the following limits:

28-36 VDC
Measure voltage at the station connector block(s) under the following conditions:
» Plexus AC power cord connected to an electrical outlet

« Bridging clips installed at the station connector block(s)

4.14.4 Direct Port Dialing Check

The Direct Port Dialing Check is a simple test to isolate the failure of either an
extension port or a trunk port.

To perform the check, proceed as follows:

4.14.4.1 Prior to Configuring the System

1 Insertthe Analog Trunk Interface (ATI) and/or Analog Extension Interface
(AELI) cards.

2 Power up the Plexus system.

3 Connect a Plexus analog key telephone or an ordinary phone to any analog
extension port.

4 Connect a Plexus analog key telephone or an ordinary phone to the analog
extension port to be checked.

or

Connect a base cord between the trunk port to be checked and a previously
checked extension port.

5 From the phone connected in Step 3, enter # + Unit ID, Slot ID, and Port ID
of the port to be checked.
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For example, to test the top port on an AEI card inserted into the first
slot on a single unlinked Macro Plexus system, the following string
would be entered:

#0000
Note

All port IDs are two digits although the software may only show one digit. If
only one digit is shown, add a 0 to the beginning of the Port ID.

4.14.4.2 Subsequent to Configuration

When testing a port on a system that has already been configured, System
Administrator Privileges must be activated prior to entering the test string on
the phone. In such cases, Step 4 would change as follows:

1 From the phone connected in Step 3, enter F91 + Password. The Default
Password is 123456

2 Enter # + Unit ID, Slot ID, and Port ID of the port to be checked.
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5.1 Introduction to Plexus Configuration Wizard

Welcome to the Plexus Configuration Wizard. If you are learning about
the system for the first time or programming a brand new system, the
Wizard will automatically program the system with a basic
configuration.

For new users, the Plexus Configuration Wizard can set up a
functioning configuration. This configuration will set up all parameters
to allow basic access to features, trunks, extensions, voice-mail, and
auto-attendants.

For experienced users, the Plexus Configuration Wizard provides a
major time savings. The configuration, including voice mailboxes and a
basic auto attendant, is created with minimal effort. This configuration
ensures that all parameters have been set to provide access to features,
trunks, extensions, voice-mail, and auto-attendants. Another benefit is
that all new configurations will be set up with a similar structure,
aiding in system maintenance.
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5.2 About Plexus Configuration Wizard

The Plexus Configuration Wizard offers a “jump-start” facility to create a basic
configuration. The configuration allows the core functions relating to the trunks,
extensions, voice-mail, and auto-attendants, to be set up quick and easily to
provide a base level of operationality. For many systems, additional
modifications may be necessary.

This facility will NOT provide access to all the options, interfaces or advanced
features within the system’s capabilities. To access advanced features or to
modify the configuration after it has been created by the Plexus Configuration
Wizard, see “Software configuration - with Plexus Configuration Wizard” -
section 6.2.

Note

Use the Plexus Configuration Wizard for new configurations or installations
only. The Plexus Configuration Wizard will clear and reset any configuration
currently in a system.

The Plexus Configuration Wizard creates a configuration with the number of CO
lines specified and extensions for each extension port available on the system.
An operator user group (user group 300) will be created with user 100 a member
of that user group. If the system has an Integrated Voice Processor (IVP) card
installed, the Plexus Configuration Wizard will create mailboxes for all the
users and the user group and a basic auto attendant. See “Configuration Report”
- section 5.4 and read the example configuration report for information on other
parameters created by the Plexus Configuration Wizard.
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5.3 Using the Configuration Wizard

For information on installing and setting up the Plexus Administrator software
see “Install Plexus Administrator” - section 3.2.

Perform the following steps to use the Plexus Configuration Wizard.

Note
The example given is for a Micro Plexus with 4 CO lines and 8 extensions.
Different models or configurations will produce slightly different windows.

1 Start the Plexus Administrator.

The following screen is displayed.

"> Plexus - Administrator

The bottom of Plexus Administrator Window contains a status bar that
provides:

* Messages
e Link Status
* Operation Completion Status
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|F'Iease W ait |Link : Activated | 23% |
;S;@HAUSEU{Trunkf / *
Messages Link Status Operation Status

2 Establish a link between the Plexus Administrator and the Plexus System
by selecting Open on the Link pull-down menu.

i Plexzus - Administrate
File | Link Took Help :
o I

[Elnze _
Setup »

Link Access Security m

Enter the System Adminiztrator Password:
123456 |

‘\/ 114 | |x Cancel |

3 Enter the System Administrator Password (the default is 123456) and click
OK.

The Link Indicator in the status bar of the Administrator Window
indicates that the link has been opened.

|Link : Opened * |
[ W |

Once the link is successfully activated the indicator changes color and

|Link : Activated |

an magnifying glass icon appears in the Plexus Window.
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¥ Plexus - Administrator

File Link Toolz Help

BN

4 Click on the magnifying glass icon. This verifies that the link with the
system is valid and also verifies that the Plexus system has a compatible
XOS version by querying the XOS version of the system and receiving a
response. The link has been successfully activated if a pop-up window with
the XOS version appears.

Note

If a message appears "This version of Plexus Administrator is not Compatible
with the current version of XOS." you must upgrade the XOS version of the
Plexus system before using the Plexus Configuration Wizard. See “Upgrading
version 1.02 XOS with a version of 2.0 XOS” - section 3.3.2.

Information m

Unit O
@ X05 Yerzioniz 2_00_00
Loader ¥ersion 1z 1.01.00

5 Click OK.

6 Click the Configuration Wizard button on the Administrator Icon Menu Bar.

¥ Plexzus - Administrator

File Link Tool Help

A

Configuration “#izard
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This displays the "Welcome" screen of the Plexus Configuration Wizard

Plexus Configuration Wizard

Welcome

“elcome to the Plexus Configuration Wizard. If you are
learning about the system for the first time or progamming a
brand new system, the Wizard will automatically program the
system with a basic configuration.

Y'ou will be able to make changes to this configuration later
on to fine tune your system operation.

Important Caveat

The Wizard offers a "quick-start’ facility to create a basic
configuration. This configuration allows the core functions
relating to the trunks, extensions, voice-mail and
auto-attendants to be setup quick and easiliy to provide a
base level of operationality.

The facility will NOT provide access to all the options,
interfaces or advanced features within the system's

capabilities.
< Back |

Cancel |

7 Click on the Next button to continue.
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8 Select the type of system you are installing, either macro-Plexus or micro-
Plexus, by clicking the Select Cabinet button.

Plexus Configuration Wizard E |

The Wizard needs to know what model of the Plexus
system is to be configured.

Currently, there are two types :
=» the micro-Plexus which has a flat-pack design or

=» the macro-Plexus which has a card-cage design
consisting of 11 slots.

Once you have identified your system cabinet type, press
the 'Select Cabinet' button to make your selection.

After making your selection you will be allowed to
proceed to the next step.

Select Cabinet |

< Back | Next > | Cancel |

Clicking on the Select Cabinet button causes the "Select Unit
Assembly" window to display.

Select Unit Aszembly m

~Unit0——————  Unit1 (if linked..)—
" None & None
" Macro " Macro
" Mini " Mini
" Micro

«  OK X Cancel

9 Click on the type on Plexus you are installing.

Note
If you are installing two linked Plexus Systems, you must specify one unit for
each Plexus you are installing.
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10 Click OK after selecting the units you are installing.

Clicking OK brings the last window back up but with the NEXT button
highlighted

Plexus Configuration Wizard E |

The Wizard needs to know what model of the Plexus
system is to be configured.

Currently, there are two types :
=» the micro-Plexus which has a flat-pack design or

=> the macro-Plexus which has a card-cage design
consisting of 11 slots.

Once you have identified your system cabinet type, press
the "Select Cabinet' button to make your selection.

After making your selection you will be allowed to
proceed to the next step.

Select Cabinet

< Back | MNext > | Cancel |

Clicking Next enables the Configuration Wizard to

e Clear and reset the system
« Initialize the configuration database
» Read the current card configuration

» Synchronize the card configuration with the database
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The steps will be tracked by the Plexus Configuration Wizard.

Plexus Configuration Wizard

Please wait while the Wizard performs the following
actions ... This may take a few minutes.

Clearing the current configuration & Reseting the system
Initializing the configuration database
Reading the current card-configuration of the system

Synchronizing the card-configuration with the database

< Back | Next > | Cancel |

As the Wizard completes these actions, buttons display indicating what
is being done and its status. (Yellow = In-Progress, Green = Complete,)

When the configuration has completed these actions, the following
screen is displayed.

Plexus Configuration Wizard E |

Please wait while the Wizard performs the following
actions ... This may take a few minutes.

Clearing the current configuration & Reseting the system
Initializing the configuration database
Reading the current card-configuration of the system

Synchronizing the card-configuration with the database

Press 'Next' to proceed.

(ﬂackl MNext > |
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11 Click Next to continue.

The Wizard now displays the sub-directory screen.

Plexus Configuration Wizard m

In order to organize the storage of the various configuration
files created by the Wizard, a sub-directory will be created
within the Plexus 'saved' sub-directory.

Please specify a name for this sub-directory : |cfg-000

Hint : A suitable name might be a reference to the actual
installation site i.e. ACMECORP etc. This way subsequent
changes to the configuration files can be managed on a site
by site basis.

Press '"Mext' to proceed

& Back | Next > | Cancel |

12 Specify aunique name, if desired, for the sub-directory to which the Wizard
will save files. The Wizard will give the default name cfg-000.

13 Click Next to continue.
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The Wizard now displays the user entry screen.

Plexus Configuration Wizard E
Name «| The ¥izard has selected

an ID sequence of 100

User 100 onwards for the Users.

User 101

User 102 In the adjacent grid you

User 103 have an opportunity to
modify the ‘Name'

User 104 assigned for each User.

User 105

User 106 _| Also, the Wizard has

User 107 automatically created a

User-Group designated as
the 'Operators'. User 100
has been selected as a
member of this group.

< Back | Cancel |

This screen allows you to enter the individual names assigned to each
extension of your system.

14 Enter the name of the person assigned to each extension.

1D MName -

100 |John

101 |Jacki

102 |Donna

103 | Danielle

104 |Yern

105 |Kevin

106 | Patrick |
k107 Ara

15 Click Next to continue.
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The next screen in the Wizard allows you to configure the following
options:

* The number of trunks and whether Caller ID is supplied.

» Whether to route calls during the day through the Auto-Attendant

* Whether the Day/Night Mode switching is automated or manual.

Plexus Configuration Wizard m

~Trunks
The Central-Office provides |4 lines iplus CallerlD servicelv

—Route calls at Night to the Auto-Attendant but during the Day to the-
&+ Auto-Attendant
i~ Operators with the Auto-Attendant as backup

- Control of the Day/Night Mode will be performed
= Manually
i~ Automatically according to the settings below

< Back | Next » | Cancel |

16 Select the number of trunks and indicate whether Caller ID service is
available.

17 Select how the calls will be routed during the “Day” by clicking either “Auto
Attendant” or Operators with the Auto Attendant as backup.

Select whether the Day/Night switching is done “Manually” or
“Automatically” according to the settings below.

Note

The default for Control of the Day/Night Mode is manual. This setting allows for
flexibility in determining the open versus closed hours. The Plexus system
provides a easy to use "one-touch" switching from day to night mode (e.g., an
operator can switch into the night mode to route calls to a night auto attendant
whenever leaving the office at night, no matter what the time). See section
8.63, "Day / Night Service" for more information.
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Selecting the “Automatically according to the settings below” option
causes the “Day/Night Settings Panel” to be displayed.

Plexus Configuration Wizard

—Trunks

The Central-Office provides |4

lines plus Caller-D service ¥

" Operators with the Auto-Attendant as backup

~Route calls at Night to the Auto-Attendant but during the Day to the

—Control of the Day/Night Mode will be performed
"~ Manually

& Automatically according to the settings below

DayfNight Settings

Day of Week Mode

Day Time  |Night Time | =]

-

Saturday Automatic

8:00:00 AM | 6:00:00 PM ;I

< Back | MNext > | Cancel |

18 If the “Automatically according to the settings below” option was chosen,
enter the “Day Time” for switching from night to day and enter the “Night
Time” for switching from day to night. Use the arrows on the right to
access different days. The table below shows the system time default

settings.

Day of Week

Mode Day Time

Might Time

4 Sunday

Monday

Tuesday

YWednesday

Thursday

Friday

Saturday

Automatic 8:00:00 AM
Automatic 8:00:00 AM
Automatic 8:00:00 AM
Automatic 8:00:00 AM
Automatic 8:00:00 AM
Automatic 6:00:00 AM
Automatic 8:00:00 AM

19 Click Next to continue.

6:00:00 PM

6:00:00 PM
6:00:00 PM
6:00:00 PM
6:00:00 PM
6:00:00 PM
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The Wizard is now building your Plexus System Configuration files.
These include:

» System Configuration Files
» Mail Box Database

Auto Attendant Database

Mail Box Download Format File

Auto Attendant Download Format File

Plexus Configuration Wizard m

Please wait while the Wizard creates the following
configuration files ... This may take a few minutes.

System Configuration File : wiz-cfg.zdb
Mailbox Database File : wiz-mail.xdb
Auto-Attendant Datbase File : wiz-node.ndb
Mailbox Download-Format File : wiz-mail.vps

Auto-Attendant Download-Format File : wiz-node.vps
[~ Skip the download of the ¥PS files
Mote : All the abowve files are stored under the Plexus

'saved’ sub-directory in the directory specified. Bemember
that you can use these files to make future modifications.

Press 'Next' to proceed.

<ﬂack| MNext > |

20 When these files have been built, indicated by green buttons, click Next to
continue.

Note

If you choose the "Skip the download of the VPS files" option, the auto
attendant structure and the voice mailboxes will not be uploaded into the
system.
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Clicking Next causes the configuration files to be downloaded to your
system.

Plexus Configuration Wizard

Please wait while the Wizard programs the system with
the following configuration files ... The downloading may
take a few minutes.

System Configuration File : wiz-cfg.zdb

Mailbox Configuration File : wiz-mail.vps

Auto-Attendant Configuration File : wiz-node.vps

< Back | MNext > | Cancel |

While each file is being downloaded, a yellow indicator button will be
displayed.
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When the download for the file is complete, the button is green.

Plexus Configuration Wizard m

Please wait while the Wizard programs the system with
the following configuration files ... The downloading may
take a few minutes.

System Configuration File : wiz-cfg.zdb
Mailbox Configuration File ! wiz-mail.vps

Auto-Attendant Configuration File : wiz-node.vps

Mote : The system will retain all its programming even if itis
switched off.

Press 'Next' to proceed.

<ﬁack| Next » |

21 After the files have been downloaded, click Next to continue.
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22 Your installation is now complete. You may view a configuration file by
clicking the “Show Configuration Report” button (see “Configuration
Report” - section 5.4) or click “Finish” to exit the Wizard.

Plexus Configuration Wizard E

Congratulations

The Wizard has completed configuring your system. You
can complete your installation and continue to exercise the
system.

A brief configuration report file - wiz-rep.t<t - of the Wizards
actions has been created in the specified dircetory under
the Plexus 'saved' sub-directory.

Press "Finish® to exit the the Wizard

Show Configuraton Report |

i

< ﬂackl Finish | Cancel

23 If modifications are necessary for the configuration, see “Software
configuration - with Plexus Configuration Wizard” - section 6.2.
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5.4 Configuration Report

A Configuration Report is created each time the Plexus Configuration Wizard
creates a new configuration. The file is named wiz-rep.txt and is saved in the
sub-directory specified at the beginning of the Plexus Configuration Wizard
process. It includes several important pieces of information about the created
configuration. These include:

- Date and time the configuration was created.
« User numbers and names

« User groups and members

» Trunks and trunk groups

« Auto attendant information

« Call routing information

« Voice mailbox information

+ Port assignments

- A map of port assignments

The following is an example configuration report:

Plexus Wizard Configuration Report - created: 8/2/99 5:04:00 PM

Important Caveat

This basic configuration will allow the core functions relating
to the trunks, extensions, voice-mail (if present) and
auto-attendants (if present) to be setup quickly and easily to
provide a base level of operation.

The configuration will NOT contain the settings to all the options,
interfaces or advanced features within the system's capabilities.
To exact the full functionality of the system and thereby provide
the desired level of operation, it would require a thorough
understanding of the systems capabilities and be proficient in
using the configuration utility - the Plexus Administrator - to
properly program the system.
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Please familiarize yourself with all the documentation provided to
gain the full benefit of the system's capabilities.

Users & User-Groups

The following Users have been created.
1D:100 Name: John
ID:101 Name: Jacki
1D:102 Name: Donna
1D:103 Name: Danielle
1D:104 Name: Vern
ID:105 Name: Kevin
1D:106 Name: Patrick
1D:107 Name: Sharon

Note: User 100 has been granted 'Administrator’ privileges.

Refer to the documentation for all the other option settings and
their defaults.

The following User-Group has been created.
ID: 300 Name: Operators

Note: User 100 has been included as a member of this group.

Trunks & Trunk-Groups

The following Trunks have been created.
1D:201 Name: Trunk 201
1D:202 Name: Trunk 202
1D:203 Name: Trunk 203
1D:204 Name: Trunk 204

The following Trunk-Group has been created.
ID: 400 Name: CO-Lines

Note: All trunks have been included as members of this group.

Auto-Attendant

A Day(1D:450) and Night(1D:451) Auto-Attendant has been created.

To customize the greetings, dial 450 or 451. During the
announcement press <*>
Enter the System-Administrators mailbox: <005>, then the
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password:<0000>.

Select auto-attendant option: <1>

To re-record the :-

- Day-Greeting : enter the modify recording option: <9>,
followed by <00#>.
Speak the greeting, and terminate with a <#>
e.g. "Thank you for calling the ACME Corporation."”

- Night-Greeting : enter the modify recording option: <9>,
followed by <10#>.
Speak the greeting, and terminate with a <#>
e.g. "You have reached the ACME Corporation after hours.
Our hours of operation are 9am to 5pm, Monday to
Friday. Please call again."

- Menu-Prompt : enter the modify recording option: <9>,
followed by <20#>.
Speak the greeting, and terminate with a <#>
e.g. "If you know your party's extension, you may dial it at
anytime now. Otherwise, press zero or stay on the line
for further assistance."

To test the setup just dial the appropriate Auto-Attendant 1D
i.e. 450 - for the Day Auto-Attendant
451 - for the Night Auto-Attendant

In-Coming Call Routing

Control of the Day/Night mode will need to be performed manually.
This can be done from User 100's telephone using either :-
Feature <*48> for Day Mode, and <*49> for Night Mode.
or
If a Key-Telephone is present, defining a DSS Key with
Function <04> and selecting the desired mode.
Please refer to the product documentation for further guidance.

All the trunks for in-coming calls have been routed to the Day
and Night Auto-Attendants as appropriate.

Voice-Mail

Voice-Mailboxes have been created for all the users.

For the Operators - User-Group 300; a dispatch mailbox has been
created. User 100 is a member of the dispatch group.

All the mailboxes have a default password: <no password>
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Port-Assignments

The diagrams below provide a pictorial overview of the platforms
and the installed interfaces. At each port location on the
interfaces, the assigned User or Trunk is indicated by means of
the User-1D or Trunk-I1D as appropriate.

Use this as a guide for the final physical inter-connections of
the extensions and CO-lines to the system once the wiring is in
place.

Note: Port locations marked with an 'x' indicate that those
ports are disabled and will not be operational. Do not connect
any physical lines; neither extensions nor CO-lines to these
ports. If this is necessary, the current configuration will have
to be modified appropriately.

Important Note: Interfaces marked with '???' signify that it

was not possible to fully configure these interfaces. This means
that the resultant configuration may not be adequate for proper
system operation. It would be wise to inspect the current
configuration and make the necessary changes where appropriate.
Please consult the documentation for specific information.

Platform: Micro - [Flat-Pack Chassis]
Unit: 0

Front : Lower Slot - Base

|AT1]201]202]203]204]-]100]101]102]103]104]105]106] x |AEI]

Front : Upper Slot - Expansion
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6.1 Introduction

All aspects of the Plexus system can be configured using the Plexus
Administrator Windows application.

About Software Configuration

A Plexus system can be configured using the Plexus Administrator two
ways; using the Plexus Administrator with the Plexus Configuration
Wizard or using the Plexus Administrator without using the Plexus
Configuration Wizard.

Note

It is recommended that you create your configuration using the
Plexus Configuration Wizard. The Plexus Configuration Wizard
provides a valuable time savings. The configuration created allows
the core functions relating to the trunks, extensions, voice-mail, and
auto-attendants to be set up quick and easily to provide a base
level of operation.

page 6-1 Introduction - Section 6.1



ﬂ Software Configuration

6.2 Software configuration - with Plexus Configuration

Wizard

Several steps that must be completed in order to configure a Plexus system
using the Plexus Administrator with the Plexus Configuration Wizard. The
Wizard will create all the users and trunks and place them according to the
physical layout of the system. You will be able to modify settings after the
Plexus Configuration Wizard has created the configuration.

1
2

“Determine the structure of the system” - section 6.4.
“Physically insert peripheral cards into the cabinet” - section 6.5.

Follow the steps in Chapter 5, "Plexus Configuration Wizard". (The Wizard
will create a working configuration. If modifications are necessary,
continue to step 4.)

Launch Plexus Administrator if it is not already open (see “Launch Plexus
Administrator” - section 6.6).

Open the created configuration (see “Using an existing configuration file” -
section 6.8).

Goto “Configure Auto-Attendant Interface (AAI) card” - section 6.10. Follow
all subsequent steps and sections to modify the configuration.
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6.3 Software configuration - without Plexus Configuration
Wizard

The outline that follows discusses the steps that must be completed in order to
configure a Plexus system using the Plexus Administrator without using the
Plexus Configuration Wizard. Several procedures and the various system
entities (i.e. Users, User Groups, Trunks, Trunk Groups, Extension Ports, and
Trunk Ports) are addressed. While all steps must be completed in order to
successfully configure a system, the user does not need to complete each step
according to the sequence shown below. The Plexus Administrator is fully
modular and allows the user to address each parameter in any order. However
there are certain dependencies e.g., create a user before configuring the user’s
coverage. This Software Configuration section is organized according to the
following sequence. This sequence is followed in order through the rest of this
chapter.

1 “Determine the structure of the system” - section 6.4

2 “Physically insert peripheral cards into the cabinet” - section 6.5.
3 “Launch Plexus Administrator” - section 6.6.

4 “Start a new configuration” - section 6.7.

“Complete the peripheral card layout” - section 6.9.

“Configure Auto-Attendant Interface (AAI) card” - section 6.10.
“Configure Integrated Voice Processor (IVP) card” - section 6.11.

“Create users” - section 6.12 and “Create user groups” - section 6.13.

© 00 N o O

“Assign users to user groups” - section 6.14.
10 “Create trunks” - section 6.15 and “Create trunk groups” - section 6.16.
11 *“Assign trunks to trunk groups” - section 6.17.

12 “Configure AEI extension ports” - section 6.18 and “Configure DEI
extension ports” - section 6.19.

13 *“Configure ATI trunk ports” - section 6.20.
14 *“Configure system parameters” - section 6.21.

15 “Configure users” - section 6.22 and “Configure user groups” - section 6.23.
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16 “Configure trunks” - section 6.24 and “Configure trunk groups” - section
6.25.

17 *“Saving a configuration” - section 6.26.

18 “Establishing a link” - section 6.27.

19 *“Uploading the configuration file” - section 6.28.
20 “Updating the system clock” - section 6.29.

21 “Updating Plexus key telephone programming” - section 6.30.
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6.4 Determine the structure of the system

« Determine the flexible numbering plan that the phone system will follow.
The numbering plan should be designed for optimum organization, clarity,
and growth.

» User IDs can consist of 2-5 digits as defined in the width parameter (Dial Plan tab).

* The range is based upon the From and To parameters (Dial Plan tab). For example, if
the Range is (From) 1 to (To) 4 with a Width of 3. IDs could be from 100 through
499. Likewise, if the Range is (From) 1 to (To) 4 with a Width of 4. IDs could be
from 1000 through 4999.

» The numbering plan will need to include: User; User Group, Trunk; Trunk Group;
Auto Attendant; and Voice IDs.

Note

The Integrated Voice Processor (auto attendant and voice mailboxes) will only
support IDs of 1-4 digits with the highest ID being 8999. If the auto attendant or
voice mailbox features will be used, The user IDs must fall into this range.

« Determine the Access Digits for the system.
« What number will the user dial to access an outside line (i.e., trunk)?

« What number will the user dial to reach the system operator?

« Determine the number of groups on the system and their names.
« What employees or stations will belong to what group?

« User Groups = departments, organizational groups, teams, sections.

« Determine how many trunks will be available on the system.

¢ Trunks = outside phone lines.

» Determine how the trunks should be grouped.

e Trunk Groups = groups of outside phone lines.
« Determine if the organization will have an Auto-Attendant.
- Determine if the organization will have Plexus Integrated Voice Mail.
» Determine how calls will be routed to users and user groups.

« Determine how calls should be managed during the day, night, and
weekends.

» Determine coverage (backup) for each user or user Group.
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- Determine the features and privileges for each user (e.g., Hold Time-outs,
Override capabilities, Call Intrusion capabilities, Toll Restrictions etc.).

» Determine how calls will be distributed to members of each user group.
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6.5 Physically insert peripheral cards into the cabinet

Refer to “Inserting Peripheral Cards” - section 4.3.
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6.6 Launch Plexus Administrator

Launch the Plexus Administrator as follows:

Click on #liStart]|

1

2 Select Programs.
3 Select Plexus.
4

Click on Plexus Administrator .

After launching Plexus Administrator, the following window displayed:

' Plexus - Administrator

Section 6.6 - Launch Plexus Administrator
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6.7 Start a new configuration

To start a new configuration:
1 From the File menu on the initial window, select New.
2 Select the type of System being configured (i.e., Macro or Micro).

3 Ifonly one cabinet is in use, leave Unit 1 set to None.

Select Unit Azsembly
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6.8 Using an existing configuration file

If you are modifying a configuration using an existing configuration file:
1 From the File menu on the initial window, select Open.
2 Select the desired configuration file.

Plexus configuration files have an extension of .zdb. E.g., the Plexus
Configuration Wizard will create a configuration file named wiz-cfg.zdb
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6.9 Complete the peripheral card layout

6.9.1 Peripheral card layout

1 Click on the Systemtab to display the peripheral card layout.

¥ Plexus - Administrator M= F3

Fil= Update ‘“erfy Beport Link Toolz Help
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L
]
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L
]
]
L
ATI

LS sessssss
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OO ()5 eeesssss
OO )5 eeeeesss

'\Sgslem,{User ATrunk /

| Link : Closed |

page 6-11 Complete the peripheral card layout - Section 6.9



ﬂ Software Configuration

¥ Plexus - Administrator o] x|

File Update “erify Beport Link Toolz Help

E’l H | || Mew Configuration File |‘
Unit 0 ]

micro-Plexus

am 0] oxe 1 we O DL ] a8

| [Link : Clased | |

2 With an image of the applicable cabinet (i.e. Macro Plexus or Micro Plexus)
displayed, right-click on the various slots and select the card (ATI, AElI,
etc.) that have been physically inserted.

An image of the selected card will appear in the slot.
3 Fill the slots on the Macro Plexus system from left to right as follows:
ATI-Analog Trunk Interface cards
AAl-Auto-Attendant Interface card (optional)
AEI-Analog Extension Interface cards
DEI-Digital Extension Interface cards
ILI-Inter-Unit Link Interface card (optional)-slot labeled 8
DXP-Digital Switch Processor-slot labeled “9”
IVP-Integrated Voice Processor card (optional)-slot labeled 10

For digital line Interface cards (T1, E1, ISDN) or Direct Inward Dial

(DID) Trunk Interface cards, refer to the Interface card’s individual
chapter.
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4 For The Micro Plexus system, right-clicking in an empty slot will show the
cards that are allowed for that slot. Other card choices will be grayed out.

Note

The Digital Switch Processor (DXP) card may only be placed in the slot in
which it appears. The Inter-Unit Link Interface (ILI) card may only be placed in
the rear slot of the Micro Plexus system and the slot labeled 8 on the Macro

Plexus system.

Refer to the Installation section for details on inserting peripheral cards.

6.9.2 Alternative method to layout peripheral cards:
1 Physically insert peripheral cards.
2 Start Plexus Administrator.
3 From the File menu, select New.
4 Select the type of cabinet that is being configured, Micro or Macro.
5 From the Link menu, select Open.
6 From the Verify menu, select Read
Upon completing the read, the following message will appear on the screen:

Verify: Read Operation Complete...

7 Click OK.

8 From the Verify menu, select Synchronize

Note

The Digital Switch Processor (DXP) card may only be placed in the slot in
which it appears. The Inter-Unit Link Interface (ILI) card may only be placed in
the rear slot of the Micro Plexus system and the slot labeled 8 on the Macro

Plexus system.
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6.10 Configure Auto-Attendant Interface (AAI) card

Refer to chapter 15, "Automated Attendant Interface".
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6.11 Configure Integrated Voice Processor (IVP) card

Refer to chapter 9, "Integrated Voice Processor".
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6.12 Create users

6.12.1 Create users
1 Click on the Usertab to display the User and User Group.

2 Click on the create button in the User Window and enter a User ID sequence
within the dial plan.

3 Create additional users by clicking on the Create button or by pressing
ENTER on the keyboard.

6.12.2 About users

A user is an employee, employee alias, or device that will utilize the system for
the purpose of placing or receiving calls.

» Jane Doe (employee)
«+ Salesperson X (employee alias)

« Device (Dss Console, modem, credit card scanner, fax machine)

Users can utilize several IDs by logging in or signing in to the system, depending
on the functions they are to perform. Therefore there does not need to be a one-
one relationship between user I1Ds and extension ports.

6.12.3 About the User ID sequence

The User ID sequence is the start number of the range of logical 1Ds to be
assigned to system users. Users are assigned user IDs based on the established
user ID sequence. The user ID sequence may be any number based on the Dial-
Number Range (refer to System Parameters: Dial Plan). Default settings call for
a range from 1 to 4 with a width of 3. Using these settings, the user ID sequence
may be any number between 100 and 499.

Example

E'gl If the User ID sequence entered is 100, the first user created is assigned a user ID of 100.
Each additional user created is assigned an ID based on the established sequence. Five
users on a system with a user ID sequence of 100, would be 100, 101, 102, 103, and 104.

Tip

To insert or start a new sequence with a new starting number, click on the Create button
while holding down SHIFT on the keyboard. Newly added sequences are automatically
ordered.

See “Configure users” - section 6.22 for more details.
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6.13 Create user groups

6.13.1 Create user groups
1 Click on the user tab to display the User and User Group dialog windows.

2 Click on the create button in the User Group Window and enter a User
Group ID sequence within the dial plan.

3 Create additional groups by clicking on the Create button or by pressing
ENTER on the keyboard.

6.13.2 About user groups

« User Groups are groups of users (individuals or functions) who share certain
system call routing features. User groups are typically used to establish
certain departmental areas (e.g., Sales, Technical Support, etc.) for the
purpose of receiving calls.

6.13.3 About the user group ID sequence

The user group ID sequence is the start number of the range of logical 1Ds to be
assigned to user groups. The user group ID sequence may be any number based
on the Dial-Number Range (refer to System Parameters: Dial Plan). Default
settings call for a range from 1 to 4 with a width of 3. Using these settings, the
user group ID sequence may be any number between 100 and 499.

If the user group ID sequence entered is 300, the first user group created is
assigned a user group ID of 300. Each additional user group created is assigned
an ID based on the established sequence. Five user groups on a system with a
user group ID starting sequence of 300, would be 301, 302, 303 and 304.

Tip

To insert or start a new sequence with a new starting number, click on the Create button
while holding down SHIFT on the keyboard. Newly added sequences are automatically
ordered.

See “Configure user groups” - section 6.23 for more details.
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6.14 Assign users to user groups

6.14.1 Assign users to user groups

Each user may be a member of any number of user groups.

1
2
3
4

Ensure that users and user groups have been created.
Click on the user so that it becomes highlighted.
Click again on the user and hold down the left mouse button.

Drag the user over to the desired user group.

The user group name will become highlighted.

5 With the desired user group highlighted, release the mouse button.

6.14.2 About assigning users to user groups

The first user assigned to a user group converts the user group icon from a sheet
of paper to a folder. Double-clicking on a user group folder icon displays the
members of the user group.
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107 User 187

L
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Tip
To change the order in which users are listed in the user group, click on the user so that it
becomes highlighted and drag it to the desired position in the user group.

CTRL and SHIFT may be used to select multiple users. Click on the first user so that it
becomes highlighted. Hold down CTRL and select additional users in the desired order. Hold
down SHIFT and use N and W to select a consecutive list of users. A selected group of
users may be assigned to a user group in one drag and drop motion.
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6.15 Create trunks

6.15.1 Create trunks

1 Click on the Trunk tab to display the Trunk and Trunk Group dialog
window.

2 Click on the create button in the trunk window and enter a trunk ID
sequence within the dial plan.

3 Create additional trunks by clicking on the create button or by pressing
ENTER on the keyboard.

6.15.2 About trunks

Trunks and trunk groups determine how a user will place external calls and
determine how inbound calls are routed. Trunk groups are used for allocation
purposes (e.g., to permit users access to groups of outside lines).

6.15.3 About the trunk ID sequence

The Trunk ID sequence is the start number of the range of logical IDs to be
assigned to the trunks on the system. Trunks are assigned sequential Trunk IDs
based on the established Trunk ID sequence. The trunk ID sequence may be any
number based on the Dial-Number Range (refer to System Parameters: Dial
Plan). Default settings call for a range from 1 to 4 with a width of 3. Using these
settings, the trunk ID sequence may be any number between 100 and 499.

Example

E‘gl If the Trunk ID sequence entered is 201, the first trunk created is assigned a Trunk ID of 201.
Each additional trunk created is assigned an ID based on the established sequence. Five
trunks on a system with a Trunk ID sequence of 201, would be 201, 202, 203, 204 and 205.

Tip
To insert or start a new sequence with a new starting number, click on the Create button

while holding down SHIFT on the keyboard. Newly added sequences are automatically
ordered.

See “Configure trunks” - section 6.24 for more details.
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6.16 Create trunk groups

6.16.1 Create trunk groups

1 Click on the create button in the trunk group Window and enter a trunk
group ID sequence within the dial plan.

2 Create additional trunk groups by clicking on the Create button or by
pressing ENTER on the keyboard.

6.16.2 About trunk groups

Trunks and trunk groups determine how a user will place external calls and
determine how inbound calls are routed. Trunk groups are used for allocation
purposes (e.g., to permit users access to groups of outside lines). Trunk groups
will be assigned sequential trunk group IDs based on the established trunk
group ID sequence.

6.16.3 About the trunk group ID sequence

The trunk group ID sequence is the start number of the range of logical IDs to be
assigned to the trunk groups on the system. Trunk groups are assigned
sequential trunk group IDs based on the established trunk group ID sequence.
This sequence may be any number based on the Dial-Number Range (refer to
System Parameters: Dial Plan). Default settings call for a range from 1 to 4 with
a width of 3. Using these settings, the trunk group ID sequence may be any
number between 100 and 499.

Example

E'gl If the trunk group ID sequence entered is 400, the first trunk group created is assigned a
Trunk Group ID of 401. Each additional trunk group created is assigned an ID based on the
established sequence. Five trunk groups on a system with a trunk group ID sequence of
401, would be 401, 402, 403, 404 and 405.

Tip

To insert or start a new sequence with a new starting number, click on the Create button
while holding down SHIFT on the keyboard. Newly added sequences are automatically
ordered.

See “Configure trunk groups” - section 6.25 for more details
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6.17 Assign trunks to trunk groups

6.17.1 Assign trunks to trunk groups

To assign a trunk to a trunk group, proceed as follows. Each trunk may be a
member of more than one trunk groups.

1 Ensure that both the trunk and trunk Group have been created.
2 Click on the trunk so that it becomes highlighted.
3 Click again on the trunk and hold down the left mouse button.
4 Drag the trunk over to the desired trunk group.

The trunk group name will become highlighted.

5 With the desired trunk group highlighted, release the mouse button.

6.17.2 About assigning trunks to trunk groups

The first trunk assigned to a trunk group converts the trunk group icon from a
sheet of paper to a folder. Double-clicking on a trunk group folder icon displays
the trunks in the trunk group.

Tip

Trunks should be listed in trunk groups in an order opposite to the hunt (rollover) order
established by the phone company. Such an arrangement facilitates the use of the least
busy trunks for outgoing calls. The order in which trunks are listed in the trunk group is
changed by clicking on the trunk so that it becomes highlighted and dragging it to the
desired position in the trunk group.

