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Copyright Notice

This manual and the software described in it are copyrighted, with all rights reserved. Under the
copyright laws, neither this manual nor the software may be copied, in whole or in part, without the
written consent of Telecor Inc. except as provided in the applicable Telecor Inc. software license
agreement. Under the law, copying includes translating into another language or format.

The software contains proprietary, confidential and unpublished information of Telecor Inc. No use
or disclosure of any portion of this manual may be made without the prior express written consent of
Telecor Inc.

© 2001-03 Telecor Inc. All Rights Reserved.
Printed in the United States of America.
Special Note for Government Users

This manual and the software described in it are provided with “Restricted Rights”. Please refer to
the applicable Telecor Inc. license agreement for a complete description of the rights granted.

Manufacturer:
Telecor Inc.
1114 Westport Crescent
Mississauga, ON L5T 1G1

Hardware Warranty

Please  refer to  the  Telecor Inc. with  the

product.

Registration Pak  shipped

Software Provided Under License

All software is provided pursuant to a license. Please refer to the Registration Pak for a complete
description of the rights granted.

Disclaimer

The Software and related documentation are provided “AS IS” and without warranty of any kind and
Telecor Inc. EXPRESSLY DISCLAIMS ALL WARRANTIES, EXPRESS OR IMPLIED,
INCLUDING, BUT NOT LIMITED TO, THE IMPLIED WARRANTIES OF
MERCHANTABILITY, FITNESS FOR A PARTICULAR PURPOSE AND NON-
INFRINGEMENT. TELECOR INC. DOES NOT WARRANT THAT THE FUNCTIONS
CONTAINED IN THE SOFTWARE WILL MEET YOUR REQUIREMENTS, OR THAT THE
OPERATION OF THE SOFTWARE WILL BE UNINTERRUPTED OR ERROR-FREE, OR THAT
DEFECTS IN THE SOFTWARE WILL BE CORRECTED. FURTHERMORE, TELECOR INC.
DOES NOT WARRANT OR MAKE ANY REPRESENTATIONS REGARDING THE USE OR
THE RESULTS OF THE USE OF THE SOFTWARE OR RELATED DOCUMENTATION IN
TERMS OF THEIR CORRECTNESS, ACCURACY, RELIABILITY, OR OTHERWISE. NO
ORAL OR WRITTEN INFORMATION OR ADVICE GIVEN BY TELECOR INC. OR A
TELECOR INC. AUTHORIZED REPRESENTATIVE SHALL CREATE A WARRANTY OR IN
ANY WAY INCREASE THE SCOPE OF THIS WARRANTY. SHOULD THE SOFTWARE
PROVE DEFECTIVE, YOU (AND NOT TELECOR INC. OR A TELECOR INC. AUTHORIZED
REPRESENTATIVE) ASSUME THE ENTIRE COST OF ALL NECESSARY SERVICING,
REPAIR, OR CORRECTION. UNDER NO CIRCUMSTANCES, INCLUDING NEGLIGENCE,
SHALL TELECOR INC. BE LIABLE FOR ANY INCIDENTAL, SPECIAL, OR
CONSEQUENTIAL DAMAGES THAT RESULT FROM THE USE OF OR INABILITY TO USE
THE SOFTWARE OR RELATED DOCUMENTATION, EVEN IF TELECOR INC. OR A
TELECOR INC. AUTHORIZED REPRESENTATIVE HAS BEEN ADVISED OF THE
POSSIBILITY OF SUCH DAMAGES.

The Software is not designed or licensed for use in in-line control of equipment in hazardous
environments such as operation of nuclear facilities, aircraft navigation or control, or direct life
support machines.

Telecor Inc. reserves the right to revise this publication and to make changes to its content, at any
time, without any obligation to notify any person or entity of such revisions or changes.

Trademarks

Telecor, the Telecor logo, VS1, CTIM, PCOM, Attendant, Call, and Connect are trademarks or
registered trademarks of Telecor Inc. Microsoft, MS-DOS, Windows, and Windows NT are
trademarks or registered trademarks of Microsoft Corporation. Predator 747 is a trademark of
American Predator Corporation. AT&T is a trademark of AT&T. Boca is a trademark of Boca
Research, Inc. Caldera and DR-DOS are registered trademarks of Caldera, Inc. G486VPC is a
trademark of Diamond Flower, Inc. GVC is a registered trademark of Global Village Communication,
Inc. Intel is a registered trademark of Intel Corporation. MaxTech is a registered trademark of
MaxTech Corporation. Megahertz, Sportster, and U.S. Robotics are registered trademarks of 3Com
Corporation. Novell is a registered trademark of Novell, Inc. Plantronics, SP, Supra, and TriStar are
trademarks or registered trademarks of Plantronics, Inc. Sound Blaster is a registered trademark of
Creative Technology, Ltd. TDK is a registered trademark of TDK Systems, Inc. Zoom is a registered
trademark and Zoom/FaxModem and ZoomCam are trademarks of Zoom Telephonics, Incorporated.

Patents
Patents Pending
Environmental Specifications

See the Hardware section for specific product specifications.

FCC Information

This equipment complies with Part 68 of the FCC rules. On the bottom of this equipment, there is
a label that contains, among other information, the FCC Registration Number and Ringer
Equivalence Number (REN) for this equipment. The telephone company may require this
information prior to connection of this equipment.

This equipment requires USOC connectors listed below which are provided in the installation of
the Telecor VS1 business telephone system.

An FCC compliant telephone cord and modular plug is provided with this equipment. This
equipment is designed to be connected to the telephone network or premises wiring using a
compatible modular jack which is Part 68 compliant.

The REN is useful to determine how many devices you may connect to a single telephone line and
still have all of those devices ring when your number is called. In most, but not all areas, the sum
of all RENs per line should be five (5.0) or less. Your local telephone company can verify the
maximum REN per line for your calling area.

If this equipment causes harm to the telephone network, the telephone company may notify you in
advance that temporary discontinuance of service is required. If advance notice is not practical,
the telephone company will notify you of discontinuance as soon as possible. You will also be
advised of your right to file a complaint with the FCC.

The telephone company may make changes in its facilities, equipment, operations or procedures
that could affect the operation of your telephone equipment. If this happens, the telephone
company will provide advance notice so that you can modify your equipment to maintain
uninterrupted service.

If the trouble causes harm to the network, the telephone company may ask you to disconnect this
equipment from the network until the problem has been solved. If you experience trouble with
this telephone equipment, please contact:

Telecor Inc., 1114 Westport Crescent, Mississauga, ON L5T 1G1 Technical Support: (800) 464-
3274, Mississauga. www.Telecor.com

You should not try to repair this equipment yourself. Changes or modifications not expressly
approved by Telecor Inc. could void your authority to operate the equipment.

This equipment may not be used on public coin service provided by the telephone company.
Connection to party lines is subject to state tariffs. (Contact your state public utility commission
or corporation commission for information.)

This equipment is hearing aid compatible.

Note: This equipment has been tested and found to comply with the limits for a Class A digital
device, pursuant to part 15 of the FCC Rules. These limits are designed to provide reasonable
protection against harmful interference when the equipment is operated in a commercial
environment. This equipment generates, uses and can radiate radio frequency energy and if not
installed and used in accordance with the instruction manual, may cause harmful interference to
radio communications. Operation of this equipment in a residential area is likely to cause harmful
interference in which case the user will be required to correct the interference at their own
expense.

This equipment is capable of providing users access to interstate providers of operator services
through the use of access codes. Modification of this equipment by call aggregators to block
access dialing codes is a violation of the Telephone Operator Consumers Act of 1990.

Trade Name(s): Telecor™ VS1™ Business Telephone System

FCC Registration Number: SNBUSA-32975-MY-E

IC Certification Number: 2403 6616 A

AC REN: (Base System) 1.3B and (T1) N/A

Connectors: (FCC USOC) RJ11C/21X/48 and (IC) CA11A/CA21A/CASIA
Authorized Network Ports: (FCC FIC) 02LS2 04DU9-BN/DN/1KN/1SN/1ZN and (IC)
LS/DI1/DI2/DI3

Trade Name: Telecor Cut-Over Box

FCC Registration Number: SNBUSA-32976-PX-N
AC REN: 1.0B with CID; 0.0B without CID
Connectors: (USOC) RJ-11

Authorized Network Ports: (FIC) 02LS2

Trade Name: Display Phone

FCC Registration Number: FTZCHN-31227-KX-E

IC Certification Number: 2760 7997 A

AC REN: 1.6B

Connectors: (FCC USOC) RJ11C and (IC) CA11A
Authorized Network Port: (FCC FIC) 02LS2 and (IC) LS

Additional Information

This document is current as of the date of publication. Refer to the Telecor Web site,
www.telecor.com, for supplemental information.
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CS-03 Information (Canada)

NOTICE: The Industry Canada label identifies certified equipment. The certification means that the
equipment meets certain telecommunications network protective, operational and safety requirements.
The Department does not guarantee the equipment will operate to the user's satisfaction.