CTRL and SHIFT may be used to select multiple trunks. Click on the first trunk so that it
becomes highlighted. Hold down CTRL and select additional trunks in the desired order.
Hold down SHIFT and use 4 and V to select a consecutive list of trunks. A selected group of
trunks may be assigned to a trunk group in one drag and drop motion.
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6.18 Configure AEI extension ports

6.18.1 Configure extension ports
1 Click on the System tab.

An image of the system cabinet and the available peripheral cards will
display.

2 Click on each of the buttons on the Analog Extension Interface (AEI) card to
configure the extension ports.

3 Make appropriate entries and selections to each of the tabs.

Each LED image will appear red until the associated extension port has been
assigned. Once assigned the LED image will appear green.

Tip

To alleviate the repetitive tasks associated with configuring multiple extension ports, right-
click on a setting or field and select Replicate . Replicate automatically assigns a setting to
all extension ports.

To alleviate the repetitive tasks associated with assigning Users to extension ports, right-
click in the Port Assignment field on the General tab and select

Auto Assign . Auto Assign automatically assigns Users to extension ports in a sequential
fashion.
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6.18.2 Extension port: General

Extension Port 0 on Unit 0 Slot 4 |

| Deviee | 5T

UpitID | 0| SlotID | 4| PortID | 0O

v Port Enabled
Port Assignment g

None E||

Location

Table 6 - 1 Extension port: General

Unit ID

Logical identifier for the unit (i.e., system cabinet) being Automatically Assigned
configured.

Note: Unless there is more than one system (i.e., a linked

environment), this ID will be 0.

Slot ID

Logical identifier for the slot in which the Analog Extension Automatically Assigned
Interface (AEI) card is inserted.

Port ID

Logical identifier for the extension port being configured. Automatically Assigned

Port Enabled

Enables the extension port. Enabled*/Disable

Port Assignment

The assigned user. Extension ports can be assigned to non- None*
transient users to serve as their home station. User ID
Tip: Right mouse-click to utilize the Auto Assign feature.

Location

Informal description or notes about the station location. E.g., Alphanumeric
Conference Room.

* = default setting
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6.18.3 Extension port: Device

Extension Port 0 on Unit 0 Slot 4 |
General | i i

Terminal Type
|Te|ephnne |Z||

Set | External Yoice Adapter
DTMF Generation

ON-Time
OFF-Time

Table 6 - 2 Extension port: Device

Terminal Type

The type of device connected to the extension port.  Telephone*
Note: if a modem, fax machine, credit card scanner  Door-Phone
or other device is to be connected, select Telephone. External Voice-Adapter

Set External Voice Adapter

If an external voice-adapter is selected above, click
on this button to configure the adapter.

Note: External voice-adapter refers to a third-party
voice mail system.

DTMF Generation

The ON/OFF time for DTMF digits sent to the 0-255 ms 100 ms*
external voice adapter.

* = default settings

6.18.3.1 Set external voice adapter

1

2
3
4

Click on the image of the extension port.
Click on the Devicetab.
Click on the set button to display the Voice Adapter dialog window.

Configure the external voice adapter by making appropriate entries and
selections on each of the voice adapter tabs.
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6.18.4 Extension port: Voice Adapter, Access

The Access tab addresses DTMF digits sent to the external voice adapter when
system entities attempt to access the extension port either as direct internal
calls or redirected calls.

Voice Adapter |

Initial Delay 500

Direct-Access DTMF Prefi= |*
Indirect-Access DTMF Prefix on
MNo-Answer |#

-]
Busy |# El
M

Ll e

DND |#

Table 6 - 3 Extension port: Voice Adapter, Access

Initial Delay

The duration of the initial delay when sending DTMF to the  50-9000 ms 500*
external voice adapter.

Direct — Access DTMF Prefix

The DTMF digit sent to the external voice adapter when a 0-9, A-D, * (default), X, #
user or trunk directly accesses the extension port.

Indirect — Access DTMF Prefix On

The DTMF digit sent to the external voice adapter when a 0-9, A-D, *, X, #*
user or trunk indirectly accesses the extension port (through
a user’s coverage).

* = default settings
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6.18.5 Extension port: Voice Adapter, Call Progress

The Call Progress tab enables the sending of DTMF digits to the external voice
adapter to represent call progress tones detected when the associated extension
port attempts to access other system entities (e.g., users, trunks).

VYoice Adapter

N s |

—Feedback DTMF Digit on———

Discunnem Busy
Ringing DND

No-Answer Error
Answer

Table 6 - 4 Extension port: Voice Adapter, Call Progress

Feedback DTMF Digit on

The DTMF digit which represents the Disconnect D*

associated call progress tone. Ringing X*
No-Answer X*

Note: X = send extension number Answer X*
Busy X*
DND X*
Error X*

* = default setting
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6.18.6 Extension port: SLT

Extension Port 0 on Unit 0 Slot 0 E3

General T Device T

~Message-Waiting Indication

& Audible " ¥isual
—Ring Pattern

118 g gl o el e vl o e e el
ExtV VMV

e Riing Ok Time [
Ring ON  Ring OFF ¥ Flash Period

[ [ E  [wE

Table 6 - 5 Extension port: SLT

Message-Waiting Indication

The method of message waiting indication utilized on
the (SLT) Single Line Telephone.

Note: To utilize the visual method, the SLT must
have a message waiting lamp compatible with the

Plexus signaling format.

Audible*
Visual

Ring Pattern Internal

The ring pattern for the ring On position for internal
calls.

Note: Plexus Key Telephone users have the option
of changing ring pattern directly from their phones.
Choose Int. Ring Type .

60% on, 20% off, 20% on*
or
Continuous ON

Ring Pattern External

The ring pattern for external calls.

Note: Users of Key Telephones have the option of
changing ring pattern directly from their phones.
Choose Ext. Ring Type .

60% on, 20% off, 20% on
or
Continuous ON

Ring ON

Period during which the ring tone will be on.

1-2 seconds 1 second *
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Table 6 - 5 Extension port: SLT (continued)

Flash Period
Allows SLTs to do an internal flash enabled*/
disabled
Flash Period
The duration of an internal flash signal. 50-10000 800 ms *
Note: Applies to SLTs ms

* = default setting
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6.20 Configure ATI trunk ports

6.20.1 Configure ATI trunk ports
1 Click on the Systemtab.

An image of the system cabinet and the available peripheral cards will
be displayed.

2 Click on each of the buttons on the Analog Trunk Interface (ATI) card to
configure the trunk ports.

3 Make appropriate entries and selections on each of the tabs.

Tip
To alleviate the repetitive tasks associated with configuring multiple trunk ports, right-click on
a setting or field and select Replicate . Replicate automatically assigns a setting to all trunk

ports.

To alleviate the repetitive tasks associated with assigning trunks to trunk ports, right-click in
the Port Assignment field on the General tab and select Auto Assign . Auto Assign automat-
ically assigns trunks to trunk ports in a sequential fashion.

Note
Each LED image will appear red until the associated trunk port has been
assigned. Once assigned the LED image will appear green.
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6.20.2 Trunk ports: General

Port Assignment

¥ Port Enabled

|Nune

]

Location

Table 6 - 7 Trunk ports: General

Unit ID

Logical identifier for the unit (i.e., system cabinet) being configured.
Note: Unless there is more than one system (i.e., a linked
environment), this ID will be 0.

Automatically
Assigned

Slot ID

(ATI) card is inserted.

Logical identifier for the slot in which the Analog Trunk Interface

Automatically
Assigned

Port ID

Logical identifier for the trunk port being configured.

Automatically
Assigned

Port Enabled

Enables the trunk port.

Enable */Disable

Port Assignment

The assigned trunk.

Tip: Right mouse-click to utilize the Auto Assign feature.

None *
Trunk ID

Location

e.g., Phone closet

Informal description or notes about the location of the trunk wiring.

Alphanumeric

* = default settings
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6.20.3 Trunk ports: Features
B

Trunk Port 0 on Unit O Slot 1

General | I Diialing
Disconnect Type —Special
|Clear Forward E‘ pal 200=
" Caller-ID Enabled rs| 70002
" Centrex Enahled =
[” Flash on Answer =) 1000 5
2000 2| Guard Duration 08| 50015
480 |2{ CO Flash Period CF| 600 ~
15 (= Far-End Answer BE 0=
Table 6 - 8 Trunk ports: Features
Disconnect Type
The type of disconnect supervision utilized by the local None
telephone company. Clear Forward*

Note: Check with the local telephone company to determine  Polarity Reversal
which type of disconnect supervision is used on the lines. Disconnect Tone
All trunk ports should be set to the same type of disconnect

supervision. In the U.S., the primary disconnect is Clear

Forward.

Caller-ID Enabled

When enabled, the system will detect the Caller ID signal Enable/Disable*
for each incoming call on the trunk.

Note: Caller ID can only be enabled on Caller ID equipped

Analog Trunk Interface (ATI) cards. Caller ID service must

be activated on the line in order for a Caller ID signal to be

present.

Centrex Enabled

Identifies if the trunk has Centrex capabilities with the Enable/Disable *
phone company. When enabled, the system will allow the

sending of a ‘flash’ signal for externally forwarded or

transferred calls.
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Table 6 - 8 Trunk ports: Features (continued)

Flash on Answer

Used to 'flash’ the CO on seizing an inbound call. This is
used to signal the CO to reject certain types of calls (e.g.,
collect calls).

Enable/
disable*

Guard Duration

The period of time that a trunk is unavailable following the
completion of a call.

100-2000 ms 2000 ms *

CO Flash Period

Note: Check with the local telephone company to determine
the proper duration of the ‘flash’ signal.

The duration of the ‘flash’ signal as sent to the central office.

50-10000 ms 480 ms *

Far-End Answer

When the system starts timing external calls for SMDR
output information if the system has not already received
indication that the call has been answered by the remote

party.

0-255 15 seconds*
seconds

RQ (Ring Qualifier)

The duration necessary for voltage on the line to be
considered a ring tone by the system. Voltage of a shorter
duration is considered line noise.

10-1000 ms 200 ms *

RS (Ring Silence)

The duration of the of the interval between ring tones used
by the system to determine that a call was terminated.

500-15000 7000 ms *
ms

SS (Seize Settling)

The amount of time the system must wait once a trunk port
has been opened (e.g., seizing a trunk) to reach the
nominal operating condition. During this period, disconnect
signals are ignored, and digit buffering is in effect.

100-2000 ms 1000 ms *

OS (Central Office Setup)
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Table 6 - 8 Trunk ports: Features (continued)

The amount of additional time following Seize Settling (SS) 0-8000 ms 500 ms *
that the system must wait to allow the Central Office to

reach the nominal operating condition. During this period,

disconnect signals are ignored and digit buffering is in

effect. Upon expiration of the OS time-out, the buffer is

emptied and digits are sent to the Central Office.

CF (Clear Forward)

The duration of a break in signal from the central office that 0-2000 ms 600 ms *
represents a terminated call.

PR (Polarity Reversal)

Disqualification period used in detecting polarity reversals ~ 0-3000 ms Oms*
on the line. The PR period begins as soon as a polarity

reversal is detected. If a second reversal is detected within

the period, the initial PR is ignored or disqualified.

* = default settings
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6.20.4 Trunk port: Dialing

Trunk Port 0 on Unit 0 Slot 1 |

General T Features T ]

Dial Mode Dial-Timeout
|Tnne |Z|| | EE'
Pulse Timing DTMF Timing
500 |= Inter-Digit On
33 = Make off
66 [ Break

Table 6 - 9 Trunk port: Dialing

Dial Mode
The type of dialing utilized by the trunk port. Tone *
Note: Check with the local telephone company to Pulse

determine the dial mode(s) supported on the line. If the line
supports both Tone and Pulse, the port should be set to
Tone.

Dial-Timeout

The period of time that must elapse before the system 0-255 seconds 6 seconds *
assumes that the dialing sequence is complete.

Note: Buffering and pulse-to-tone or tone-to-pulse

conversion terminates according to the network dial

timeout.

Pulse Timing

Timing parameters associated with components of a pulse

string.

Inter-Digit 50-1000 500
Make 10-255 33
Break 10-255 ms 66 ms *
DTMF Timing

Timing parameters associated with the various components

of a DTMF tone.

On 50-255 100

Off 50-255 ms 100 ms *

* = default settings
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6.21 Configure system parameters

6.21.1 Configure system parameters
1 Click on the Systemtab.

An image of the system cabinet and the available peripheral cards will
be displayed.

2 Click on the button on the Digital Switch Processor (DXP) card.

3 Make appropriate entries and selections on each of the tabs.

6.21.2 Posting changes to system parameters

The following five buttons appear at the bottom of some system parameters tabs
to prevent configuration errors from being posted to the system. The Insert Record
button must be clicked on prior to adding any recording and the Insert or Delete
Record button must be clicked on prior to making any changes.

Table 6 - 10 System Parameters: buttons

Edit record

Enables a record to be edited.

d

Post edit

Posts the changes made to the record.

<

Cancel edit

Cancels the changes made to the record.

8

Insert record

Inserts a new blank record in a list.

g

Delete record

Deletes a record from a list.

!
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6.21.3 System parameters: General, Passwords

i' * System Parameters E

( Call Progress T Line Impedance T Feature _
[ Speed Dial T Toll Restrict T Foute Map 1
al: | Tme | DiglPlan |

al:

Password
Adminislratur|1 23456 |

D|5A|12345ﬁ |

_"-,F'asswalds ACTi Settings gMizcellansous / Ny

Table 6 - 11 System parameters: General, Passwords

Admin Password

Password to Access system programming Numeric, upto  123456*
12 digits

DISA Password

Password to access Direct Inward System Numeric, upto  123456*
Access and Remote Station Service. 12 digits

* = default settings
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6.21.4 System parameters: General, CTi Settings

i System Parameters m

f Call Progress TLineImpedanceT

Feature ]

[ Speed Dial T Toll Restrict T Route Map ]

] Time |

[Dial Flan

—IP Address

IP Address| 0|l 0| o

0

Suhnt:th'laskl 255“ 255|| 255||

0

—Muonitor License

Option Keyl

Mnniturs|_| Upgradel

;,F'asswards }-,ETi Settings 4 Miscellansous £

Table 6 - 12 System parameters: General, CTi Settings

IP Address

System IP Address for CTi Interface Numeric, 1-3 0,0, O, O*
digits per field

Subnet Mask

Subnet Mask for CTi Interface Numeric, 1-3 255, 255,
digits per field 255, 0*

Option Key

Unique software key for CTi Interface Alpha- None*
Numeric

Monitors

current CTi software

Number of system resources that can be monitored with  Numeric

Note

* = default settings

See chapter 16, “CTi Interface” for information on programming CTi Settings
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6.21.5 System Parameters: General, Miscellaneous

i System Parameters m

f Call Progress T Line Impedance T Feature ]
[ Speed Dial T Toll Restrict T Route Map . ]
Generall | Time |  DialPlan

PCM Clock Synchronization

Clock Source
|Intt:rna| :DxP E‘

Y Pazswords ACTi Settings yMiscellaneous f I

Table 6 - 13 System Parameters: General, Miscellaneous

Clock Source

Clock synchronization for digital trunk cards varies with types of digital trunk
cards in the system

Note
See digital trunk card chapters for information on programming this parameter.
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6.21.6 System parameters: Time, Mode

To designate call routing for each trunk based upon system time, see “Trunk:
Routing: Voice” - section 6.24.2 and “Trunk: Routing: Fax” - section 6.24.3.

¥ ' Spstem Parameters E

[ Call Progress T Line Impedance Feature _
[ Speed Dial T Toll Restrict T Fioute Map ]
General T r Dial Plan |
_|Day of Week Mode Day Time | Night Time =
1 Sunday g:00:00 AM | 6:00:00 P
Monday Automatic 8:00:00 AM | 6:00:00 PM
Tuesday Automatic 8:00:00 AM  6:00:00 PM
Wednesday Automatic 8:00:00 AM  6:00:00 PM
Thursday Automatic 8:00:00 AM  6:00:00 PM
Friday Automatic 8:00:00 AM | 6:00:00 PM
WMode ABand / iy
Table 6 - 14 System parameters: Time, Mode
Mode
Sets whether the time automatically switches Automatic*, Day,
modes or if the system will stay in day mode or Night
night mode for the entire day.
Day Time
Time that the system switches to day mode if Time; Hour, Minute, 8:00 AM*
Automatic switching is enabled for that day. AM/PM
Night Time
Time that the system switches to night mode if Time; Hour, Minute, 6:00 PM*
Automatic switching is enabled for that day. AM/PM

* = default settings
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6.21.7 System Parameters: Time, Band

Time, Band is user to designate outbound calls based upon least cost routing, see
chapter 14, "Least Cost Routing".

i System Parameters m

f Call Progress TLineImpedanceT Feature ]
[ Speed Dial T Toll Restrict T Route Map ]

General | Time I DidlPlan |

—Band Start-Time for
Mnrning 6:00:00 AM

Afternoon (12:00:00 PM
Evening |6:00:00 PM

Night (12:00:00 AM
\,Made}s,Band‘I' iy

Table 6 - 15 System Parameters: Time, Band

Morning

Time that Least Cost Routing starts following  Time; Hour, Minute, 6:00:00 AM*
the Morning table to route calls. Seconds, AM/PM

Afternoon

Time that Least Cost Routing starts following Time; Hour, Minute, 12:00:00 PM*
the Afternoon table to route calls. Seconds, AM/PM

Evening

Time that Least Cost Routing starts following Time; Hour, Minute, 6:00:00 PM*
the Evening table to route calls. Seconds, AM/PM

Night

Time that Least Cost Routing starts following Time; Hour, Minute, 12:00:00 AM*
the Night table to route calls. Seconds, AM/PM

* = default settings
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6.21.8 System parameters: Dial Plan

i System Parameters m

f Call Progress T Line Impedance T Feature ]
[ SpeedDisl | TolResict | RouteMap |
General T Time T ini |

~hccess Digit for

Operator Feature
Trunk DISA
Port

—Dial-Number

From to Width

Table 6 - 16 System parameters: Dial Plan

Access Digit for

Establishes the single digit dialed to...

Reach the Operator 0-9, * # 0*
Access a outside line (Trunk) 0-9,* # 9*
Precede a Feature code 0-9,* # * (default)
Access a Port 0-9, * # #d
Utilize DISA 0-9,* # * (default)
Note: A unique digit must be assigned to each of the five

access options, with the exception of Utilize DISA.

Dial-Number Range

The flexible numbering plan parameters used for assigning

logical IDs to system resources such as User IDs, User

Group IDs, Trunk IDs, Trunk Group IDs, Voice IDs, and Auto

-Attendant IDs.

Range From 0-9 1*
Range To 0-9 4*
Width 1-5 3*
Note: The dial plan is uniform. For example, if there is a

Range From 1, and a Range to 3, with a width of 4, the

possible dial ranges are from 1000 to 3999. Values such as

100 or 10 are not valid.

* = default settings

Section 6.21 - Configure system parameters

page 6-44



Software Configuration

6.21.9 System parameters: Speed Dial

¥ Spstem Parameters m

[ General T Time T Dial Plan ]

f Call Progress T Line Impedance T Feature ]
Speed Dial r Toll Restrct T Route Map ]
Cudt:| Number | ;I
99 18005551212

4

Table 6 - 17 System parameters: Speed Dial

Code

Digits used to execute each system speed dial number.

Note: Single digits (1-9) are actually mapped with a preceding
zero. For example, when utilizing code 1, the user dials 01.
Note: Plexus Key Telephone users may program additional
personal speed dial numbers using the speed dial memory on
the key telephone [Refer to “User: Features, Settings” - section
6.22.3].

Number

The telephone number that will be dialed when the speed dial
code is entered.

Note: The Plexus system has the capacity to store
approximately 100 20-digit speed dial numbers. If the speed dial
numbers are generally more than 20 digits, fewer numbers may
be stored. Commas (i.e., pauses) count as digits.
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6.21.10 System parameters: Toll Restrict, Deny Dialing

By,
i - System Parameters E

f General T Time T Dial Plan _
|/ Call Progress T i CE T Feature ]
: Route Map ]

Number -
2

Dery Dizling 4 4llovw Diling / I

Table 6 - 18 System parameters: Toll Restrict, Deny Dialing

Number

List of generally denied phone numbers and prefixes applicable to  Phone #/
unassigned extensions and system out dialing. Phone # prefix
E.g., 1-900 would terminate calls with this prefix unless the specific

number dialed is allowed in the system allow dialing table.

Note: System-dialed calls as in the case of Remote Call

Forwarding, and Remote Telephone Notification, and Pager

Notification are subject to the system deny and allow dialing tables
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6.21.11 System parameters: Toll Restrict, Allow Dialing

By,
i - System Parameters E

f General T T Dial Plan _
|/ Call Progress TL' nceT Feature ]

Speed Dial | r Route Map ]

Number -
2

4 Derw Dizling péllaw Dizling £ u

Table 6 - 19 System parameters: Toll Restrict, Allow Dialing

Number

List of specifically allowed phone numbers applicable to Phone #/
unassigned extensions and system out dialing. These Phone # prefix
numbers will override the Deny Dialing table.

page 6-47 Configure system parameters - Section 6.21



ﬂ Software Configuration

6.21.12 System Parameters: Route Map, Inbound: DID-Map

¥ ! System Parameters m

|/ General T Time T Dial Plan
f Call Frogress T Line Impedance T Feature
Speed Dial 1 Tol Restict Il w B

Route Number Route Tag | Day Route Pilot | Night Route Pilot =
Pﬁ‘ .

=
| 3

Inbound ; DID-Map £ 0utbound : LCA-Map 4PICCodes £ ]

The Inbound: DID-Map is used to route calls for Caller ID / ANI Routing,
Mapped DID / DNIS Routing, and DID Routing. See chapter 13, "Direct Inward
Dialing".

Table 6 - 20 System Parameters: Route Map, Inbound: DID-Map

Route Number

The Caller ID number, DID number, DNIS number, or  numeric, 1-20 digits
ANI number sent by the incoming call.

Route Tag

Identifying name or information for this route number alphanumeric, 0- 10 digits

Day Route Pilot

System resource that the call will be routed to during None *

the day mode. User ID
User Group ID
AutoAttendant 1D
Voice ID

Night Route Pilot

System resource that the call will be routed to during None *

the night mode. User ID
User Group ID
AutoAttendant 1D
Voice ID

* = default settings
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6.21.13 System Parameters: Route Map, Outbound: LCR-Map

Note
Least Cost Routing is covered in detail in chapter 14, "Least Cost Routing".
Refer to this chapter before configuring these settings.

¥ Spstem Parameters m

[ General T Time T Dial Plan ]
f Call Progress TLineImpedanceT Feature ]

Speed Dial T Toll Restrct T Route Map

Dialed Number | -
18005551212

Y Inbound : DID-Map yDutbound : LCB-Map/ [+

Table 6 - 21 System Parameters: Route Map, Outbound: LCR-Map

Dialed Number

Number or prefix of the number dialed by a user with Numeric, None*
Least Cost Routing enabled.

* = default setting

Double clicking in a completed Dialed Number field brings up the LCR-Map
Definition window.
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LCH Defimtion for #18005551212 m
Trunk Pilot-1D PIC-Code

Morning | (YRt SN - | -]
Afternoon | None IE"' IE"
Evening | Mone |E||| |E||
Nightl Mone |Z||| |Z||

“\Monday A Tussday {wednesday AThursdap AFriday A5 aturday 4Sunday

Table 6 - 22 System Parameters: Route Map, Outbound: LCR-Map: LCR

Definitions

Trunk Pilot-ID

Trunk or trunk group that will be accessed for this time
band when the user dials the defined number.

None*
Trunk ID
Trunk Group ID

PIC-Code

PIC Code that will be dialed with the number dialed by
the user when the trunk is accessed.

Numeric, None*

* = default settings
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6.21.14 System Parameters: Route Map, PIC-Codes

Note
Least Cost Routing is covered in detail in chapter 14, "Least Cost Routing".
Refer to this chapter before configuring these settings.

¥ Spstem Parameters m

[ General T Time T Dial Plan ]
f Call Progress T Line Impedance T Feature ]
Speed Dial T Toll Restrct T Route Map

Code -

% Outbound : LCA-Map APIC-Codes/ [

Table 6 - 23 System Parameters: Route Map, PIC-Codes

Code

Available PIC Codes that will be dialed with the number Numeric, None*
dialed by the user when the trunk is accessed with
Least Cost Routing.

* = default settings
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6.21.15 System parameters: Call Progress, Filter

|/ Speed Dial T Toll Restrict T Route Map
[ Il Time Il Dial Plan
T Line Impedance T Feature
Filter Profile |min.FiIter Time|min.Detec1 Amp.|min.HeIease Amp.| *

» 1050-115%0HZ Fax CNG Signal 40 24 26 —

O 40 24 26

O 40 24 26
'\Filter,ﬂDetector;{Generator,f I

Table 6 - 24 System parameters: Call Progress, Filter
Check Box
Makes the corresponding filter available or unavailable. Available *
Unavailable

Filter Profile

Description or name of the frequency range filter profile.

Note: Filters are used to detect such external tones as

busy, dial, ring back, disconnect and CNG.

min. Filter Time

Period during which the system will attempt to detect the  0-500 200 ms *
frequency range defined in the filter.

min. Detect Amp

Minimum amplitude level required for the system to detect 0-40 24dB *
the defined frequency range.

min. Release Amp.

Minimum amplitude level at which the system will 0-40 26dB *
terminate detection of the defined frequency range.

Note: It may be necessary to scroll right to see all of the

parameters.

* = default settings

Section 6.21 - Configure system parameters

page 6-52




Software Configuration

[

6.21.16 System parameters: Call Progress, Detector

i * System Parameters m

Speed Dial T Toll Restrict T Route Map

[

General T Time T Dial Plan ]

]/ Line Impedance T Feature

Tone Type J Filter Profile | Cadenced | min.ON Time |;
CNG 1050-1150HZ Fax CNG Signal 425

4 £
T 0
Busy ¥ 300-700Hz Test Tones [x 200
Ring-Back | [ 670
Disconnect | 620Hz Busy Tone IES] 250

4

s

'\Filter}\,Detector,{ﬁeneralolI-' —

i’ System Parameters m

|/ Speed Dial T Toll Restrict T Route Map ]

|/ General T Time T Dial Plan
Call Progress T Line Impedance T Feature
Tone Type min.ON Time | max.0N Time | min.OFF Time | max.0FF Time |;

M CNG 425 L5756 2550 3450
[Diar | S

Busy 200 650 200 800

Ring-Back 670 2500 3000 6000

Disconnect 250 600 150 600

4

Detector A Generatar I~

o

Tone Type

Table 6 - 25 System parameters: Call Progress, Detector

Type of tone detected with the applicable filter.

Check Box

Activates or deactivates the filter profile for the Active/lnactive
applicable tone.

Filter Profile

Description or name of the frequency range filter
profile.
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Table 6 - 25 System parameters: Call Progress, Detector

Cadenced

Enables the system to detect either a cadenced or Enable/Disable
continuous tone.

Note: If cadenced is enabled the following five

parameters must be addressed in defining the

minimum number of cycles and the ON and OFF

positions of the cadence.

min. ON Time

Minimum range for the ON position of a cadenced
tone.

See Chart B: min ON Time System Defaults and
Ranges for details.

max ON Time

Maximum range for the ON position of a cadenced tone.
See Chart C: max ON Time System Defaults and Ranges for details.

min. OFF Time.

Minimum range for the OFF position of a cadenced tone.
See Chart D: min OFF Time System Defaults and Ranges for details.

max OFF Time

Maximum range for the OFF position of a cadenced tone.
See Chart E: max OFF Time System Defaults and Ranges for details.
Note: It may be necessary to scroll right to see all of the parameters.
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6.21.16.1 Chart A: System defaults and ranges (in milliseconds)

Table 6 - 26 System parameters: Call Progress, Detector

CNG
425 * 0-20000 (increments of 10)
Dial

G 0* 0-20000 (increments of 10)

Times Busy

200 * 0-20000 (increments of 10)
Ring Back
670 * 0-20000 (increments of 10)
Disconnect
200 * 0-20000 (increments of 10)

* = default settings

6.21.16.2 Chart B: System defaults and ranges (in milliseconds)

Table 6 - 27 System parameters: Call Progress, Detector

CNG
575 * 0-20000 (increments of 10)
Dial

m-ipim(ZN o* 0-20000 (increments of 10)
Busy
650 * 0-20000 (increments of 10)
Ring Back
2500 * 0-20000 (increments of 10)
Disconnect
650 * 0-20000 (increments of 10)

* = default settings
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6.21.16.3 Chart C: System defaults and ranges (in milliseconds)

Table 6 - 28 System parameters: Call Progress, Detector

CNG

2550 *

0-20000 (increments of 10)

Dial

Min OFF

. *
Time

0-20000 (increments of 10)

Busy

200 *

0-20000 (increments of 10)

Ring Back

3000 *

0-20000 (increments of 10)

Disconnect

200 *

0-20000 (increments of 10)

* = default settings

6.21.16.4 Chart D: System defaults and ranges (in milliseconds)

Table 6 - 29 System parameters: Call Progress, Detector

CNG
3450 * 0-20000 (increments of 10)
Dial

max OFF

Time 0~ 0-20000 (increments of 10)
Busy
800 * 0-20000 (increments of 10)
Ring Back
6000 * 0-20000 (increments of 10)
Disconnect
800 * 0-20000 (increments of 10)

* = default settings
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6.21.17 System parameters: Call Progress, Generator, Ringback

i System Parameters m

f Speed Dial T Toll Bestrict T Foute bMap ]
[ Gerneral T Tirme T Dial Plan ]
r Line Impedance T Feature
—Cadence Time
On 2000 %
Off 4000 (=
On 2000 %
Off 4000 (=
\Hingback,ﬁBusy,-{Ern:ur,u{DiaI;{DTMF;‘
4 Filter £ Detector j Generatar I

Table 6 - 30 System parameters: Call Progress, Generator, Ringback

Ringback Frequency

Frequency settings for the internal ringback 0-4000 Hz 1st 440 Hz *
tones. 2nd 480 Hz *

Ringback Cadenced Time

Period for the ON and OFF positions of a 0-4095 ms On 2000 ms *
cadenced rlngpac_k tone. Off 4000 ms *
Note: Control is given for two cycles to allow for

two different ON or OFF periods.

Ringback Level

Amplitude level for internal ringback tones. 0-70 dB 21 dB *

* = default settings
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6.21.18 System parameters: Call Progress, Generator, Busy

i' * System Parameters E

( Speed Dial T Toll Restrict T Foute Map _
[ General T Time T [Diial Plan 1
{ T Lire Impedance T Featurs |

[¥ Cadenced
Cadence Time——

on[  S00F]
o[ 500%]

&
4 Ringback }\BusMError A Dial fDTHF
' Filker 4 Dietector s Generatar Ny

Table 6 - 31 System parameters: Call Progress, Generator, Busy

Busy Frequency

Frequency settings for internal busy tone. 0-4000 Hz 15t 480 Hz *
2nd 620 Hz *

Busy Cadenced

Enables/disables a cadenced busy tone. Enable/Disable *

Busy Cadence Time

Period for the ON and OFF positions of a cadenced 0-4095 ms On 500 ms *
busy tone. Off 500 ms *
Busy Level

Amplitude level for internal busy tones. 0-70dB 21dB*

* = default settings
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6.21.19 System parameters: Call Progress, Generator, Error

i System Parameters m

f Speed Dial T Toll Bestrict T Foute bMap ]
[ Gerneral T Tirme T Dial Plan . ]
{ r Line Impedance T Feature

CTEIUELE; - ¥ Cadenced
1st ﬂ Cadence Time——

Level Off
ik

\Hingback,-{Busy}\Ern:ur,{DiaI;{DTMF;‘

4 Filter £ Detector j Generatar I

Table 6 - 32 System parameters: Call Progress, Generator, Error

Error Frequency

Frequency setting for internal error tone. 0-4000 Hz 15t 480 Hz *
2nd 620 Hz *

Error Cadenced

Enables/disables a cadenced error. Enablet /Disable

Error Cadence Time

Period for the ON and OFF positions of a 0-4095 ms On 250 ms *
cadenced error tone. Off 250 ms *
Error Level

Amplitude level internal error tone. 0-70 dB 21dB *

* = default settings
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6.21.20 System parameters: Call Progress, Generator, Dial

i' * System Parameters E

( Speed Dial T Toll Restrict T Foute Map

[ General T

| DR ]

Line Impedance T Feature

Frequency ——

1st]_350f
2na [ 41015

[ Cadenced

\Ringback ABusy fEmor F\Dial,l{DTMF,-'

' Filker 4 Dietector s Generatar

Table 6 - 33 System parameters: Call Progress, Generator, Dial

Dial Frequency

Frequency settings for internal dial tone. 0-4000 Hz 1st 350 Hz *
2nd 440 Hz *

Dial Cadenced

Enables/disables a cadenced dial tone. Enable/Disable *

Dial Cadence Time

Period for the ON and OFF positions of a 0-4095 ms OnOms *

cadenced dial tone. Ooff 0 ms *

Dial Level

Amplitude level for internal dial tone. 0-70 (-dB) 21 (-dB) *

* = default settings
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6.21.21 System parameters: Call Progress, Generator, DTMF

i' * System Parameters E

f Speed Dial T Toll Restrict T Route Map _
[ General T Time T [Diial Plan 1

iCall Prugressgr Line Impedance T Feature

Column [ High Group ]

Y Ringback ABusy AEmar A Dial ADTMF /
Fiker 40 etectar y Generstor .y

Table 6 - 34 System parameters: Call Progress, Generator, DTMF

DTMF Level

Amplitude levels for the low and high 0-70 dB Row (Low Group) 8 *
frequencies associated with the DTMF Column (High Group) 5.9 *
digits 0-9, *, and #.

* = default settings

6.21.21.1 DTMF digits and their respective frequencies

The following table illustrates the frequency associated with each DTMF digit.
The column/high contains 4 frequencies (1209, 1336, 1477 and 1633). The row/
low contains 4 frequencies (697, 770, 852, 941).

Table 6 - 35
1209 Hz 1336 Hz 1477Hz 1633 Hz
697 Hz 1 2 3 A
770 Hz 4 5 6 B
852 Hz 7 8 9 C
941 Hz * 0 # D
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6.21.22 System parameters: Line Impedance

i' * Syztem Parameters E

( Speed Dial T Toll Restrict T Route Map _
[ General T Time T Dial Plarn 1
Call Frogress T Line Impedance T Feature ]
Analog Interface Type| Profile -
#| Trunk - Loop Start 600-0 deal] Norma -
Trunk - DID 600-Ohm
Trunk-E & M 600-0hm
Extension - Standard |600-Ohm _I
Extension - OPX 600-0hm

Table 6 - 36 System parameters: Line Impedance

Analog Interface Type

Type of Analog Interface (e.g.,Loop Start).

Profile

Impedance profile for the analog interface. 600-Ohm *
Note: Line impedance profiles can only be configured through

software configuration. Should the line impedance profile

provided not meet the needs at a particular installation, e-mail a

request for additional profiles at bbstechs@bbstelecom.com or

contact a support representative.

* = default settings
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6.21.23 System parameters: Feature, Assignment

¥ Spstem Parameters m

[ Speed Dial T Tall Bestrict T Foute Map ]
f General T Time T Dial Flan . ]
Call Progress T Line Impedance T i el |

—Default Assignment
Operator

|Nune E”

Trunk

|Nune E”

"\ Aasignment {Disling flam Call {Limits £ Timeouts /| -

Table 6 - 37 System parameters: Feature, Assignment

Default Assignment-Operator

Connect to for system-dialed calls placed to the operator or None *

calls made by unassigned extensions. User ID

Note: System-dialed calls are calls made by the Integrated User Group ID
Voice Processor as in the case where a caller presses 0 to AutoAttendant ID
reach the system operator while in a user’s voice mailbox. Voice ID

Default Assignment-Trunk

Trunk or Trunk Group utilized for system-dialed calls or None *
unassigned extension calls. Trunk 1D
Trunk Group ID

* = default settings
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6.21.24 System parameters: Feature, Dialing

By,
i - System Parameters E

f Speed Dial T Toll Restrict T Route Map
|/ General T Time T Diial Plan ]
Call Progresz T Line Impedance T F
—Single Digit Dial Map

Digit

Pilot Type
&+ User  Trunk

re:

Filot-1D

|Nune E“

YAssignment Dialing A Alarm Call fLimits 4 Timeouts /| =

Table 6 - 38 System parameters: Feature, Dialing

Single Digit Dial Map: Digit

Single digit access for users, user groups, trunks, trunk groups, 0-9, #,*
auto attendant IDs, or voice IDs.

E.g., If 3is mapped to User 102, pressing the single digit 3 would

connect to User 102.

Single Digit Dial Map: Pilot Type

The type of entity to which the digit is mapped. User /Trunk
Pilot-1D

The ID to which the digit is mapped. None *
Note: Plexus systems process a single digit at a time. If 3 is User ID

mapped to a user, pressing it will immediately connect you to the User Group ID
user. Therefore, it is not possible to connect to a user group or ~ Trunk ID

other entity with an ID of 300. Review the defined flexible Trunk Group ID
numbering plan and access digits before mapping single digits. AutoAttendant ID
Voice ID

* = default settings
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6.21.25 System parameters: Feature, Alarm Call

i System Parameters m

f Speed Dial T Toll Bestrict T Foute bMap ]
[ Gerneral T Tirme T Dial Plan . ]
Call Progress T Line Impedance T el |

—Alarm Call

Retry Count
EE Retry Interval

MNo-Response Cover Pilot

| None El‘
Y Assignment 4 Dialing jalam Eall,l':LimitS ITimeuuta,-u' iy

Table 6 - 39 System parameters: Feature, Alarm Call

Alarm Call: Retry Count

The number of attempts the system will make to reach a user 0-255 3=
for either an appointment reminder or an alarm clock call.

Alarm Call: Retry Interval

The period of time between retries. 0-255 2 minutes *
minutes

Alarm Call: No-Response Cover Pilot

Connect to when no response is received for an alarm clock  None *

call. User ID

Note: The No-Response Cover Pilot does not apply to User Group ID
appointment reminders. AutoAttendant ID
Refer to chapter 18, "Hotel / Motel Package". Voice ID

* = default settings
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6.21.26 System parameters: Feature, Limits

By,
i - System Parameters E

f Speed Dial T Toll Restrict T Route Map

|/ General T Time T

Call Progresz TLineImpedanceT
—Auto-Redial

Retry Count
Hetry Interval

—Dialing Prefix-Code for————————
International Mational Area Width

|u11 \ |1 | | 3|E|*

YAssignment 4 Dialing AAlarm Call jLimits A Timeouts /| =

Table 6 - 40 System parameters: Feature, Limits

Auto Redial: Retry Count

The number of attempts the system will make in completing an 0-255 10 Attempts
automatic redial.

Auto-Redial: Retry Interval

The period of time between retries. 0-255 60 seconds *

Dialing Prefix-Code: International

The prefix the system will dial for an international call whena  numeric, 011*
user utilizes Caller ID Redial (see “Caller ID Redial” - section ~ 0-4 digits
8.57).

Dialing Prefix-Code: National

The prefix the system will dial for a national call when a user numeric, 1*
utilizes Caller ID Redial (see “Caller ID Redial” - section 8.57). 0-4 digits

Dialing Prefix-Code: Area Width

The number of digits in the system’s local area code (see 0-10 3*
“Caller ID Redial” - section 8.57).

* = default settings
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6.21.27 System parameters: Feature, Timeouts

By,
i - System Parameters E

f Speed Dial T Toll Restrict T Route Map _
|/ General T Time T Diial Plan ]
Call Progresz T Line Impedance T

System Hold Timeout
Unattended Call Duration
E Page Duration Limit

Metering Signal
’7612KH2 16 KHz

Y dssignment /1D aling Alarm Call iLimits j Timeouts £ |_|-

Table 6 - 41 System parameters: Feature, Timeouts

System Hold TImeout

The period of time that a call will remain on System Hold 0-255 15 minutes*
before recalling the responsible user. minutes

Unattended Call-Duration

The period of time that an unattended trunk call can go 0-255 15 minutes*
unsupervised before the call is automatically terminated. minutes

Note: Unattended calls include unsupervised conferences,

externally forwarded or diverted calls, and doorphone calls to

an external number.

Page Duration Limit

The maximum duration of a page. The page is automatically 0-255 30 seconds*
terminated upon exceeding the duration limit. seconds

Metering Signal

Frequency of the central office metering signal. 12KHz* or 16KHz
Note: Metering is available only on trunk cards with metering

capabilities and in areas with metering service available from

local phone service provider.

* = default settings
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6.22 Configure users

6.22.1 Configure Users

1

2
3
4

Ensure that all users have been created.
Click on the User tab to display the Users and User Group dialog window.
Double-click on each User in the User window.

Make appropriate entries and selections on each of the tabs.

Each user has a default system profile that can be modified to limit or expand
the user’s class of service.

Tip

To alleviate the repetitive tasks associated with configuring multiple users, right-click on a
setting or field and select Replicate ALL or Replicate Selected [Replicate Selected is only
available if users have been selected]. The Replicate options automatically assign a setting
to all or selected users.
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6.22.2 User: General

User 100 - Uzer 100 | %]

[ Ovemride T Deny Dialing T Allowe Dialing ]
( Coverage T Backup T Privileges
General r Features T Azzignment
1D MName
|1 00 | |Operatur|1 00 |

Description

Table 6 - 42 User: General

ID

Logical identifier for the user.

Note: The ID is automatically assigned based on the User ID
Sequence entered when the first user was created

Note: To assign the user ID to a port, see “Extension port: General” -
section 6.18.2.

Numeric
Up to 4 digits

Name

Informal identifier for the user. E.g., Heather.

Alphanumeric
Up to 20 characters

Description

Informal description or notes about the user. E.g., Receptionist

Alphanumeric

An extension port assigned to a user serves as the user’'s home station. It is not
necessary to assign a user to a port. Users with no port assignment are referred
to as transient users. Additional User IDs may also be given to a user to serve as
a user alias for purposes of receiving different types of calls at a single station.
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6.22.3 User: Features, Settings

Uszer 100 - Operator 100 |

[ Owverride T [rerw Dialing T Ao Dialing 1
[ Coverage T Backup T Frivileges 1

General I I Azzighment |

Password

Qutbound Caller-ID Tag

Define Key... | on Key-Telephone

_"‘-,Settings||I'{LTimen:nuts,-{L|:I|:|ti|:|ns,uIr =

Table 6 - 43 User: Features, Settings

Password

Optional log-in password. See Numeric, Up to 12 digits
“Password Security” - section 8.107.

Define Key... on Key-Telephone

Press the Define Key button to define the programmable keys on the
user’s Plexus Key Telephone (if available).

6.22.3.1 User: Features, Settings, Define Key

Unlike user privileges, programmable keys are assigned to a key telephone and
not the user. The definitions are actually stored in memory that resides on the
key telephone. A user’s log-in privileges always override the physical key
telephone’s dialing or feature programming.

Notes

Only Plexus Key Telephones with firmware v1.01 or greater may be
programmed through Plexus Administrator. The firmware version appears
when the telephone is initializing.

To initialize a key telephone, dial F99. If the screen displays S/W 1_00 it
cannot be programmed using Plexus Administrator, but must be programmed
at the key telephone.

To define the programmable keys on a Plexus Key Telephone, proceed as follows:
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1 Click on the User tab.
2 Click on the Feature tab.
3 Click on the Define Key button.

Templates will appear for the various models of Plexus Key
Telephones.

4 Click on the tab that corresponds to the available model. The following
dialog box will appear:

Uszer 100 - Operator 100 m

Key-Telephone Class
’76‘ PxT-30 " PxT-22

I Click here and
select from the
Click the available functions.

programmable key

to be defined—— g | & | & | [ ]
(@ | [@ IE3 | @ ]
& ] [ | & ] [ ]
@ | [@ IE3 | [ ]
[# | [ | [ ] [ ]
YT now | U pdatenow |

5 Click on the programmable key to be defined.
The selected key will become highlighted.

6 Click on the options arrow, and select from the listed functions, as seen in
the table below.

7 Programmable key definitions can be replicated to other key telephones on
the system. To replicate a key definition to all other key phones on the
system, press the options arrow, right click the mouse, and then choose
Replicate AlL.

8 To replicate selected users: use the CTRL key to select users from the list of
users. Then, press the options arrow and choose Replicate Selected
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Note

To see the programming already on a user’s Key Telephone, Press Verify now
after linking with the system. This feature works with version 2.0 Key
Telephones and above only.

After programming the keys, you will need to send the parameters to the key
telephones. See “Updating key telephones” - section 6.22.3.3.

6.22.3.2 Available functions for the Plexus Key Telephone

Table 6 - 44 User: Features, Settings

No Action *

Instructs the system to not overwrite key telephone programming during an update.

Undefined

Not programmed.

Map/Monitor Users

Monitors the status of a system user. E.g., When the monitored user goes off hook, the
mapped key will illuminate.

Map/Monitor Trunks

Monitors the status of a trunk. E.g., When the monitored trunk is in use, the mapped key
will illuminate.

Function

Activates a function [See “Feature Reference” on page 1 for a full description of the
function codes]. Call Record is function 1, and Live Call Screening is function 2.

Feature

Activates a feature [See “Overview of Features” on page 1 for features codes].

Speed-Dial

Dials a frequently used telephone number.
Commas provide a 2 second pause.

Default

Several buttons on version 2.0 Key Telephones have additional features that can be
programmed. See User’s Guide - Programming Keyphone for options.

* = default settings
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6.22.3.3 Updating key telephones

To update the key telephone version 1.01, proceed as follows:

1 After linking with the system, click on the Update menu at the top of the
Administrator program.

2 Click on Key-Phone This will update all version 1.01 and above Key
Telephones physically attached to the system.

To update the key telephone version 2.0 and above, proceed as follows:

1 After linking with the system, click on the Update nowbutton on the screen.
This will only update the phone at that user’s station.

or

1 After linking with the system, click on the Update menu at the top of the
Administrator program.

2 Click on Key-Phone This will update all version 1.01 and above Key
Telephones physically attached to the system.
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6.22.4 User: Features, Timeouts

Uszer 100 - Operator 100 m

[ Ovemride T Deny Dialing T Allowe Dialing ]
( Coverage T Backup T Privileges

General | Features Azzignment

—Timeout on

Y

No Answer

Exclusive Hold

I

Dial Expiration

\Gettings h Timeouts A O ptiors / i
Table 6 - 45
Timeout on No Answer
The period of time before an unanswered call routes to the  0-255 20 seconds*
user’s backup or coverage. seconds

Note: See“Call Backup - User / User Group” - section
8.27 and “Call Coverage” - section 8.32.

Timeout on Exclusive Hold

The period of time that a call will remain on Exclusive Hold 0-255 5 minutes*
before recalling the responsible user. minutes

Note: See “Call Hold: Exclusive” - section 8.37 for further

recall interactions.

Timeout on Dial Expiration

The amount of time that an off-hook station receives 0-255 20 seconds*
internal dial tone before receiving error tone. seconds

* = default settings
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6.22.5 User: Features, Options

Uszer 100 - Operator 100 |

[ Owverride T [rerw Dialing T Ao Dialing 1
[ Coverage T Backup T Frivileges 1

General I Features I Azzighment |

[ Auto Cover on Internal Calls

[ Validate Trunk-Access during Day
[ Validate Trunk-Access at Night

[~ Forced Account-Code Entry

[" Least-Cost Routing Enabled

[~ Block on Call Termination

% Settings 4 Timeouts 4 Dptions / I

Table 6 - 46 User: Features, Options

Auto Log-In

Enables the user to be automatically logged-in each time the system Enable*/Disable
boots.

Auto Cover on Internal Calls

Enables an automated version of the call cover feature for the user. Enable/Disable*
Note: A user with Auto Cover enabled will automatically route to the
applicable coverage entity when calling an unavailable user.

Validate Trunk Access during Day

The Plexus system will only allow the user to place an external call Enable/Disable*
after the user verifies the user’s trunk access privileges while the
system is in the day mode. See “Authorize User” - section 8.12.

Validate Trunk Access at Night

The Plexus system will only allow the user to place an external call Enable/Disable*
after the user verifies the user’s trunk access privileges while the
system is in the night mode. See “Authorize User” - section 8.12.

Forced Account Code
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Table 6 - 46 User: Features, Options (continued)

The Plexus system will only allow the user to place an external call Enable/Disable*
after the user enters an account code for the call. See “Account
Codes: Forced” - section 8.4.

Least Cost Routing Enabled

The Plexus system will route external calls based on information Enable/Disable*
entered in the Least Cost Routing table. See chapter 14, "Least Cost
Routing.

Block on Call Termination

Prevents an internal dial tone from being sent to a phone after Enable/Disable*
disconnecting from a phone call. See “Block On Call Termination” -
section 8.19.

* = default settings
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6.22.6 User: Assignment, Group-Access

Uszer 100 - Operator 100 |

|/ Owerride T Derw Dialing T Allaws Dialing ]

f Coverage T Backup

General T Features T

~Pilot-ID for

|Nune

|Nune

|Nunt:

—\,Group-ﬂccess ﬂMessage-.-’-‘«ccessf

Table 6 - 47 User: Assignment, Group-Access

Pilot-1D for Pickup

Pickup Group or Pickup User that the user picks up when using
FO7 or FO8. See “Call Pickup: Intra-Group” - section 8.44.

None *

User ID

User Group ID
AutoAttendant ID
Voice ID

Pilot-1D for Operator

Connect to for calls to the operator. E.g., when the user presses
0.

None *

User ID

User Group ID
AutoAttendant ID
Voice ID

Pilot-1D for Trunk

Trunk or trunk group utilized by the user for external outbound
calls.

This parameter also determines which trunks will be used for
automated off-site dialing (e.g., External Forward and Remote
Call Notification) for the user.

None *
Trunk ID
Trunk Group ID

* = default settings
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6.22.7 User: Assignment, Message-Access

Usger 100 - Operator 100 E Usger 100 - Operator 100 |

[ Owerride T Drerw Dialing T Al Dialing 1 [ Owerride T Deny Dialing T Al Dialing 1
f Coverage T Backup T f Coverage T Backup T Frivileges 1
General T Features T General T Features T Aszzignment

Frivileges

* Internal " External " Internal + External:

|NDHE |E|| |Nune |E||
| |

:,Gmup-hccess;\,Message-ﬁccess;‘r I Y Group-fccess i Messagediccess / I

Table 6 - 48 User: Assighment, Message-Access

Message-Access: Internal

System entity that the user accesses when checking messages. None*
Note: On systems with an Integrated Voice Processor, this is setto  User ID
a Voice ID. User Group ID

In the absence of an Integrated Voice Processor, this can be set for Voice ID
a receptionist, operator, or front desk where messages are taken
manually.

Message-Access: External

Trunk / Trunk Group that the user accesses when checking None*
messages. Trunk 1D

Note: On systems with an Integrated Voice Processor, this is setto  Trunk Group ID
an Internal Voice ID.

In the absence of an Integrated Voice Processor, this can be set for

an answering service, etc.

Message-Access: External - Dial Number

Externally dialed telephone number that the system dials for the Numeric, 0-9
user to check messages. up to 20 digits

* = default settings
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6.22.8 User: Assignment, Off-Hook Preference, User

User 100 - Operator 100 m User 100 - Operator 100 m

[ Overide T Deny Dialing T Allow Dialing ] [ Overide T Deny Dialing T Allow Dialing ]
f Coverage T Backup T Privilzges _ f Coverage T Backup T Privileges _
General T Featurez T Azzignment ] General T Features T Assignment -

(" Trunk? Page |

i User ¢ Trunk? Page |

Pilot-1D

|Nune |z||

Message-ficcess A0f-Hook Preference / [e[#] I Message-ficcess A0f-Hook Preference / [e[#] I

Table 6 - 49 User: Assignment, Off-Hook Preference, User

Pilot-ID

Internal connect to initiated by going off-hook. None *

E.g., A hotel lobby phone which automatically calls the hotel User ID

switch operator when someone picks up the handset. User Group ID
AutoAttendant ID
Voice ID

* = default settings
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6.22.9 User: Assignment, Off-Hook Preference, Trunk

Uszer 100 - Operator 100 m

[ Ovemride T Deny Dialing T Allowe Dialing ]
( Coverage T Backup T Privileges

General T Features T Aszzignment 1
| " None T User & Trunk? Page |
Pilot-1D
[co-Lines -]
I+ Use External Dial Number
|5551212| |
"\ Dff-Hook Prefersnce /| Suppart D

Table 6 - 50 User: Assignment, Off-Hook Preference, Trunk

Pilot-ID
Trunk or trunk group the user is automatically connected to by None *
going off-hook. Trunk 1D

Trunk Group ID
e.g., An elevator phone which automatically accesses an outside
line when someone picks up the handset, so that emergency
numbers can be dialed.

Use External Dial Number

Telephone number associated with the trunk off-hook preference  Enable/Disable
Note: When enabled, the telephone number is automatically +

dialed after the user is connected to the trunk or trunk group Phone #
designated in the trunk off-hook preference Pilot-ID above.

E.g., An elevator phone could be set to dial 911 when someone

lifts the handset.

* = default settings
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6.22.10 User: Assignment, Off-Hook Preference, Page

Uszer 100 - Operator 100 m

[ Ovemride T Deny Dialing T Allowe Dialing ]
( Coverage T Backup T Privileges _
General T Features T Aszzignment ]

|
|Nune E||

Page Preference
|Intf:rnal Only E"

Pilot-1D

"\ Dff-Hook Prefersnce /| Suppart D

Table 6 - 51 User: Assignment, Off-Hook Preference, Page

Pilot-ID

Paging service connect to initiated by going off-hook. None *

e.g., going off-hook performs an internal page to the selected user  User Group ID
group

Note: The Pilot-ID applies only to internal pages. To page all users,
do not select a Pilot-ID and choose internal for the page preference
parameter below.

Note: Page refers to the Page features.

Page Preference

The type of paging service to be utilized. Internal *
External
Answer

* = default settings
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6.22.11 User: Assignment, Support

Uszer 100 - Operator 100 |

[ Ovemde T Deny Dialing T Allova Dialing ]
( Coverage T Backup T Privileges 1
General T Features T Aszzignment

Intercept Period ms

Intercept Pilot

[one Id|

4 Off-Hook Preference pSupport / I

Table 6 - 52 User: Assignment, Support

Intercept Period

The period of time between connections to the 0-255 seconds 30 seconds*
intercept pilot while a caller is waiting in a user’s

exclusive hold queue.

Note: See “Intercept Service” - section 8.84.

Intercept Pilot

Intercept connect to for calls in queue for the user. None *
User ID
User Group ID
Auto Attendant
ID
Voice ID

*= default settings
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8VHU & RYHUDJH %XWV\

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

User 100 - Operator 100 m User 100 - Operator 100 m

[ General T Features T Azzighment ] [ General T Features T Azzignmet ]
( Owemde T Deny Dialing T Allow Dialing _ ( Overnde T Deny Dialing T Allow Dialing _
Coverage r Backup T Frivileges r Backup T Frivileges

" External  Internal i+ External

|Nune |z|| |N“"E E||
| |

\BusEﬁDND Ao Answer - \BusgﬁDNDﬁNoAnswer-’ -

Coverage Pilot I1Ds will only be used if the user’'s Backup Pilot IDs are
unavailable or not defined.

Note

In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user’s
voice mailbox. For the call to route to the Auto Attendant, the user’s Backup
must be set to the Voice ID.

Table 6 - 53 User: Coverage, Busy

Pilot-1D on Busy: Internal

Where the call will be transferred to when the user is None *

busy. User ID
User Group ID
AutoAttendant ID
Voice ID (see above
note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when None *

the user is busy. An external number must be defined  Trunk ID

or the call will be terminated. (This is used to route the  Trunk Group ID
calls to an external entity; e.g., answering service.)
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7DEOH 8VHU &RYHUDJH %XW\

External Dial Number

Externally dialed number for External Coverage. none*, 0-9

* = default settings
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8VHU & RYHUDJH '1'

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

Uszer 100 - Operator 100 | Uszer 100 - Operator 100 m

[ General T Features T Agzignment 1 [ General T Features T Azzighment ]
[ Overide T Derw Dialing T Allars Dialing 1 [ Overide T Deny Dialing T Allow Dialing _
Coverage T Backup T Frivileges Coverage T Backup T Privileges

# Internal " External " Internal F;Exiernalé

frone M| [None E
I |

\,Busy}\,DND,ﬂND.&nswer,u' iy \Busy}\DNDANDAnswer,-' iy

Coverage Pilot IDs will only be used if the user's Backup Pilot IDs are
unavailable or not defined.

Note

In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user’s
voice mailbox. For the call to route to the Auto Attendant, the user’s Backup
must be set to the Voice ID.

7DEOH 8VHU &RYHUDJH '1'

Pilot-ID on Busy: Internal

Where the call will be transferred to when the user isin DND.  None *
User ID
User Group ID
AutoAttendant ID
Voice ID (see above
note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when the None *

user is in DND. An external number must be defined or the call Trunk ID

will be terminated. (This is used to route the calls to an external  Trunk Group ID
entity; e.g., answering service.)
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7DEOH 8VHU &RYHUDJH '1'

External Dial Number

Externally dialed number for External Coverage. none*, 0-9

* = default settings
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8VHU & RYHUDJH 1R $QVZHU

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

User 100 - Operator 100 | Uszer 100 - Operator 100 m

[ General T Features T Azzignment 1 [ General T Features T Azzighment ]
f Oweride T Deny Dialing T Ao Dialing 1 [ Overide T Deny Dialing T Allow Dialing _
Coverage r Backup T Frivileges Coverage T Backup T Privileges

& Internal " External  Internal

[one Id| [None E
I |

4 Buzy ADND 3 Mo Answer I WBusy ADND Mo Answer / d

Coverage Pilot IDs will only be used if the user's Backup Pilot IDs are
unavailable or not defined.

Note

In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user’s
voice mailbox. For the call to route to the Auto Attendant, the user’s Backup
must be set to the Voice ID.

7DEOH 8VHU &RYHUDJH 1R $QVZHU

Pilot-ID on Busy: Internal

Where the call will be transferred to when the user does not  None *

answer. User ID
User Group ID
AutoAttendant ID
Voice ID (see above
note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when there  None *

is no answer. An external number must be defined or the call Trunk ID

will be terminated. (This is used to route the calls to an Trunk Group ID
external entity; e.g., answering service.)
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7DEOH 8VHU &RYHUDJH 1R $QVZHU

External Dial Number

Externally dialed number for External Coverage. none*, 0-9

* = default settings
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8VHU %DFNXS %XWV\

User 100 - Operator 100 | Uszer 100 - Operator 100 m

r General T Features T Agsignment 1 [ General T Features T Azsignment ]
f Overide T Deny Dialing T Allows Dialing ] [ Override T Deny Dialing T Aillany Dialing_

Privileges Coverage T Backup I Frivileges
* Internal " External " Internal 'l';'Extt:m
|Nnne IE" |Nunt: IEH

\Busg,{DND;{NDAnsweu‘ I \,Busg,ﬂDND AH o Answer iy

Coverage

If a Backup entity is unavailable (Busy, DND, No Answer) or is not defined, the
call will follow the user’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user’s voice mailbox, the user’s
Coverage must be set to the Voice ID.

7DEOH 8VHU %DFNXS %XW\

Pilot-1D on Busy: Internal

Where the call will be transferred to when the user is busy. None *
User ID
User Group ID
AutoAttendant ID
Voice ID (see above
note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when the user None *
is busy. (This is used to route the calls to an external entity; e.g., Trunk ID
answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU %DFNXS '1'

User 100 - Operator 100 A |jj User 100 - Operator 100 |

[ Geneal | Featwes | Assignment || | Generl ]  Featwes | Assignment |

f Overnide T Deny Dialing T Allow Dizhng ( Dveride T Deny Dialing T Allow Dialing ]
Coverage | Backup l Privileges Coverage | Backup I Frivileges
& Internal " External " Internal (" E.

rone 1] [None B
I |

\Buzy ADND f Mo Anzwer § I~ 4 Busy ADHD Mo Answer / =

If a Backup entity is unavailable (Busy, DND, No Answer) or is not defined, the
call will follow the user’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user’s voice mailbox, the user’s
Coverage must be set to the Voice ID.

7DEOH

Pilot-ID on Busy: Internal

Where the call will be transferred to when the user is in DND. None *
User ID
User Group ID
AutoAttendant ID
Voice ID (see above

note)
Pilot-ID on Busy: External
Trunk or trunk group the call will be transferred to when the None *
user is in DND. (This is used to route the calls to an external ~ Trunk ID
entity; e.g., answering service.) Trunk Group ID
External Dial Number
Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU %DFNXS 1R $QVZHU

User 100 - Operator 100 m User 100 - Operator 100 m

[ Gerersl | Featues | Assignment | [ General | Featwes | Assignment |

( Owvemde T Deny Dialing T Allowe Dialing |/ Dveride T Deny Dialing T Allow Dialing :
Coverage | Backup I Frivileges Coverage I Backup I Privileges
* Internal  External " Internal

[one 14| [None
I |

4 Buzy ADND 3 Mo Answer || hBusy ADWD A Mo Answer f i

If a Backup entity is unavailable (Busy, DND, No Answer) or is not defined, the
call will follow the user’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user’s voice mailbox, the user’s
Coverage must be set to the Voice ID.

7DEOH 8VHU %DFNXS 1R $QVZHU

Pilot-ID on Busy: Internal

Where the call will be transferred to when the user does not None *

answer. User ID
User Group ID
AutoAttendant ID
Voice ID (see above
note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when the user None *
does not answer. (This is used to route the calls to an external  Trunk ID
entity; e.g., answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU 3ULYLOHJHV

User 100 - Operator 100 |

[ General T Features T Azzignment 1
f Oweride T Deny Dialing T Ao Dialing 1
Coverage T Backup :

¥ Logout [~ CO Flash

¥ Access Trunks W Hands-Free Call
v Access Users ¥ Page

[~ Unattend Trunks ™ Univ. Answer

™ Intrude ALL [~ Univ. Retrieve
™ Monitor ALL ¥ Internal FWD
[~ DND Override [~ External F#D
[~ Silent Monitoring ™ Administrate I

7DEOH 8VHU 3ULYLOHJHV

Logout

Permits the user to log out.
Note: Without the logout privilege, the user is tied to a particular
station as on a conventional telephone system.

Enable */ Disable

Access Trunks

Permits the user to access outside lines.

Enable */ Disable

Access Users

Permits the user to access other users (i.e., make internal calls).

Enable */ Disable

Unattend Trunks

Permits the user to transfer one external call to another external call
(“trunk-to-trunk transfer”) and create an unsupervised conference.
Note: All unattended calls are subject to the Unattended Call-Duration
timeout. See “System parameters: Feature, Timeouts” - section
6.21.27.

Enable / Disable *
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Intrude ALL

Permits the user to intrude on ALL busy users and trunks. All parties Enable / Disable *
on the call will hear a stutter tone to indicate that someone has

intruded on the call. Plexus Key Telephone users (display model) will

see “conferenced” on their LCD.

Note: Intrude privileges may be limited by listing specific users [See

“User: Override, Intrude” - section 6.22.20] rather than granting the

privilege universally.

Monitor ALL

Permits the user to monitor ALL busy users and trunks. All parties on  Enable / Disable *
the call will hear a stutter tone to indicate that someone has intruded

on the call. Plexus Key Telephone users (display model) will see

“conferenced” on their LCD.

Note: Monitor privileges may be limited by listing specific users [See

“User: Override, Monitor” - section 6.22.21] rather than granting the

privilege universally.

DND Override

Permits the user to override the Do Not Disturb (DND) mode of ALL Enable / Disable *
users.

Note: DND override privileges may be limited by listing specific users

[See “User: Override, DND Override” on page 95] rather than granting

the privilege universally.

Silent Monitoring

Permits a user to silently monitor ALL busy users and trunks or Enable / Disable *
selected users and trunks as defined by the User: Override, Monitor

list.

Note: Silent Monitoring provides no indication to the busy user or the

other party that the call is being monitored.

CO Flash

Permits the user to send a ‘Flash’ to the CO to utilize Centrex features. Enable / Disable *

Hands-Free Call

Permits the user to place hands-free calls to other users. Enable * / Disable
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Page

Permits the user to issue internal and external pages. Enable */ Disable
Note: Page refers to the Paging Service feature.

Univ Answer

Permits the user to answer any ringing user, user group, or trunk on Enable/ Disable *
the system [See “Universal Answer” - section 8.134].

Univ Retrieve

Enables a user to retrieve an internal or external call from another Enable / Disable *
user’s exclusive hold queue or from a user group’s busy hold queue.

Note: Universal Retrieve is not available with Key Telephone firmware

version 1.01 or previous versions.

Internal FWD

Permits the user to forward his/her calls to another user on the system. Enable */ Disable
[See “Call Follow-Me” - section 8.34 and “Call Forwarding” - section
8.35]

External FWD

Permits the user to forward his/her calls to an off-site telephone [See  Enable/Disable *
“Call Forwarding” - section 8.35].

Administrate

Permits the user to activate System Administrator privileges [See Enable/Disable *
“System Administrator Privileges (SAP)” - section 8.126].

* = default settings

Section 6.22 - Configure users page 6-94




Software Configuration ﬂ

8VHU 2YHUULGH '1' 2YHUULGH

User 100 - Operator 100 m

[ Coverage T Backup T Frivileges ]
T Features T Azzighment _
| DeryDialing | Allow Diling

s

Name

[w

-+ | -
_.'\DND-D\-'Erricha,I'llllr'utruuzha,-f,th-h:nr'uitu:nr,-'r i

7DEOH 8VHU 2YHUULGH '1' 2YHUULGH

Name

Allows the user to override the Do Not Disturb (DND) mode of the listed User Name
users.
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Uszer 100 - Operator 100 |

[ Coverage T Backup

[

Frivileges 1

[ General T Features T Azzighment 1

dei | DeryDialing | Allow Dialing

Name

Y

[w

+ | -

A\ DND-Override § Intrude 4 M oritor £

7DEOH 8VHU 2YHUULGH ,QWUXGH

Name

Allows the user to intrude on the listed users.

User Name
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8VHU 2YHUULGH ORQLWRU

Uszer 100 - Operator 100 m

[ Coverage T Backup T Privileges ]
ral T Features T Azgignment _
de. | DenyDisling | Allow Disling

-

Name

=

+ | -
4 DND-Overide jlrtruds j Monitar / i

7DEOH 8VHU 2YHUULGH ORQLWRU

Name

Allows the user to monitor the listed users. User Name
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User 100 - Operator 100 |

[ Coverage T Backup T Frivileges 1
f General T Features T Agzignment 1
Ovweride | D ng I Al Dialing
Number =

L I
o (I S (A i

7DEOH 8VHU 'HQ\ 'LDOLQJ

Number

List of phone numbers and prefixes that the system will generally not Phone # /
allow the user to dial. Specific exceptions are listed in the user’s Phone # prefix
allow dialing list.

E.g., 1900 would terminate all calls, dialed by the user, with this

prefix unless the specific telephone number is in the user’s allow

dialing list.
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8VHU $OORZ 'LDOLQJ

User 100 - Operator 100 m

[

Coverage T Backup T

Privileges ]

[

General T Features

Azsighment

Qveride T Deny Dialing TA"

Number

=

¥ [~ [af-~]

7DEOH 8VHU $OORZ 'LDOLQJ

Number

List of phone numbers that the user is specifically allowed to dial.
Note: This will override numbers entered in the Deny Dial table. E.g.,
‘1’ can be entered in the Deny Dial table to block all toll calling but
‘1800’ can be entered in the Allow Dial table to allow toll free calling.

Phone # /
Phone # prefix
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6.23 Configure user groups

1 Ensure that Users and User Groups have been created.
Click on the User tab to display the User and User Group dialog window.

Double-click on each user group in the User Group window.

A WD

Make appropriate entries and selections on each of the tabs.
Tip
To alleviate the repetitive tasks associated with configuring multiple user groups, right-click
on a setting or field and select Replicate . Replicate automatically assigns a setting to all
user groups.
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8VHU *URXS *HQHUDO

Uszer Group 300 - Operators Group 300 m

General rDislributionT Backup T Coverage

ID Name
| 3|]|]| |0peraturs Group 300] ‘

Description

Password

7DEOH 8VHU *URXS *HQHUDO

ID

Logical identifier for the user group. Numeric
Note: The ID is automatically assigned based on the User Group  Up to 4 digits
ID Sequence entered when the first user group was created.

Name

Informal identifier for the user group. E.g., Sales, Technical Alphanumeric

Support Up to 20
characters

Description

Informal description or notes about the user group. E.g., The Sales Alphanumeric
group consists of all sales personnel.

Password

Password that must be entered by users to Log On to a group [see Numeric
“Agent Log Off / Agent Log On” - section 8.5.
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8VHU *URXS 'LVWULEXWLRQ

Uszer Group 300 - Operators |

General Ii)lsl |ur§ Backup T Coverage
Distribution Method |Linear -]
Enable Queuing on Busy ™

Queue Timeout 2=

Mo-Answer Timeout 20 =
Wrap-Up Time 0=

Intercept Period o=

Intercept Pilot

None |Z||

7DEOH 8VHU *URXS 'LVWULEXWLRQ

Distribution Method

Method utilized in hunting for an available user in the user Linear*
group. Circular
Note: See “Call Distribution Management” - section 8.33 for Least Busy
detailed descriptions of distribution methods. Multiple
Manual
Single Shot
Enable Queuing on Busy
Whether Busy Queuing is enabled for calls to this group. Enable /
Note: See “Busy Queuing - User Group” - section 8.22. disable*

Queue Timeout

The period of time that a call may remain in queue waiting for
an available user before routing to backup and/or coverage.
Note: See “Busy Queuing - User Group” - section 8.22.

0-255 minutes 2
minutes*

No Answer Timeout

The period of time before an unanswered call rolls over to the
next available user. If there is not a next available user, the call
will route to the defined backup / coverage.

0-255 seconds 20
seconds*
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7DEOH 8VHU *URXS 'LVWULEXWLRQ

Wrap Up Time
The period of time allotted for a user to wrap-up after 0-255 seconds 15
terminating a call. No additional calls will route to the user until seconds*

the wrap-up time expires.

Intercept Period

Refers to the period of time between reassurance messages  0-255 seconds 30
while a caller is waiting in the busy queue. seconds*
Note: Enable/Disable *using check-box.

Intercept Pilot ID

System entity providing the audio prompts for call holding in None *
the queue. User ID
Note: To provide a system default message or a prerecorded  User Group ID
message, the IVP card must be properly set up. See “ Setting  AutoAttendant
up Hold Queue Intercepts” in the IVP section. ID

Voice ID

* = default settings

page 6-103 Configure user groups - Section 6.23



ﬂ Software Configuration

8VHU *URXS %DFNXS %XV\

User Group 300 - Operators Group 300 EA |l User Group 300 - Operators Group 300 |
General T Diztribution T B : Coverage General T Diztribution T Backup l Coverage i

 Internal " External  Internal &+ External

|Nune IE" |NDHB |z||
| |

:

\BusEﬁDND i M o-frzwer \Busw{DND,-{ND-Answelf

For a user group, busy is defined as when all users in the user group are busy or
in DND with at least one agent in the busy state. If a Backup entity is
unavailable (Busy, DND, No Answer) or is not defined, the call will follow the
user group’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user group’s voice mailbox, the user
group’s Coverage must be set to the Voice ID.

7DEOH 8VHU *URXS %DFNXS %XWV\

Pilot-ID on Busy: Internal

Where the call will be transferred to when all users in the None *

user group are busy or in DND (at least one agent must  User ID

be in the busy state). User Group ID
AutoAttendant ID
Voice ID (see above note)

Pilot-ID on Busy: External

Trunk or trunk group the call will be transferred to when None *
the user group is busy. (This is used to route the callsto  Trunk ID
an external entity; e.g., answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU *URXS %DFNXS '1'

User Group 300 - Operators Group 200 m Uszer Group 300 - Operators Group 300 m
General T Distribution T Backup T Coverage General T Distribution T Backup I Coverage

" External " Internal

|Nune |Z|| |N'3"'E= E“
| |

Y Busy JDMD fMo-dinswer \Busy}\DND,ﬂNo-Answer,f

For a user group, DND is defined as when all users in the user group are in
DND. If a Backup entity is unavailable (Busy, DND, No Answer) or is not
defined, the call will follow the user group’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user group’s voice mailbox, the user
group’s Coverage must be set to the Voice ID.

7DEOH 8VHU *URXS %DFNXS '1'

Pilot-1D on Busy: Internal

Where the call will be transferred to when all users inthe None *

user group are in DND. User ID
User Group ID
AutoAttendant ID
Voice ID (see above note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when  None *
the user group is DND. (This is used to route the callsto Trunk ID
an external entity; e.g., answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU *URXS %DFNXS 1R $QVZHU

Uszer Group 300 - Operators Group 300 | Uszer Group 300 - Operators Group 300 m
General T Dhistribution T Backup T Coverage General T Diistribution T Backup I Coverage

& Internal " External  Internal

|NDI'IE IE" |Nnne E"
| |

4 Busy ADND pHosbnswer " Busy ADND jiModnswer f

For a user group, No Answer is defined as when at least one user is not busy or
in DND and the call is not answered after ringing to the available user(s). If a
Backup entity is unavailable (Busy, DND, No Answer) or is not defined, the call
will follow the user group’s coverage.