Before installing this equipment, users should ensure that it is permissible to be connected to the
facilities of the local telecommunications company. The equipment must also be installed using an
acceptable method of connection. The customer should be aware that compliance with the above
conditions may not prevent the degradation of service in some situations.

Repairs to certified equipment should be made by an authorized Canadian maintenance facility
designated by the supplier. Any repairs or alterations made by the user to this equipment, or
equipment malfunctions, may give the telecommunications company cause to request the user to
disconnect the equipment.

Users should ensure for their own protection that the electrical ground connections of the power
utility, telephone lines and internal metallic water pipe system, if present, are connected together. This
precaution may be particularly important in rural areas.

CAUTION: Users should not attempt to make such connections themselves, but should contact the
appropriate electric inspection authority or electrician as appropriate.

NOTICE: The Ringer Equivalence Number (REN) assigned to each terminal device provides an
indication of the maximum number of terminals allowed to be connected to a telephone interface. The
termination on an interface may consist of any combination of devices subject only to the requirement
that the sum of the Ringer Equivalence Numbers of all the devices does not exceed 5.

CS-03 Information (Canada)

AVIS: L'étiquette d'Industrie Canada identifie le matériel homologué. Cette étiquette certifie que
le matériel est conforme aux normes de protection, d'exploitation et de sécurité des réseaux de
télécommunications, comme le prescrivent les documents concernant les exigences techniques
relatives au matériel terminal. Le Ministere n'assure toutefois pas que le matériel fonctionnera a la
satisfaction de I'utilisateur.

Avant d'installer ce matériel, l'utilisateur doit s'assurer qu'il est permis de le raccorder aux
installations de l'entreprise local de télécommunication. Le matériel doit également étre installé en
suivant une méthode acceptée de raccordement. L'abonné ne doit pas oublier qu’il est possible que
la conformité aux conditions énoncées ci-dessus n'empéche pas la dégradation du service dans
certaines situations.

Les réparations de matériel homologué doivent étre coordonnées par un représentant désigné par
le fournisseur. L'enterprise de télécommunications peut demander a l'utilisateur de débrancher un
appareil a la suite de réparations ou de modifications effectuées par l'utilisateur ou a cause de
mauvais fonctionnement.

Pour sa propre protection, l'utilisateur doit s'assurer que tous les fils de mise 4 la terre de la source
d'énergie électrique, de lignes téléphoniques et des canalisations d'eau métalliques, s'il y en a, sont
raccordés ensemble. Cette précaution est particulicrement importante dans les régions rurales.

AVERTISSEMENT: L'utilisateur ne doit pas tenter de faire ces raccordements lui-méme; il doit
avoir recours a un service d'inspection des installations électriques, ou a un électricien, selon le
cas.

AVIS: L'indice d'équivalance de la sonnerie (IES) assigné a chaque dispositif terminal indique le
nombre maximal de terminaux qui peuvent étre raccordés a une interface. La terminaison d'une
interface téléphonique peut consister en une combinaison de quelques dispositifs, a la seule
condition que la somme d'indices d'équivalence de la sonnerie de tous les dispositifs n'excéde pas
5.



Important Safety Instructions

When using your telephone equipment, basic safety precautions should always be followed to reduce the risk of fire, electric
shock, and injury to persons, including the following.

I.

2
3
4,
5
6

11.

12.

13.

14.

15.

Read and understand all instructions.

Follow all warnings and instructions marked on the product.
Unplug this product from the wall outlet before cleaning.

Do not use this product near water (for example, in a wet basement).
Do not place this product on an unstable cart, stand or table.

Slots and openings in the cabinet and the back and bottom are provided for ventilation, to protect it from overheating;
these openings must not be blocked or covered. This product should never be placed near a radiator or heat register.
This product should not be placed in a built-in installation unless proper ventilation is provided.

This product should be operated only from the type of power source indicated in the manual. If you are not sure of the
power source to your building, consult your dealer or local power company.

Some pieces of equipment have a three-wire grounding type plug, a plug having a third grounding pin. This plug will
only fit safely into a grounded power outlet. This is a safety feature. If you are unable to insert the plug into a grounded
outlet, contact your electrician. Do not defeat the safety purpose of the grounded plug.

Some pieces of equipment have a polarized line plug, where one blade of the plug is wider than the other. This plug will
fit into the power outlet only one way. This is a safety feature. If you are unable to insert the plug fully into the outlet,
try reversing the plug. If the plug still does not fit, contact your electrician. Do not defeat the safety purpose of the
polarized plug.

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

Do not use an extension cord with this product’s AC power cord. Equipment not associated with the telephone system
should not be plugged into the same AC outlet.

Never push objects of any kind into this product through the cabinet slots as they may touch dangerous voltage points,
or short out parts that could result in risk of fire or electric shock. Never spill liquid of any kind on the product.

To reduce the risk of electrical shock, do not disassemble this product. Take it to a qualified service vendor, when
service or repair work is required. Opening or removing covers may expose you to dangerous voltages or other risks.
Incorrect reassembly can cause electric shock when the product is subsequently used.

Unplug this product from the wall outlet and refer servicing to a qualified service vendor under the following
conditions:

A.  When the power supply cord or plug is damaged or frayed.
B.  Ifliquid has been spilled into the product.

C. Ifthe product has been exposed to rain or water.

D

If the product does not operate normally by following the operating instructions. Adjust only those controls that
are covered by the operating instructions. Improper adjustment of other controls may result in damage and will
often require extensive work by a qualified technician to restore the product to normal operation.

E.  If'the product has been dropped or the cabinet has been damaged.
F.  If the product exhibits a distinct change in performance.

Avoid using a telephone (other than cordless type) during an electrical storm. There may be a remote risk of electric
shock from lightning.

Do not use the telephone to report a gas leak in the vicinity of a leak.
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INTRODUCTION

The Telecor VS1 phone system is a PC-based expandable PBX. The base system has two main
components: the Telecor Voice Server (TVS) and the Telecor Port Expansion Unit (PEUs). Each
PEU provides 16 ports. Up to 11 additional PEUs can be added with 16 ports each, enabling the
Telecor VS1 phone system to expand to 192 ports, depending upon the type of station sets used.

A number of station options are available in the form of Computer Telephony Integration (CTI)
applications or desk phones. The system is managed with the Tel-Site system management

application, and configured with the VS1 Editor configuration application.

The diagram below shows the main components of the Telecor VS1 phone system.

Phones

. DP200 Display Phone

e  Telecor HS-1301-LN System Management & Configuration
CTI Client Applications Phone e  Tel-Site System Management application
e  Attendant e VS1 Editor Configuration application

. Connect

Telecor Port Expansion Unit Model 200

The components of a
Telecor VS1 phone
system

Telecor Voice Server Model 200
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Using this Guide

This guide is designed to instruct Telecor Value Added Resellers how to install and configure the
VS1 phone system. Follow the instructions and recommendations provided to ensure proper
installation and operation of the Telecor VS1 phone system. This guide is organized into six
sections to address specific areas of the Telecor VS1 phone system.

Section 1 introduces the VS1 hardware and provides installation and configuration instructions for
the hardware.

Section 2 provides an overview of the Tel-Site system management application, and details the
different connection methods available (on-site and off-site) for connecting to a customer site.

Section 3 gives instructions on using the VS1 Editor configuration application to configure a VS1
phone system.

Section 4 introduces the different station options available, along with quick operating instructions
and voice mail features.

Section 5 provides extensive Reference information, such as Station Message Detail Recording
(SMDR) information. Also includes a glossary of terms.

Section 6 provides a comprehensive Index.

Conventions in this Guide

This guide is designed to help you install and configure the Telecor VS1 phone system quickly and
efficiently. There are some words and symbol conventions used throughout the guide to help you
along the way.

e If you are not at the system site (off-site) or are on a remote computer, and are using the Tel-
Site system management and VS1 Editor configuration application, you are asked to Click
certain buttons with the mouse.

e If you are configuring the system at the system site (on-site) using a monitor and keyboard,
and the guide directs you to select a command or selection, you need to press the
UP/DOWN/RIGHT/LEFT arrows, or press TAB, on the keyboard to move to that selection or
command, and then press ENTER to execute the command or make the selection.

e Ifyou are asked to Type, it means you are to use the keyboard on your computer.

e  You are asked to Press certain buttons on the phone, or keyboard, to perform a series of steps.

e  When you see a graphic in the left margin, it means you are to click the corresponding button
on the window.
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Font Styles Used

Bold

SMALL CAPS
Italics
Note
command

argument

{x}
[x]
x|lylz

RESET
REQUIRED!

WARNING

Elements found on the Tel-Site, VS1 Editor, Telecor Attendant, and
Telecor Connect application screens, such as windows, menus, dialog
boxes and commands.

Keys on the keyboard or phone.
Image captions.

Important or additional information.
Command-line syntax or file names.

Indicates an argument for which you must supply a value.

An argument or a constant within braces { } is required. Do not type
the braces when entering the value.

An argument or a constant within square brackets [ ] is optional. Do
not type the brackets when entering the value.

Constants or arguments separated by a vertical bars requires a choice.

The Telecor Voice Server (TVS) must be reset in order for
configuration changes to take effect.

Warning! Instructions that must be followed to prevent damage to the
system.
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HARDWARE OVERVIEW

This section of the ICO Guide describes the following hardware components of the VS1 Telephone
System.

e Telecor Voice Server Model 200 (PV-CSU-200)

¢ Port Expansion Unit Model 250 (PV-PEU-250)

¢ Port Expansion Unit Model 205 (PV-PEU-205)

¢ Port Expansion Unit Model 200 (PV-PEU-200)

¢ Dry Contact Unit Model 100 (PV-DCU-100)

e Cut-Over Box (PV-HWC-P10)

e 32-Port Host Adapter Card (PV-HA2-032)

e 64-Port Host Adapter Card (PV-HA2-064)

e Caller ID Option Module (PV-HWC-C10)

e 10Base-T Network Interface Card (PV-HWC-E10)
e T1 Interface Card (PV-HWC-T10)

¢ TVS VGA Video Card (041-000-0013)

e SC200 Switch Card (701-000-0044)

e Computer Telephony Interface Module (CTIM) (PV-HCT-CO01)
e PC Option Module (PCOM) (PV-HCT-MO01)

o ACD Status Board Option Kit (PV-HWC-A10)
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Telecor Voice Server (TVS) Model 200

Telecor Voice

Server

The Telecor Voice Server Model 200 (PV-CSU-200) is the central component of the Telecor VS1
telephone system. It houses the proprietary software and hardware that operates the system. The
TVS is a commercial, industrial-grade server that uses industry-standard hard drives and can store at
least 30 hours of voice messages. It comes equipped with a 56 Kbps modem for Remote System
Access (RSA), enabling you to make fast, reliable programming changes. The modem card is
identified by its two RJ-11 adapters. Only one modem can be installed in the TVS.

The TVS comes with a 32-port Host Adapter Card already installed. You can install a maximum of
four Host Adapter Cards in the TVS. For information on installing additional Host Adapter Cards,
see “Installing a Host Adapter Card,” page 35.

Hardware Specifications

Dimensions (WxHxD): 5.75" x 14.75" x 13.75"
Weight: 27 lbs.

Power Requirements: 120 VAC
Temperature: 4°-38° C operational;
Humidity: 5%-95% non-condensing
Standards Compliance: FCC Part 15; UL1459

Power Consumption: max. 240VA

Hardware



Floppy Disk drive
On/Off button

Power LED
indicator

HDD LED Indicator

Reset button

TVS front
and back views

Front View

/0 Port and IRQ Usage
The following tables list the I/O Port and Interrupt Request settings used by the Telecor VS1 phone

Back View

00000000000
O0000000CO0Q0O0
OO00RO0Q00000
® oo0o0o0co00000c0 ©
O0000Q0000O0O0O0
Iy 82 >
Serial Ports iv) G e
@0 @9
i 1&=] -._.
Keyboard Port | & &
o O
VGA Monitor o O
Port o O
O O
Modem Port o 0
o O
Cable A (15-Pin) o 0
O O
Host Adapter o O
Cable (26-Pin) f O O
@o o
0 | e/ O 0o
l 4 o o
L E O O
| (= O O

system.

IRQ Usage

0 System Timer

1 Keyboard

2 Cascade to second programmable Interrupt Controller
3 COM 2

4 COM 1

5 COM 3 (Internal RSA modem)

6 Floppy Drive

7 LPT 2

8 Real-time Clock/Calendar

9 SC200 Switch Card

10 Available

11 Available (Default setting for Network Interface Card)
12 Reserved for PS/2 mouse port on current system board
13 Numeric Coprocessor

14 IDE Controller

15 SC200 Switch Card
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Port Address* Usage

210-21F System Timer

2F8-2FF COM 2

300-307 HA200 Host Adapter (ports 1-32)

308-30F HA200 Host Adapter (ports 33—-64)

310-317 HA200 Host Adapter (ports 65-96) or T1 Interface Card 1
318-31F HA200 Host Adapter (ports 97-128) or T1 Interface Card 0
320-327 HA200 Host Adapter (ports 129—160)

328-32F HA200 Host Adapter (ports 161-192)

340-35F Network Interface Card

379-37B LPT 1

3E8-3EF COM 3

3F8-3FF COM 1

*All port addresses are listed in hexadecimal format.
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Port Expansion Unit (PEU)

Each VS1 business telephone system requires one or more Port Expansion Units (PEUs) to which
all standard CO lines and station equipment are connected. Each PEU has 16 RJ-11 ports.

The first PEU is attached to the Telecor Voice Server (TVS). An additional PEU can be daisy-
chained off the first PEU. The TVS comes with a 32-port Host Adapter Card from which a
maximum of two PEUs can be daisy-chained. To connect additional PEUs to the TVS, you must
install additional Host Adapter Cards. For more information on installing a Host Adapter Card, see
“Installing a Host Adapter Card,” on page 35. A maximum of 12 PEUs can be connected to the
TVS for a total of 192 ports.

Three PEU models are available as described below:

PEU 250

The Port Expansion Unit Model 250 (PV-PEU-250) contains 16 generic ports that you can
configure as CO or station ports. Ports are configured using pushbutton switches located next to
each port jack. Eighteen dual-color LEDs (amber and green) on the front of the PV-PEU-250
indicate power and communication status. The PV-PEU-250 includes integrated caller ID circuitry
on all 16 ports. Automatic cut-over is provided for ports 1 through 4 if the ports are configured as
CO ports. If a power failure occurs, the ports cut over to ports 5 through 8 respectively, if ports 5
through 8 are configured as extensions. The PV-PEU-250 can be used as any PEU in a system. It
does not contain external device contacts. External devices are connected to TVS via the Dry
Contact Unit Model 100 (PV-DCU-100).

Note If your current TVS software version is prior to 2.9, only the first eight ports on the Model
250 are configurable as CO lines.

PEU 205

The Port Expansion Unit Model 205 (PV-PEU-205) contains six external device contacts including
two zone pager outputs for overhead paging systems, two music inputs for music on-hold or
promotions on-hold, and two dry contact relays to attach electronic door locks, buzzers, or sirens.
The Model 205 typically serves as the first PEU on a system with Model 200 PEUs connected as the
second and additional PEUs. Of the 16 ports the first eight ports can be configured as CO ports or
station ports. The remaining eight ports can be configured as station ports only.

PEU 200

The Port Expansion Unit Model 200 (PV-PEU-200) has all the same features of the Model 205 but
it does not have the six external device contacts. The Model 200 typically serves as the second, and
additional PEU on systems using the Model 205 PEU as the first PEU. Of the 16 ports, the first
eight ports can be configured as CO ports or station ports. The remaining eight ports can be
configured as station ports only.
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PEU 250

PEU 205

PEL 205

PEU 200

Hardware Specifications

Dimensions (WxHxD): 16.5" x 3" x 13.5"

Weight: 27 lbs.