Note

In Backup, if a Voice ID is set for the Pilot ID, the call will route to the Auto
Attendant. For the call to route to the user group’s voice mailbox, the user
group’s Coverage must be set to the Voice ID.

7DEOH 8VHU *URXS %DFNXS 1R $QVZHU

Pilot-ID on Busy: Internal

Where the call will be transferred to when thereis  None *

no answer. User ID
User Group ID
AutoAttendant ID
Voice ID (see above note)

Pilot-ID on Busy: External

Trunk or trunk group the call will be transferredto  None *
when there is no answer. (This is used to route the Trunk ID
calls to an external entity; e.g., answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Backup. none*, 0-9

* = default settings
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8VHU *URXS & RYHUDJH %XWV\

User Group 200 - Operators Group 300 | Uszer Group 300 - Operators Group 300 m

General T Dhigtribution T Backup T Coverage ] General T Distribution T Backup T Coverage

" External " Internal

|Nune |z|| |N“"E E"
| |

\,Busg,ﬂDND;{ND-ﬁnswer; \BusgﬂDNDﬁNo-ﬁnswer-‘

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

For a user group, busy is defined as when all users in the user group are busy or
in DND with at least one agent in the busy state. Coverage Pilot I1Ds will only be
used if the user group’s Backup Pilot IDs are unavailable or not defined.

group’s voice mailbox. For the call to route to the Auto Attendant, the user

Note
In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user
group’s Backup must be set to the Voice ID.

7DEOH 8VHU *URXS &RYHUDJH %XWV\

Pilot-ID on Busy: Internal

Where the call will be transferred to when all users in the None *
user group are busy or in DND (at least one agent mustbe  User ID
in the busy state). User Group ID

AutoAttendant ID
Voice ID (see above note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when the  None *
user group is busy. (This is used to route the calls to an Trunk 1D
external entity; e.g., answering service.) Trunk Group 1D

External Dial Number

Externally dialed number for External Coverage. none*, 0-9

* = default settings
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8VHU *URXS &RYHUDJH '1'

User Group 200 - Operators Group 300 | Uszer Group 300 - Operators Group 300 m

General T Dhigtribution T Backup T Coverage ] General T Distribution T Backup T Coverage
& Internal i~ External " Internal g External
|Nune |Z|| |N'3"'E= E“

\Buzy ADND f Mo-dnswer \Busy}\DND,ﬂNo-Answer,f

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

For a user group, DND is defined as when all users in the user group are in
DND. Coverage Pilot IDs will only be used if the user group’s Backup Pilot IDs

are unavailable or not defined.

group’s voice mailbox. For the call to route to the Auto Attendant, the user

Note
ﬁ In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user

group’s Backup must be set to the Voice ID.

7DEOH 8VHU *URXS &RYHUDJH '1'

Pilot-1D on Busy: Internal

Where the call will be transferred to when all users in the user
group are busy or in DND (at least one agent must be in the
busy state).

None *

User ID

User Group ID
AutoAttendant ID

Voice ID (see above note)

Pilot-ID on Busy: External

Trunk or trunk group the call will be transferred to when the
user group is busy. (This is used to route the calls to an
external entity; e.g., answering service.)

None *
Trunk ID
Trunk Group ID

External Dial Number

Externally dialed number for External Coverage.

none*, 0-9

* = default settings
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6.23.8 User Group: Coverage, No Answer

User Group 300 - Dperators Group 300 | User Group 300 - Operators Group 300 m

General T Distribution T Backup T Coverage ] General T Distribution T Backup T Coverage

& Internal; " External " Internal G“;Exiernalé

|Nune |z|| |Nune |z||
| |

4 Buzy ADND jNo-Answer 4 Busy ADMD hMo-dnswer §

Note
Coverage entities (i.e., Pilot-IDs) should be chosen carefully as calls routed to
an unavailable entity are dropped.

For a user group, No Answer is defined as when at least one user is not busy or
in DND and the call is not answered after ringing to the available user(s).
Coverage Pilot IDs will only be used if the user group’s Backup Pilot IDs are
unavailable or not defined.

group’s voice mailbox. For the call to route to the Auto Attendant, the user

Note
In Coverage, if a Voice ID is set for the Pilot ID, the call will route to the user
group’s Backup must be set to the Voice ID.

Table 6 - 72 User Group: Coverage, No Answer

Pilot-ID on Busy: Internal

Where the call will be transferred to when there is no answer None *

to the user group. User ID
User Group ID
AutoAttendant ID
Voice ID (see above note)

Pilot-1D on Busy: External

Trunk or trunk group the call will be transferred to when there  None *
is no answer to the user group. (This is used to route the calls Trunk ID
to an external entity; e.g., answering service.) Trunk Group ID

External Dial Number

Externally dialed number for External Coverage. none*, 0-9

* = default settings
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6.24 Configure trunks

1 Ensure that trunks have been created.

2 Click on the trunk tab to display the Trunk and Trunk Group dialog
window.

3 Double-click on each trunk in the trunk window.

4 Make appropriate entries and selections on each of the tabs.
Tip
To alleviate the repetitive tasks associated with configuring multiple trunks,
right-click on a setting or field and select Replicate ALL or Replicate Selected [Replicate
Selected is only available if trunks have been selected]. The Replicate options automatically
assign a setting to all or selected trunks.
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6.24.1 Trunk: General

Trunk 201 - Trunk 201 | %]

T Raouting T Featurez

1D Name
|2|]1 | |Trunk 201 |
Description

Table 6 - 73 Trunk: General

ID

Logical identifier for the trunk. Numeric
Note: The ID is automatically assigned based upon the Trunk ID  Up to 5 digits
Sequence entered when the first trunk was created.

Name
Informal identifier for the trunk. E.g., (512) 555-9500 Alphanumeric

Up to 20 characters
Description

Informal description or notes about the trunk. E.g., main CO line Alphanumeric
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6.24.2 Trunk: Routing: Voice

Trunk 201 - Trunk 201 %]

General | I Featurez
Yoice T Fax ]
Day Calls
Route-Method | Fixed E‘
Pilntl None IEH
~MNight Calls
Route-Method | Fixed E‘
Pilot| Night-Attendant -]

Note
Each Trunk ID in the Trunk dialog window will be highlighted in red until the
routing for the Trunk has been configured.

Table 6 - 74 Trunk: Routing: Voice

Day Calls Routing Method

Method by which the system will route calls during the Day Mode.  Fixed *

Note: The Day Calls: Pilot should still be set if Fixed is not chosen. DID

This will serve as the default routing in case other routing methods Mapped-DID / DNIS
do not receive the required inputs from the local service provider Caller-ID / ANI

(see “Trunk Routing” - section 8.133).

Day Calls: Pilot
Where the system will route the incoming calls during the day None *
hours [See “System parameters: Time, Mode” - section 6.21.6]. User ID

User Group ID
Auto Attendant ID
Voice ID

Night Calls Routing Method

Method by which the system will route calls during the Night Mode. None *

Note: The Route Call during Day/Night should still be set if Fixed is Trunk ID

not chosen. This will serve as the default routing in case other Trunk Group ID
routing methods do not receive the required inputs from the local

service provider (see “Trunk Routing” - section 8.133).
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Table 6 - 74 Trunk: Routing: (continued)Voice

Night Calls: Pilot

Where the system will route the incoming calls during the night None *

hours [See “System parameters: Time, Mode” - section 6.21.6]. User ID
User Group ID

Auto Attendant ID
Voice ID

* = default settings
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6.24.3 Trunk: Routing: Fax

Trunk 201 - Trunk 201 %]
General | Routing I Features
voice | Faxi |

Day Calls

Pilutl None IE"

~Might Calls

Pilutl None IE"

Table 6 - 75 Trunk: Routing: Fax

Day Calls Pilot

Where the system will route the incoming fax calls during the Day  None *

Mode [See “System parameters: Time, Mode” - section 6.21.6]. User ID

Note: The Plexus system must be properly configured to detect fax User Group ID
tones on incoming calls. See “Fax Detection” - section 8.73 for AutoAttendant ID
setup parameters. Voice ID

Night Calls Pilot

Where the system will route the incoming fax calls during the Night None *

Mode [See “System parameters: Time, Mode” - section 6.21.6]. User ID

Note: The Plexus system must be properly configured to detect fax User Group ID
tones on incoming calls. See “Fax Detection” - section 8.73 for AutoAttendant ID
setup parameters. Voice ID

* = default settings
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6.24.4 Trunk: Features

Trunk 201 - Trunk 201 | %]

General T Routing T 3

DISA
[~ Enabled

E Activation Timeout
Session Timeout

Table 6 - 76 Trunk: Features

DISA Enabled

Enables DISA and Remote Station Service on the trunk. Enable/Disable *

DISA Activation Timeout

The period of time allotted for a caller to enter the DISA access 0-255 2

digit. seconds seconds*
Note: If a DISA password is not entered, the call is routed

according to the defined routing [See “Trunk: Routing: Voice” -

section 6.24.2].

DISA Session Timeout

Period of time before a DISA or Remote Station Service sessionis 0-65,535 15
automatically terminated. minutes  minutes *
Note: The session timeout is provided to limit the duration of

potentially fraudulent DISA sessions and/or to control costs.

* = default settings
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6.25 Configure trunk groups

1 Ensure that trunks and trunk groups have been created.

2 Click on the trunk tab to display the Trunk and Trunk Group dialog
window.

3 Double-click on the trunk group in the trunk group window.

4 Make appropriate entries on the tabs.
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6.25.1 Trunk groups: General

Trunk Group 400 - CO-Lines m

1D Name
| 4nn| |C0—Lines |

Description

Table 6 - 77 Trunk groups: General

ID

Logical identifier for the trunk group. Numeric
Note: The ID is automatically assigned based on the Trunk Up to 5 digits
Group ID sequence entered when the first trunk group was

created.

Name

Informal identifier for the trunk group. E.g., Telemarketing Alphanumeric
Up to 20
characters

Description

Informal description or notes about the trunk group. E.g., Alphanumeric

These trunks are used for outbound telemarketing
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6.26 Saving a configuration

To save a completed configuration, proceed as follows:
1 From the File menu, select Save As
2 Type the desired name on the File nameline (up to 8 characters).
3 Select the desired directory.
4 Click on OK.

The file will be saved with a .zdb extension.
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6.27 Establishing a link

1 Connect the serial port on the DXP card (labeled “RS-232") to an available
COM port on a PC using a 9-pin serial cable.

2 From the Link menu, select Setupand Port (as shown below). Then, choose
the COM port to which the serial cable is connected.

Note
The chosen COM port must be an available COM port [See “About serial ports
and COM ports” - section 6.27.1].

¥ Plezus - Administrator

File  Updste Wenfy Heport | Link Tools Help

b |

[Eloze
- LConnection ¥ COM 2
] COrM 3
COk 4

3 From the Link menu, select Setupand Connection (as shown below). Then,
choose Direct.

¥ Plexus - Administrator

File Update Merfy Beport | Link Toolz Help
= Open
Zer |
Setup » Port 4
Connection ¥ v Direct
todem

Note

The default Connection setting, Direct (Connection and Direct), applies to a
serial connection. Modem connections apply only when performing Remote
System Management.
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6.27.1 About serial ports and COM ports

Most computers provide two serial ports for use by serial devices. Serial ports
are either 9-pin or 25-pin external ports. Each serial port has an associated
COM port. Microsoft Windows supports COM 1, COM 2, COM 3, and COM 4.
Generally, the two serial ports are pre-configured as COM 1 and COM 2.
Internal devices such as modems may utilize a COM port. Should an internal
device utilize COM 1 or COM 2, the associated serial port will be unavailable.
Should an internal device utilize COM 3 or COM 4, the serial ports are available
as long as the COM port utilized by the internal device has been assigned other
than the default IRQ.

Tip

Should the computer’s only available serial port be a 25-pin port, a 9-25 pin adapter must be

used. 9-pin serial cables and 9-25 pin adapters may be purchased at any electronics store.

6.27.2 About IRQs

An interrupt request (IRQ) is a unique number (between 0-15) assigned to each
device in a computer. The unique number assigned to a device enables the
computer’s processor to manage which device is receiving its attention. If
devices share an IRQ, a conflict arises as the processor does not know which
device to attend to. COM 1 and COM 3 share a default IRQ. COM 2 and COM 4
share a default IRQ. In order to simultaneously use COM 1 and COM 3 or COM
2 and COM 4, one of the COM ports must be assigned a different IRQ (i.e., other
than the default)
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6.28 Uploading the configuration file

1 Save the desired configuration and keep the file open.
2 From the Link menu, select Open.

3 The link indicator at the bottom of the screen should indicate Link: Opened
and the LED image should appear green. A magnifying glass will appear
on the toolbar. To verify an active link, press the magnifying glass. This
will query the current XOS version of the system. If the window showing
the XOS version is displayed, you have a good link.

4 From the Update menu, select Full.

A status indicator at the bottom of the screen will display the progress of the
update.

page 6-121 Uploading the configuration file - Section 6.28



ﬂ Software Configuration

6.29 Updating the system clock

The Plexus system clock may be updated using Plexus Administrator as follows:
1 Launch Plexus Administrator.
2 Open a configuration file (.zdb).

Note
A configuration file must be open for the Update menu to be available. The
open configuration file will not be uploaded or used in any way to update the
clock.

3 From the Link menu, select Open.

The link indicator at the bottom of the screen should indicate Link:
Openedand the LED image should appear green. A magnifying glass
will appear on the toolbar. To verify an active link, press the
magnifying glass. This will query the current XOS version of the
system. If the window showing the XOS version is displayed, you have
a good link.

4 From the Update menu, select Clock.

The Plexus system clock will be updated with the clock settings from the PC.
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6.30 Updating Plexus key telephone programming

6.30.1 For Version 1.01 Key Telephones
These steps are for use with Key Telephones version 1.01 only.

The 20 programmable keys on a version 1.01 Plexus Key Telephone may be
programmed using Plexus Administrator [Refer to “User: Features, Settings” -
section 6.22.3]. After completing the key telephone programming (for all of the
users on the system), and with the configuration file open:

1 From the Link menu, select Open.

The link indicator at the bottom of the screen should indicate Link:
Openedand the LED image should appear green

2 From the Update menu, select Key-Phone
Note

Updating Key Telephones through the Update - Key Phone option will cause
each version 1.01 Key Telephone to reset, disconnecting active calls.

6.30.2 For Version 2.0 Key Telephones or later
These steps are for use with Key Telephones version 2.0 and later only.

The programmable keys on a version 2.0 and later Plexus Key Telephone may be
programmed using Plexus Administrator [Refer to “User: Features, Settings” -
section 6.22.3].

1 From the Link menu, select Open.

The link indicator at the bottom of the screen should indicate Link: Opened and
the LED image should appear green.

2 Open the window User: Features: Settings: Define Key for the user’s Key
Telephone being programmed.

3 Complete the Key Telephone programming for the user.
4 Press Update button. This will update only this user’s Key Telephone.
Note

The Update now button will not be an available option unless the window was
opened while having an active link with the system.
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A. orto program all Key Telephones

After completing the key telephone programming (for all of the users on the
system), and with the configuration file open:

1 From the Link menu, select Open.

The link indicator at the bottom of the screen should indicate Link:
Openedand the LED image should appear green

2 From the Update menu, select Key-Phone
Note

Updating Key Telephones through the Update - Key Phone option will cause
each version 1.01 Key Telephone to reset, disconnecting active calls.
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6.31 Updating system XOS

o g A~ W DN

\?IV?lteen the XOS is upgraded and the system is reset, the configuration will be
deleted and will need to be updated before the system will work. This will not
affect the voice mailboxes or the Auto Attendant structure.

Launch Plexus Administrator.

Open a Plexus configuration file.

From the Link menu, select Open.

Right mouse-click on the DXP card.

Select Upgrade XOS

Select the directory and file name where XOS file is located.

Press OK.

Wait for the message Plexus XOS Upgrade Successfulsignaling that the
upgrade is complete.

You will be prompted whether or not to Reset the System now. The XOS
upgrade will not be complete until the system is reset.

10 Press Yesor No. If you press No, the system can be manually reset later.

11 After the system has reset, from the Update menu, select Full to update the

configuration.
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7.1 Overview

Plexus system configurations may be minimally modified through a
Plexus key telephone with an LCD display (i.e. PVT 30D or PDT 30D).
Key telephone configuration is an easy way to make quick changes to
the various system settings. Key telephone modification is most useful
for maintenance activities on an established system. Maintenance
activities include adding users to a user group, adding phone numbers
to the system speed dial, or setting the system time.

Note

To proceed with key telephone configuration, the Plexus system
must be powered up with all peripheral cards inserted [Refer to
chapter 4, "Installation" for guidance on inserting peripheral cards].
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7.2 Entering Programming mode

Programming mode may be activated on any Plexus key telephone (with a
display) at any extension on the system.

To activate programming mode, proceed as follows:
1 Press DND/FWD to put the extension in DND mode.

2 Place the included Key Telephone Configuration template over the 10 keys
at the bottom right-hand corner of the Plexus key telephone.

The Key Telephone Configuration template indicates the functions of
the keys while in programming mode. If a template is not available, use
the following programming equivalency table.

Key

Programming Telephone Definition

Enter SPKR Select a menu

Save/Back HOLD Save changes and go back to the
previous menu level

Previous voL Vv Return to the previous menu or
attribute

Next voL P Proceed to the next menu or
attribute

Prev Options CONF Return to the previous option

Next Options XFER Proceed to the next option

Backspace DND/FWD Backspace

Clear MSG Clear field

3 Press and hold OVERRIDE down for 2 seconds.
4 Press PRevIOUS or NEXT until Setup PBX appears on screen.

5 Press ENTER.
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6 Enter the System Administrator password. The default password is 123456

7 Press ENTER.

Programming mode has now been activated.
8 Use PREvIOUs and NEXT to scroll through the programming menus.

Notes
On a Plexus PVT-22D key telephone, the MUTE button serves as the
OVERRIDE button.

When a key telephone is in programming mode, it is available to receive both
internal and external calls. It is recommended that you place the key telephone
in Do Not Disturb mode before entering the programming mode.
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7.3 Entering alphanumeric characters

While in programming mode, alphanumeric characters are entered according to
the following table. These characters are used when entering names of users,
user groups, or trunks.

Table 7 - 1 Alphanumeric characters

Programming Key Telephone Programming Key Telephone
0-9, * # Numeric keypad Olo CALL 3
Ala 17 P/p 05
B/b 18 Q/q 06
Clc 19 R/r 07
D/d 20 S/s 08
E/e CALL 1 Th SCREEN"
F/f 13 Ulu 01
Glg 14 Viv 02
H/h 15 Wiw 03
i 16 XIx 04
J/j CALL 2 Yly CALLER ID
K/k 09 Zlz FLASH
L/ 10 Space REDIAL
M/m 11 UPPERCASE/ CALL-BACK
lowercase
N/n 12
Note

Alphabetical characters may only be entered from a Plexus
PVT-30D or PDT-30D key telephone. Apostrophes, as in the name O'Reilly,
can only be entered through the Plexus Administrator.
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/7.4 Programming menus

The programming menus are as follows:

Q,

BN N
N
.

el

v

(.
asan

i

=
L
[

Ea==

Setup PBX...

System Parameters...  ———»Section7.6

System Time... — P Section 7.7
System Speed Dial... ———P Section 7.8
User... —» Section 7.9

User Grom... ———Jp»Section 7.10
Trunk... —PSection 7.11
Extension Port... —P»Section 7.12
[Ilr?tte'rr:g?\i/%(iacg/ll\%alil] —PSection 7.13
——PppSection 7.14

CTI IP Address
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7.5 Exiting Programming mode

Upon completing a key telephone configuration session, the administrator must
exit programming mode in order to make the key telephone available.

To exit programming mode, press and hold down OVERRIDE for
2 seconds.

Section 7.5 - Exiting Programming mode page 7-6
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7.6 System Parameters

System Parameters...

Admin Password:

[Administrator Password]

DISA Password:

XOS Version:

Loader Version:

Up to twelve numerical
digits (0-9)
123456*

Up to twelve numerical
digits (0-9)
123456*

Version number of XOS

Version number of
Loader

page 7-7
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7.7 System Time

System Time...

B

_ﬂ Set Year: Four digit year

—Pp»  Select Month: | —— Month
‘ ‘ Jan.-Dec.

Select Day of Date

> Month: T 01-31

Set System Time..

. Day
—ﬂ Select Day of WeeF Sunday - Saturday

Hour

—ﬂ Select Hour: ‘— 1-12 AMIPM

—H Select Minute: ‘— Minute

Sunday...

Monday...

Tuesday...

y

Day/Night Time... Wednesday...

Thursday...

Friday...

vh e

Saturday...

00-59

_H Mode: ‘7

—}‘ Day Time Hour: ‘—

—b‘» Day Time Minute: ‘7
—b} Night Time Hour: ‘—

—H' Night Time Minute:‘i

Day
Night
Automatic

Starting hour
1-12 AM/PM
8 AM*

Starting minute
00-59
00*

Starting hour
1-12 AM/PM
6 PM*

Starting minute
00-59
00*

Section 7.7 - System Time
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7.8 System Speed Dial
\&/

System Speed Dial...

Entries 00-09...

\ 4

Entries 10-19...

Entries 20-29...

Entries 30-39...

Entries 40-49...

Up to twenty digits
Speed Dial XX... —— Speed Dial XX: ——  [(0-9), # * and
pauses(,) ]

Entries 50-59...

Entries 60-69...

Entries 70-79...

Entries 80-89...

Entries 90-99...

A

page 7-9 System Speed Dial - Section 7.8
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® 7.9 User

User...

User X...

New User...

A

User Attributes... ——

>

User Privileges... ——

New User ID:

L Numeric digits
(0-9)

See section 7.9.1

See section 7.9.2

Section 7.9 - User
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L]

'“ 7.9.1 User Attributes

Pickup Pilot ID:

Numerical digits
(0-9)

Message Pilot ID: ——

Numerical digits
(0-9)

Ext. Message Dial #

[External message dial #]

Up to 20
numerical digits

(0-9)

None, Call entity,

Page Group, Page

Off Hook Preference:—— All Internal, Page

External, Page

All Points

Off Hook Pilot ID:

Numerical digits
(0-9)

Numerical digits

Off Hook Dial #: —— (0-9)
Numerical digits

Dial Timeout: +—— (0-9)

20*

0-255 (seconds)

[No answer timeout]

No Ans Timeout (S):

Numerical digits
(0-9)

20*

No Angwer] Cover
Dial#:

Busy Cover:

Busy Cover Dial #:

DND Cover:

DND Cover Dial #:

No Ans Backup:

[No answer backup]

No Angwer] Backup
Dial#:

Busy Backup:

- User X...
User Attributes... (Continued from section 6.
0-255 (minutes)
. Alphanumeric . i Numerical digits
Name: digits X-hold timeout (m): (0-9)
5*
Upto12 Numerice agte
Password: —— numerical digits Intercept Period (S): (0-9) 9
(09) 30+
. .| Numerical digits . . Numerical digits
Trunk Pilot ID: (0-9) Intercept Pilot ID: (0-9)
. . | Numerical digits No Ans. Cover: Numerical digits
Operator Pilot ID: (0-9) [No Answer Cover] (0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Busy Backup Dial #:—

DND Backup:

DND Backup
Dial #:

Auto Log In:

Auto Cover:

Validate Trnk Day:

[Validate trunk access day.

Validate Trnk Night:

[Validate trunk access night]

Forced Account Code:—

Use LCR:

Block on Terminate:;——

Outbound CID tag: ——

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Yes*
No

No*
Yes

No*
Yes

No*
Yes

No*
Yes

No*
Yes

No*
Yes

Numerical digits
(0-9)

page 7-11
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7.9.2 User Privileges

o~

User X...

User Privileges...

(Continued from section 6.

Can Logout: —— Yﬁs* Can Flash CO: —— ﬁg;
Can Access Userss—— Yﬁs* Can Hands Free: —— Yl\?s*
Can Access Trunks:—— Yﬁs* Can Page: | —— Yﬁs*

Can Unattend | No* Can Univ Answer:| No*

Trunks: Yes [Can universal answer] Yes

Can Intrude Call: —— ﬁg; (%g; uunﬂl'g’rgergfv’g T '32;

Can Monitor Call: —— ﬁg; Cé"a'ﬂ iLTéf’nLTZ'rWZVLd: 7 Yr\?cs)*
Can DND Overridej—— ﬁg; (fc?:u i:ﬁ;?zlwi\:ﬁi '32;
Can Silent Monitor:;—— '\\:2; Can Administrate: —— ﬁg;

Section 7.9 - User page 7-12
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~ 7.10 User Group

-

~
-1 -]

User Group...

User Group X...

User Grp Attrib...
[User Group Attributes]

Name:

Distribution
Method:

No Ans Backup:

[No answer backup]

No Ans Backup
Dial #:
[No answer backup dial #

Busy Backup:

Busy Backup Dial #

DND Backup:

DND Backup
Dial #:

No Answer Cover:

No Answer Cover
Dial #:

Alphanumeric digits

Linear, Circular
Least-Busy, Multiple,
CTI Assisted, Manual

—— Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Numerical digits (0-9)

Busy Cover:

Busy Cover Dial #:

DND Cover:

DND Cover Dial #:

[No answer timeout ]

No Ans Timeout (s)

Queuing Enabled:

[Hold queue timeout]

Hold Queue TO (m):

Wrap Up Time (s):

Intercept Period (s)

Intercept Pilot ID:

Numerical digits (0-9)
Numerical digits (0-9)
Numerical digits (0-9)

Numerical digits (0-9)

0-255 (seconds)
Numerical digits (0-9)
20*

No*
Yes

0-255 (minutes)
Numerical digits ( 0-9)
2*

0-255 (seconds)
Numerical digits (0-9)
1%

0-255 (seconds)
Numerical digits (0-9)
30*

Numerical digits (0-9)

> Member X: —— Numerical digits (0-9)

User Grp Members.

L—p» | [User Group Members]

New Member: ——— Numerical digits (0-9)

New User ID:
[Group]

» New User Group... —— Numerical Digits (0-9)
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*p 7.11 Trunk

Trunk...

Trunk X...

Name:

Day Routing Type:

Night Routing Type

Day Routing:

Day Route Dial #:

Night Routing:

Night Route Dial #

Fax Day Routing: ——

Alphanumeric digits

Fixed, DID, Mapped
DID/DNIS, Caller ID/
ANI, CTI Managed

Fixed, DID, Mapped
DID/DNIS, Caller ID/
ANI, CTI Managed

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

Fax Day Dial #

Fax Night Routing:

Fax Night Dial #:

DISA Enabled:

DISA In-Dial TO(s):
[DISA in-dial timeout]

DISA Session
TO(m):

[DISA session timeout]

Outbound Dial
TO(s):

[Outbound dial timeout]

Numerical digits
(0-9)

Numerical digits
(0-9)

Numerical digits
(0-9)

No*
Yes

0-255 (seconds)
Numerical digits (0-9)
0*

0-65,535 (minutes)
Numerical digits (0-9)
15*%

0-255 (seconds)
Numerical digits (0-9)
20*

Section 7.11 - Trunk
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—— /.12 Extension Ports

Note
Key telephone configuration of extensions must be performed from an

extension on the same unit as the extension port being configured. This
applies when configuring Plexus systems linked with an optional Inter-Unit
Link Interface (ILI) peripheral card.

Extension Ports...

Ext Port XXX... )
[Extension Port ﬁgg;‘gsg;ren;'f]’- L Numerical digits (0-9)

XXX]

page 7-15 Extension Ports - Section 7.12
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™« 7.13 Int. Voice Mail
L

Note

These parameters are only present if an Integrated Voice Processor Interface

has been installed in the system.

Int Voice Mail...
[Internal Voice Mail]

—» Name:
—®»  Routing Point:
Voice ID X... Intercept Point:
—» Queuing Enabled:
Hold Queue TO (m):
—» [Hold Queue
Timeout]
New Voice ID... New Voice ID:

Alphanumeric digits

Numerical digits (0-9)
0*

Numerical digits (0-9)
0*

No*
Yes

0-255 (minutes)
Numerical digits (0-9)
2*

Numerical digits (0-9)

Section 7.13 - Int. Voice Mail
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7.14 CTi IP Address

CTI IP Address...

Byte 1:

IP Address...

Byte 2:

Byte 3:

Byte 4:

Byte 1:

Subnet Mask...

Byte 2:

Byte 3:

Byte 4:

0-255
Numerical digits (0-9)
0*

0-255
Numerical digits (0-9)
0*

0-255
Numerical digits (0-9)
0*

0-255
Numerical digits (0-9)
0*

0-255
Numerical digits (0-9)
255*

0-255
Numerical digits (0-9)
255*

0-255
Numerical digits (0-9)
255*

0-255
Numerical digits (0-9)
0*

page 7-17
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Feature Reference

This chapter provides information on the many features available with
the Plexus system.

8.1 Overview of Features

This section provides an overview of the Features and Functions
covered in the rest of this chapter. The following list describes the
Feature Codes with a minimal description. The Feature Code list is
followed by a Function Code list and by a Feature list of all Plexus
system features covered in this chapter. The Plexus system features are
listed alphabetically.

Note

In the chart below, F is a Feature Code which can be any dialed
digit from 0 to 9 or * or #. Default = *. For more information on each
Feature Code or Function Code in the charts below, refer to the
section(s) listed under the Feature Section(s) heading of the chart.

page 8-1 Overview of Features - Section 8.1



Feature Reference

8.1.1 Feature Code List
Table 8 - 1 Feature Code List

Feature Feature
Code Required Parameters | Feature Description Action Section(s)
FOO Call Hold : System Places a call on Call 8.38
System Hold is a non-exclusive hold that enables held Hold: System with your
calls to be retrieved by any user on the system. User ID/Holding Party’'s
ID.
FO1 Recipient Call Hold: Park to Extension Places a call on System |8.38
User ID Park is a non-exclusive system hold that enables held Hold with the Recipient’s
calls to be retrieved by any user on the system. ID. Use FO5 to retrieve.
F02 Call Hold : Exclusive Places a call on Call 8.37
Exclusive Hold enables a user to place calls on hold in Hold: Exclusive
such a way that no other user on the system can retrieve
the call by pressing the associated DSS/DTS key.
FO3 Call Retrieve : Exclusive or System Retrieves any type of 8.50
Call Retrieve is used to retrieve calls placed on either held call to the
Exclusive Hold or System Hold. responsible user (i.e.,
any call placed on
Exclusive Hold).
Fo4 Trunk ID Call Retrieve : Exclusive or System Retrieves a specific call |8.50
(or user ID Call Retrieve is used to retrieve calls placed on either on System Hold by
if the held Exclusive Hold or System Hold. entering a feature code
party is a and the trunk ID of the
system held call (or user ID if the
user) held party is a system
user).
FO5 Recipient Call Retrieve : Exclusive or System Retrieves a tagged call 8.50
User ID Call Retrieve is used to retrieve calls placed on System | on System Hold by
Hold with FO1 - Park to extension. Retrieves calls on entering the Parked to
exclusive hold from another extension extension ID. Retrieves a
call on exclusive hold by
entering the extension
the call was placed on
exclusive hold from.
FO6 Call Retrieve : System Retrieves any call on 8.50
Call Retrieve is used to retrieve calls placed on either System Hold according
Exclusive Hold or System Hold. to a First In First Out
(FIFO) convention.
FO7 Call Pickup : Intra-Group Answers any ringing 8.44
Intra-Group Call Pickup enables a user to answer the station within the pickup
ringing station of any user in their assigned pickup group.
group.
FO08 User ID Call Pickup : Intra-Group Answers a specific 8.44
Intra-Group Call Pickup enables a user to answer the ringing station within the
ringing station of any user in their assigned pickup pickup group.
group.
F09 Reserved
F10 Do-Not-Disturb (DND) - Deactivate Deactivate DND mode. 8.68
Do Not Disturb (DND) allows a user to prevent all
internal and external calls from ringing at their station.
Paging announcements are also disabled.
F11 Do-Not-Disturb (DND) - Activate Activates DND mode. 8.68
Do Not Disturb (DND) allows a user to prevent all
internal and external from ringing at their station. Paging
announcements are also disabled.

Section 8.1 - Overview of Features
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Table 8 - 1 Feature Code List

Feature Feature
Code Required Parameters | Feature Description Action Section(s)
F12 DND Override Override DND mode of 8.69

Do Not Disturb (DND) Override allows a user to override |another user.
the DND mode of another user.

F13 Call Monitor Activates Call Monitor. 8.40
Call Monitor allows a user, with the appropriate
privileges, to monitor or eavesdrop on a busy line or
user.

F14 Whisper Page Pages busy user through 8.141
Whisper Page allows a user to page a target user over | handset/ speaker without

the headset/speakerphone while the target user is on a |interrupting the

call. conversation.

F15 Call Coach Allows 2nd user to coach |8.29
Call Coach allows a user to coach a target user on a call |user during a call without
without the other party being able to hear the coaching |the other party hearing

the coaching.

F16 Call Cover Routes user to target 8.31
When a user receives no answer, a busy signal, or a Do |user's coverage

Not Disturb (DND) indication on an internal call, the Call
Cover feature may be utilized to reach the unavailable
user’s call coverage (e.g., voice mailbox, operator).

F17 Camp-On Places the call in the 8.58
Camp-On enables a user to place themselves into the Hold Queue of the target
busy hold queue of the target user or user group. user.

F18 Call Back Initiate Call Back 8.25
The Call Back feature allows users to request a call back 8.26
from the system when an unavailable entity becomes
available.

F19 Call Back - Cancel Cancel call backs. 8.25
Cancels Call Back 8.26

F20 Auto-Answer - Deactivate Deactivates Auto- 8.13

The Auto-Answer feature allows users with Plexus Key | Answer.
Telephones to automatically answer all internal calls in
hands-free mode.

F21 Auto-Answer - Activate Activates Auto-Answer. 8.13
The Auto-Answer feature allows users with Plexus Key
Telephones to automatically answer all internal calls in
hands-free mode.

F22 User ID Hands-Free Call Initiates a hands-free 8.79
Hands-Free Call allows a Plexus Key Telephone user call.

with the appropriate privileges to place hands-free calls
to other Plexus Key Telephone users. A Hands Free
Call causes the target user’s key telephone to
automatically go off-hook in speakerphone mode.

F23 Page — Internal, All Users Pages over all key 8.105
The Internal Paging facility allows users to page through |telephones.
Plexus Key Telephone speakers.

F24 User Page — Internal, Specific User Group Pages over a specific 8.105
Group ID The Internal Paging facility allows users to page through |group of key telephones.
Plexus Key Telephone speakers.
F25 Page — External Places a page over an 8.104
The External Paging facility allows users to page external facility.

through a customer-provided external (e.g., overhead)
paging system.

page 8-3 Overview of Features - Section 8.1
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Table 8 - 1 Feature Code List

Users log in or sign in to the system with their user ID.
When a user logs in or signs in, the system knows where
they are located and routes calls accordingly.