Power Requirements: 120 VAC

Temperature: 4°-38° C operational;

Humidity: 5%-95% non-condensing

Standards Compliance: FCC Part 15, FCC Part 68; UL1950

Power Consumption: max 120VA

8 Hardware



Dry Contact Unit (PV-DCU-100)

The Dry Contact Unit Model 100 (PV-DCU-100) is used to connect external contacts in systems
that use Model 250 Port Expansion Units. The PV-DCU-100 provides connections for two speakers
(zones), two music inputs, and two dry contact (relay) outputs. It is connected to the switch card in
the TVS.

PV-DCU-100

Hardware Specifications
Dimensions (WxHxD): 16.5" x 1.75” x 2.75”
Weight: 1 1b. 6 oz.

Power Requirements: No power required
Temperature: 4°-38° C operational;
Humidity: 5%-95% non-condensing

Standards Compliance: FCC Part 15, FCC Part 68; UL1950
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Cut-Over Box

An optional Cut-Over Box provides power failure transfer for up to four analog CO lines by routing
the CO lines directly to station sets on the VS1 telephone system. If you have a power failure or if
the Cut-Over Box is turned off, each station connected to the Cut-Over Box becomes a direct
outside line for incoming and outgoing calls. All phones used with the VS1 phone system can be
connected to a Cut-Over Box. Although the Cut-Over Box is an optional component, it is
recommended for all VS1 phone systems.

Note If your VS1 system uses the Port Expansion Unit Model 250, you do not need a separate
cut-over box. Cut-over functionality is built into the PEU Model 250.

Note  When installing a new system, Telecor recommends that the Cut-Over Box cable
connections are made after the system has been installed, the software configured, and
all stations have been tested and verified. This aids in determining which stations will be
connected to the Cut-Over Box.

Cut-Over Box

Hardware Specifications

Dimensions (WxHxD): 5.75" x 9.75" x 3.7"

Weight: 5.5 1bs.

Power Requirement: 12 Vdc provided by included 120 VAC adapter
Temperature: 4°-38° C operational

Humidity: 5%-95% non-condensing

Adapter Specifications: RJ-11

Standards Compliance: FCC Part 15; UL1459
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Host Adapter Cards

A Host Adapter Card is used to connect PEUs to the TVS. Each TVS comes with one 32-port Host
Adapter Card installed, meaning that it can support two 16-port PEUs. Additional Host Adapter
Cards can be installed in the TVS to increase the port capacity of the phone system.

Aside from the 32-port model Host Adapter Card, Telecor offers a 64-port model. The 64-port Host
Adapter Card supports four PEUs, giving you 16 ports per PEU for a total of 64 ports. Installing
three 64-port Host Adapter Cards expands the number of ports to 192.

64-Port Host

Adapter Card
Hardware Specifications
Dimensions: 13.5" x 4"

Weight:
32-Port Host Adapter Card: 9 oz.
64-Port Host Adapter Card: 10.3 oz.

Power Requirement: + 5 Vdc from ISA Bus

Adapter Specifications:
32-Port Host Adapter Card: One DB-26 Connector
64-Port Host Adapter Card: Two DB-26 Connectors

Architecture: 8-Bit Industry Standard Architecture (ISA)
Standards Compliance: FCC Part 15; UL1459
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Caller ID Option Module

The Caller ID Option Module permits Caller ID (provided by local phone company) to work on the
Telecor VS1 phone system. The Caller ID Option Module requires Voice Server Software Version
2.7 or later. The Caller ID Option Module is installed inside a Port Expansion Unit Model 200 (PV-
PEU-200) or Port Expansion Unit Model 205 (PV-PEU-205). The Caller ID module is not used
with the Port Expansion Unit Model 250 (PV-PEU-250). The Model 250 contains integrated Caller
ID circuitry on all 16 ports.

The Caller ID
Option Module

Hardware Specifications

Dimensions: 7.25" x 2.5"

Weight: 3 oz.

Power Requirements: +5 Vdc and -5 Vdc, supplied by the PEU
Standards Compliance: FCC Part 68, UL1950

Adapter Specifications: 50-pin header connector

Architecture: Two-layer PCB
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10Base-T Network Interface Card

Installing a 10Base-T Network Interface Card enables Station Message Detail Recording (SMDR)
data to be written a network server. The 10Base-T Network Interface Card must be installed in the
Telecor Voice Server (TVS) if you want to log on to a Novell® network or an NT 4.0 server running
File and Print Services for Netware (FPNW).

10Base-T Network
Interface Card

Hardware Specifications

Dimensions: 6.25" x 2.75"

Weight: 3.5 oz.

Power Requirement: + 5 Vdc from ISA Bus

Adapter Specifications: RJ-45 connector

Architecture: 16- Bit Industry Standard Architecture (ISA) bus
Standards Compliance: FCC Part 15 Class A

Compatibility: Novell® NE2000
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T1 Interface Card

T1 is a digital transmission link with the capacity of 1.544 Megabits per second (Mbps). T1 uses
two pairs of normal twisted wires, and can normally handle 24 simultaneous voice conversations.
The T1 Interface Card is installed inside the TVS and supports 24 T1 channels. The T1 Interface
Card supports E&M, DID, DNIS, ANI, Ground Start, and Loop Start. A maximum of two Tl
Interface Cards can be installed in the TVS. The following table shows the number of T1 channels
and Analog CO lines that can be configured for each T1 card installed in the TVS.

Number of T1  T1 channels Maximum Maximum Maximum
Cards # of PEUs Analog CO lines Total Ports

0 0 12 96 192

1 24 10 72 184

2 48 8 48 176

T1 Interface Card

Hardware Specifications

Dimensions: 13.5" x 4"

Weight: 10 oz.

Power Requirement: +5 Vdc from ISA Bus

Adapter Specifications: RJ-48

Architecture: 8-bit Industry Standard Architecture (ISA)
Standards Compliance: FCC Part 15; UL1459
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TVS VGA Video Card

The Telecor Voice Server (TVS) Model 200 includes a built-in VGA video card.

Note  Even if you do not plan to connect a monitor to the system, the video card is required for

operation and must remain installed.

VGA
Video Card

Hardware Specifications

Dimensions: 6.25" x 3.75"

Weight: 3.2 oz.

Power Requirement: +5 Vdc from ISA Bus

Adapter Specifications: DB15 connector

Architecture: 16-Bit Industry Standard Architecture (ISA)
Standards Compliance: FCC Part 15

VSI1 Installation, Configuration & Operating Guide
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SC200 Switch Card

Each TVS comes with a preinstalled Switch Card, identified by its 15-pin connector labeled Cable
A. The primary functions of the Switch Card are to support call switching, zone paging, external
music on-hold sources, relay contacts, and the voice channels. It has a connection for an external fan
with a fan fault monitor. In addition it provides for monitoring of the case temperature. The switch
card is also responsible for processing system resets.

SC200 Switch Card

Hardware Specifications

Dimensions: 13.5" x 4"

Weight: 9 oz (258 grams)

Power Requirement: + 5 Vdc and (+12 Vdc from ISA Bus if external fan is connected)
Adapter Specifications: DB15 connector

Architecture: 16-Bit Industry Standard Architecture (ISA)

Standards Compliance: FCC Part 15; UL1459
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Computer Telephony Interface Module (CTIM)

The Computer Telephony Interface Module (CTIM) provides a digital interface to the VS1 phone
system for the Telecor Attendant and Connect applications. The CTIM is an external device with a
headset jack intended for use only with the VS1 phone system.

CTIM

Hardware Specifications

Dimensions: 2.6" x 2.6" x 1.1"

Weight: 2.8 oz.

Power Requirements: Powered by PEU
Temperature: 10°-50° C operational
Humidity: 5%-95% non-condensing operational

Adapter Specifications: DB-9 Serial Port; RJ-11 Line; RJ-22 Headset
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PC Option Module (PCOM)

The PC Option Module (PCOM) provides an externally connected serial interface to a computer for
data sent by the Telecor Voice Server (TVS). The PCOM is used with the Telecor Connect CTI
client application. By installing a PCOM, Telecor Connect users can use their computer screen for
call processing and keep the phone on their desk. Keeping a phone on the desk also allows calls to
be received when the computer is turned off.

PC Option Module
(PCOM)
(cable not pictured)

Hardware Specifications

Dimensions: 3.25" x 2.5"

Weight: 3 oz.