Feature Feature
Code Required Parameters | Feature Description Action Section(s)
F26 Page — All Points Places an all points 8.101
The All Points Paging facility allows users to page page.
through both the Plexus Key Telephones and a
customer-provided external (e.g., overhead) paging
system.
F27 Page — Answer Answers a page. 8.102
Answer Page allows a user to respond to a page by
being automatically connected to the paging party.
F28 Page — Block - Deactivate Cancels/deactivates 8.103
Page Block allows a user to block the broadcast of Page Block.
pages through their Plexus Key Telephone.
F29 Page — Block - Activate Blocks paging 8.103
Page Block allows a user to block the broadcast of
pages through their Plexus Key Telephone.
F30 Log Out (User Authorization) Logs out of the system. 8.11
Users log in or sign in to the system with their user ID. 8.116
When a user logs in or signs in, the system knows where
they are located and routes calls accordingly.
F31 User ID Password |Log In (User Authorization) Logs into the system. 8.11
Users log in or sign in to the system with their user ID. 8.116
When a user logs in or signs in, the system knows where
they are located and routes calls accordingly.
F32 User Password |Agent Log Off Logs User out of the 8.5
Group ID Agent Log Off allows a user to log out of a user group User Group
F33 User Password |Agent Log On Logs User in to the User 8.5
Group ID Agent Log Off allows a user to log in to a user group Group
F34 User Agent Not Ready Places user in a busy 8.6
Group ID Agent Not Ready allows a user to not receive user group | status within the defined
calls without using Log Off or going busy/DND user group
F35 User Agent Ready Places user in an 8.6
Group ID Agent Ready allows the user to receive user group calls |available status within
after going Agent Not Ready. the defined user group
F36 Hands-Free Block - Deactivate Cancels Hands-Free 8.80
Hands-Free Block allows a user to block Hands-Free Block (unblock).
Calls from other users.
F37 Hands-Free Block - Activate Blocks calls from Hands- |8.80
Hands-Free Block allows a user to block Hands-Free Free users.
Calls from other users.
F38 Appointment Reminder - Cancel Deactivates Appointment |8.10
The Appointment Reminder feature allows a user to Reminder.
program the system to ring them at a specified time as
an appointment reminder.
F39 Time (24 Appointment Reminder - Set Activates Appointment 8.10
hour The Appointment Reminder feature allows a user to Reminder.
format) program the system to ring them at a specified time as
an appointment reminder.
F40 User ID Password | User Sign-Out Signs out on the system. 8.11

Section 8.1 - Overview of Features
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Table 8 - 1 Feature Code List

Feature Feature
Code Required Parameters | Feature Description Action Section(s)
F41 User ID Password | User Sign-In Signs into the system. 8.11
Users log in or sign in to the system with their user ID.
When a user logs in or signs in, the system knows where
they are located and routes calls accordingly.
F42 User ID Password | Authorize User Temporarily transfers 8.12
Authorize user allows a user to access their system user’s privileges to the
privileges on another user’s phone. extension.
F43 Universal Answer: Any Answers an unspecified 8.134
Universal Answer: enables a user, with the appropriate  |ringing station:
privileges, to answer any ringing trunk, user, or user
group.
F44 UserID/ Universal Answer: Specific Answers a specific 8.134
Trunk ID Universal Answer: Specific enables a user, with the ringing station
appropriate privileges, to answer any ringing trunk or
station.
F45 User ID Alarm Clock - Cancel Deactivates alarm clock. 8.7
(System Administrator Privilege)
The Alarm Clock feature allows users (e.g., front-desk
personnel) to program the system to ring other users at
a specified time as an alarm, notification, or wake-up
call.
F46 User ID Time Alarm Clock - Set Activates alarm clock. 8.7
(System Administrator Privilege)
The Alarm Clock feature allows users (e.g., front-desk
personnel) to program the system to ring other users at
a specified time as an alarm, notification, or wake-up
call.
F47 Day/Night Service - Return to Actual Time Returns system to 8.62
(System Administrator Privilege) normal settings (i.e.
Day/Night Service enables Plexus systems to route restores system to the
incoming calls differently based on the day (Weekday or |mode programmed for
Weekend) and time (Day or Night) a call is received. that time of day).
F48 Day/Night Service - Forced Day Mode Manually switches 8.62
(System Administrator Privilege) system to Day-Mode.
Day/Night Service enables Plexus systems to route
incoming calls differently based on the day (Weekday or
Weekend) and time (Day or Night) a call is received.
F49 Day/Night Service - Forced Night Mode Manually switches 8.62
(System Administrator Privilege) system to Night Mode.
Day/Night Service enables Plexus systems to route
incoming calls differently based on the day (Weekday or
Weekend) and time (Day or Night) a call is received.
F50 User ID Message Waiting Indicator - Deactivate Manually deactivates 8.87
(Hotel/Motel Features) Plexus systems are capable of Message Waiting
providing Message Waiting Indication to Key Telephones | Indicator.
and Ordinary Phones.
F51 User ID Message Waiting Indicator - Activate Manually activates 8.87
(Hotel/Motel Features) Plexus systems are capable of Message Waiting
providing Message Waiting Indication to Key Telephones |Indicator.
and Ordinary Phones.
F52 Access Own Personal Voice Mailbox Accesses a user’s 8.87
Allows users to check messages personal mailbox. Chapter 9
F53 User ID Access Other Personal Voice Mailbox Accesses the mailbox Chapter 9
Allows users to leave a message in another user’s specified by the user.
mailbox
page 8-5 Overview of Features - Section 8.1
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able 8 - 1 Feature Code List

Feature Feature

Code Required Parameters | Feature Description Action Section(s)

F54 Flash — Central Office Sends ‘flash’ signals to 8.59
Centrex features are often accessed by sending a ‘flash’ |the CO.
signal to the telephone company central office (CO).

Because Plexus systems are capable of sending ‘flash’
signals to the CO, they are compatible with most
Centrex services.

F55 Code Speed Dial: System Dials numbers stored in | 8.122
Speed dial allows users to utilize a system speed dial the system.
number by entering a feature code followed by the
unique two-digit speed dial code.

F56 Redial: Last-Number Redials last number 8.113
Last Number Redial enables a user to instruct the dialed.
system to redial up to 20 digits of the last number the
user dialed.

F57 Reserved

F58 Reserved

F59 Reserved

F60 External Call Queuing: User - Deactivate Deactivates user’'s 8.21
Deactivates the user’s external call queuing external call queuing

F61 External Call Queuing: User - Activate Activates user’s External |8.21
Activates the user’s External Call Queuing Call Queuing

F62 DN # Call Forwarding: Immediate Immediately forwards 8.35
Call Forwarding: Immediate enables users to each call to the specified
immediately forward all their calls to an internal or number.
external number.

F63 DN # Call Forward on No Answer Forwards each call when |8.35
Call Forward on No Answer enables users to have their |the caller receives no
calls forwarded to another user on the system when the | answer.
caller receives no answer.

F64 DN # Call Forward on Busy Forwards each call when |8.35
Call Forward on Busy enables users to have their calls  |the caller receives a busy
forwarded to another user on the system when the caller |signal.
receives a busy signal.

F65 DN # Call Forward on DND Forwards each call when |8.35
Call Forward on DND enables users to have their calls the caller receives a
forwarded to another user on the system when the caller |DND signal.
receives a Do Not Disturb signal.

F66 User ID Call Follow-Me - Deactivate Cancels Call Follow-Me |8.34
Cancels Call Follow Me

F67 User ID Call Follow-Me - Activate Immediately forwards all |8.34
Call Follow-Me is a form of Internal Call Forwarding of the user’s internal and
which can be activated by a user from a station other external calls to their
than the station at which they are logged in. When current location.
activated, all of the user’s internal and external calls are
immediately forwarded to their current location.

F68 Reserved

F69 Reserved

F70 Call Waiting - Deactivate Deactivates Call Waiting. |8.54
The Call Waiting feature, when activated, provides a
stutter tone to busy users to indicate that a call is
waiting. The busy user can choose to answer the
waiting call or allow it to route to No Answer coverage.

Section 8.1 - Overview of Features
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Table 8 - 1 Feature Code List

Feature
Code Required Parameters | Feature Description

Action

Feature
Section(s)

F71 Call Waiting - Activate

The Call Waiting feature, when activated, provides a
stutter tone to busy users to indicate that a call is
waiting. . The busy user can choose to answer the
waiting call or allow it to route to No Answer coverage.

Activates Call Waiting.

8.54

F72 User ID Do-Not-Disturb - Deactivate

(System Administrator Privilege, Hotel/Motel Features)
Places the target user’s extension in Do not Disturb
Mode.

Deactivates Do Not
Disturb mode.

Chapter 18

F73 User ID Do-Not-Disturb - Activate

(System Administrator Privilege, Hotel/Motel Features)
Places the target user’s extension in Do not Disturb
Mode.

Activates Do Not Disturb
mode.

Chapter 18

F74 User ID Room Check Out

(System Administrator Privilege, Hotel/Motel Features)
The Room Check Out feature may be activated by hotel
personnel to disable a guestroom phone and designate
the guestroom as ‘Not Occupied, Not Serviced'.

Activates Room Check
Out feature.

Chapter 18

F75 User ID Room Check In

(System Administrator Privilege, Hotel/Motel Features)
The Room Check In feature may be activated by hotel
personnel to reset a guestroom phone and designate
the guestroom as ‘Occupied’.

Activates Room Check In
features.

Chapter 18

F76 User ID Room Occupancy Indicator - Deactivate

(System Administrator Privilege, Hotel/Motel Features)
The Room Occupancy Indicator may be activated by
hotel personnel to manually activate or deactivate the
occupancy indicators.

Manually deactivates
room occupancy
indicator.

Chapter 18

F77 User ID Room Occupancy Indicator - Activate

(System Administrator Privilege, Hotel/Motel Features)
The Room Occupancy Indicator may be activated by
hotel personnel to manually activate or deactivate the
occupancy indicators.

Manually activates room
occupancy indicator.

Chapter 18

F78 User ID Room Service Indicator - Deactivate

(System Administrator Privilege, Hotel/Motel Features)
The Room Service Indicator may be activated by hotel
personnel to manually activate or deactivate the service
indicators.

Manually deactivates
room service indicator.

Chapter 18

F79 User ID Room Service Indicator - Activate

(System Administrator Privilege, Hotel/Motel Features)
The Room Service Indicator may be activated by hotel
personnel to manually activate or deactivate the service
indicators.

Manually activates room
service indicator.

Chapter 18

F80 Transfer Recall - Deactivate
Cancels Transfer Recall

Deactivates Transfer
Recall

8.131

F81 Transfer Recall - Activate

Transfer Recall causes Blind Transferred calls that go
unanswered at the target user/user group to ring back to
the user that transferred the call rather than forwarding
to the target user/user group’s backup/coverage.

Activates Transfer Recall

8.131

F82 User ID Trunk Access - Disable

(System Administrator Privilege, Hotel/Motel Features)
Trunk access codes are available to manually enable or
disable access to outside phone lines from the guest
room.

Manually deactivates
access to outside trunks.

8.2
Chapter 18
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Table 8 - 1 Feature Code List

Feature
Code

Required

Feature Description

Action

Feature
Section(s)

F83

User ID

Trunk Access - Enable

(System Administrator Privilege, Hotel/Motel Features)
Trunk access codes are available to manually enable or
disable access to outside phone lines from the guest
room.

Manually activates

access to outside trunks.

8.2
Chapter 18

F84

User ID

User to User Access/Room to Room Access -

Disable

(System Administrator Privilege, Hotel/Motel Features)
Room to Room Access feature codes are available to
manually enable or disable access to other rooms.

Manually deactivates
access to other rooms.

8.2
Chapter 18

F85

User ID

User to User Access/Room to Room Access -

Enable

(System Administrator Privilege, Hotel/Motel Features)
Room to Room Access feature codes are available to
manually enable or disable access to other rooms.

Manually activates
access to other users/
rooms.

8.2
Chapter 18

F86

User ID

Failed Wake-Up Indicator - Deactivate

(System Administrator Privilege, Hotel/Motel Features)
The System Administrator can also define a station
(e.g., the Front Desk phone) to serve as the No-
Response Cover Pilot. The No-Response Cover Pilot
receives a failed alarm call when all retries of a wake-up
call fail to reach the guest.

Deactivates Failed
Wake-Up Indicator.

Chapter 18

F87

User ID

Failed Wake-Up Indicator - Activate

(System Administrator Privilege, Hotel/Motel Features)
The System Administrator can also define a station
(e.g., the Front Desk phone) to serve as the No-
Response Cover Pilot. The No-Response Cover Pilot
receives a failed alarm call when all retries of a wake-up
call fail to reach the guest.

Activates Failed Wake-
Up Indicator.

Chapter 18

F88

Account #

Account Code Entry

Account Codes offer users a way to tag calls with a
numeric label of up to 12 digits in length. These codes
are useful for billing and reporting purposes.

Assigns the entered
account code to the call
currently on hold.

8.3
8.4

F89

Unsupervised Conference

The Unsupervised Conference feature allows a user,
with the appropriate privileges, to release a call
conference made up exclusively of external calls.
Releasing such a conference allows the external calling
parties to continue their call without a system user
present.

Releases external
parties from the call
conference.

8.30
8.136

F90

System Administrator Privilege - Disable

The maintenance and configuration of a number of
features can only be performed from a station at which
System Administrator Privileges (SAP) have been
activated.

Deactivates System
Administrator Privilege.

8.126

Fo1

Password

System Administrator Privilege - Enable

The maintenance and configuration of a number of
features can only be performed from a station at which
System Administrator Privileges (SAP) have been
activated.

Activates System
Administrator Privilege.

8.126

F92

Reserved

F93

Reserved

Fo4

Reserved

Section 8.1 - Overview of Features
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Table 8 - 1 Feature Code List

Feature Feature
Code Required Parameters | Feature Description Action Section(s)
F95 Voice ID Greeting Select Greeting Selects greeting in Auto | Chapter 09
Number Selects the Route Point Starting Point in the Auto Attendant
Attendant Node structure
F96 Auto Record Auto-Attendant Records greeting for AAl |8.14
Attendant (System Administrator Privilege, Requires Auto- card. Chapter 15
ID Attendant Card)
The Record Auto-Attendant feature allows the
administrator to Record a greeting for an AAl Card.
F97 Port ID Enable Port Enables Port 8.108
(System Administrator Privilege)
Extension and trunk ports can be enabled or disabled.
F98 Port ID Disable Port Disables Port 8.108
(System Administrator Privilege)
Extension and trunk ports can be enabled or disabled.
F99 Reset Extension Port Terminal Reset port and Key 8.8
Resets the extension port and re-initializes Key Telephone
Telephones.
8.1.2 Function Code List
Note
Function Codes are only available when programmed as a key on a Plexus
key telephone. Functions are not available for ordinary phones.
Table 8 - 2 Function Code List
Function Feature
Code Function Description Action Section
Function 01 Call Record Records current call to voice mail. 8.48
Function 02 | Answering Machine Enables a user to listen to callers as they leave a message inthe 8.9
Emulation / Live Call user’s voice mailbox
Screen
Function 03 | Auto Answer Enables users to have their phones answer internal calls 8.13
automatically
Function 04 | Day / Night Service Shows the Time Mode of the Plexus system. Allows the user to 8.62
switch time modes of the Plexus system
Function 05 Busy Queuing - User / Places external calls to the user into a hold queue when the useris |8.21
External Call Queuing busy
Function 06 | Transfer Recall Recalls unanswered calls that were transferred using Blind- 8.131
Transfer
page 8-9 Overview of Features - Section 8.1
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8.1.3 Feature List

The following list of Plexus
system features is provided to

simplify finding specific

features in this chapter. Refer

to the section number listed for

feature descriptions.

Feature

Section

Overview of Features (Feature Code and

Function Code lists)

Access Restriction: Line/User
Account Codes: Voluntary
Account Codes: Forced

Agent Log Off / Agent Log On
Agent Not Ready / Agent Ready
Alarm Clock

Analog Telephone/Device Support

Answering Machine Emulation
Appointment Reminder
Authorization Management
Authorize User
Auto-Answer
Automated-Attendant

Auto Camp-On

Auto Cover

Auto Voltage Selection
Automatic Line Selection
Battery Backup / UPS
Block On Call Termination
Busy Inquiry

Busy Override

Busy Queuing - User

Busy Queuing - User Group
CO Disconnect Supervision
CO Pulse/Tone Dialing

Call Back: External

Call Back: Internal

Call Backup - User / User Group
Call Barring

Call Broker

Call Coaching

Call Conference

Call Cover

Call Coverage

Call Distribution Management
Call Follow-Me

Call Forwarding

Call History Reporting

Call Hold: Consult

Call Hold: Exclusive

Call Hold: System

Call Intrude

Call Monitor

Call Notify

Call Park

Call Pickup: Inter-Group
Call Pickup: Intra-Group

8.1
8.2
8.3
8.4
8.5
8.6
8.7
8.8
8.9
8.10
8.11
8.12
8.13
8.14
8.22
8.15
8.16
8.17
8.18
8.19
8.20
8.39
8.21
8.22
8.23
8.24
8.25
8.26
8.27
8.129
8.28
8.29
8.30
8.31
8.32
8.33
8.34
8.35
8.124
8.36
8.37
8.38
8.39
8.40
8.41
8.42
8.43
8.44

Call Progress Tones

Call Priority

Call Recall

Call Record

Call Release

Call Retrieve

Call Screen

Call Transfer: Screened
Call Transfer: Supervised
Call Transfer: Unsupervised
Call Waiting

Caller ID

Calling Party Display: Internal
Caller ID Redial

Camp-On

Centrex compatibility

Class of Service: User

CTi Interface

Day/Night Service

Direct Inward System Access (DISA)

Direct Station Select (DSS)/BLF
Direct Line Access

Direct Trunk Select (DTS)/BLF
Disconnect Supervision
Discriminating Ring

Distinctive Ring

Do Not Disturb (DND)

Do Not Disturb (DND) Override
Duration Timer

End-to-End Signaling: External
End-to-End Signaling: Internal
Exclusive Hold

Fax Detection

Flash: Central Office

Flash - System

Flexible Call Backup

Flexible Numbering Plan
Group Backup

Group Hunt

Group Listening

Group Monitor

Hands-Free Call

Hands-Free Block

Headset Mode

Home Station

Hospitality Package

Intercept Service

Key Telephone Configuration
Least Cost Routing

Line Status Indicators

Live Call Screen

Message Waiting Indication
Multiple Auto-Attendants
Multiple Operators

Multiple Tenant Service
Music-On-Hold

Mute

Name Labeling (System Resources)
Non-Volatile Configuration Memory

Off-Hook Preference
On-Hook Dialing
Operator Console support

8.45
8.46
8.47
8.48
8.49
8.50
8.20
8.51
8.52
8.53
8.54
8.55
8.56
8.57
8.58
8.59
8.60
8.61
8.62
8.63
8.64
8.95
8.65
8.23
8.66
8.67
8.68
8.69
8.70
8.71
8.72
8.37
8.73
8.74
8.75
8.35
8.76
8.27
8.33
8.77
8.78
8.79
8.80
8.81
8.82
8.83
8.84
8.85
8.86
8.64/8.65

8.9
8.87
8.88
8.89
8.90
8.91
8.92
8.93
8.94
8.95
8.96
8.97

Operator: Personal
Operator: System
PBX Operation
Page: All Points
Page: Answer
Page: Block

Page: External
Page: Internal
Pager Notification
Password Security

Port Management: Line and Station

Privacy Management
Privacy Release

Programmable keys: Key Telephone

Programmable Trunk Timing
Parameters

Redial: Automatic

Redial: Last Number

Remote Call Forwarding
Remote Telephone Notification
Remote Station Service (RSS)

Remote System Management (RSM)

Serial Data Port

Silent Monitoring

Software (Windows-based)
configuration
Speakerphone operation
Speed Dial: System
Speed Dial: Personal

Station Message Detail Recording

(SMDR)

Station Relocation

System Administrator Privileges
(SAP)

System Clock

System Message Display
Toll Restriction

Toll Restriction Override
Transfer Recall

Trunk Allocation

Trunk Routing

Universal Answer

Universal Retrieve
Unsupervised Conference
User Alias

Validate Trunk Access
Voice Mail: Fully Integrated
Voice mail: Third party
Volume Control

Whisper Page

XOS Upgrade Management
Zone Paging

8.98

8.99
8.100
8.101
8.102
8.103
8.104
8.105
8.106
8.107
8.108
8.109
8.110
8.111

8.112

8.25
8.113
8.114
8.115
8.116
8.117
8.118
8.119

8.120
8.121
8.122
8.123

8.124
8.125

8.126
8.127
8.128
8.129
8.130
8.131
8.132
8.133
8.134
8.135
8.136
8.137

8.12
8.138
8.139
8.140
8.141
8.142
8.105

Section 8.1 - Overview of Features
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8.2 Access Restriction: Line/User

8.2.1 Description

Access to outside lines and other users on the system are privileges granted by
the System Administrator. These access privileges are granted on a user-basis.
Users not granted access to lines cannot place outside calls. Users not granted
access to other users cannot place internal calls to other users. However, if user
Pilot-1Ds are defined or if system single digit dialing is defined, they will work
regardless of whether or not the User privileges are set.

8.2.2 Interactions

Even when enabled, Access Restriction may be bypassed if any access Pilot-1Ds
have been defined for the users. For example, to completely block access to
trunk lines or other users, Access Restriction must be enabled, and the user
Pilot-1D for the trunk must be set to “None”. The user then will be unable to
seize a trunk.

Access restriction to lines or users may also be set on a temporary basis by the
system administrator using Feature 82/83 (Trunk Access - Deactivate /
Activate) and Feature 84/85 (User to User Access - Deactivate / Activate).
Deactivate Access will override any line or extension access rights given to the
user. Activate Access will return the access rights back to the user.

8.2.3 Operation

8.2.3.1 For temporary Access Restriction: Line

A. From either a Plexus key telephone or an ordinary phone:
« Activate System Administrator Privileges.
« Enter F82 + User ID

- To reactivate access, enter F83 + User ID.

8.2.3.2 For temporary Access Restriction: User to User

A. From either a Plexus key telephone or an ordinary phone:

« Activate System Administrator Privileges.
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« Enter F84 + User ID

. To reactivate access, enter F85 + User ID.

8.2.4 Configuration

Table 8 - 3 Access Restriction: Line/User

Method Path Parameter Default
Software User: Privileges Access Trunks Granted
Access User Granted

Key Telephone User: User Can Access User Granted
Privileges Can Access Trunk Granted

8.2.5 Administration

N.A.

Section 8.2 - Access Restriction: Line/User
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8.3 Account Codes: Voluntary

8.3.1 Description

Account Codes offer users a way to tag calls with a numeric label of up to 12
digits in length. These codes are useful for billing and reporting purposes.
Account Codes, when utilized, are included with the call record in the SMDR
output [see “Station Message Detail Recording (SMDR)” - section 8.124].

8.3.2 Interactions

Plexus systems will only accept the entry of a voluntary account code if the call
is first placed in a hold state (System Hold, Exclusive Hold, or Consultation
Hold). With a Plexus Key Telephone, the call can be placed on hold
automatically by pressing a programmable key defined with the account code
feature code (F88). This allows a user to press the programmed key during a
conversation and immediately enter the account code. Upon entering 1 to 12
digits and the # key, the call is automatically retrieved.

Tip
Define a second speed dial programmable key with the user’s account code
and #. This way the user need only press two keys to enter an account code.

8.3.3 Operation

A. From a Plexus Key Telephone:

« While connected to a trunk, press the preprogrammed ACCOUNT CODE feature
key + 1 to 12 digit account code + #.

or

» Press the AccouNT CoDE feature key + programmable key with the numeric
account code and # defined. Access trunk and place call.

or

« Press FLASH + F88 + 1 to 12 digit account code + #.
or

+ Place the call on Exclusive Hold.

« Enter F88 + 1 to 12 digit account code + #.

page 8-13 Account Codes: Voluntary - Section 8.3



B Feature Reference

B. From an Ordinary Phone:

» FLASH + F88 + 1 to 12 digit account code + #.

8.3.4 Configuration
N.A.

8.3.5 Administration
N.A.
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8.4 Account Codes: Forced

8.4.1 Description

Account Codes: Forced forces the user to tag calls with a numeric label of up to
12 digits in length before making any external calls. These codes are useful for
billing and reporting purposes. Account Codes are included with the call record
in the SMDR output [see “Station Message Detail Recording (SMDR)” - section
8.124].

8.4.2 Interactions

With Forced Account Code Entry enabled, a user is not able to access a trunk for
placing outgoing calls unless the user first enters an account code. If the user
attempts to access a trunk without entering the account code, the system will
give an error tone.

The system does not have a database for account codes. When a user enters an
account code, any account code from 1 to 12 digits, followed by #, will be accepted
by the system for trunk access.

8.4.3 Operation

A. From a Plexus Key Telephone:

» Before connecting to a trunk, press the AccounT CobDE feature key + 1 to 12
digit account code + #. Access trunk and place call.

or

« Press the AccounT CobE feature key + programmable key with the numeric
account code and # defined. Access trunk and place call.

or

« Enter F88 + 1 to 12 digit account code + #. Access trunk and place call.

B. From an Ordinary Phone:

« F88 + up to 12 digits + #. Access trunk and place call.
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8.4.4 Configuration

Table 8 - 4 Account Codes: Forced

Method Path Parameter Default

Software User: Features: Forced Account-Code disabled
Options Entry

Key Telephone User: User Forced Account Code No
Attributes:

8.4.5 Administration

Plexus systems will only allow the user access to make an external call after the
user enters the Account Code.
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8.5 Agent Log Off / Agent Log On

8.5.1 Description

Allows users to log in and out of user groups.

8.5.2 Interactions

Users can log into a user group by dialing Feature 33, the user group number,
and the user group password. The system will recognize this user as a member
of the user group even if this user is not part of the user group in the system
configuration. The system will place these users last in line behind currently
logged on users for call routing purposes (see “Call Distribution Management” -
section 8.33).

To log out of a user group, a user dials Feature 32 and the user group number.
If all users are logged out of a user group, any calls to that user group will follow
the user group’s Busy Backup/Coverage.

Note
Any user can Log On or Log Off of a user group. The user does not have to be
a member of the group in the software configuration to utilize these features.

8.5.3 Operation

8.5.3.1 To Log Off a group

A. From a Plexus Key Telephone or an Ordinary Phone:

« Enter F32 + user group number + user group password (if applicable).

8.5.3.2 To Log On a group

A. From a Plexus Key Telephone or an Ordinary Phone:

« Enter F33 + user group number + user group password (if applicable).

8.5.4 Configuration

N.A.

8.5.5 Administration

N.A.
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8.6 Agent Not Ready / Agent Ready

8.6.1 Description

Allows users in a group to prevent receiving group calls while staying available
for calls that are routed directly to the user’s extension

8.6.2 Interactions

User dials Feature 34 and the user group number to go Agent Not Ready in a
group without having to create a busy or DND situation on the user’s extension.
While Not Ready, the system will read this user as busy for user group call
routing purposes but available for calls routed directly to the user’s extension.

If all agents are busy or DND and at least one agent is Not Ready, the system
will consider the user group to be in the busy state. Calls will Queue or go to the
user group’s backup/coverage until the user dials Feature 35 and the user
group number to go Ready in the user group.

Note
The Plexus system provides no type of notification of the users Ready / Not
Ready. Users should stay aware of their current status.

8.6.3 Operation

8.6.3.1 To go Agent Not Ready

A. From a Plexus Key Telephone or an Ordinary Phone:

« Enter F34 + user group number.

8.6.3.2 To go Agent Ready

A. From a Plexus Key Telephone or an Ordinary Phone:

« Enter F35 + user group number.

8.6.4 Configuration

N.A.

8.6.5 Administration

N.A.
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8.7 Alarm Clock

8.7.1 Description

The Alarm Clock feature allows users (e.g., front-desk personnel) to program the
system to ring other users at a specified time as an alarm, notification, or wake-
up call. Access to the Alarm Clock feature is granted the system administrator.

8.7.2 Interactions

Only one alarm may be current for each user. Any attempt to set a second
alarm, before the first alarm expires, generates error tone.

Note
A User can only have one Alarm or one Appointment Reminder pending, not
both. See “Appointment Reminder” - section 8.10.

8.7.3 Operation

A. From either a Plexus key telephone or an ordinary phone:
« Activate System Administrator Privileges.
« Enter F46 + User ID + Time (in 24-hour format).

- To deactivate, enter F45 + User ID.

Note
The time should be entered in a 24-hour clock format. For example, 1:00 a.m.
would be 0100, and 2 p.m. would be 1400.

page 8-19 Alarm Clock - Section 8.7



B Feature Reference

8.7.4 Configuration

If the target user is unavailable (no answer or busy) at the time of an alarm
clock call, the system will retry according to the defined retry count and retry

interval. The alarm clock call will override DND mode.

The No-Response Cover Pilot receives notification when retry attempts expire
with no response. Typically the user issuing the alarm calls is designated as the

No-Response Cover Pilot.
Table 8 - 5 Alarm Clock

Method Path Parameter Default
Software System Parameters: No-Response Cover Pilot None
Feature, Alarm Call Retry Count 3
Retry Interval 2 minutes
Key Telephone N.A.

8.7.5 Administration

Refer also to chapter 18, "Hotel / Motel Package".

Section 8.7 - Alarm Clock
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8.8 Analog Telephone/Device Support

8.8.1 Description

Plexus systems fully support all analog telephones and devices (e.g., modem,
FAX machine, credit card scanner, and third-party voice mail adjunct). Analog
telephones and devices can be connected to any port on the Analog Extension
Interface (AEI). No special adapters are needed.

8.8.2 Interactions

N.A.

8.8.3 Operation

N.A.

8.8.4 Configuration

Table 8 - 6 Analog Telephone/Device Support

Method Path Parameter Default
Software Extension Port: Port Assignment None
General/Device/SLT | Location -

Terminal Type Telephone
External Voice Adapter Settings -
DTMF Generation ON-Time 100 ms
DTMF Generation OFF-Time 100 ms
Message Waiting Indication Audible
Ring Pattern Int 60, 20, 20
Ring Pattern Ext continuous
Ring ON 1 second
Ring OFF 3 seconds
Flash Period Enable enabled
Flash Period 800 ms

Key Telephone N.A.

8.8.5 Administration

Should an analog telephone or device be connected to an extension port where a
Plexus Key Telephone was previously connected, the port will need to be reset by
performing F99 from the analog telephone. For more information, see chapter 4,

"Installation”.
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8.9 Answering Machine Emulation

8.9.1 Description

The Answering Machine Emulation feature enables a Plexus Key Telephone
user to listen to callers as they leave a message in the user’s voice mailbox. As
the user is screening the call, they can choose to speak to the caller or allow
them to continue leaving a message. The user must have a DSS key
programmed as Function 02 - Answering Machine Emulation.

8.9.2 Interactions
There are two forms of Answering Machine Emulation as follows:

Manual Answering Machine Emulation requires the user to press a
programmed key on their key telephone to initiate screening each time a caller
is leaving a message. The programmed key flashes when a caller enters the
user’s mailbox to prompt the user to begin screening.

Automatic Answering Machine Emulation causes the key telephone to
automatically go off-hook in speakerphone mode each time a caller is leaving a
message. As the caller leaves a message, their voice is broadcast through the
speakerphone. The user must pre-press the programmed key. The key will be lit
red to indicate that Automatic Answering Machine Emulation is active.

8.9.3 Operation

8.9.3.1 Manual Answering Machine Emulation

Manual Answering Machine Emulation occurs when a caller is in the voice
mailbox. The ANs EmuL key will flash red when a user is in the voice mailbox.
A. From a Plexus key telephone:
« To listen to the caller leaving a message, press the ANS EMUL key.
+ To be connected to the caller, press the ANS EMUL key again.

» To allow the user to continue leaving a message, press SPKR.
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8.9.3.2 Automatic Answering Machine Emulation

Automatic screening occurs when there is not a caller in the voice mailbox. The
ANs EmuL key will light red and each time a caller enters the voice mailbox, the
speakerphone will automatically activate enabling active mode Answering
Machine Emulation.

A. From a Plexus key telephone:

+ Press the ANs EMuL key. The key will be lit red to show that Automatic
Answering Machine Emulation is active.

» The key telephone will automatically go off-hook in speakerphone mode each
time a caller is leaving a message.

» To be connected to the caller, press the ANS EMUL key.

- To allow the user to continue leaving a message, press SPKR.

8.9.4 Configuration

The Integrated Voice Processor (IVP) must be configured correctly for this
feature to work. Refer to the optional I\VVP section for more information.

8.9.5 Administration

The Plexus Key Telephone must have one of the programmable keys defined
with the Answering Machine Emulation function code (Function 2) in order to
utilize this feature. Answering Machine Emulation cannot be implemented
from a single line telephone.
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8.10 Appointment Reminder

8.10.1 Description

The Appointment Reminder feature allows a user to program the system to ring
them at a specified time as an appointment reminder.

8.10.2 Interactions

Only one appointment may be current for each user. Any attempt to set a
second appointment, before the first one expires, generates error tone.

Note

A User can only have one Appointment Reminder or one Alarm pending, not
both. See “Alarm Clock” - section 8.7.

If the target user is unavailable (no answer or busy) at the time of an
appointment reminder, the system will retry according to the defined retry
count and retry interval. Appointment reminders will override DND mode.

8.10.3 Operation

A. From either a Plexus key telephone or an ordinary phone:

Table 8 - 7 Appointment Reminder

To perform this action Do this
Activate Enter F39 + Time (in 24-hour format).
Deactivate Enter F38.

Note

The time should be entered in a 24-hour clock format. For example, 1:00 a.m.
would be 0100, and 2 p.m. would be 1400.
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8.10.4 Configuration

Note

The Appointment Reminder feature utilizes the same retry count and retry
interval as the Alarm Clock feature. The No-Response Cover Pilot does not

apply to appointment reminder calls.

If the target user is unavailable (no answer or busy) at the time of an
appointment reminder call, the system will retry according to the defined retry
count and retry interval. The appointment reminder call will override DND

mode.

Table 8 - 8 Appointment Reminder

Method Path Parameter Default
Software System Parameters: Retry Count 3

Feature, Alarm Call Retry Interval 2 minutes
Key Telephone N.A.

8.10.5 Administration

N.A.
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8.11 Authorization Management

8.11.1 Description

On Plexus systems, user and user ID replace the traditional terminology of
extension and extension number and the basic element of authorization is the
user. A user is any person or device (e.g., fax, modem, credit card scanner) that
places or receives calls on the system. Each user is assigned a unique user ID
which is used for system identification. Users log in or sign in to the system
with their user ID. When a user logs in or signs in, the system knows where
they are located and routes calls accordingly. The advantage of this design is
that users are not tied to any particular station.

Note

Plexus systems may be configured such that users have a Home Station to
which they are logged into automatically when the system powers up. This
option enables the system to be utilized like a more conventional phone
system.

8.11.2 Interactions

Users may either log in or sign in to identify themselves to the system and
receive their calls at their current location. However, there are differences
between log in and sign in. The main difference is that log in applies a user’s
privileges to the station while sign in does not. For example, a user with no
entries in their deny dialing table (see “Toll Restriction” on page 210) can place
such calls from any station as long as they are logged in at the station. However,
if the user only signs in, he or she is limited to the restrictions applicable to the
user that is logged in at the station.

Note
A user can temporarily authorize their external call privileges on another user’s
extension by using Authorize User (see “Authorize User” - section 8.12).

Sign in is valuable for users that move about an office, working at several
different stations on a given day. By signing in at each station, the user ensures
that the system will route their calls to them. Sign in is also used for user aliases
or personas, enabling a user to sign in different personas to receive different
types of calls (see “User Alias” - section 8.137).
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8.11.3 Log In and Sign In Basics

» For a user’s privileges to apply at a given station, he/she must log in at the
station. Stations where no user is logged in are “Not Assigned” and are
restricted by the system deny dialing and allow dialing tables (see “Toll
Restriction” - section 8.129 and “Authorize User” - section 8.12).

« A user may only log in/sign in at a single station. A subsequent log in/signin
at a second station will automatically log/sign the user out at the initial
station.

» Only a single user can be logged in at any given station. A subsequent log in
by a different user will automatically log out the initial user.

Several users may be signed in at the same station. The privileges of the
logged in user apply to all of the signed in users.

A user can be assigned a Home Station where they are automatically logged
in each time the system initializes (see “Home Station” - section 8.82 and
“Port Management: Line and Station” - section 8.108).

If a user with an assigned Home Station is not logged in, their calls route to
their Home Station.

Log out does not require a password. Log in only requires a password if one is
assigned (see “Password Security” - section 8.107).

« Sign in and sign out require a password if one is assigned.

8.11.4 Operation

A. From either a Plexus key telephone or an ordinary phone:

Table 8 - 9 Authorization Management

To perform this action Do this

Log in Enter F31 + User ID + password.
Log out Enter F30 + User ID.

Sign in Enter F41 + User ID + password.
Sign out Enter F40 + User ID + password.

8.11.5 Configuration
N.A.
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8.11.6 Administration

User IDs and user privileges need to be assigned to all individuals on the
system. Each individual may be assigned more than one user ID. Additional
user IDs enable aliases and personas to be utilized for call routing and call
distribution purposes (see “User Alias” - section 8.137).
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8.12 Authorize User

8.12.1 Description

The Plexus system can allow users to temporarily authorize their external call
privileges on another user's extension without logging into that extension (e.g.,
this can be used for a phone in a common area with no trunk access privileges).
This is called Roaming - Voluntary Authorization.

The Plexus system can also be set up to force a user to verify their identity
before placing external calls. The user must Validate Trunk Access for placing
each external calls during the day and/or night (e.g., this can prevent a phone in
a common area from being used to place external calls in the middle of the
night). This is called Validate - Forced Authorization.

8.12.2 Interactions

8.12.2.1 Roaming - Voluntary Authorization

This can be used to make external calls on an extension that the current user
would be barred or disallowed from making. When the call is terminated, the
temporary privileges are removed. The user must dial Feature 42, user

number, and user Password (if applicable) before accessing an outside line. This
must be done before every call.

8.12.2.2 Validate- Forced Authorization

When user-Features-Options-Validate Trunk Access during Day/Night is
enabled, the user must dial Feature 42, user number, and user Password (if

applicable) before accessing an outside line. This must be done before placing
every external call.