Power Requirements: Powered by PEU
Temperature: 10°-50° C operational
Humidity: 5%-95% non-condensing operational

Adapter Specifications: RJ-11 connectors and one DB25 connector
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ACD Status Board

ACD Status Board
and ACD Status

Phone

The ACD Status Board provides a display of selected ACD groups and their status. The ACD Status
Board can be hung on a wall or placed on a solid surface at eye-level for easy viewing. The ACD
Status Board allows supervisors to monitor the progress of calls through the ACD and make
necessary changes quickly to ACDs requiring additional agents. The ACD Status Board can be
customized to display a single ACD group, scroll through all active ACD groups, or display no
ACD groups.

Installation and setup of the ACD Status Board is quick and straightforward. No additional hardware
or software needs to be installed on the Telecor Voice Server (TVS) or the Port Expansion Unit
(PEU). The ACD Status Board is connected to the VS1 business telephone system through the ACD
Status Phone. The ACD Status Phone is functionally identical to the Display Phone Model 200
(DP200), except that the display is customized to monitor ACD status. The ACD Status Board
serves as an external monitoring display of the ACD Status Phone.

The ACD Status Board Option Kit includes the ACD Status Phone and an ACD Status Board
connection cable. The ACD Status Board itself must be purchased from Spectrum, the Board’s
manufacturer, or from a Spectrum dealer.

ACD Status Board Manufacturer

Product Number: DAS-1512R1

Spectrum

10048 Easthaven Blvd.

Houston, TX 77075

800.392.5050

Please contact Spectrum or a Spectrum authorized dealer, to purchase the Board. This product is not
available from Telecor Inc.
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Front view of
PEU 250

HARDWARE CONFIGURATION & INSTALLATION

This section contains instructions and figures to configure and install the VS1 phone system
hardware.

The Telecor VS1 telephone system can be either rack mounted or wall mounted. Each PEU comes
with brackets for a wall mount and rack mount setup. Mounting hardware for other components is

ordered depending if a wall mount or rack mount setup is used. Prior to mounting the equipment, the
PEUs must first be considered to support CO Lines or Station Extensions.

Configuring the PEU 250

The Model 250 PEU has 16 ports, each of which can be configured as a CO or Station port. It is
recommended that the PEU 250 serve as the first PEU on the system, as it is labeled with ports 1 to
16. Ports are addressed sequentially by the TVS. When configuring more than one PEU, verify that
each port is correctly identified before changing switch settings.
To configure the PEU 250:
1. Use the pushbutton switches next to each port jack to set the port as a CO Line or Extension.

e (CO Line = button in

e Extension = button out

Note: If your current software version is prior to 2.9, only the first eight ports on the PEU Model
250 are configurable as CO lines.

Note: In order for Caller ID to work on Ports 1 - 8, Port 1 must be set as a CO Port. In order for
Caller ID to work on Ports 9 — 16, Port 9 must be set as a CO Port.

telecor

ooooooon 10.0.0.40.50.50.70.0.
B e asbassss  [MoMo Mo Mo Mo Mo Mo Mo,

Port Expansion Unit Model 250

L. EXTENSION
_o COLINE

Cut-Over Functioning on the PEU 250

The PEU 250 provides power failure cut-over functioning for up to four analog CO lines by routing
the CO lines directly to station sets on the VSI1 telephone system. A Port from 1 through 4
configured as a CO Line will cut over to an associated Port from 5 through 8, respectively, if
configured as an Extension.

Port configured as Cuts over to Port if configured as
CO Line Extension
1 5
2 6
3 7
4 8
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Configuring the PEU 205 and 200

Each PEU 205 and PEU 200 has 16 ports. Ports 1-8 can be configured as either CO lines or stations.
Ports 9—-16 are for stations only. Ports are addressed sequentially by the TVS. When configuring
more than one PEU, verify that each port is correctly identified before changing switch settings. It is

recommended that the PEU 205 serve as the first PEU on the system.
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17-32 (front view)
To configure the PEU 205 or PEU 200:
1. Attach the correct PEU labels between the RJ-11 jacks on the front of each PEU. Label the first
PEU with ports 1-16 and the second PEU with ports 17-32, and so on. It is recommended that
the PEU 205 serve as the first PEU on the system.

2.  Remove the top panel on the PEU.

WARNING! Do not remove the smaller (top) panel, which covers the power supply. The power
supply area contains hazardous voltages and has no adjustable settings.

3. Locate the station/CO jumper sets for Port 1. There are eight blocks of pins. Each contains
black blocks for analog, blue blocks for digital, and red blocks for remote power.

e Ports 1-8 have both station and CO jumper sets.

e Ports 1-4 are preset as CO ports and Ports 5-8 are set as station ports. Up to four
additional CO ports can be configured by repositioning the jumpers on Ports 5-8.

e Ports 9-16 do not have jumpers.
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Analog (black)

Digital (blue)

Remote Power (red

ioh aeh 06t

My Ty

Port 1 jumper settings

O

Jumpers inside <Q
the PEU

/

FRONT

4. Set the jumpers for Port 1 based on the diagram below. Move all jumpers to the left side for a
station. Move all Analog (black) and Remote Power (red) jumpers to the right side for CO
ports, and set the digital (blue) jumpers based on having Internal Caller ID or External Caller

1D.
COw/o CID
CO w/Internal CID  CO w/EXternal CID Station
EXT| CcO EXT| CcO EXT| CcoO
x] e[@ @ [ee]e
Analog oo o] o[e o] [0 e]e
large Black jumper
block + Black 2- N N @ ®]®
jumper block
LIl K ] LI X ) LN 2 J
LIL X J LJL X ) L X [ ]
LIL X J oo ® L X [ ]
LIL K J L0 X J L X [ J
oloe oleoe X0
(x ole o o ole
Digital Lo @ ele o ele
Blue 2-jumper block o0 9] [0 o]e [oe]e
Remote Pwr e[ 9] LJCK )| (o eje
Red 2-jumper block [Jox] (x| o eje
To Phone Jack To Phone Jack To Phone Jack
Jumper Settings O (V) (V)

5. Repeat Steps 3 and 4 to set the jumpers for Ports 2—8.

6. When finished, replace the panel on the PEU.

7. Repeat Steps 1-6 for additional PEUs.
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Rack Mount Setup

The Phone Cut-Over Boxes are located at the top of the rack. The PEU-250 or 205 is located
directly below the Cut-Over Box, followed by the PEU-200 units. The CO lines from the Telco
Demarc terminate onto the Cut-Over Boxes. Connections are then made with RJ11 patchcords from
the Cut-Over Box to the CO Ports on the PEU-250 or PEU 205 (see “Connecting the Cut-Over
Box,” page 33). If your installation does not include Cut-Over Boxes, then simply connect the CO
lines to the designated CO ports on the PEU 250 or PEU 205.

Station field wiring and Telco Demarc lines are terminated onto TM-16X3 or TM-8X3 terminal

blocks (see “Terminal Blocks,” page 25). The terminal blocks may be located on the equipment
rack.
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The TVS is located at the bottom portion of the rack and conveniently mounts into a PVS-RMK
Rack Mount Shelf. The TVS must be located no more than three feet away from the PEU-250 or
PEU 200.

Wall Mount Setup

The Phone Cut-Over Boxes are located adjacent to the incoming Telco Demarc lines, which
terminate onto the Cut-Over Boxes. Connections are then made with modular patchcords from the
Cut-Over Box to the CO Ports on the PEU-250 or PEU 205 (see “Connecting the Cut Over Box,”
page 33). If your installation does not include Cut-Over Boxes, then simply connect the CO Lines to
the designated CO ports on the PEU-250 or PEU 205.

Station field wiring and Telco Demarc lines are terminated onto TM-16X3 or TM-8X3 terminal
blocks (see “Terminal Blocks,” page 25). Telecor recommends that the terminal blocks be arranged
in an orderly manner on a plywood sheet mounted onto the wall. DO NOT MOUNT ANY
EQUIPMENT DIRECTLY ON DRYWALL SURFACES. Wiring channels should be used to
neatly house all the field wiring.

The TVS must be located no more than three feet away from the PEU-250 or PEU-205.

Field Wiring

\\ Incoming Telco

m/ Demarc Lines

———— TM-16X3 Terminal Block
for Telco Demarc Lines

TM-16X3 Terminal Blocks for
V81 Station Equipment

R\
Cut Over L Wiring Channels
W Box
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PEU Wiring Requirements

Each port on the PEU supplies remote power to display phones, and requires the use of 3-pair
wiring to connect the station to the PEU. For all other extensions, the PEU requires 2-pair wiring.

All ports are universal, enabling you to use any station option.

USOC is the wiring standard that should be followed for installing the VS1 phone system. Wiring
should adhere to the color code for USOC 6 conductor telecommunication lines as shown in the

diagram below.
Pair 3
Pair 2
Pair 1
+ + -
Tip & Ring ‘
designations—f— T T R T
I 1 [ |
Jack pin number 1 2 3 4
designations
USOC wiring

O ] ——— |

Terminal Blocks

Cable Jack
White w/ blue stripe Green
Blue w/ white stripe Red
White w/ orange stripe Black
Orange w/ white stripe Yellow
White w/ green stripe White
Green w/ white stripe Blue
Pair Signal

Pair 1 Analog/Voice

Pair 2 Digital

Pair 3 Remote Power

The Prewired 66 Blocks with Modular Telephone Jacks should be used for interconnection between
the RJ11 jacks of the PEUs and the station field wiring and Telco Demarc lines. Each CO or station
line from the terminal block is connected to the corresponding CO or station port on the PEU with
an RJ11 patchcord. Two versions of termination blocks are available:

e TM-8X3 contains 8 RJ11 telephone jacks for connection of 8 stations or CO lines. Only one
side of the termination block is used. The other side is unconnected and can be used for cross

connects.

e TM-16X3 contains 16 RJ11 telephone jacks for connection of 16 stations or CO lines. Both
sides of the termination block are used. This conveniently corresponds with a 16-port PEU.

Terminal Block
Wiring

AABHHHEREH
AABBHHERM
AABAHAERA

HOCOOON
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Connecting the Telecor Voice Server (TVS)

TVS to PEU 250

The diagram shows the correct port for each cable on the TVS and PEU 250. To connect the TVS
to the first PEU 250, complete the following steps.

1. Plug one end of the 26-pin data cable in the Host Adapter port on the TVS; plug the other end
of the 26-pin data cable in the Host Adapter port on the PEU.

2. Plug the Power cord into the TVS, and then connect it to a power strip.

e  The Power LED on the PEU 250 is lit green to indicate that the power is on.
e The Status LED on the PEU 250 is lit green to indicate that the PEU is connected to the

TVS.
3. Plug in a keyboard and VGA monitor. This is required to create an emergency boot floppy
(page 47).
~ ~
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Plug in the Power Cord
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26 Hardware



TVS to PEU 205

The diagram below shows the correct port for each cable on the TVS and PEU 205. To connect the
TVS to the PEU 205, complete the following steps.

1. Plug one end of the 15-pin cable in the Cable A jack on the TVS; plug the other end of the 15-
pin cable in the Cable A jack on the PEU.

2. Plug one end of the 26-pin data cable in the Host Adapter port on the TVS; plug the other end
of the 26-pin data cable in the Host Adapter port on the PEU.

3. Plug the Power cord into the TVS, and then connect it to a powerstrip.

4. Plug in a keyboard and VGA monitor. This is required to create an emergency boot floppy

(page 47).
e ~\
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VSI1 Installation, Configuration & Operating Guide 27



Installing Additional PEUs

Up to 11 additional PEUs can be added to your VS1 phone system to increase the number of
available ports to 192. An additional PEU can be daisy-chained off the first PEU. The first PEU
(odd numbered) is always connected directly to the Host Adapter Card inside the TVS, and the
second PEU (even numbered) is daisy chained from the first PEU. To add more than two PEUs, you
must install additional Host Adapter Cards. For information on installing a Host Adapter Card, see
“Installing a Host Adapter Card,” page 35.

To daisy chain a second PEU off the first PEU, complete the following steps:

1. Connect PEU 1 to the Host Adapter port on the TVS, as described on page 26.
2. Plug a 26-pin data cable in the To Additional PEU port of PEU 1.

3. Plug the other end of the 26-pin data cable in the Host Adapter port on PEU 2.

To Host Adapter Port
on the TVS —

Side
View
Side

View

o

™
ke o aeo
EERE TR

Daisy-chaining a
second PEU from
the first PEU

If you want to add a third PEU, install an additional Host Adapter Card in the TVS, and then
connect the third PEU to the second Host Adapter port on the TVS. Odd-numbered PEUs (PEU 1, 3,
5,7,9, 11) must always be connected to a Host Adapter card in the TVS, and even-numbered PEUs
(PEU 2, 4, 6, 8, 10, 12) are daisy-chained off the odd-numbered PEUs.
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External Contacts — PEU 205

The Port Expansion Unit Model 205 has six external contacts including two zone pager outputs, two
music source inputs, and two dry contact relays. The following pages explain how to set up each of
the external contacts.

)
b
o] + - [9]
% :::: % [—— Zone Pager Outputs
Sl MUsIC \= )
% ..m,; g F— Music Inputs
Q RELAY 1 E
E RELAY 2 E Relay Outputs
PEU 205 external
contacts

Connecting Zone Pager Outputs on a PEU 205

The Zone Pager contacts enable you to connect overhead paging systems to the
VSI1 phone system. It provides a 600 ohm, low-impedance signal. To connect an overhead paging
system to the Telecor VS1 phone system, complete the following steps.

1. Connect a cable (with spade connectors or bare wire) to the “Input” jacks on the paging
equipment. The Model 205 accepts spade connectors, number 6 stud, or bare wire. Use 24-
gauge wire or larger.

2. Match the negative and positive connectors to the correct jacks on the Model 205.

3. Use a phone connected to the Telecor VS1 phone system to make a test announcement and then
adjust the volume level on the paging equipment as necessary.

Connecting Music Inputs on a PEU 205

The music inputs are for audio sources such as radios, music services, tape players, or CD players.
They are used for music on-hold and promotions on-hold. Each CO port can be configured for a
specific music source. CO ports can also be configured to play digital recordings stored on the TVS
hard drive. The music inputs on the Model 205 accept 600 ohm, low-impedance signals. To connect
a device to the music inputs on the VS1 phone system, complete the following steps:

1. Use a spade connector, number 6 stud, or bare wire to connect the device to the music source
input on the Model 205. Use 24-gauge wire or larger.

e The cable must be connected to the “Output” jacks on the music source.
2. Connect the ground wire to the negative input terminal on the PEU 205, and then connect the

insulated wire to the positive input terminal on the PEU 205. Contact Telecor Technical
Support for more information.
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Connecting Relay Outputs on a PEU 205

The dry contact relays can be used to attach devices such as electronic door locks, sirens or buzzers.
These devices are controlled by dialing a DTMF code from any station. Follow these general
guidelines when connecting devices to the dry contact relays.

e Each relay output is normally open and completely isolated from the VS1 phone system and
from ground.

e The maximum open circuit voltage for either contact is 24 volts AC or DC. The maximum
current switched by either contact is 0.5 amps.

Installing the Dry Contact Unit Model 100
To connect the TVS to the DCU, complete the following steps.
1. Plug one end of the 15-pin cable in the Cable A jack on the TVS.

3. Plug the other end of the 15-pin cable in the Cable A jack on the PEU.
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External Contacts — Dry Contact Unit Model 100

The Dry Contact Unit Model 100 has six external contacts including two zone pager outputs, two
music source inputs, and two dry contact relays. The following pages explain how to set up each of
the external contacts.
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Connecting Zone Pager Outputs on a DCU

The Zone Pager contacts enable you to connect overhead paging systems to the VS1 phone system.
It provides a 600 ohm, low-impedance signal.

To connect an overhead paging system to the VS1 phone system, complete the following steps.

1. Connect a cable (with spade connectors or bare wire) to the “Input” jacks on the paging
equipment. The DCU accepts spade connectors, number 6 stud, or bare wire. Use
24-gauge wire or larger.

2. Match the negative and positive connectors to the correct jacks on the DCU.

3. Use a phone connected to the Telecor VS1 phone system to make a test announcement and then
adjust the volume level on the paging equipment as necessary.

Connecting Music Inputs on a DCU

The music inputs are for audio sources such as radios, music services, tape players, or CD players.
They are used for music on-hold and promotions on-hold. Each CO port can be configured for a
specific music source. CO ports are also configurable to play digital recordings stored on the TVS
hard drive. The music inputs on the DCU accept 600 ohm, low-impedance signals.

To connect a device to the music inputs on the VS1 phone system, complete the following steps:

1. Use a spade connector, number 6 stud, or bare wire to connect the device to the music source
input on the DCU. Use 24-gauge wire or larger.

e  The cable must be connected to the “Output” jacks on the music source.