8.12.3 Operation

A. From a Plexus Key Telephone or an Ordinary Phone:

« Enter F42 + User # + User Password (if applicable). Then access trunk to
place call.
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8.12.4 Configuration

8.12.4.1 Roaming - Voluntary Authorization

N.A.

8.12.4.2 Validate- Forced Authorization

Table 8 - 10 Authorize User

Method Path Parameter Default

Software User: Features, Validate Trunk-Access during Day Disabled
Options Validate Trunk-Access at Night Disabled

Key Telephone User: User Validate Trunk Day No
Attributes Validate Trunk Night No

8.12.5 Administration

N.A.

Section 8.12 - Authorize User
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8.13 Auto-Answer

8.13.1 Description

Auto Answer enables users with Plexus Key Telephones to have their phones
answer internal calls automatically. The Key Telephone will immediately go off-
hook into speaker phone mode. The user will hear a short stutter tone as the Key
Telephone answers the call.

Refer also to “Hands-Free Call” - section 8.79.

.13.2 Interactions

A transfer from the Integrated Voice Mail (IVP) to an extension port(s) on the
Plexus system will not be answered in hands-free mode by a Plexus Key
Telephone with auto-answer activated. However, a transfer from a user or an
external voice adapter will be answered in hands-free mode by a Plexus Key
Telephone with auto-answer activated.

8.13.3 Operation

Auto Answer can be activated / deactivated with a programmed Auto Answer
key or through the use of Features 20/21. To program an Auto Answer key,
program an available DSS key with Function 03.

From a Plexus Key Telephone:

« Press the Auto Answer key. The key will be red when Auto Answer is
activated and off when it is deactivated.

or

- Enter F21 to activate Auto Answer. Enter F20 to deactivate Auto Answer.

8.13.4 Configuration

N.A.

8.13.5 Administration

Auto-Answer is activated and deactivated as needed by the user. It is associated
with the keyphone, and will remain in effect even if a user logs out.
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8.14 Automated-Attendant

8.14.1 Description

The Automated-Attendant feature is available with either of two optional
peripheral cards, the Auto-Attendant Interface (AAI) or the Integrated Voice
Processor (IVP)-Plexus Integrated Voice Mail. The Auto-Attendant feature
provided with the AAI plays menu greetings to callers and allows them to enter
digits on their telephone to direct their calls to the desired user/user group or
trunks/trunk groups on the Plexus system. The Auto-Attendant feature
provided with the IVP is fully programmable allowing for much more advanced
call routing capabilities.

Note
Micro-Plexus models are available that incorporate either the AAl or the IVP
directly on the motherboard.

8.14.2 Interactions

N.A.
8.14.3 Operation

A. From either a Plexus key telephone or an ordinary phone:

Table 8 - 11 Automated Attendant

To perform this action Do this

Record a greeting for an AAI card 1. Activate system administrator privileges.
2. Enter F96 + Auto Attendant ID.

Play a recorded greeting Dial the Auto Attendant ID.

(For information about the IVP Auto Attendant, refer to
the IVP manual.)

To record a greeting for an IVP card Auto Attendant, see chapter 9, "Integrated
Voice Processor".

8.14.4 Configuration

A logical ID must be defined for the Auto-Attendant resources and the
applicable trunks must be routed to the Auto-Attendant ID. Refer to the AAI
and IVP sections in the product manual for more information.

8.14.5 Administration

N.A.
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8.15 Auto Cover

8.15.1 Description

Auto Cover enables a user to be routed to an unavailable user’s coverage without
having to follow additional steps. Refer also to “Call Cover” - section 8.31.

8.15.2 Interactions

When a user with Auto Cover enabled calls another user, and that user is
unavailable (no answer, busy, DND), the user will be routed to the target user’'s
backup. If the backup is unavailable or not defined, the user will be routed to the
target user’s coverage.

If a caller without Auto Cover enabled calls another user, and that user is
unavailable (no answer, busy, DND), the user will be routed to the target user’s
backup. If the backup is unavailable, The user will hear unending ringback tone,
busy tone, or DND tone, depending on the state of the backup entity (no answer,
busy, DND). If no backup is set, the user will hear unending ringback tone, busy
tone, or DND tone, depending on the state of the target user (no answer, busy,
DND). After receiving these tones, the user will have to press the MSG key on a

Key Telephone or Flash + F16 on an ordinary phone to be routed to the target
user’s coverage (see “Call Cover” - section 8.31).

8.15.3 Operation

N.A.

8.15.4 Configuration

Auto Cover is enabled/disabled for each user.
Table 8 - 12 Auto Cover

Method Path Parameter Default
Software User: Features, Options Auto Cover on Internal Calls Disabled
Key Telephone User: User Attributes Auto Cover No

8.15.5 Administration

N.A.
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8.16 Auto Voltage Selection

8.16.1 Description

The Plexus system provides an auto-ranging, auto-switching power supply that
automatically selects the appropriate voltage level (110V or 220V) depending on
what is available at the installation site.

The power supply provided with the Micro-Plexus system is not an auto-ranging,
auto-switching power supply. Therefore, the Micro-Plexus must be purchased
from the manufacturer with either a 110V or a 220V power supply.

8.16.2 Interactions

N.A.

8.16.3 Operation
N.A.

8.16.4 Configuration
N.A.

8.16.5 Administration
N.A.
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8.17 Automatic Line Selection

8.17.1 Description

Plexus systems can be configured to automatically select an available line for
each external outbound call. Users need only enter the system defined trunk-
access digit (i.e., a system single digit dialing option with a trunk defined, like
“9”) or a particular trunk group ID (e.g., “400”). The system will then identify
and connect the user to an available line in that trunk group. Trunk Pilot IDs
are assigned on a user-basis. Therefore, each user or user group can be assigned
a different group of lines for their outbound calls.

Users may be assigned a single line rather than a trunk group. In this case, the
system will always select that particular line when the user enters the trunk-
access digit.

Note
Lines may be accessed directly by entering a trunk ID or by pressing an
appropriately defined DTS key on a Plexus Key Telephone.

8.17.2 Interactions

N.A.

8.17.3 Operation

N.A.
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8.17.4 Configuration
Table 8 - 13 Automatic Line Selection

Method Path Parameter Default
Software System Parameters: Dial Plan Access Digit for Trunk 9

User: Assignment: Group Access Pilot-1D for Trunk None
Key Telephone User: User Attributes Trunk Pilot ID 0

8.17.5 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for monitoring trunks. Programmable keys defined as
such are referred to as DTS (Direct Trunk Select) keys and may be used to
quickly access available trunks.

Users that will be making external calls must be granted trunk access privileges
to select a particular trunk line. Otherwise, only trunk Pilot IDs and system
single digit trunk access will be allowed. See “Access Restriction: Line/User” -

section 8.2.
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8.18 Battery Backup / UPS

8.18.1 Description

Plexus Systems provide an internal Uninteruptable Power Supply (UPS).
Batteries are not included and must be added to the Plexus for the UPS to work

properly.

It is strongly recommended that the Plexus systems internal UPS be connected
to a 24-volt battery source in order to maintain system operation during a power
failure.

8.18.2 Interactions

The battery backup / UPS will provide instant power to the Plexus system in
cases on power outages or power drops. The system will continue to operate
normally. No indication will be given that the system is operating under backup
power. The time length of power provided will vary based on the types of
batteries installed (see chapter 4, "Installation")

8.18.3 Operation
N.A.

8.18.4 Configuration

The recommended configuration consists of two 12-volt batteries connected in
series as shown below.
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The length of time that the system can operate on battery power is primarily
determined by the characteristics of the particular battery being used. The
battery draw of the Plexus systems is 6 A @ 24V max or 2.5 A @ 24V nominal.
With a 24V, 20-26 Ah (Plexus) or 10 Ah (Micro-Plexus) battery, the system can
operate for 2-4 hours at maximum draw or 6-8 hours at nominal draw.
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8.19 Block On Call Termination

8.19.1 Description

When a user is on an internal or external and the other party disconnects, block
on call termination provides a busy signal to the user rather than the normal
dial tone. This feature emulates the disconnect tone that several phone services
send after the remote party disconnects from a call.

8.19.2 Interactions

When a user is disconnected to a call and remains off hook, the system will
normally send a new dial tone. If block on call termination is enabled, the user
will only receive an error tone.

8.19.3 Operation

N.A.

8.19.4 Configuration

Table 8 - 14 Block on Call Termination

Method Path Parameter Default
Software User: Features: Options Block on Call Termination Disabled
Key Telephone User: User Attributes Block on Call Terminate No

8.19.5 Administration

N.A.
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8.20 Busy Inquiry

Busy Inquiry, also known as Call Screen, is typically used to determine who is
holding on a particular line, who is using a particular line, or who is a user
connected to.

Plexus Key Telephone users (display model only) can view call information
associated with any busy user, in-use trunk, or user group for which they have a
defined DSS or DTS key. Available information may include the user ID, trunk
ID, Caller ID information, or user group information. The information will be
shown on the display window of the Plexus Key Telephone.

8.20.1 Interactions

The information available for busy users and in use trunks will vary based on a
users privileges.

If a user without administrate privilege does a Busy Inquiry, the user will be
able to see user ID(s) and trunk ID for busy users and trunks, and associated
user ID and Caller ID information on trunks that have been placed on System
Hold.

If a user with administrate privilege does a Busy Inquiry, the user will be able to
see user ID(s) and Caller ID for busy users and trunks, and associated user ID
and Caller ID information on trunks that have been placed on System Hold.

Any user can access information about user groups. Pressing SCREEN and the
DSS key mapped to a user group displays: _Queued (number of people currently
on hold in the Queue), Min (the time in minutes the oldest call has been in the
Queue), Mbrs (the number of users logged on to the group), _+ (total calls
answered), - (Queued calls that disconnected), and _? (calls that pressed '#' to
leave a message). If the user group does not have Hold Queue enabled, all Hold
Queue information will remain at 0.

Busy Inquiry is not available for DTS, DSS, or Call Broker keys associated with
call conference parties.

Note
If a user does a Busy Inquiry on a user that is off hook but not connected to
another party, no information will be displayed.
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8.20.2 Operation

A. The Busy Inquiry Feature is available from a Plexus Key Telephone with display only.
 Press the Screen key.
» Press the mapped DSS key associated with a user group or busy user.
or
+ Press the Screen key.

» Press the mapped DTS key associated with an in use trunk.

8.20.3 Configuration
N.A.

8.20.4 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for monitoring trunks, users, and user groups.
Programmable keys defined as such are referred to as DTS (Direct Trunk
Select) or DSS (Direct Station Select) keys.
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8.21 Busy Queuing - User

8.21.1 Description

The Busy Queuing - User feature places external calls to a busy user into a
temporary Hold Queue. The held calls are routed to user when the user becomes
available. The system can give a reassurance message to the held caller or can
do a temporary routing of the call to a system entity (user or user group) to
provide a reassurance to the caller.

8.21.2 Interactions

The user determines whether or not calls can be placed in user’'s Hold Queue
(see Operation).

Calls can be placed in the Hold Queue for a busy user for the duration of the
user’s Exclusive Hold timeout. When a call enters the user’'s queue, the user will
hear a tone alerting of the held call. Once the Exclusive Hold timeout expires,
the call is routed to the user’s backup or coverage entities (see“Call Backup -
User / User Group” - section 8.27 and “Call Coverage” - section 8.32).

Busy Queuing can be set up such that the queue is intercepted periodically with
a default system message, a custom message, or a connection to another user or
user group on the system. See “Intercept Service” on page 145 for more
information.

Calls are placed in the Hold Queue in a first-in first-out basis. This means that
even if a reassurance message is being played for a caller, if that caller was the
first caller placed in the Hold Queue, that caller will instantly be routed to the
user when the user becomes available.

8.21.3 Operation

A. From a Plexus Key Telephone:

« For a one touch Queuing enabled/disabled button, a DSS Key must be
programmed as Function 05. A solid red light indicates that external call
Busy Queuing is enabled. No light indicates that external call Busy
Queuing is disabled

« A user can also dial F61 to enable their external call Busy Queuing and F60
to disable their external call Busy Queuing.
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B. From an Ordinary Phone:

« A user dials F61 to enable their external call Busy Queuing and F60 to
disable their external call Busy Queuing.

8.21.4 Configuration

Table 8 - 15 Busy Queuing User

Method Path Parameter Default

Software User: Features: Timeout on 5 minutes
Assignments Exclusive Hold

Key Telephone User: User X-hold timeout 5 minutes
Attributes

8.21.5 Administration

N.A.

page 8-43

Busy Queuing - User

- Section 8.21



B Feature Reference

8.22 Busy Queuing - User Group

8.22.1 Description

The Busy Queuing - User Group feature places external calls to a busy user
group into a temporary Hold Queue. The held calls are routed to user when any
user in the user group becomes available. The system can give a reassurance
message to the held caller or can do a temporary routing of the call to a system
entity (user or user group) to provide a reassurance to the caller.

8.22.2 Interactions

Calls can be queued for a busy user group (e.g., Sales, Technical Support) for the
duration of the group’s hold queue timeout. Once the hold queue timeout
expires, the call is routed to the user group’s backup or coverage entities
(see“Call Backup - User / User Group” - section 8.27 and “Call Coverage” -
section 8.32).

Busy Queuing can be set up such that the queue is intercepted periodically with
a default system message, a custom message, or a connection to another user or
user group on the system. See “Intercept Service” - section 8.84 for more
information.

Calls are placed in the Hold Queue in a first-in first-out basis. This means that
even if a reassurance message is being played for a caller, if that caller was the
first caller placed in the Hold Queue, that caller will instantly be routed to the
user group when a user becomes available.

The system can notify a user if there is a call holding in the user group’s Hold
Queue. The user must have a DSS key mapped as monitoring the user group
and must have Call Notify enabled. When a call is in the Hold Queue, the user
will receive a stutter tone through the handset or speaker of a Plexus Key
Telephone (see “Call Notify” - section 8.41).

8.22.3 Operation

N.A.
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8.22.4 Configuration

To enable busy queuing for a user group, enable the hold queue timeout and
establish coverage (see “Call Coverage” - section 8.32) and, if desired, backup
(see “Call Backup - User / User Group” - section 8.27).

Table 8 - 16 Busy Queuing - User Group

Method Path Parameter Default
Software User Group: Distribution Hold Queue Timeout Disabled/
(Enabled) 2 minutes
Key Telephone User Group: Queuing Enabled No
User Group Attributes Hold Queue to (m) 2 minutes

8.22.5 Administration

N.A.
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8.23 CO Disconnect Supervision

8.23.1 Description

Plexus systems are capable of detecting several types of Central Office
disconnect signals including Clear Forward, Polarity Reversal, and Disconnect

Tones.

Refer also to “Programmable Trunk Timing Parameters” - section 8.112.

8.23.2 Interactions

N.A.

8.23.3 Operation
N.A.

8.23.4 Configuration

The Disconnect Type must first be selected. If Clear Forward or Polarity
Reversal are selected, the associated timing parameter may also need to be
modified. If Disconnect Tone is selected, the necessary filter must be installed
and activated (see “Call Progress Tones” - section 8.45).

Table 8 - 17 CO Disconnect Supervision

Method Path Parameter Default
Software Trunk Port: Features Disconnect Type Clear Forward
Seize Settling (SS) 1000 ms
System Parameters: Call (Central) Office Settings 500 ms
Progress, Detector (0S) 600 ms
CF (Clear Forwarding) 0ms
PR (Polarity Reversal)
Tone Type, Disconnect
Key Telephone N.A.
Note

Call Progress filters can only be configured through software configuration.
Should the filters provided not meet the needs at a particular installation, email
a request for additional filters to bbstechs@bbstelecom.com. (Specify the
frequency range you need. )

Section 8.23 - CO Disconnect Supervision page 8-46



Feature Reference B

8.23.5 Administration

There is a set of two pins for each trunk port on an Analog Trunk Interface (ATI)
card. Each set of pins is labeled with a “JP” and a number. At sites where clear
forwarding is being utilized, the pins should be jumpered for a closed position.
At sites where polarity reversal is being utilized, the pins should not be
jumpered for an open position.

Note
All trunk ports on a single system should utilize the same type of disconnect

supervision.
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8.24 CO Pulse/Tone Dialing

8.24.1 Description

Each trunk port on a Plexus system can be configured for either pulse or tone
dialing. The type of dialing at the extension is independent of the dialing
generated at the trunk port. Therefore, a pulse dialing ordinary telephone may
dial through a tone dialing trunk port. This is accomplished through the
buffering and regeneration of dialed digits as shown below.

Plexus co
Trunk Access Digit -

Additional - - '

Digits 0s 8S  |seize Trunk
-

Buffered o

-

Regenerate

Trun_k D_iaITI'irr;aout

Pass ThI"LP

When a user dials the trunk-access digit, the system seizes a trunk and begins to
buffer any additional digits. As soon as the Seize Settling (SS) and the Central
Office Settling (OS) periods expire, the buffer is emptied and the dialed digits
are regenerated either as pulses or tones, depending on how the trunk port is
configured. As soon as the buffer is emptied, the Trunk Dial Timeout period
commences. If additional digits are dialed before the Trunk Dial Timeout
expires, they are buffered and regenerated. Each time the buffer is emptied, the
Trunk Dial Timeout period commences again. As soon as the Trunk Dial
Timeout expires without additional digits being dialed, the buffer/regeneration
process ceases. Any digits dialed at this point are passed through to the Central
Office as dialed at the extension.

Refer also to “Programmable Trunk Timing Parameters” - section 8.112.
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8.24.2 Interactions

When a call is being routed using Least Cost Routing or when a call is being
routed on a digital trunk, the system will wait until the user has completed
dialing before routing the call. After the user has physically completed dialing,
the system waits until the Network Dial TO has expired to ensure that the user
has finished before routing the call. To reduce the delay between the completion
of dialing and the actual routing of the call, users can dial '# to terminate
dialing and to let the system know that dialing is complete. The system will
instantly route the call without waiting for the Network Dial TO to expire.

8.24.3 Operation

N.A.

8.24.4 Configuration

Table 8 - 18 CO Pulse/Tone Dialing

Method Path Parameter Default

Software Trunk Port: Dialing Dial Mode Tone
Dial-Timeout 5000 ms
Pulse Timing Inter-Digit 500 ms
Pulse Timing Make 33ms
Pulse Timing Break 66 ms
DTMF Timing On 100 ms
DTMF Timing Off 100 ms

Key Telephone N.A.

8.24.5 Administration

Extension ports on the Analog Extension Interface (AEI) support both pulse and
tone dialing. The system automatically identifies the type of dialing being used
and configures the port accordingly.
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8.25 Call Back: External

8.25.1 Description

Call Back: External allows a user to instruct the system to automatically redial
a busy external number according to a defined retry count and interval. When
the system reaches the number in an available state (i.e., detects ringback tone),
it recalls the responsible user and connects them to the call.

Note
The feature only applies to external calls.

8.25.2 Interactions

If the responsible user is unavailable at the time of a Call Back: External recall,
the Call Back: External terminates.

The system utilizes the same line that the original call was placed on for all
retry attempts. Once the Call Back: External feature code is issued, the line is
effectively reserved to perform the defined number of retries.

8.25.3 Operation

A. From a Plexus key telephone:

« After receiving a busy signal, press the CALL BACK key.

B. From an ordinary phone:

« After receiving a busy signal, FLASH + F18.

8.25.4 Configuration

The Retry Count is the number of times the system will attempt to reach the
busy number. The Retry Interval is the period of time between retry attempts.
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Call Back: External relies on installing a filter profile for Busy tone and
assigning this filter to a tone detector. The filters and detectors are not installed
or activated by default. Once identified by the detector, the system will redial a
busy external number according to a defined retry count and interval. When the
system reaches the number in an available state (i.e., detects ringback tone), it
recalls the responsible user and connects them to the call.

Table 8 - 19 Call Back: External

Method Path Parameter Default
Software System Parameters: Feature, Limits | Auto-Redial Retry Count 10

Auto-Redial Retry Interval 60 seconds
Key Telephone N.A.

8.25.5 Administration

The Busy Filter Detect on the DXP card must be set through the Windows
Administrator. See chapter 6, "Software Configuration" for more information.
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8.26 Call Back: Internal

8.26.1 Description

The Call Back feature allows users to request a call back from the system when
an unavailable entity becomes available. Internal call back may be invoked
when trying to reach a busy user, user group, trunk, or trunk group. As soon as
the unavailable entity becomes available, the system rings the user and then
completes their connection. If the user is unavailable (busy) when the call back
occurs, the call back is canceled. If the user is in DND (Do Not Disturb), the call
back will override the DND.

Notes

If all of the trunks in a user’s assigned trunk group are being used, the user will

hear busy tone upon entering the trunk-access digit. If the user requests a call

back, the system will ring them when one of the trunks in the trunk group
becomes available.

8.26.2 Interactions

N.A.

8.26.3 Operation

A. From a Plexus Key Telephone:
« After receiving a busy signal, press the CALL-BACK key.
or

« After receiving a busy signal, press the FLASH key and F18.

B. From an Ordinary Phone:

« After receiving a busy signal, FLASH + F18.

8.26.4 Configuration

N.A.

8.26.5 Administration

N.A.
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8.27 Call Backup - User / User Group

8.27.1 Description

Call Backup provides an intermediate level of coverage for users and user
groups. In cases where the user is unavailable or there is no available agent in
the target user group, calls route to the applicable backup entity (if defined)
before routing to coverage. Different backup entities (i.e., user, user group, voice
ID, external operator, answering service) can be defined for each unavailable

state.

8.27.2 Interactions

If a voice ID is entered as a backup entity, the call is routed to the route point
associated with the voice ID and enters the corresponding Auto Attendant
structure as if routed there directly. Refer to the optional VP section for more

information.

Call Backup may be used without or without busy queuing enabled. If busy
queuing is enabled, calls are queued when the user or all agents in a group are
busy. If the hold queue timeout expires, calls route to the applicable backup

entity.

8.27.3 Operation

N.A.

8.27.4 Configuration

Table 8 - 20 Call Backup - User / User Group

Method Path Parameter Default
Software User: Backup: Busy None
DND None
No Answer None
User Group: Backup Busy None
DND None
No Answer None
Key Telephone User: User Attributes No Ans Backup 0
Busy Backup 0
User Group: User Grp Attrib | DND Backup 0
No Ans Backup 0
Busy Backup 0
DND Backup 0

8.27.5 Administration

N.A.
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8.28 Call Broker

Plexus Key Telephones (PVT-30/30D and PDT-30D) have three call appearance
keys which automatically map to calls for which there is no associated DTS or
DSS key. For example, if a call is received on trunk 210 and trunks 201-209 are
the only ones with assigned DTS keys, the call appears on one of the call
appearance keys. These keys, known as Call Broker keys, allow a Plexus Key
Telephone user to manage their calls and switch between calls using the same
methods available when there is an associated DTS or DSS key (e.g., pressing
the key to place the call on Exclusive Hold).

Notes
The Call Broker keys are labeled CALL 1, CALL 2, and CALL 3.

Note

* On version 1.00 and version 1.01 version keyphones, If a call on a Call
Broker key is placed on hold using the Hold key, the call will no longer be
mapped on the user’'s Keyphone. It is recommended that these users use the
Call Broker key for placing calls on hold.

8.28.1 Interactions

N.A.

8.28.2 Operation

A. From a Plexus Key Telephone:
For Internal Calls:

1 When calling an extension that does not have an assigned DTS or DSS key,
the call will associate with one of the Call Broker keys (Call 1, Call 2, or
Call 3).

2 To place the call on hold, press its CALL BROKER key or the Hold key. The
key will flash to indicate that it has a call on hold*.

3 To retrieve the call from hold, press its flashing CALL BROKER key.
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4 When retrieving another CALL BROKER key, place the first call on hold before
selecting the second call's CALL BROKER key. Otherwise, the first call will
be disconnected.

For External Calls:

1 When calling an external number from an extension that does not have an
assigned DTS or DSS key, the call will associate with one of the Call
Broker keys (Call 1, Call 2, or Call 3).

2 To place the call on hold, press its CALL BROKER key or the Hold key. The
key will flash to indicate that it has a call on hold*.

3 To retrieve the call from hold, press its flashing CALL BROKER key.

4 Toretrieve another call from hold, press its CALL BROKER key. The first call
will automatically be placed on hold.

Note

* On 1.00 and 1.01 version keyphones, If a call on a Call Broker key is placed
on hold using the Hold key, the call will no longer be mapped on the user’'s
Keyphone. It is recommended that these users use the Call Broker key for
placing calls on hold.

8.28.3 Configuration
N.A.

8.28.4 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for monitoring trunks and users. Programmable keys
defined as such are referred to as DTs (Direct Trunk Select) or Dss (Direct
Station Select) keys.
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8.29 Call Coaching

8.29.1 Description

Call Coaching allows a user to intrude on a target user’s call to coach the target
user through the call. The user will be able to hear the target user's
conversation, but the remote party will be unaware of the intrusion and will not
hear the calling user’s coaching.

8.29.2 Interactions

The calling user will be able to hear the target user's conversation, but the
remote party will be unaware of the intrusion and will not hear the calling user’s
coaching.

Note

The target user must be on a Digital Plexus Key Telephone (PDT-30D or
PDT-22D) for Call Coaching to be able to work properly.If a user attempts this
Feature on an Analog Keyphone, the results will not be to standard or
guaranteed.

8.29.3 Operation

A. From a Digital Plexus Key Telephone:
» On receiving a busy signal, press the DSS key programmed as F15.
or

» On receiving a busy signal, press FLASH + F15.

8.29.4 Configuration

To use Call Coaching, a user must have Intrude privileges for the target user.
Table 8 - 21 Call Coaching

Method Path Parameter Default
Software User: Privileges Intrude All Not Granted
or
User: Override: Intrude Name None
Key Telephone User: User Privileges Can Intrude All No

8.29.5 Administration

N.A.
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8.30 Call Conference

8.30.1 Description

A Call Conference is a call that consists of more than two parties. Plexus
systems support call conferences of up to six parties made up of users and/or
external parties. It is even possible, with special privileges, for a user to set up a
call conference with several external parties and then drop out of the conference
allowing the external parties to continue (see “Unsupervised Conference” -
section 8.136).

8.30.2 Interactions

Even though call appearances are available on a Plexus Key Telephone for each
party in a call conference, the system still recognizes the call conference as a
single call. Therefore, all parties are placed on hold simultaneously. For
example, if a user presses either a Call Broker key or a DTS key associated with
a conference party, all of the parties to the conference will be placed on Exclusive
hold. Likewise, retrieving one party, retrieves the entire conference.

The Busy Inquiry feature is not available for DTS, DSS, or Call Broker keys
associated with call conference parties.

Enabling Call Waiting on an ordinary phone interferes with the ability to call
conference.

The displays on any Plexus Key Telephones will indicate “Conferenced”.

Individual parties may be dropped (released) from a call conference by using the
Release Key. Refer to “Call Release” on page 92 for more information.

8.30.3 Operation

A. From a Plexus Key Telephone:
« While conversing with another party (or conference), press the CONF key.
- Dial a User ID or Phone #.

« Press CONF.

You will now be conferenced with the original party(ies) and the newly called
party.
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If an attempted party is busy, not answering, or in Do Not Disturb (DND) mode,
press RELEASE to return to system dial tone.

You can then try another party or retrieve the conference from Call Hold:
Consult by pressing on any of the green blinking keys.

B. From an Ordinary Phone:
« While conversing with another party (or conference), press the FLASH key.
« Dial a User ID or Phone #.

« FLASH.

You will now be conferenced with the original party(ies) and the newly called
party.

If an attempted party is busy, not answering, or in Do Not Disturb (DND) mode,
FLASH to return to system dial tone.

You can then try another party or retrieve the conference from Call Hold:
Consult with a FLASH.

8.30.4 Configuration

N.A.

8.30.5 Administration

N.A.
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8.31 Call Cover

8.31.1 Description

When a user receives no answer, a busy signal, or a Do Not Disturb (DND)
indication on an internal call, the Call Cover feature may be utilized to reach the

unavailable user’s call coverage (e.g., voice mailbox, operator).

Notes
The Call Cover feature is only available for internal calls and is not available

from an ordinary phone on a no answer response.

Refer also to “Call Coverage” - section 8.32.

8.31.2 Interactions

N.A.
8.31.3 Operation

A. From a Plexus Key Telephone:
- After receiving a no answer/busy/DND response from a user, press MsG.

or
« After receiving a no answer/busy/DND response from a user, press FLASH

F16.

+

B. From an Ordinary Phone:
« After receiving a busy or DND response from a user, FLASH + F16.

Note
Call Cover is not available for no answer responses on ordinary phones.

8.31.4 Configuration

N.A.

8.31.5 Administration

N.A.

page 8-59 Call Cover - Section 8.31



B Feature Reference

8.32 Call Coverage

8.32.1 Description

Call Coverage refers to a system feature that routes calls to an alternative
entity, Internal (e.g., receptionist, voice mailbox, colleague) or External (e.g.,
answering service, remote answering machine), when the target user or user
group is unavailable. There are three unavailable states recognized by the
system. These are; No Answer, Busy, and DND. Coverage parameters exist for
all three unavailable states. Therefore, different coverage entities may be
defined for each different unavailable state.

8.32.2 Interactions

8.32.2.1 User

« No Answer refers to cases where calls placed or transferred to the user go
unanswered.

» Busy refers to cases where the user is already on a call and therefore cannot
receive additional calls and Busy Queuing is not enabled. When Busy
Queuing is enabled and the Exclusive Hold Timeout has expired, the
system considers the user busy (see “Busy Queuing - User” - section 8.21).
(Also see “Call Waiting” - section 8.54).

- DND refers to cases where the user has placed their station in Do Not
Disturb mode preventing calls from reaching their station.

8.32.2.2 User Group

« No Answer refers to cases where calls placed or transferred to the user group
go unanswered. Note that the system need only identify a single agent to
ring in order for the call to go unanswered. Therefore, it is possible for a
call to go to No Answer coverage even in cases where there are several busy
agents and/or agents in Do Not Disturb mode.

« Busy refers to cases where all agents are either busy or in Do Not Disturb
mode and Busy Queuing is not enabled. When Busy Queuing is enabled
and the Queue Timeout has expired, the system considers the user group
busy. Note that the system need only identify a single busy agent for the
call to go to Busy coverage. Therefore, it is possible for a call to go to Busy
coverage even in cases where there are several agents in Do Not Disturb
mode.
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« DND refers to cases where all agents in a user group are in Do Not Disturb
mode.

Note
Calls routed to an unavailable coverage entity (pilot) are dropped. Therefore,
it is very important to carefully select pilots.

8.32.3 Operation

N.A.

8.32.4 Configuration
Table 8 - 22 Call Coverage

Method Path Parameter Default
Software User: Coverage: Internal / External* Internal
User Group: Coverage Busy None
DND None
No Answer None
External Dial # blank
Key Telephone User: Attributes No Answer Cover* 0
No Answer Dial # Blank
Busy Cover* 0
User Group: Attributes Busy Cover Dial # Blank
DND Cover* 0
DND Cover Dial # Blank
Note

If Coverage is set as external, an external phone number must be entered. If
calls are routed to an external phone number that is not available (e.g., no
answer or busy) or if an external phone number has not been entered, the
system will terminate the call.

8.32.5 Administration

N.A.
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8.33 Call Distribution Management

8.33.1 Description

Call distribution management defines the manner in which calls are distributed
among members of a user group. Plexus systems support six different
distribution methods. They are Linear, Circular, Least Busy, Multiple, Manual,
and Single Shot.

8.33.1.1 Linear

Attempts to distribute all calls to a single agent. If the agent is unavailable (No
Answer, Busy, DND) the call is distributed to the next available agent according
to the order in which they are listed in the user group.

8.33.1.2 Circular

Distributes calls to all available agents in the user group in a circular fashion
according to the order in which the users are listed.

8.33.1.3 Least Busy

The system calculates a busy value for each user in the user group and routes
each subsequent incoming call to the least busy user. When new users log in,
their busy value is set equal to that of the most busy agent.

8.33.1.4 Multiple

Simultaneously rings every available agent in the user group for the duration of
the No Answer Timeout. Should an agent hang up during a simultaneous
ringing, their phone will begin ringing.

8.33.1.5 Manual

Immediately places the call in the Hold Queue of the group, allowing available
users to grab the call as the users are able. When a call is in the Queue, users
with that group monitored on their keyphone will be able to retrieve the call by
pressing the flashing DSS Key that is mapped to the user group.
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8.33.1.6 Single Shot

For future release.

8.33.2 Interactions

N.A.

8.33.3 Operation

N.A.

8.33.4 Configuration

The No-Answer Timeout is the period that a call will ring an agent before rolling
to the next agent or routing to backup, if defined, (see “Call Backup - User / User
Group” - section 8.27) or coverage (see “Call Coverage” - section 8.32). Wrap-Up
Time refers to the delay between when an agent becomes free and the time when
the next call in the queue enters the hunt for the free agent.

Table 8 - 23 Call Distribution Management

Method Path Parameter Default
Software User Group: Distribution Distribution Method Linear
No-Answer Timeout 20 seconds
Wrap-Up Time 1 minute
Key Telephone User Group: User Group Hunt Method Linear
Attributes No Answer Timeout 20 seconds
Wrap-Up Time 1 minute

8.33.5 Administration

A user must be either logged in or signed in as a member of a group to receive
calls.
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8.34 Call Follow-Me

8.34.1 Description

Call Follow-Me is a form of internal Call Forwarding which can be activated by a
user from a station other than the station at which they are logged in. When

activated, all calls for the user are immediately forwarded to their current
location.

Refer also to“Call Forwarding” - section 8.35 and “User Alias” - section 8.137.
Note

The Version 1.00 keyphone may not indicate that calls are being diverted or
forwarded when the user logs back onto to them.

8.34.2 Interactions
If the station to which the user’s calls are forwarded is unavailable (i.e., No

Answer, Busy, DND), calls will still route to the user’s applicable backup or
coverage entity.

8.34.3 Operation

A. From either a Plexus key telephone or an ordinary phone:
Table 8 - 24 Call Follow Me

To perform this action Do this
Activate from any station Enter F67 + User ID.
Deactivate from any station Enter F66 + User ID
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8.34.4 Configuration
Table 8 - 25 Call Follow Me

Method Path Parameter Default
Software User: Privileges Internal FWD Granted
Key Telephone User: Privileges Can Internal FWD Yes

8.34.5 Administration
N.A.
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8.35 Call Forwarding

8.35.1 Description

Call Forwarding enables users to temporarily define their backup. The backup
can be set to immediately or selectively forward calls to an internal entity or an
off-site telephone.

8.35.1.1 Call Forwarding Immediate (All)

All calls are forwarded immediately.

8.35.1.2 Call Forwarding on No Answer

Calls are forwarded only if they go unanswered (according to the user’'s Timeout
on No Answer).

8.35.1.3 Call Forwarding on Busy

Calls are forwarded only when the user is busy.

8.35.1.4 Call Forwarding on DND

Calls are forwarded only when the user is in Do Not Disturb mode.

8.35.2 Interactions

Internal Call Forwarding is subject to one restriction. The user must have the
privilege Internal FWD enabled.

External Call Forwarding is subject to three restrictions. The first is a user
privilege, External FWD must be enabled. The second is the user’s deny dialing
and allow dialing tables (see “Toll Restriction” - section 8.129). If the number
the call is being forwarded to is on the deny dial list, the call forwarding will fail.
The third is the Unattended Call Duration. All trunk-to-trunk calls made on the
system terminate according to this timeout. The system utilizes a line according
to the user’s assigned trunk Pilot-1D (see “Trunk Allocation” - section 8.132) to
forward the call. If no trunk assignment is made, the call forward fails. The user
must specify a trunk access digit or a trunk ID in the dial string for external Call
Forwarding.
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If voicemail attempts a supervised transfer to a user that is externally
forwarded using F62, the call will not be completed. Instead, it will be routed
according to the busy option settings for mailbox. See chapter 9, "Integrated
Voice Processor" to setup external forwarding through the voicemail.

If a user (e.g., receptionist or operator) transfers an external caller to an
extension that is being forwarded, the target user must have the Unattend
Trunk privilege enabled for the call to be routed successfully.

If the Call Forwarding fails, the call will be routed to the user’s or user group’s
coverage entity.

Note

If a user is assigned to a port and logs out of a station, Call Forwarding will
stay in effect until the user logs in and disables Call Forwarding. If a user is not
assigned to a port and enables call forwarding, when the user logs out of a
station the Call Forwarding will terminate.

8.35.3 Operation

From either a Plexus key telephone or an ordinary phone:

8.35.3.1 Call Forwarding Immediate (All)

- To activate Call Forwarding Immediate, enter F62 + the target number + #.

« To deactivate Call Forwarding Immediate, enter F62 + #.

8.35.3.2 Call Forwarding on No Answer

« To activate Call Forwarding on No Answer, enter F63 + the target number +
#.