2. Connect the ground wire to the negative input terminal on the DCU, and then connect the
insulated wire to the positive input terminal on the DCU. Contact Telecor Technical Support for
more information.

Connecting Relay Outputs on a DCU

The dry contact relays are used to attach devices such as electronic door locks, sirens, or buzzers.
These devices are controlled by dialing a DTMF code from any station. Follow these general
guidelines when connecting devices to the dry contact relays.

e Each relay output is normally open and completely isolated from the VS1 phone system
and from ground.
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The maximum open circuit voltage for either contact is 24 volts AC or DC. The
maximum current switched by either contact is 0.5 amps.

Installation Checklist

a

a
a
a

O

Configure each PEU by setting the jumper settings for each port.
Mount the PEU to the wall or in the 7' x 19" rack.
Use the cables to connect the TVS to the first PEU, and then mount the TVS.

Connect additional PEUs by installing additional Host Adapter Cards and then daisy
chaining them from the first PEU.

Connect external contacts
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Connecting the Cut-Over Box

When installing a new system, Telecor recommends that the Cut-Over Box cable connections are
made after the system has been installed, the software configured, and all stations have been tested
and verified. This aids in determining which stations will be connected to the Cut-Over Box. To
connect the Cut-Over Box, complete the following steps:

1. Disconnect the RJ-11 cable from the first CO port on the PEU, and then plug it into Port 1 (To
Phone Company) on the Cut-Over Box.
2. Use a second RJ-11 Cable to connect the first CO port on the PEU to Port 2 (To CO Port) on
the Cut-Over Box.
3. Disconnect the RJ-11 cable from the first Station port on the PEU, and then plug it in to Port 4
(To Phone) on the Cut-Over Box.
4. Use a third RJ-11 cable to connect the first Station port on the PEU to Port 3 (To Extension
Port) on the Cut-Over Box.
5. Repeat Steps 1-4 for each CO line by using each row on the Cut-Over Box.
Front View
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Testing the Cut-Over Box

After all connections are made, test the Cut-Over Box by turning the switch on the bottom of the
Cut-Over Box to the Off position. The power indicator turns off. When the Cut-Over Box is off,
calls coming in on a CO line route directly to the corresponding extension.

Note  Turning off the Cut-Over Box terminates existing phone calls on the CO lines connected to
it. Other lines are not affected.

Note If a power outage occurs, the Cut-Over Box automatically switches the connected CO
lines to their dedicated extensions.

Cut-Over Box Checklist
a Mount the Cut-Over Box in the rack or to the wall.
u Disconnect the RJ-11 cable from the first CO port on the PEU, and then connect it to Port

1 on the Cut-Over Box.

a Connect the first CO port on the PEU to Port 2 on the Cut-Over Box.

a Disconnect the RJ-11 cable from the first station port on the PEU, and then plug it into
Port 4 on the Cut-Over Box.

d Connect the first station port on the PEU to Port 3 on the Cut-Over Box.

d Connect additional CO ports to the other rows on the Cut-Over Box.

d Turn off the Cut-Over Box to test it
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Installing a Host Adapter Card

Each TVS comes with one 32-port Host Adapter Card installed. Additional Host Adapter Cards
(either 32-port or 64-port models) are inserted into any unused ISA slot. Installing three 64-port
Host Adapter Cards expands the number of ports to 192. An Internal PCM Bus connector is attached

to the top of the Host Adapter Card, and is attached to any additional Host Adapter Cards already
installed in the TVS.

Each Host Adapter Card has switches that must be set to tell it which port numbers to support. A
switch settings table is printed on the Host Adapter Card for reference during installation.

Note Each Host Adapter Card has a unique Serial Number. The TVS uses the Serial Number of
the first Host Adapter Card ( ports 1-32) as the System ID Number. The System ID
Number is used to authenticate Activation Keys for that particular TVS. Replacing the Host
Adapter Card configured for ports 1-32 requires new Activation Keys for that TVS.

PCM Bus connector
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To install a Host Adapter Card in the TVS, complete the following steps:

1. Set the port switches on the Host Adapter Card to correspond with the PEU ports it is going to

support. Use the following table, or refer to the one printed on the Host Adapter Card. 64-port
Host Adapter Cards have two switch blocks to set.
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Set to Ports SW1 SW2 SW3 sSw4

1-32 ON ON ON OFF
33-64 OFF ON ON OFF
65-96 ON OFF ON OFF
97-128 OFF OFF ON OFF
129-160 ON ON OFF OFF
161-192 OFF ON OFF OFF

Note Each Host Adapter Card must be configured for the range of ports it will support. Do not
configure two Host Adapter Cards for the same range of ports, or the system will not work.

2. Disconnect the CO lines from the PEU, and then turn off the system and unplug it. Disconnect
the Host Adapter Cable. Remove the TVS cover, and then lay the TVS on its side with the front
facing forward.

3. Locate an available ISA slot, and then remove its slot cover from the back of the TVS case.

4. Insert the Host Adapter Card into the selected ISA slot, and then secure it with the screw from
the slot cover.

5. Connect the new Host Adapter Card to the PCM Bus connector cable already attached to the
first Host Adapter Card and the Switch Card.

PCM Bus connector cable
=L
2 T 3
Original Host __| T
Adapter Card
New Host @ |
Adapter Card
PCM Bus ribbon
connection

6. Replace the TVS cover, plug in the system, and then turn the power on. Reconnect the CO lines
to the PEU.

After installing a Host Adapter Card, you can connect additional PEUs to your Telecor VS1 phone
system. For more information, see “Installing Additional PEUs,” page 28.
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Host Adapter Cards Checklist

Set the port switches on the Host Adapter Card.

Disconnect CO lines from the PEU, turn off the system, and then remove the TVS cover.
Locate an available ISA slot, and then remove its slot cover.

Install the Host Adapter Card in the TVS.

Connect the Host Adapter Card to the PCM Bus cable in the TVS.

O 000D DO

Replace the TVS cover and reconnect the Host Adapter cable. Plug in and turn on the
system, and then reconnect CO lines to the PEU.

Connect additional PEUs to the TVS.

(W]
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Installing the Caller ID Option Module

The Caller ID Option Module is installed inside a Port Expansion Unit Model 200 (PV-PEU-200) or
Port Expansion Unit Model 205 (PV-PEU-205), serial number 40,000 and above. The Caller ID
module is not used with the Port Expansion Unit Model 250 (PV-PEU-250) as it contains integrated
Caller ID circuitry on all 16 ports. If you want to set up Caller ID on CO lines connected to
additional PEUs, you must install additional Caller ID Option Modules in those PEUs.

To install the Caller ID Option Module inside a PEU, complete the following steps:

Warning! Before installing the Caller ID Option Module, first touch the metal case of the PEU to
discharge any static electricity. Static electricity can damage the Caller ID Option Module
and your system.

1. Disconnect the CO lines from the PEU, and then turn off the system. Unplug the PEU and
remove its cover.

2. Find the two male standoffs in the PEU. They are located on either side of the 50-pin connector.

& - Male standoffs Caller ID Option
- —Module Connector

o

Male Standoffs
in the PEU ® & o o)

Note Some PEUs have female standoffs instead of male standoffs. To install the Caller ID
Option Module on a PEU with female standoffs, place the holes on the Module over the
female standoffs on the PEU. Use the two screws provided, and place them into the holes
to secure the Caller ID Option Module. If the Module is not properly installed, the holes do
not align and the screws do not fit.

3. Install the Caller ID Option Module with the component side facing down. Align the two holes
on the Module with the male standoffs.

4. Use the two nuts provided, and fasten them onto the standoffs to secure the Caller ID Option
Module. If the Module is not properly installed, the holes do not align, and the nuts do not fit on
the standoffs.
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Warning! |If the Caller ID Option Module is not installed correctly it will damage your equipment.

Improper installation voids the warranty on the Caller ID Option Module and on the PEU
into which it is installed.

Replace the cover on the PEU, and then plug it in.

Reconnect the CO lines.

See “Port Configurations” in the VS1 Editor section for activating Caller ID.

Verifying the Caller ID Option Module

When the Caller ID Module is properly installed and configured, Caller ID numbers are sent to
station option displays. If a CID Error on the station option display is received, the system could not
find the Caller ID Module board. If an N/A error on the station option display is received, the
system could not find the Caller ID service from the phone company. Contact the phone company to
ensure that Caller ID service has been activated.