« To deactivate Call Forwarding on No Answer, enter F63 + #.

8.35.3.3 Call Forwarding on Busy

- To activate Call Forwarding on Busy, enter F64 + the target number + #.

« To deactivate Call Forwarding on Busy, enter F64 + #.

8.35.3.4 Call Forwarding on DND
« To activate Call Forwarding on DND, enter F65 + the target number + #.

« To deactivate Call Forwarding on DND, enter F65 + #.
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Note - External Call Forwarding

To forward the call to an external number, a trunk must be accessed. Enter the user’s
trunk access digit (default = 9) or a trunk or trunk group ID + the target number (E.g.,

9 (or trunk ID) + 555-1212 + #)

8.35.4 Configuration

Table 8 - 26 Call Forwarding

Method Path Parameter Default
Software User: Privileges External FWD Not Granted
User: Deny Dialing Number -
User: Allow Dialing Number -
System Parameters: Feature, Timeouts |Unattended Call Duration |15 minutes
User: Assignment, Group-Access Pilot ID for Trunk None
Key Telephone User: Privileges Can External FWD No
User: Dial Deny Number -
User: Dial Allow Number -
System Parameters Unattended Call Duration | 15 minutes

8.35.5 Administration

N.A.
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8.36 Call Hold: Consult

8.36.1 Description

Consult Hold is a temporary, exclusive hold automatically invoked by the
system when calls are in the process of being transferred or conferenced.

8.36.2 Interactions

The process of transferring calls, adding new calls to a call conference, or
implementing Feature Codes by using FLASH automatically places any active
calls on Consult Hold. Calls are automatically retrieved from Consult Hold upon
completion of the transfer, successful addition of a new call to the call
conference, or implementation of the Feature Code. Calls may also be manually
retrieved from Consult Hold. If a call is not retrieved from Consult Hold (either
automatically or manually), it will immediately recall the responsible user if the
user hangs up before the Timeout on Exclusive Hold expires. Should a call
remain on Consult Hold for a period that exceeds the Timeout on Exclusive
Hold, the call attempts to recall the responsible user. If the responsible user is
unavailable, the call routes to the responsible user’s applicable Backup entity. If
the Backup entity is unavailable or not defined, the call routes to the applicable
coverage entity for the responsible user.

Note
Music-On-Hold is not broadcast to calls on Consult Hold.

8.36.3 Operation

A. From a Plexus key telephone:

Calls will be automatically placed in this state when utilizing Call Transfer,
Call Conference, or implementing Feature Codes by using FLASH.
B. From an ordinary phone:
« To place a call on Call Hold: Consult FLASH.

« To retrieve a call on Call Hold: Consult FLASH.
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8.36.4 Configuration

Table 8 - 27 System Hold: Consult

Method Path Parameter Default
Software User: Features, Timeouts Timeout on Exclusive Hold 5 minutes
Key Telephone User: User Attributes X-hold Timeout 5 minutes

8.36.5 Administration
N.A.
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8.37 Call Hold: Exclusive

8.37.1 Description

Exclusive Hold enables a user to place calls on hold in such a way that no other
user on the system can retrieve the call by pressing the mapped DSS/DTS key.
Other users on the system will receive no notification that a call is on hold when

a call is placed on exclusive hold.

Refer also to “Call Hold: System” - section 8.38.

8.37.2 Interactions

If the Timeout on Exclusive Hold expires while a call is on Exclusive Hold, the
call attempts to recall the responsible user. If the responsible user is
unavailable, the call routes to the responsible user’s applicable backup entity. If
the backup entity is unavailable, the call routes to the applicable coverage entity

for the responsible user.

Note
If a music source is connected to the Plexus system (see chapter 4,
"Installation"), Music-On-Hold is broadcast to calls on Exclusive Hold.

8.37.3 Operation
8.37.3.1 Place a call on Call Hold: Exclusive

A. From a Plexus key telephone:
« Press the line button of the active call (the solid green light) once.

« It will then begin to flash slowly, indicating that the call is now on Call Hold:
Exclusive.

or

« Press FLASH + FO2

B. From an ordinary phone:

« Press Flash + F0O2
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8.37.3.2 Retrieve a call placed on Call Hold: Exclusive

A. From a Plexus key telephone:

+ Press the line button of the held call (the slow flashing green light).
or

- enter FO3

B. From an ordinary phone:

- enter Flash + F03

or

- enter Flash

8.37.3.3 Retrieve a call placed on Call Hold: Exclusive from another
extension

A. From a Plexus key telephone or an ordinary phone

» enter FO5 = User Id of user that placed the call on exclusive hold

8.37.4 Configuration

Table 8 - 28 Call Hold: Exclusive

Method Path Parameter Default
Software User: Features, Timeouts Timeout on Exclusive Hold 5 minutes
Key Telephone User: User Attributes X-hold Timeout 5 minutes

8.37.5 Administration

N.A.
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8.38 Call Hold: System

8.38.1 Description

System Hold is a non-exclusive hold that enables held calls to be retrieved by
any user on the system. Calls placed on System Hold can be tagged for the target
user with their User ID. Users retrieve tagged calls at any station by entering a
feature code and their user ID. Held calls that are not tagged may be retrieved
by entering a feature code and the associated trunk ID (or user ID if the held
party is a system user) or by pressing the corresponding red flashing DTs or Dss
key on a Plexus Key Telephone. Refer also to “Call Retrieve” - section 8.50.

8.38.2 Interactions

System held calls recall the user that placed them on hold (i.e., the responsible
user) if the call is not retrieved before the System Hold Period expires. If the
responsible user is unavailable, the call routes to the responsible user’s

applicable backup entity. If the backup entity is unavailable, the call routes to
the applicable coverage entity for the responsible user.

Note
If a music source is connected to the Plexus system (see chapter 4,
"Installation"), Music-On-Hold is broadcast to calls on System Hold.

8.38.3 Operation

A. From a Plexus key telephone:

Table 8 - 29 Call Hold: System

To perform this action Do this

Place a call on Call Hold: System Press Hold.

Place a call on System Hold with the
recipient’s ID

Flash + FO1 + Recipient’s ID.

B. From an ordinary phone:

Table 8 - 30 Call Hold: System

To perform this action Do this

Place a call on Call Hold: System Flash + F0O

Place a call on System Hold with the
recipient’s ID

Flash + FO1 + Recipient’s ID.

Call Hold: System
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8.38.4 Configuration

Table 8 - 31 Call Hold: System

Method Path Parameter Default
Software System Parameters: Features System Hold Timeout 15 minutes
Key Telephone N.A.

8.38.5 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for mapping trunks and users. Programmable keys
defined as such are referred to as DTS (Direct Trunk Select) or DSS (Direct
Station Select) keys and may be used to quickly retrieve held calls.

Section 8.38 - Call Hold: System
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8.39 Call Intrude

8.39.1 Description

Call Intrude allows a user, with the appropriate privileges, to intrude on a busy
line or user. Successful intrusions conference the intruding user with the active
call. Call Intrude is available on internal, external, and conference calls.

8.39.2 Interactions

Calls on any type of hold (i.e., Consult, Exclusive, System) cannot be intruded
on.

When Plexus Key Telephone users attempt to connect to a busy line or user for
which there are intrude rights, the LED on the OvVERRIDE button will flash.

Plexus Key Telephone users can grant all other users the right to intrude, on a
per conversation basis, by pressing OVERRIDE during a call. The associated LED
will appear solid red and all other users (even those without intrude privileges)
will be able to intrude on the call by calling the user who has enabled the
intrusion.

The displays on any Plexus Key Telephones will indicate ‘Conferenced’ when a
user intrudes on an active call.

When a user intrudes on a call, all parties to the call will hear a notification tone
(i.e., stutter dial tone).

8.39.3 Operation

A.

From a Plexus key telephone:

« After receiving a busy signal, press OVERRIDE.
or

« After receiving a busy signal, press DSS key mapped with Feature 12
or

« After receiving a busy signal, press FLASH + F12

From an ordinary phone:

« After receiving a busy signal, FLASH + F12.
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8.39.4 Configuration

The Intrude ALL privilege grants a user the right to intrude on all users and
trunks. Limited intrude privileges may be granted by designating specific users
on the user’s intrude list instead of granting the universal privilege.

Table 8 - 32 Call Intrude

Method Path Parameter Default

Software User: Privileges Intrude ALL Not Granted
User: Override, Intrude Name/ User ID None

Key Telephone User: User Privileges Can Intrude Call No

8.39.5 Administration
N.A.
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8.40 Call Monitor

8.40.1 Description

Call Monitor allows a user, with the appropriate privileges, to monitor or
eavesdrop on a busy line or user. The monitoring user will be able to listen to,
but will not be heard by, the parties on the call. However, when the user begins
to monitor, a notification tone will be issued to all parties to indicate that the
call is being monitored. Call Monitor is available on internal, external, and
conference calls. Refer also to “Silent Monitoring” - section 8.119.

8.40.2 Interactions
Calls on any type of hold (i.e., Consult, Exclusive, System) cannot be monitored.

When a user begins to monitor a call, all parties to the call will hear a
notification tone (i.e., stutter dial tone) and displays on any Plexus Key
Telephones will indicate “Conferenced".

8.40.3 Operation

A. From a Plexus key telephone:
« After receiving a busy signal, press DSS key mapped with Feature 13
or

« After receiving a busy signal, press FLASH + F13

B. From an ordinary phone:

« After receiving a busy signal, FLASH + F13.

8.40.4 Configuration

The Monitor ALL privilege grants a user the right to monitor all users and
trunks. Limited monitor privileges may be granted by designating specific users
on the user’'s monitor list instead of granting the universal privilege.
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Table 8 - 33 Call Monitor

Method Path Parameter Default

Software User: Privileges Monitor ALL Not Granted
User: Override, Monitor Name/ User ID None

Key Telephone User: Privileges Can Monitor Call No

8.40.5 Administration

N.A.
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8.41 Call Notify

8.41.1 Description

Call Notify enables a user to be notified of calls ringing to monitored users, calls
ringing to monitored trunks, and calls in the Hold Queue of a monitored user
group. The system will notify the user by sending a stutter tone through the
user’s speaker or handset.

Note
This feature is not available on version 1.00 and 1.01 Keyphones or ordinary
telephones.

8.41.2 Interactions

On 30 button Keyphone, DSS Key 13 must be programmed as Utility: Call
Notify.

On 22 button Keyphone, DSS Key 04 must be programmed as Utility: Call
Notify.

A solid red light indicates Call Notify enabled. No light indicates Call Notify
disabled. A user can also enable or disable the Call Notify in the programming
mode of the Keyphone as a keyphone option.

To be notified of calls ringing to monitored users, monitored user groups, and
monitored trunks, the user must have Universal Answer privilege enabled. This
privilege allows the user to pickup these calls by pressing the associated flashing
DSS or DTS key.

To be notified of calls in the Hold Queue of a monitored user group, the user
must have Universal Retrieve privilege enabled. This privilege allows the user
to pickup the call in the Hold Queue by pressing the associated flashing DSS
key.

Note

Call Notify will only work with mapped keys on a Keyphone, not a DSS-60/
DDSS-60 Console. An operator with a DSS-60/DDSS-60 Console must map
users, user groups, and trunks on their Keyphone that they wish to have Call
Notify track.
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8.41.3 Operation

» The user presses the Call Notify key (see "Configuration” below) to be
notified of calls. The light will be lit red if Call Notify is enabled. The light
will not be lit if Call Notify is not lit.

+ The Key Telephone will notify the user of a ringing call or a call in a user
group Hold Queue.

« If the user wished to answer or retrieve the call, the user presses the
associated flashing DSS or DTS key.

8.41.4 Configuration

On 30 button Keyphone, DSS Key 13 must be programmed as Utility: Call
Notify.

On 22 button Keyphone, DSS Key 04 must be programmed as Utility: Call
Notify.

A user can also enable or disable the Call Notify in the programming mode of the
Keyphone as a keyphone option.

Table 8 - 34 Call Notify

Method Path Parameter Default
Software User: Privileges Univ. Answer Not Granted
Univ. Retrieve Not Granted
Key Telephone User: User Privileges Can Universal Answer No
Can Universal Retrieve No

8.41.5 Administration

N.A.
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8.42 Call Park

8.42.1 Description

The Call Park feature addresses situations where a user encounters a busy user
in the process of transferring a call. Call Park enables a user to transfer either
an internal or external call into a target user's Busy Hold queue so that the
transfer can be completed. The busy target user will hear a stutter tone as an
indication that a call has entered their queue.

8.42.2 Interactions

Once the caller has been parked in the queue, the call will be processed as
according to the user’s settings for Busy Queuing - User (see “Busy Queuing -
User” - section 8.21).

8.42.3 Operation

8.42.3.1 Manual Parking

A. From a Plexus key telephone:
« With the caller on the line, press XFER.
« Dial the desired user ID/ user group ID or press a mapped Dss key.

« After receiving a busy signal, press CoNF, and hang up (go on-hook).

B. From an ordinary phone:
« With the caller on the line, FLASH.
« Dial the desired User ID.
« After receiving a busy signal, FLASH + F17.

« Hang up (go on-hook).

8.42.3.2 Automatic Parking

A. From a Plexus key telephone:

« With the caller on the line, press XFER.
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- Dial the desired User ID.

« After receiving a busy signal, hang up (go on-hook).

B. From an ordinary phone:
- With the caller on the line, FLASH.
- Dial the desired User ID.

« After receiving a busy signal, hang up (go on-hook).

Note
The target user must have "Busy Queuing - User" enabled for automatic

parking to work properly (see “Busy Queuing - User” - section 8.21).
8.42.4 Configuration

In order for a user to automatically park a call for a busy user, the busy user
must have Busy Queuing - User enabled. If the busy target user does not have
Busy Queuing - User enabled, calls can be manually parked using the Camp-On
feature described above. Otherwise, parked calls route to the target user’s busy

coverage.

See“Busy Queuing - User” - section 8.21.

8.42.5 Administration
N.A.
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8.43 Call Pickup: Inter-Group

8.43.1 Description

Inter-Group Call Pickup enables a user to answer the ringing station of a user in
a pickup group other then their assigned pickup group. The user must specify
the user group ID of the desired pickup group. If multiple stations in the pickup
group are ringing, the system selects one of the calls. Refer also to “Call Pickup:
Intra-Group” - section 8.44 and “Universal Answer” - section 8.134.

Note

Users need not be assigned a pickup group to use the Inter-Group Call Pickup
feature. However, the user must have the Universal Answer Privilege enabled

to use this feature

8.43.2 Interactions

If no station in the specified pickup group is ringing when this feature is
utilized, the user will hear error tone. The user must have the Universal
Answer Privilege enabled to use this feature.

8.43.3 Operation

A. From either a Plexus key telephone or an ordinary phone:

« To answer a ringing station in another pickup group, enter F44 + User Group

ID.

8.43.4 Configuration

Table 8 - 35 Call Pickup: Inter-Group

Method Path Parameter Default
Software User: Privileges Universal Answer Not Granted
Key Telephone User: Privileges Can Universal Answer No

8.43.5 Administration
N.A.
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8.44 Call Pickup: Intra-Group

8.44.1 Description

Intra-Group Call Pickup enables a user to answer the ringing station of any user
in their assigned pickup group. If multiple stations in the same pickup group are
ringing, a user can either allow the system to select one of the calls or specify a
particular call by entering the associated user ID. Refer also to “Call Pickup:
Inter-Group” - section 8.43 and “Universal Answer” - section 8.134.

8.44.2 Interactions

If no station in the user’s assigned pickup group is ringing when this feature is
utilized, the user will hear error tone.

8.44.3 Operation

A. From either a Plexus key telephone or an ordinary phone:
Table 8 - 36 Call Pickup: Intra-Group

To perform this action Do this

Answer any ringing station within the pickup group Enter FO7.

Answer a specific ringing station within the pickup group | gnter FO8 + User ID.

8.44.4 Configuration

Table 8 - 37 Call Pickup: Intra-Group

Method Path Parameter Default
Software User: Assignment, Group Access Pilot-1D for Pickup None
Key Telephone User: User Attributes Pickup Pilot ID 0

8.44.5 Administration

Additional user groups may be created to further expand the utility of the call
pickup feature. For example, if Joe in Sales needs to be able to answer Sheila’s
calls as well as the calls of the Sales group, a new group may be created that
includes all of the members of the Sales group plus Sheila.
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8.45 Call Progress Tones

8.45.1 Description

Plexus systems are capable of detecting and generating several Call Progress
tones. Tone detection is enabled by installing and activating an appropriate
filter. The frequency, level, and cadence of tones generated by the system is
controlled through Plexus Administrator. Refer also to “CO Disconnect
Supervision” - section 8.23 and “Fax Detection” - section 8.73.

8.45.2 Interactions
Up to three filters may be installed. Installed filters are activated and used for
detecting certain types of tones.

8.45.3 Operation

N.A.

8.45.4 Configuration

The only filter installed by default is a filter for CNG tone used for the Fax
Detection feature. Additional filters for other types of tones may be requested
by writing to bbstechs@bbstelecom.com. (Specify the frequency range you need.)

There are several configurable parameters that may be utilized to further define
the characteristics of each activated filter.

The characteristics of system generated tones are modified in the Generator
section.
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Table 8 - 38 Call Progress Tones

Method Path Parameter
Software System Parameters: Call Installed filters appear here.
Progress, Filter Filters are activated for the applicable tone.
System Parameters: Call The following parameters are configured.
Progress, Detector Cadenced
min. Cycles
min.ON Time
System Parameters: Call max.ON Time
Progress, Generator min.OFF Time
max.OFF Time
The frequency, level, and cadence are selected for Ringback,
Busy, Error, and Dial tone. The Amplitude is selected for the
low and high frequencies associated with DTMF tones.

Note
These parameters cannot be modified through the keyphone.

8.45.5 Administration

N.A.
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8.46 Call Priority

8.46.1 Description

Plexus systems make use of a feature called Call Priority to determine which of
two or more simultaneous calls is completed to the target user. The system
prioritizes calls based on the weighted value of each of several characteristics
that a call may possess. The call characteristics and their weighted values are
as follows:

Table 8 - 39 Call Priority

Characteristic Value
Internal 0
Hands-Free 1
Forwarded 2
Covered* 4
Transferred 8
Call Back 16
Recall 32
Direct 64
External 128

* A covered call is a call transferred by the system according to a call coverage setting.

To determine the weighted value of a call, add the values for each characteristic
applicable to the call. The simultaneous call with the greatest weighted value is
given priority over the other calls and is completed to the target user. The other
call(s) routes to the target user’s busy coverage.

Note
External calls are always a higher priority than internal calls.

8.46.1.1 Example #1

An external call transferred by an auto-attendant vs. a direct external call, as in
the case of a trunk directly routed to an extension on the system.

Table 8 - 40 Call Priority

Auto-Attendant Direct
External 128 External 128
Transferred 8 Direct 64
Total 136 Total 192
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The direct external call has a greater weighted value and is therefore completed
to the intended user.
8.46.1.2 Example #2

A direct internal call vs. a covered internal call.
Table 8 - 41 Call Priority

Direct Covered
Internal 0 Internal
Direct 64 Covered
Total 64 Total

The direct internal call has a greater weighted value and is therefore completed
to the target user.

8.46.2 Interactions

N.A.

8.46.3 Operation

N.A.

8.46.4 Configuration
N.A.

8.46.5 Administration
N.A.
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8.47 Call Recall

8.47.1 Description

Call Recall is a system feature which causes a held call to recall the user which
placed the call on hold (i.e., the responsible user) upon expiration of a
programmed timeout period. This ensures that calls placed on hold are not
forgotten.

8.47.2 Interactions

Call Recall interacts with the responsible user’'s Backup and Coverage. Please
refer to the following sections for details: “Call Hold: Consult” - section 8.36,
“Call Hold: Exclusive” - section 8.37, and “Call Hold: System” - section 8.38.

8.47.3 Operation

N.A.

8.47.4 Configuration

N.A.

8.47.5 Administration

N.A.
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8.48 Call Record

8.48.1 Description

The Call Record function enables Plexus Key Telephone users to record
telephone conversations in real-time. The user need only press an appropriate
programmable key defined as Function 1. The recorded conversation is
automatically saved as a message in the user’s assigned voice mailbox when the
user hangs up.

Note

Up to 195 minutes of a call can be recorded and stored as a single message in
the user’s mailbox.

8.48.2 Interactions
N.A.

8.48.3 Operation

A. From a Plexus key telephone:
« While on a call, press the RECORD key.
« A click will be heard indicating that recording has begun.
« To finish recording, press the RECORD key or hang up.
« When the user hangs up (goes on-hook), the recording will be stored in their

mailbox.

8.48.4 Configuration

The Integrated Voice Processor (IVP) must be configured correctly for this
function to work. Refer to chapter 9, "Integrated Voice Processor"” for more
information.
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8.48.5 Administration

The Plexus Key Telephone must have one of the programmable keys defined
with the Call Record function code (Function 1).Call Record is a function of the

Plexus Keyphone. It is not possible to use this function with ordinary (single
line) telephones.
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8.49 Call Release

8.49.1 Description

Call Release allows the user to selectively drop (release) individual parties from
a call conference.

Refer to Call Conference for more information about call conferencing.

8.49.2 Interactions

The system recognizes each party in a call conference as a single call. For
example, if a user presses either a Call Broker key or a DTS key associated with
a conference party, all of the parties to the conference will be placed on Exclusive
hold. When the Release key is pressed on the Plexus Key Telephone, each party
in the call conference is assigned a separate key on the phone. Individuals may
then be dropped from the call conference by pressing the key to which they have
been assigned.

8.49.3 Operation

A. From a Plexus key telephone:
« While in a call conference, press the RELEASE key.

« Then, press the Dss key of the party to be dropped.

8.49.4 Configuration

No configuration is necessary; the RELEASE Kkey is a feature of the Plexus key
telephone.

8.49.5 Administration
N.A.
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8.50 Call Retrieve

8.50.1 Description
Call Retrieve is used to retrieve calls placed on either Exclusive Hold or System
Hold. Several forms of Call Retrieve are available as follows:

8.50.1.1 Personally Held
Retrieves any type of held call to the responsible user (i.e., any call placed on
Exclusive Hold).

8.50.1.2 System Hold-Holding Party Specified
Retrieves a specific call on System Hold by entering a feature code and the trunk
ID of the held call (or user ID if the held party is a system user).

8.50.1.3 System Hold-Intended User Specified
Retrieves a tagged call on System Hold by entering a feature code and the

intended user’s user ID.

8.50.1.4 System Hold-FIFO

Retrieves any call on System Hold according to a First In First Out (FIFO)
convention.

Refer also to “Call Hold: Exclusive” - section 8.37 and “Call Hold: System” -
section 8.38.

8.50.2 Interactions

While the various forms of Call Retrieve are available to all system users they
are most valuable to ordinary telephone users. In most cases, Plexus Key
Telephone users will retrieve held calls by pressing the corresponding DTS or
Dss key.

8.50.3 Operation

A. From a Plexus key telephone:
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Exclusive:Press F03.

« Holding Party:Press F04 + User ID.
« Intended User:Press F05 + User ID.
« FIFO:Press FO06.

8.50.4 Configuration

N.A.

8.50.5 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for mapping trunks and users. Programmable keys
defined as such are referred to as DTs (Direct Trunk Select) or Dss (Direct
Station Select) keys and may be used to quickly retrieve held calls.
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8.51 Call Transfer: Screened

Also known as Supervised Transfer. This is only for calls transferred by the
Integrated Voice Processor's Auto Attendant.

8.51.1 Description

Screened Call Transfer enables users to screen calls transferred by the
Integrated Voice Processor’'s Auto-Attendant. When properly configured, the
Auto-Attendant can request and record a caller’s name and then play the
recording to the intended user before completing the transfer. After listening to
the recording the intended user can accept the call, listen to the recording again,
route the call to their voice mailbox, or place the call on Exclusive Hold.

8.51.2 Interactions

N.A.

8.51.3 Operation

N.A.

8.51.4 Configuration

The Integrated Voice Processor (1VP) must be configured correctly for this
feature to work. Refer to chapter 9, "Integrated Voice Processor" for more
information.

8.51.5 Administration
N.A.
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8.52 Call Transfer: Supervised

8.52.1 Description

Call Transfer allows a user to transfer either an internal or external call to
another user (or trunk). A Supervised Call Transfer occurs when the
transferring user speaks with the target user before completing the transfer.
With Supervised Call Transfer, any number of attempts can be made to locate
the target user without terminating the call.

8.52.2 Interactions

N.A.

8.52.3 Operation

A. From a Plexus key telephone:

8.52.3.1 If the target user is mapped on a programmable DSS Key:
+ Press the mapped DSS key of the target user
« Announce the call if desired.
» Hang up (go on-hook).

« If the user is busy, not available, or DND, press the flashing DSS key
associated with the held call to retrieve the call and select another user or
press MSG and hang up to forward the call to the target user’s backup/
coverage.

or

8.52.3.2 If the target user is not mapped on a programmable DSS key:
» Press XFER.
- Dial the User ID.
« Announce the call if desired.

» Hang up (go on-hook).
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« If the user is busy, not available, or DND, press the flashing DSS key
associated with the held call to retrieve the call and select another user or
press MSG and hang up to forward the call to the target user’s backup/
coverage.

B. From an ordinary phone:

« FLASH.

« Dial the User ID.

« Announce the call if desired.

» Hang up (go on-hook).

« If the user is busy, not available, or DND, FLASH, and select another user.

8.52.4 Configuration

In order for a user to transfer one external caller to another external caller (i.e.,
conference or connect two external calls), the Unattend Trunks privilege must
be granted.

Table 8 - 42 Call Transfer: Supervised

Method Path Parameter Default
Software User: Privileges Unattend Trunks Disabled
Key Telephone User: User Privileges Can Unattend Trunks No

8.52.5 Administration

It is recommended that a portion of the available programmable keys on Plexus
Key Telephones be used for mapping trunks and users. Programmable keys
defined as such are referred to as DTS (Direct Trunk Select) or DSS (Direct
Station Select) keys and may be used to quickly transfer a call to the associated
user or trunk.
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8.53 Call Transfer: Unsupervised

Also known as Blind Transfer

8.53.1 Description

Call Transfer allows a user to transfer either an internal or external call to
another user (or trunk). An Unsupervised Call Transfer occurs when the
transferring user completes the transfer without first speaking to the target
user. Refer also to “Call Transfer: Supervised” - section 8.52.

8.53.2 Interactions

If the target user is unavailable, the call routes to the target user’s backup or
coverage (see “Transfer Recall” - section 8.131 for exceptions).

If the target user is busy and has Busy Queuing - User enabled, the call will
automatically be placed in the target user’'s Exclusive Hold queue (see “Busy
Queuing - User” - section 8.21).

8.53.3 Operation

A. From a Plexus key telephone:

8.53.3.1 If the target user is mapped on a programmable DSS Key:
+ Press the mapped DSS key of the target user
« Announce the call if desired.
» Hang up (go on-hook).

« If the user is busy, not available, or DND, press the flashing DSS key
associated with the held call to retrieve the call and select another user or
press MSG and hang up to forward the call to the target user’s backup/
coverage.

or

8.53.3.2 If the target user is not mapped on a programmable DSS key:
» Press XFER.

- Dial the User ID.
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« Hang up (go on-hook).

« If the user is busy, not available, or DND, press the flashing DSS key
associated with the held call to retrieve the call and select another user or

press MSG and hang up to forward the call to the target user’s backup/
coverage.

B. From an ordinary phone:
» Press FLASH.
« Dial the user ID.

- Hang up.

8.53.4 Configuration
In order for a user to transfer one external caller to another external caller (i.e.,

conference or connect two external calls), the Unattend Trunks privilege must
be granted.

Table 8 - 43 Call Transfer: Unsupervised

Method Path Parameter Default
Software User: Privileges Unattend Trunks Disabled
Key Telephone User: User Privileges Can Unattend Trunks No

8.53.5 Administration

N.A.
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8.54 Call Waiting

8.54.1 Description

The Call Waiting feature, when activated, provides a stutter tone to busy users
to indicate that a call is waiting. The busy user can choose to answer the
waiting call or allow it to route to No Answer coverage.

Note

Call Waiting is not available for calls routed to a user group. Such calls always
route according to the defined distribution method (see “Call Distribution
Management” - section 8.33). Refer also to “Busy Queuing - User Group” -
section 8.22 and “Intercept Service” - section 8.84.

8.54.2 Interactions

Waiting calls continue to ring the busy user until the Timeout on No Answer
expires. The call then routes to the No Answer coverage for the busy user.

The CALL WAIT LED on a Plexus Key Telephone appears solid red when Call
Waiting is activated and flashes to indicate a waiting call.

Caller ID information for waiting calls appears on the display of a Plexus Key
Telephone at the time the associated call is received.

Activating Call Waiting on an ordinary telephone interferes with the ability to
use the Call Conference feature at the associated station.

8.54.2.1 Operation

A. From a Plexus key telephone:
Table 8 - 44 Call Waiting

To perform this action

Do this

Activate/deactivate Call Waiting mode

Press Call Wait .

Accept a waiting call

Press Call Wait or press the flashing
DSS/Call key to answer a specific call

Reject a waiting call

Press DND.

Section 8.54 - Call Waiting
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Note

If a user rejects an incoming call by pressing the DND key, the call will be
routed to the user’s busy backup / coverage entities (see “Call Backup - User /
User Group” - section 8.27 and “Call Coverage” - section 8.32).

B. From an ordinary phone:

Table 8 - 45 Call Waiting

To perform this action Do this
Activate Call Waiting mode Press F71.
Deactivate Call Waiting mode Press F70.
Accept a waiting call Flash.
The current call will be placed on Call Hold: Consult.
Return to the current call Flash again.

8.54.3 Configuration
Call Waiting is activated and deactivated by the user. Both Plexus Key

Telephone and ordinary telephone stations will not have this feature enabled by
default.

8.54.4 Administration

N.A.
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8.55 Caller ID

Plexus systems support the display and storage of Caller ID information at
stations with a Plexus Key Telephone (display model only). Caller ID
information (when available) appears on the display of the Plexus Key
Telephone at the time the associated call is received. The available Caller ID
information for each call is stored for later review by the user.

8.55.1 Interactions

The following messages appear in cases where the Caller ID information is not
available or properly received.

UNAVAILABLE
WITHHELD
OUT OF AREA
CORRUPTED

Caller ID information does not display on a Supervised Call Transfer until the
transfer is completed by the transferring user.

Caller ID information only displays on Plexus Key Telephones (display model
only). It does not display on ordinary Caller ID devices connected to Plexus
extension ports.

Plexus Key Telephone users (display model only) can view available Caller ID
information for any active, external call on system hold.

Plexus Key Telephone users (display model only) can view call information
associated with any busy user or in-use line (see “Busy Inquiry” - section 8.20).
Call information does not include the Caller ID.

If Caller ID is not enabled, the display will always indicate that call information
is “Unavailable”.

If Caller ID is enabled, but no service is provided by the CO, the display will
always indicate that call information is “Unavailable”.

Caller ID information (when available) is included in SMDR records (see
“Station Message Detail Recording (SMDR)” - section 8.124).
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8.55.2 Operation

8.55.2.1 Changing the Caller ID display format

A. From a Plexus key telephone:
+ Press and hold down OVERRIDE for 2 seconds.
+ Press VoL ¥ until the option Set Callerld Fmt appears.
+ Press SPKR to select this mode.
« Use VoL ¥ and VoL A to position the dash.
« Use CONF and XFER to position the parenthesis.

+ Press OVERRIDE to accept and exit

8.55.2.2 Viewing Caller ID entries

A. From a Plexus key telephone:
+ Press the CALLER ID key.

» The SCREEN key may be used to scroll through the entries.

8.55.2.3 Deleting Caller ID entries

A. From a Plexus key telephone:

« Press the FLASH key to delete entries.

8.55.3 Configuration

Caller ID service must be activated on the telephone lines in order to receive
Caller ID information. Contact the local telephone company.

Only the Caller ID version of the Analog Trunk Interface (ATI) is capable of
receiving and processing Caller ID information.

Caller ID must be enabled on each trunk.
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Table 8 - 46 Caller ID

Method Path Parameter Default
Software Trunk Port: Features Caller-ID Enabled Disabled
Key Telephone N.A.

8.55.4 Administration

The display format of the Caller ID information, including the position of the
parentheses and the hyphen, is configurable by the user.
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8.56 Calling Party Display: Internal

Internal calls placed and received on Plexus Key Telephones (display model
only) display the user ID and user name of the target user or calling party;
similar to Caller ID on incoming external calls.

8.56.1 Interactions

N.A.

8.56.2 Operation
N.A.

8.56.3 Configuration

N.A.

8.56.4 Administration

N.A.
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8.57 Caller ID Redial

8.57.1 Description

Allows users to returns calls using the Caller ID info in the Keyphone Caller ID
buffers.

8.57.2 Interactions

The user presses '‘Caller 1D’ key and scrolls (using 'screen’ key) to the desired
number. The user presses redial. The user presses '1' for local call (no 1 or area
code dialed), '2' for regional call (area code dialed), '3' for national call (national
call prefix + area code dialed), and '4' for international calls (international call
prefix + country code dialed). System: DXP: Feature: Limits: Dialing Prefix-Code
for: International/National/Area Width must be defined.

Note

Caller ID Redial is not available with version 1.00 and 1.01 Plexus Keyphones
and Ordinary Phones.

8.57.3 Operation

A. From a Plexus key telephone:
» Press CALLER ID key.

» Press SCREEN to scroll through the Caller ID buffer to the desired call back
number.

» Press REDIAL key.

 Press 1 for local calls, 2 for regional calls, 3 for National calls, or 4 for
international calls.

Section 8.57 - Caller ID Redial page 8-106



Feature Reference

8.57.4 Configuration
Table 8 - 47 Caller ID Redial

Method Path Parameter Default
Software System Parameter: Feature: |International 011
Limits: Dial Prefix Code for National 1
Area Width 3
Key Telephone N.A.

8.57.5 Administration

N.A.

If a user attempts to call back a number that falls in the user’s Deny Dialing
table, the call will fail (see “Toll Restriction” - section 8.129).
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8.58 Camp-0On

8.58.1 Description

The Camp-On feature addresses situations where a user encounters a busy
response when calling another user. Camp-On enables a user to place
themselves into a busy target user's Exclusive Hold queue. The busy user will
hear a stutter tone as an indication that a call has entered their queue.

8.58.2 Interactions

Once the calling user is in the busy user’s queue, all Exclusive Hold interactions
apply as if the busy user placed the calling user on Exclusive Hold themselves
(see “Call Hold: Exclusive” - section 8.37).

Camp-On may be used to manually park external calls in cases where a busy
user does not have Call Queuing enabled (see “Busy Queuing - User” - section
8.21). This is accomplished by camping on with the call and then hanging up.
The call will remain in the busy user’s Exclusive Hold queue. See “Call Park” -
section 8.42.

8.58.3 Operation

A. From a Plexus key telephone:

« After receiving a busy signal, press CONF.

B. From an ordinary phone:

« After receiving a busy signal, FLASH + F15.

8.58.4 Configuration

N.A.

8.58.5 Administration
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8.59 Centrex compatibility

8.59.1 Description

Centrex is a collection of business telephone services offered by local telephone
companies. Centrex features, such as three-party conferencing and off-site
transferring, are often accessed by sending a ‘flash’ signal to the telephone
company central office (CO). Because Plexus systems are capable of sending
‘flash’ signals to the CO, they are compatible with most Centrex services.

If an external call entered on a Centrex enabled Trunk and is being routed by
the system to a 2nd External number, the system will hook flash the Trunk,
place the forwarding call, and hook flash again to release the call, causing the
call to be transferred through the Centrex Trunk.

Refer also to “Flash: Central Office” - section 8.74.

8.59.2 Interactions

With Centrex services, it is possible to place calls on hold at the CO. While users
can utilize this Centrex feature, the Plexus system has no means of managing
such held calls.

8.59.3 Operation

8.59.3.1 For a call received by a user:

A. From a Plexus key telephone:

« Press FLASH + F54.

B. From an ordinary phone:

« To send a ‘flash’ signal to the central office, FLASH + F54.

8.59.3.2 For a call forwarded by the system:

Note

Centrex forwarding by the Plexus system will not be enabled for initial release
of Plexus Administrator version 2.0. Contact your representative for
information on implementation dates.
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No setup or operation is necessary. If a call comes in on a Centrex enabled line
and is being externally forwarded by the system, the system will automatically
forward the call out on the same line, using Centrex flashing.

8.59.4 Configuration

8.59.4.1 For a call received by a user:

The ability to send a ‘flash’ signal to the CO is configured on a user-basis.

When activating Centrex services with the local telephone company, inquire
about the required ‘flash’ signal duration. To assure compatibility, adjust the

CO Flash Period accordingly.

Table 8 - 48 Centrex Compatibility

Method Path Parameter Default

Software User: Privileges CO Flash Disabled
Trunk Port: Features CO Flash Period 480 ms

Key Telephone User: Privileges Can Flash CO No

8.59.4.2 For a call forwarded by the system:

Table 8 - 49 Centrex Compatibility

Method Path Parameter Default

Software Trunk Port: Features Centrex Enabled Disabled

Key Telephone N.A.

8.59.5 Administration

N.A.
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8.60 Class of Service: User

8.60.1 Description

Configuration of Plexus systems involves the definition of a Class of Service for
each user. Several programmable parameters determine which features and
privileges are available to each user and how the user’s calls are routed, queued,
and covered. A suitable Class of Service is developed for a user based on their
job function, responsibilities, authority, security clearance, equipment (i.e.,
ordinary phone or key telephone), and preferences.

Note
Plexus Administrator enables parameter definitions and assignments to be

replicated to all or selected users. This feature is useful in cases where several
users will share a similar Class of Service.

8.60.2 Interactions

N.A.

8.60.3 Operation
N.A.

8.60.4 Configuration

A Class of Service is defined by addressing all of the user-specific parameters
through either Plexus Administrator or Key Telephone Configuration.

8.60.5 Administration
N.A.
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8.61 CTi Interface

See chapter 16, "CTi Interface".
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8.62 Day/Night Service

8.62.1 Description

Day/Night Service enables Plexus systems to route incoming calls differently
based on the day and time (Day or Night) a call is received. For example, during
the day, the system may be programmed to route incoming calls to live
operators, while at night incoming calls may be routed to an Auto-Attendant.

8.62.2 Interactions

The Day/Night Service is used in routing incoming calls. Incoming calls can be
routed to system resources (typically users, user groups, auto-attendants, or
voice mail greetings) or to an external number (e.g., answering service or remote
user).

The transitions between Day/Night are handled by the system'’s real-time clock.
The resolution of the real-time clock is +/- 1 minute. It is possible to manually
force the system to switch between Day/Night mode.

The Day/Night service is also used to define the times for validating trunk
access by users (see “Authorize User” - section 8.12).

8.62.3 Operation

8.62.3.1 Manually switching between Day and Night mode

A. From a Plexus key telephone:

« Define a programmable DSS/DTS key as Function 4 - Day/Night key (the
user must have Administrate privileges).

« Press the Day/Night key to switch time modes. A solid red light indicates
actual Night Mode. A Blinking red light indicates forced Night Mode. A
solid green light indicates actual Day Mode. A blinking green light
indicates forced Day Mode.

B. From either a Plexus key telephone or an ordinary phone:
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Activate System Administrator Privileges.

Enter F48 for forced Day mode.
« Enter F49 for forced Night mode.

« Enter F47 to return to automatic settings/actual time.

Note

If the system is placed in forced Day or forced Night mode, the system will not
switch modes automatically until being returned to automatic settings/actual
time.

8.62.4 Configuration

To ensure precise Day/Night transitions, the date and time must be set
correctly. The system clock is set using the Update: Clock feature of Plexus
Administrator (see chapter 6, "Software Configuration") or through Key
Telephone Configuration. Day and night routing assignments must be made for
each trunk.

Table 8 - 50 Day/Night Service

Method Path Parameter Default
Software System Parameters: Time: Mode Automatic
Mode: Day of Week: Sunday Day Time 8:00 AM
thru Saturday Night Time 6:00 PM
Trunk: Routing: Voice: Day Routing Method Fixed
Routing Entity None
Trunk: Routing: Voice: Night Routing Method Fixed
Routing Entity None
Key Telephone System Time: Day/Night Time: | Mode Automatic
Sunday thru Saturday Daytime Hour 8 AM
Daytime Minute 00
Nighttime Hour 6 PM
Nighttime Minute 00
Trunks: Trunk Number Day Routing Type Fixed
Day Routing 0
Day Routing Dial # 0
Night Routing Type Fixed
Night Routing 0
Night Routing Dial # 0

8.62.5 Administration

N.A.
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8.63 Direct Inward System Access (DISA)

8.63.1 Description

The Direct Inward System Access (DISA) feature allows individuals to dial into
the system and directly access any resource (e.g., user, user group, trunk, trunk
group) on the system. DISA works much like an auto-attendant. However, with
DISA it is not necessary to listen to a greeting before directing the call. DISA
functionality goes beyond that of an auto-attendant in that the individual can
directly access a trunk to make an outbound call through the system. This
allows individuals to make business-related long distance calls from a remote
site using the company’s long distance service. Refer also to “Remote Station
Service (RSS)” - section 8.116.

8.63.2 Interactions

N.A.

8.63.3 Operation

In order to utilize DISA, a user must call into a DISA-enabled trunk, enter the
DISA access digit within the defined Activation Timeout period, and then enter
the correct DISA Password.

8.63.4 Configuration

DISA configuration involves enabling the feature and defining the Activation
Timeout and the Session Timeout. The Activation Timeout is the period of time
that a caller is given to enter the DISA access digit. The Session Timeout is the
time allotted for a DISA session. Upon expiration of the Session Timeout, DISA
calls are automatically terminated by the system. The selected access digit and
DISA password apply to all DISA-enabled trunks on the system.
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Table 8 - 51 Direct Inward System Access (DISA)

Method Path Parameter

Default
Software Trunk: Features DISA Enabled Disabled
Activation Timeout 0 seconds
Session Timeout 15 minutes
System Parameters: General DISA Password 123456
System Parameters: Dial Plan | Access Digit for DISA *
Key Telephone Trunk: Trunk Number DISA Enabled No
DISA In-Dial TO 0
DISA Session TO 15

8.63.5 Administration
N.A.

Section 8.63 - Direct Inward System Access (DISA)
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8.64 Direct Station Select (DSS)/BLF

8.64.1 Description

Plexus Key Telephone users can assign programmable keys to other users on the
system for the purpose of accessing and monitoring the user. The access
function, known as Direct Station Select (DSS), enables the key telephone user
to press the assigned programmable key to be connected to the corresponding
user. The mapping function, made possible by LEDs (Light Emitting Diodes) on
the programmable keys, is referred to as Busy Lamp Field (BLF). Different
LED colors and states indicate a different status for the mapped user [See the
PVT-30D/PDT-30D Telephone User’s Guide for a complete listing of the
various LED states]. For example, a solid red LED indicates that the
corresponding user is currently on a call or an amber LED (2.0 Keyphones and
above) indicates that the corresponding user is currently DND.

Note
DSS/BLF is also available on the Plexus Operator Console.

8.64.2 Interactions

N.A.

8.64.3 Operation

A. From a Plexus key telephone:

» Press a User ID Dss button to initiate a call to the corresponding user.

8.64.4 Configuration

The system administrator can use Plexus Administrator to assign users’ keys.
Users may assign their keys by entering programming mode on their key
telephone
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Table 8 - 52 Direct Station Select (DSS)/BLF

Method Path Parameter Default
Software User: Features, Settings Define Key... on Key-Telephone | Unassigned
Key Telephone See the PVT-30D/PDT-30D

Telephone User’s Guide

8.64.5 Administration

See the PVT-30D/PDT-30D Telephone User’s Guide for information on
assigning DSS keys manually.
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8.65 Direct Trunk Select (DTS)/BLF

Plexus Key Telephone users can assign programmable keys to outside lines (i.e.,
trunks) on the system for the purpose of accessing and mapping the trunk. The
access function, known as Direct Trunk Select (DTS), enables the key telephone
user to press the assigned programmable key to be connected to the
corresponding trunk. The mapping function, made possible by LEDs (Light
Emitting Diodes) on the programmable keys, is referred to as Busy Lamp Field

(BLF). Different LED colors and states indicate a different status for the
mapped trunk [See the PVT-30D/PDT-30D Telephone User’s Guide for a
complete listing of the various LED states]. For example, a flashing green LED
indicates that the corresponding trunk is currently on Exclusive Hold for the
user or (2.0 Keyphones or greater) was placed on hold from that Keyphone.

8.65.1 Interactions

N.A.

8.65.2 Operation

A. From a Plexus key telephone:

DTS/BLF is also available on the Plexus Operator Console.

» Press a Trunk ID DTs button to initiate access to the corresponding trunk.

8.65.3 Configuration

The system administrator can use Plexus Administrator to assign users’ keys.
Users may assign their keys by entering programming mode on their key

telephone.

Table 8 - 53 Direct Trunk Select (DTS)/BLF

Method Path Parameter Default
Software User: Features, Settings Define Key... on Key- Unassigned
Telephone
Key Telephone See the PVT-30D/PDT-30D
Telephone User’s Guide
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8.65.4 Administration

See the PVT-30D/PDT-30D Telephone User’s Guide for information on
assigning DTS keys manually.
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8.66 Discriminating Ring

8.66.1 Description

Discriminating Ring enables different ringing patterns on ordinary phones in
order to distinguish between internal and external calls and calls ringing at
different stations within close proximity of one another. Refer also to “PBX
Operation” - section 8.100.

8.66.2 Interactions
N.A.

8.66.3 Operation
N.A.

8.66.4 Configuration

Internal and external ring patterns are developed for each extension port where
an ordinary phone is present by creating a cadence within the ON position of the
ringback tone.

Table 8 - 54 Discriminating Ring

Method Path Parameter Default
Software Extension Port: SLT Ring Pattern Int 60, 20, 20

Ring Pattern Ext Continuous
Key Telephone N.A.

8.66.5 Administration

The discriminating ring pattern is set by adjusting bitmap values (between 0
and 65535) which affect the modulation of the standard ring.
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8.67 Distinctive Ring

Distinctive Ring allows Plexus Key Telephone users to select different internal
and external ring types from sixteen available tones. The different ring types
enable users to distinguish between internal and external calls and calls ringing
at different stations within close proximity of one another.

8.67.1 Interactions

N.A.

8.67.2 Operation

A. From a Plexus key telephone:
+ Press and hold down OVERRIDE for 2 seconds.
» Press VoL ¥ until the option Int. Ring Type or Ext. Ring Type appears.
» Press CoNF or XFER to choose a ring type.

» Press OVERRIDE to accept and exit.

8.67.3 Configuration

Internal and external ring types are selected by the user through programming
mode on the Plexus Key Telephone.

See the PVT-30D/PDT-30D Telephone User’s Guide for information on internal and
external ring types.

8.67.4 Administration

N.A.

Section 8.67 - Distinctive Ring page 8-122



Feature Reference B

8.68 Do Not Disturb (DND)

8.68.1 Description

Do Not Disturb (DND) allows a user to prevent all internal and external from
ringing at their station. Paging announcements are also disabled.

Note
With the proper privileges, a user can override another user’'s DND mode (see
Do Not Disturb (DND) Override).

8.68.2 Interactions

Plexus Key Telephone users can enable DND mode after an incoming call begins
to ring at their station. If the incoming call is an internal call and the calling
party does not have Auto Cover enabled, the calling party will hear DND error
tone. If the incoming call is an external call, the calling party will immediately
route to the applicable coverage entity.

The displays on any Plexus Key Telephones will indicate Do Not Disturb and
the LED on the DND/FwD button will appear solid red when DND mode is
activated.

8.68.3 Operation

A. From a Plexus key telephone:
« To activate, press DND/FWD.

» To deactivate, press DND/FWD.

B. From an ordinary phone:
- To activate, enter F11.

- To deactivate, enter F10.

8.68.4 Administration

Users activate and deactivate DND mode from their station.
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8.69 Do Not Disturb (DND) Override

8.69.1 Description

Do Not Disturb (DND) Override allows a user to override the DND mode of
another user. Refer also to“Do Not Disturb (DND)” - section 8.68 .

8.69.2 Interactions
N.A.

8.69.3 Operation

A. From a Plexus key telephone:
« After receiving a DND error tone, press OVERRIDE.
or

« After receiving a DND error tone, press FLASH + F12.

B. From an ordinary phone:

« After receiving a DND error tone, FLASH + F12.

8.69.4 Configuration

The DND Override privilege grants a user the right to override the DND mode of
all users. Limited DND override privileges may be granted by designating
specific users on the user's DND override list instead of granting the universal
privilege.

Table 8 - 55 Do Not Disturb (DND) Override

Method Path Parameter Default

Software User: Privileges DND Override Not Granted
User: Override, DND-Override Name None

Key Telephone User: User Privileges Can DND Override No
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8.69.5 Administration

N.A.
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8.70 Duration Timer

Plexus Key Telephones (display model only) feature a duration timer which
displays the duration of each external call on the system. The timer displays in
the upper-right corner of the LCD and appears automatically at the station
where a call is connected.

8.70.1 Interactions

Call duration is output with call history reporting information (see “Station
Message Detail Recording (SMDR)” - section 8.124).

8.70.2 Operation
N.A.

8.70.3 Configuration

The duration timer does not appear on the LCD until the Outbound-Dial
Timeout expires.

Table 8 - 56 Duration Timer

Method Path Parameter Default
Software Trunk: Features Outbound-Dial Timeout 20 seconds
Key Telephone Trunk: Trunk Number Outbound Dial TO 20 seconds

8.70.4 Administration
N.A.
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8.71 End-to-End Signaling: External

8.71.1 Description

Plexus systems can accept DTMF tones from either Plexus Key Telephones or
ordinary phones and send them through the public telephone network (via the
Central Office) for access to a remote computer, voice mail system, or other
device. The system can even establish a call using pulse dialing and then pass
through DTMF tones in order to perform inward call completion functions as
necessary for telephone banking and external voice mail applications.

8.71.2 Interactions

N.A.

8.71.3 Operation
N.A.

8.71.4 Configuration

N.A.

8.71.5 Administration

N.A.
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8.72 End-to-End Signaling: Internal

8.72.1 Description

Plexus systems are capable of sending and receiving DTMF tones between
stations or other extension devices on the system such as external voice
adapters. Applications of this feature include Plexus Integrated Voice Mail and
third-party voice mail.

8.72.2 Interactions

N.A.

8.72.3 Operation

N.A.

8.72.4 Configuration

The duration of DTMF signals generated at the extension to connect to internal
devices (e.g., third-party voice mail adjuncts) may be modified for each extension

port.

Table 8 - 57 End-to-End Signaling: Internal

Method Path Parameter Default
Software Extension Port: Device DTMF Generation ON-Time 100 ms

DTMF Generation OFF-Time 100 ms
Key Telephone N.A.

8.72.5 Administration

N.A.

Section 8.72 - End-to-End Signaling: Internal page 8-128



Feature Reference B

8.73 Fax Detection

8.73.1 Description

Plexus systems offer Fax Detection on all lines. Incoming faxes are
automatically detected and sent to a fax machine or modem on the system. Refer
also to “Call Progress Tones” - section 8.45.

8.73.2 Interactions
The system attempts to detect an incoming fax before performing any call
routing.

8.73.3 Operation

N.A.

8.73.4 Configuration

Fax detection relies on installing a filter profile for CNG tone and assigning this
filter to a tone detector. The filters and detectors are installed and activated by
default. Once identified by the detector, faxes are routed according to routing
instructions defined for each trunk on the system. Fax Detection is effectively
disabled on a trunk for which there are no routing instructions.

Table 8 - 58 Fax Detection

Method Path Parameter Default
Software Trunk: Routing: Fax Route Fax during Day None
Route Fax during Night None
Call Progress: Filter Filter Profile Fax CNG
Call Progress: Detector Tone Type-CNG Activated
Key Telephone Trunk: Trunk Number Route Fax Day 0
Route Fax Night 0
Note

It is not necessary to have any form of auto-attendant present in order to use
this feature. The system will automatically seize a trunk with an incoming fax
call if that trunk is set to route fax calls.
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Tip
Should a system fail to identify incoming faxes, try increasing the number of cycles for the
Call Progress CNG detector.

8.73.5 Administration

N.A.
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8.74 Flash: Central Office

8.74.1 Description

Plexus systems are capable of sending a flash signal to the Central Office. Flash
signals may be issued from either a Plexus Key Telephone or an ordinary phone.
Refer also to “Centrex compatibility” - section 8.59.

8.74.2 Interactions

N.A.

8.74.3 Operation

A. From a Plexus key telephone:
« Press FLASH + F54.
or

« Press a DSS key programmed as F54.

B. From an ordinary phone:

- FLASH + F54.

8.74.4 Configuration
The ability to send a flash signal to the CO is configured on a user-basis.

Contact the local telephone company to determine the required flash signal
duration. To assure compatibility, adjust the CO Flash Period accordingly.

Table 8 - 59 Flash: Central Office

Method Path Parameter Default

Software User: Privileges CO Flash Not Granted
Trunk Port: Features CO Flash Period 480 ms

Key Telephone User: Privileges Can Flash CO No
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8.74.5 Administration

N.A.
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8.75 Flash - System

8.75.1 Description

From a Plexus Key Telephone, several Feature Codes require a preceding flash
before implementation or require to be programmed on DSS keys.

From an ordinary phone, several system features such as Call Transfer, Call
Conference, and Camp-On require a preceding flash signal as well as several
Feature Codes.

Therefore, Plexus systems offer a system ‘flash’ signal on Key Telephones and a
programmable ‘flash’ signal on ordinary phones.

8.75.2 Interactions

In order to use a FLASH button on an ordinary phone (i.e., instead of the
flashhook), the system flash timing may need to be modified for compatibility. If
a User has Off-Hook preference of a trunk or trunk group and the user’s Dial
Expiration Timeout is 0 seconds, Flash - System is disabled as well as all
features that require a Flash on Ordinary Phones (see “Off-Hook Preference” -
section 8.95).

8.75.3 Operation

A. From a Plexus Key Telephone:

« Press the FLASH key.

B. From an ordinary phone:
+ Press the FLASH button
or

- Press and release the switch-hook
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8.75.4 Configuration

The duration of a system flash signal is programmable for each ordinary phone

extension.

Table 8 - 60 Flash: System

Method Path Parameter Default
Software Extension Port: SLT Flash Period Enabled Yes

Flash Period 800 ms
Key Telephone N.A.

Note

If Flash Period is not enabled, Flash hooking on an Ordinary Phone will cause
instant disconnection of the call.

8.75.5 Administration

N.A.

Section 8.75 - Flash - System
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8.76 Flexible Numbering Plan

8.76.1 Description

Plexus systems offer a Flexible Numbering Plan which allows the System
Administrator to define access digits for operator access, trunk access, port
access, feature access, and DISA access according to the specific needs at a
particular installation. The Flexible Numbering Plan also allows the System
Administrator to define the range and width of numbers used for user, user
group, trunk, trunk group, auto-attendant, and voice mail IDs.

8.76.2 Interactions

IVPs are restricted to a range between 2 and 4 digits, with a maximum value of
8999.

8.76.3 Operation

A. From a Plexus key telephone:

Table 8 - 61 Flexible Numbering Plan

To perform this action Do this
Access the operator Press 0 (the default).
Access a trunk (CO line) Press 9 (the default).

Access a feature Press * (the default) followed by the

feature code.

Access a port Press # (the default).

Connect a user, user group, trunk, trunk Enter the applicable ID.
group, auto-attendant resource, or voice-
mail resource

Access DISA Press * (the default)

8.76.4 Configuration

The dial-number range determines which digits can be used as User IDs, User
Group IDs, Trunk IDs, Trunk Group IDs, Auto-Attendant IDs, and Voice IDs.
IDs can consist of 2 to 4 digits as defined in the width parameter. For example,
if the range is from 1 to 5 and the width is 3, 100-599 can be used for IDs.
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The selected range must be contiguous in order to be valid. For example, if the
access digit defaults were accepted, 1 to 9 would not be a valid range since 9 is
reserved for trunk access. 1 to 8, on the other hand, would be a valid range as it
is contiguous.

Table 8 - 62 Flexible Numbering Plan

0 Operator 6 Available
1 Available 7 Available
2 Available 8 Available
3 Available 9 Trunk

4 Available * Feature
5 Available # Available

Table 8 - 63 Flexible Numbering Plan

Method Path Parameter Default

Software System Parameters: Dial Access Digit for Operator

Plan Access Digit for Trunk
Access Digit for Port
Access Digit for Feature
Access Digit for DISA
Dial-Number Range From
Dial-Number Range to
Dial-Number Range Width

WhHhE * *xH OO

Key Telephone N.A.

Note

Users are connected to their assigned operator and trunk Pilot-ID when they
press the corresponding access digit (see “Multiple Operators” - section 8.89
and “Trunk Allocation” - section 8.132).

8.76.5 Administration

Users can press an access digit or enter an ID to connect to the corresponding
resource.

See “Call Distribution Management” - section 8.33.
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8.77 Group Listening

8.77.1 Description

Group Listening is a special speakerphone mode available on Plexus Key
Telephones. With group listening activated, the handset and the speakerphone
speaker operate simultaneously. This allows a single user to take advantage of
the clarity and duplex capabilities of the handset while enabling several others
to listen to the conversation through the speaker. Group Listening is useful in
cases where only one person needs to speak and several people need to listen.

8.77.2 Interactions

Group Listening is not available in Headset Mode.
8.77.3 Operation

A. From a Plexus key telephone:

Table 8 - 64 Group Listening

To perform this action Do this

Activate Group Listening Press and hold down the SPKR button for two seconds while talking in
the handset mode.
The SPKR button illuminates slightly before group listening is enabled.

Deactivate Group Listening To enable a private handset conversation, press SPKR.
To enable a full speakerphone conversation, place the handset on hook.

Note

Depending on speaker volume and the acoustics of your office, it may be
advisable to turn the group listening feature off before hanging up. This will
eliminate a momentary squeal.

8.77.4 Configuration

N.A.

8.77.5 Administration

Group Listening is activated and deactivated as needed by the Plexus Key
Telephone user.
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8.78 Group Monitor Activity

8.78.1 Description

To Monitor a user groups, a DSS key must be programmed to monitor the user
group. This key will flash when calls are ringing to the group (fast red flash) or
when a call is in group's Hold Queue (slow flash red). You will also be able to
retrieve group statistics by pressing the SCREEN key followed by the DSS key
mapped to that group.

If you have the appropriate privileges, other group monitoring features will be
available:

» You may also receive a Call Notify alert if a call is ringing to the group or a
call is in the Hold Queue (see “Call Notify” - section 8.41).

» You may also retrieve calls that are ringing to the user group or are in the
user group’s Hold Queue (see “Universal Retrieve” - section 8.135 or “Call
Retrieve” - section 8.50).

8.78.2 Interactions

Any user can access information about user groups. Pressing SCREEN and the
DSS key mapped to a user group displays: _Queued (number of people currently
on hold in the Queue), Min (the time in minutes the oldest call has been in the
Queue), Mbrs (the number of users logged on to the group), _+ (total calls
answered), - (Queued calls that disconnected), and _? (calls that pressed '#' to
leave a message). If the user group does not have Hold Queue enabled, all Hold
Queue information will remain at 0.

8.78.3 Operation

N.A.

8.78.4 Configuration

N.A.

8.78.5 Administration

N.A.
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8.79 Hands-Free Call

8.79.1 Description

Hands-Free Call allows a Plexus Key Telephone user with the appropriate
privileges to place hands-free calls to other Plexus Key Telephone users. A
Hands Free Call causes the target user’s key telephone to automatically go off-
hook in speakerphone mode. Refer also to “Auto-Answer” - section 8.13 and

“Hands-Free Block” - section 8.80.

8.79.2 Interactions

Hands-Free Call does not require the target user to have Auto-Answer
activated. The hands-free state is initiated when by the user placing the call.

If the called party is busy or in DND, the hands-free call will fail and the calling
user will hear busy or DND error tone. The calling user may override at this
point if they have Intrude or DND Override privileges (refer to chapter 6,
"Software Configuration" ).

8.79.3 Operation

A. From either a Plexus key telephone or an ordinary phone:

« Enter F22 + User ID.

8.79.4 Configuration

Table 8 - 65 Hands-Free Call

Method Path Parameter Default
Software User: Privileges Hands-Free Call Enabled
Key Telephone User: User Privileges Can Hands Free Yes

8.79.5 Administration

N.A.
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8.80 Hands-Free Block

8.80.1 Description

Hands-Free Block allows a user to block Hands-Free Calls from other users.
When activated all Hands-Free Calls ring as a normal call. Hands-Free Block is
useful in cases where a user needs a certain level of privacy not afforded by a
Hands-Free Call. Refer also to “Hands-Free Call” - section 8.79 .

8.80.2 Interactions

N.A.
8.80.3 Operation

A. From a Plexus key telephone:

Table 8 - 66 Hands-Free Block

To perform this action Do this
Enable Hands-Free Block Press F37.
Disable Hands-Free Block Press F36.

8.80.4 Configuration

N.A.

8.80.5 Administration

N.A.
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8.81 Headset Mode

8.81.1 Description

Plexus Key Telephones accommodate the use of a headset with a special
operating mode called Headset Mode. Headset Mode is similar to speakerphone
operation in that the sPKR button serves as the handset switchhook. However,
in Headset Mode, the conversation is exchanged through the headset earpiece
and microphone.

8.81.2 Interactions

N.A.

8.81.3 Operation

For one touch switching from Headset to Handset Mode. DSS Key 17 must be
programmed as Utility: Use Headset. The user will press this button to switch
between modes. A solid red light indicates Headset Mode. No light indicates
Handset Mode. Users can switch modes in the middle of a call.

Headset Mode makes use of the SPKR button instead of the handset switchhook
for going off-hook and hanging up.

To mute a call while in Headset Mode, the user must utilize the mute button on
the headset base as the Mute feature on the key telephone is only compatible
with non-amplified headsets that use an electronic microphone.

8.81.4 Configuration

A. From a Plexus key telephone:
« Program DSS Key 17 as Utility: Use Headset. The button will be lit red for
Headset Mode or not lit for Handset Mode.

Note
This feature is only available for Version 2.0 or later Plexus key telephones.
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or
Table 8 - 67 Headset Mode

To perform this action

Do this

Enable Headset mode

Press the Override key.

Change Use Headset to Yes

Press the XFER key.

Note

This feature is only available for Version 1.01 or later Plexus key telephones.

8.81.5 Administration

N.A.

Section 8.81 - Headset Mode

page 8-142



Feature Reference B

8.82 Home Station

8.82.1 Description

The Home Station feature allows the System Administrator to assign a user to a
particular extension port. This assignment establishes a default or home station

where the user’s calls are directed in cases where the user is neither logged in
nor signed in.

8.82.2 Interactions

If a user activates Call Forwarding: Immediate (All) before logging out, calls will
follow the Call Forward instructions instead of routing to the home station.

Refer also to “Call Forwarding” - section 8.35.

8.82.3 Operation
N.A.

8.82.4 Configuration

Table 8 - 68 Home Station

Method Path Parameter Default
Software Extension Port: General Port Assignment None
Key Telephone Extension Ports: Port Number Bound User ID (Port Assignment) 0

8.82.5 Administration
N.A.
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8.83 Hospitality Package

8.83.1 Description

Plexus systems include several features specifically designed to address the
needs of hotels and motels. These features are discussed in chapter 18, "Hotel /
Motel Package".
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8.84 Intercept Service

8.84.1 Description

Also Known as "Reassurance Messages". See also “Busy Queuing - User” -
section 8.21 and “Busy Queuing - User Group” - section 8.22.

8.84.1.1 User

Busy Queuing for a user or user group can be set up such that the queue is
intercepted periodically with a default system message, a custom message, or a
connection to another user on the system. The default system message provides
a point-in-queue indication so that the caller knows how many calls are ahead of
them. While custom messages cannot take advantage of the point-in-queue
indication, they should provide reassurance to callers, letting them know that
the system is aware that they are still holding. If the intercept is directed to
another user on the system, that user can update the caller on the availability of
the targeted user. Busy Queuing occurs when a call is Camped-On or Parked for
the busy user; it is not available to calls placed on hold.

Note

Custom messages are recorded as a greeting in the case of an AAl or as a
Play Message node in the case of an IVP. Refer to chapter 9, "Integrated
Voice Processor" or chapter 15, "Automated Attendant Interface" for more
information.

8.84.1.2 User Group

Intercept service is also available for user groups which have queuing enabled.

8.84.2 Operation
N.A.

8.84.3 Configuration

8.84.3.1 User

To enable intercept service for a user, enable and define an intercept period and
assign an intercept pilot.
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8.84.3.2 User Group

To set up intercept service for a user group, enable and assign an intercept pilot.

Table 8 - 69 Intercept Service

Method Path Parameter Default
Software User: Assignment, Support Intercept Period 30 seconds
Intercept Pilot None
User Group: Distribution Intercept Period 30 seconds
Intercept Pilot None
Key Telephone User: User Attributes Intercept Period 30 seconds
Intercept Pilot ID 0
User Group: User Group Intercept Period 30 seconds
Attributes Intercept Pilot ID 0

8.84.4 Administration

N.A.
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8.85 Key Telephone Configuration

8.85.1 Description

Many programmable parameters on Plexus systems can be configured using a
Plexus Key Telephone (display model only). Upon entering the correct password
and activating programming mode, several menus and parameters are displayed
on the key telephone’s LCD. Parameters are defined by selecting

preprogrammed options or by entering alphanumeric information through the
various buttons and keys.

See chapter 7, "Administration by Keyphone" for more information.

8.85.2 Interactions

N.A.

8.85.3 Operation
N.A.

8.85.4 Configuration

In order to activate programming mode and configure the system using a Plexus
Key Telephone, a user must correctly enter the system-defined Admin password.

Table 8 - 70 Key Telephone Configuration

Method Path Parameter Default
Software System Parameters: General |Admin Password 123456
Key Telephone System Parameters Admin Password 123456

8.85.5 Administration
N.A.
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8.86 Least Cost Routing

8.86.1 Description

Least Cost Routing is used to direct outgoing calls to specific trunks and/or to
pre-dial specific PIC codes to utilize the most cost-efficient route for each call

8.86.2 Interactions

When user dials '9' for a Trunk group, has user-Features-Options-Least Cost
Routing Enabled, and then dials the number, the system accesses System
Parameters-Route Map-Outbound: LCR Map to determine on which Trunk to
Route the call. Under Dialed Number, enter the prefix for the desired dial string.
Double click in the Dialed Number field and a new window will popup with 'LCR
Definition for #[prefix]". In this window you have fort time periods (see System
Parameters-Time-Band) that you can route calls: Morning, Afternoon, Evening,
and Night. For each of these time frames (Time Bands) you can define a Trunk
or Trunk group to route the call onto. If desired you can also define a PIC code
for the system to dial on the Trunk before dialing the call. The PIC Codes are
entered in System Parameters-Route Map-PIC Codes. Default: Blank

8.86.3 Operation
N.A.

8.86.4 Configuration

See chapter 14, "Least Cost Routing".

8.86.5 Administration
N.A.
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8.87 Message Waiting Indication

8.87.1 Description

Plexus systems are capable of providing Message Waiting Indication to both
Plexus Key Telephones and ordinary phones. Visual indication, in the form of a
flashing red LED (on the MSG button), is provided on Plexus Key Telephones.
Audible indication by means of a stutter dial tone is provided on ordinary
phones. Message Waiting Indication is initiated manually by a user on the
system such as a receptionist or automatically by the Integrated Voice Processor
(IVP) on systems with the Plexus Integrated Voice Mail option.

Note

While the audible indication is always available on ordinary phones, a visual
indication may be provided on ordinary phones that have a message waiting
lamp. However, the lamp must be compatible with the Plexus signaling format.

8.87.2 Interactions

Ordinary phone users may check their messages by issuing the appropriate
feature code (F52) at system dial tone. Plexus Key Telephone users check their
messages by pressing the MsG button.

8.87.3 Operation

From either a Plexus key telephone or an ordinary phone:
Table 8 - 71 Message Waiting Indication

To perform this action Do this

Manually activate a user’'s Message Waiting Indication | Enter F51 + User ID.
Manually deactivate a user’'s Message Waiting Indication Enter F50 + User ID.

8.87.4 Configuration

Pressing the MsG button on a Plexus Key Telephone or issuing the feature code
(F52) for checking messages on an ordinary phone, connects the user to their
Pilot-1D for Voice-Messages. On systems with the Plexus Integrated Voice Mail
option, the Pilot-1D is a Voice ID created for checking messages. On systems
without Plexus Integrated Voice Mail, the Pilot-1D will typically be a
receptionist who manually takes messages for other users or an answering
service.
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Table 8 - 72 Message Waiting Indication

Method Path Parameter Default

Software User: Assignment: Message |Pilot-ID for Message Access None
Access

Key Telephone User: User Attributes Message Pilot ID 0

8.87.5 Administration

N.A.
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8.88 Multiple Auto-Attendants

8.88.1 Description

Plexus systems can support multiple auto-attendants enabling support for
several different departments or tenants and various other special applications.
A multiple auto-attendant configuration can be achieved through the use of
several Auto-Attendant Interface (AAI) cards or through the use of the ten
available Route Points on an Integrated Voice Processor (IVP).

Refer to chapter 9, "Integrated Voice Processor" or chapter 15, "Automated
Attendant Interface" for more information.

8.88.2 Interactions
N.A.

8.88.3 Operation
N.A.

8.88.4 Configuration
N.A.

8.88.5 Administration
N.A.
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8.89 Multiple Operators

8.89.1 Description

Plexus systems are flexible with regard to operator definition and assignment.
Each user may be assigned a different operator thus supporting multiple
operator applications to serve different departments within an organization.

Refer also to “Operator: Personal” - section 8.98 and “Operator: System” -
section 8.99.

8.89.2 Interactions

N.A.

8.89.3 Operation

N.A.

8.89.4 Configuration

N.A.

8.89.5 Administration

N.A.
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8.90 Multiple Tenant Service

8.90.1 Description

Plexus systems are capable of supporting multiple tenant applications through
use of the Flexible Numbering Plan, multiple operators, trunk-specific call
routing, multiple auto-attendants, and several programmable parameters.

8.90.2 Interactions

N.A.

8.90.3 Operation

N.A.

8.90.4 Configuration

N.A.

8.90.5 Administration

N.A.
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8.91 Music-On-Hold

8.91.1 Description

The Music-On-Hold feature provides background music to held calls. External
music sources are connected to a standard RCA port (labeled MOH) on the
Digital Switch Processor (DXP) card (Plexus) or the motherboard (Micro-

Plexus).
Tip

Music-On-Hold may be used to play a continuous recording featuring product and/or com-

pany information.

8.91.2 Interactions

In the case of a linked system, the music source must be connected to the Digital

Switch Processor (DXP) cards on both cabinets.

Use of either the Music-On-Hold or the paging interface (or both) on a Micro
system, utilizes the resources of extension port #8 on the motherboard and

makes this port unavailable for other devices.

8.91.3 Configuration

8.91.3.1 Plexus

No configuration is necessary to utilize the Music-On-Hold feature. If an
external music source is properly connected to the DXP card, music is supplied

to held calls.

8.91.3.2 Micro-Plexus

In order to utilize Music-On-Hold on a Micro-Plexus system, extension port #8
must be disabled. Note that this particular port (Unit ID=0, Slot ID=0, Port

ID=7) is disabled by default.
Table 8 - 73 Music-On-Hold

Method Path Parameter Default
Software Extension Port: General Port Enabled Disabled
Key Telephone N.A.

Section 8.91 - Music-On-Hold

page 8-154



Feature Reference B

Note
Virtually any audio device (e.g., radio, cassette player) may be connected to
the system.

8.91.4 Administration
N.A.
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8.92 Mute

8.92.1 Description

Plexus Key Telephones offer a Mute feature which disables the microphone (in
both handset and speakerphone mode) when activated. Mute prevents the user
from being heard by other parties to the call, but does not prevent the user from
hearing the other parties.

8.92.2 Interactions

Mute is automatically deactivated upon termination of the call.

Mute is unavailable in Headset Mode.

8.92.3 Operation

A. From a Plexus key telephone:
+ To activate, press MUTE.

- To deactivate, press MUTE again.

8.92.4 Configuration

N.A.

8.92.5 Administration

N.A.
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8.93 Name Labeling (System Resources)

8.93.1 Description

All of the various system resources or entities (e.g., users, user groups, trunks,
trunk groups) can be given an informal alphanumeric name label. These names
are useful in identifying the particular resource throughout the configuration
process. Assigned user names can be displayed on a Plexus Key Telephone user’s
display (if available) and are useful in identifying the calling user on an internal

call (see “Calling Party Display: Internal” - section 8.56).

8.93.2 Interactions

N.A.

8.93.3 Operation

N.A.

8.93.4 Configuration

Table 8 - 74 Name Labeling

Method Path Parameter Default
Software User: General Name User #
User Group: General Name User Group #
Trunk: General Name Trunk #
Trunk Group: General Name Trunk Group #
Auto-Attendant: General Name
Voice Processor: General Name
Key Telephone User Name
User Group Name
Trunk Name
Trunk Group Name
Auto Attendant Name
Int Voice Malil Name

8.93.5 Administration

N.A.
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