To verify the Caller ID Option Module:

WARNING
5.
6.
I.
2.
3.
The Polling
Window

Using the Terminal window in the Tel-Site system management application, type 1s at the
TVS Command prompt. This displays a list of all ports and their status.

Press the spaceBAR to open the Polling window in the Line Status window. The first column
represents a device polled and responding correctly; the second column represents a device
polled with no response; the third column represents a device polled with an invalid response.
To restart the counters, type r.

If the Caller ID Module is working, the first CO Line port shows activity in the first column. If
there is activity in the second column, the Caller ID Module is not functioning properly.
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Caller ID Option Module Checklist

Q

O 000O0

Disconnect the CO lines from the PEU, and then unplug it.
Install the Caller ID Option Module in the PEU.

Confirm that Caller ID has been activated by the phone company.
Use the VS1 Editor configuration program to activate Caller ID.
Verify that Caller ID is working.
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10Base-T Network
Interface Card

Installing a 10Base-T Network Interface Card

The 10Base-T Network Interface Card is inserted into any unused 16-bit ISA slot. It has a
preconfigured I/O address of 340 IRQ 11. An RJ-45 connector is provided on the 10Base-T
Network Interface Card for connection to the network.
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To install a 10Base-T Network Interface Card in the TVS, complete the following steps:

1. Disconnect the CO lines from the PEU, and then turn off the system and unplug it. Remove the
TVS cover, and then lay the TVS on its side with the front facing forward.

2. Locate an available 16-bit ISA slot, and then remove its slot cover from the back of the TVS
case.

3. Insert the 10Base-T Network Interface Card into the selected ISA slot, and then secure it with
the screw from the slot cover.

4. Replace the TVS cover, and then connect the RJ-45 cable from the Network to the Connector
on the 10Base-T Network Interface Card.

5. Plug in the system, and then turn the power on. Reconnect the CO lines to the PEU.

Configuring the 10Base-T Network Interface Card

The TVS automatically detects the presence of the 10Base-T Network Interface Card. Complete the
following steps to connect to the network.

Note If your system uses switch card model 100 and a network card configured for use with
IRQ11, the TVS will not detect the 10Base-T Interface card. Call Telecor Technical
Support for assistance.

1. Using the VSI1 Editor configuration program, select the System Configuration 2 pane.
2. Enter the following information in the Network group box:

UserName: Type a valid UserName on the network. The UserName must have a password to work
correctly. The UserNameis a case-sensitive box.

Password: Type a valid password on the server for the user described in the UserName box.
Password is a case-sensitive box.
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Path: Path is the server name, volume, and path that you want the SMDR information written to on
your server. For example, dsam/sys:support configures the network path to the support
directory on the sys volume of the DSAM server.

3. In the Frame group box, set the frame to match the frame type of the network server that you
are logging on to.
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4. Click the Save button in the toolbar to save your changes

See “Station Message Detail Recording (SMDR)” in the Reference section to redirect SMDR files
through a network.

10Base-T Network Interface Card Checklist

a Disconnect the CO lines from the PEU, turn off the system, and then remove the TVS
cover.

a Locate an available 16-bit ISA slot, and then remove its slot cover.

a Install the 10Base-T Network Interface Card in the TVS.

a Replace the TVS cover, and then connect the RJ-45 cable from the Network to the
Connector on the 10Base-T Network Interface Card.

a Plug in and turn on the system, and then reconnect the CO lines to the PEU.

a Use the VS1 Editor configuration program to configure the 10Base-T Network Interface
Card.

a See “Station Message Detail Recording (SMDR)” in the Reference section to redirect

SMDR files through a network.
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T1 Interface Card

Installing a T1 Interface Card

The T1 Interface Card is installed inside the Telecor Voice Server (TVS) and supports 24 T1
channels. A maximum of two T1 Interface Cards can be installed in the TVS. The following table
shows the number of T1 channels and Analog CO lines that can be configured for each T1 card
installed in the TVS.

Number of T1 Maximum Maximum Maximum
Cards T1 channels # of PEUs Analog CO lines Total Ports

0 0 12 96 192

1 24 10 72 184

2 48 8 48 176

The T1 Interface Card is an ISA card and is inserted into any unused ISA slot. The internal bus
connector fits on top of the T1 Interface Card that attaches it to the other Telecor VS1 phone system
cards. The T1 Interface Card has a built-in channel service unit, and no additional Telecor VS1
phone system hardware is required. Switch settings for T1 Interface Cards are different from the
switch settings used for Host Adapter Cards. The first T1 Interface Card (T1 Card 0) must be
installed into the range of ports from 97 to 128. The second T1 Interface Card (T1 Card 1) must be
installed into the range of ports from 65 to 96.

Note If you already have a Host Adapter Card installed and a PEU is configured for Ports
96-128 or Ports 65-96, change the PEU port assignments before configuring the
T1 Interface Card.

PC_:M Bus |Connector _ RJ48C Connection to Network

I -—-‘: ——
R 1711 117113
Switch block

Ordering T1 Service

Before installing a T1 Interface Card, determine what type of service is required on-site, and then
order T1 service from the local phone company. When placing an order, provide the FCC ID
number from the label on the T1 Interface Card. You have the following T1 service options:

¢ DID (Direct Inward Dialing)—reports the number that was dialed by the calling party. A Service
Provider determines the number of digits in the number string and assign a block of numbers to a
DID hunt group. The smallest block is usually 100 numbers. These numbers can be used as direct
dials to extensions, Guest Mailboxes or Voice Mail for an extension.

o ANI (Automatic Number Identification)—reports the number of the calling party. This is
similar to Caller ID on an analog line. However, the only information provided is the number from
which the caller is calling. Name information is not sent by the Service Provider.

¢ DNIS (Dialed Number Identification Service)—reports the number that was dialed by the
calling party. A Service Provider determines the number of digits in the number string
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(minimum=1, maximum=10) and assigns numbers as you want. For example, you may want only
the last four digits of similar numbers in order to differentiate between them. DNIS is typically
only available on inbound 800 service.

Outbound lines may or may not have a phone number assigned. If a phone number is assigned by
the Service Provider, these lines can be used to receive incoming calls.

The T1 Interface Card receives DID or ANI information using MF (Multi-Frequency) or DTMF
(Dual Tone Multi-Frequency) tones. The T1 Interface Card automatically determines if MF or
DTMF is present on a call-by-call basis. Dial pulses are not generated or used by the T1 Interface
Card.

When ordering T1 service, request a framing mode of ESF (Extended Super Frame), but be aware
that many Service Providers supply only D4 framing. ESF provides troubleshooting capabilities that
are not available with D4. If ESF framing mode is available, request B8ZS (Bit Eight Zero
Suppression) line coding. If ESF is not available, AMI (Alternative Mark Inversion) line coding is
usually used.

Installing the T1 Interface Card

To install the T1 Interface Card, complete the following steps:
1. Verify that the switches on the T1 Interface Card are set to the correct positions.

e Switches on the first T1 Interface Card should be set for ports 97—128.

OFF

Switch settings for
T1 Card 0 SW1
Ports 97-128

e Switches on the second T1 Interface Card should be set for ports 65-96.

OFF

Switch settings for
T1 Card 1 SwWi1
Ports 65-96

2. Disconnect the CO lines from the PEU and the Host Adapter cables connecting the TVS to the
PEU. Turn off the TVS, unplug it, and then remove the cover.

3. Locate an available ISA slot, and then unscrew and remove its slot cover from the back of the
TVS case.

4. Insert the T1 Interface Card in the selected ISA slot. Push firmly to set the T1 Interface Card
into the slot and to ensure proper connection, and then secure it with the screw from the slot

cover.

5. Connect the PCM bus cable to the connector at the top of the card.
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6. Replace the TVS cover, and then reconnect the Host Adapter Cables. Turn the system on, and
then reconnect the CO lines.

Cable Installation

After installing the T1 Interface Card, make the cable connection from the Telco Demarc
(T1 repeater) point to the RJ48C jack on the end of the T1 Interface Card. Telecor provides a cable
with connectors. If a longer cable is required, it must be constructed from Category 5 twisted pair
wiring connected to pairs 1 and 2 with an RJ48C connector at each end.
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See “T1 Interface Card Configuration” in the Reference section for setting up the Tl Interface
Card.
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Installing the CTIM

The Computer Telephony Interface Module (CTIM) provides a digital interface to the VS1 phone
system for the Telecor Attendant and Connect applications. The CTIM is an external device with a
headset jack intended for use only with the VS1 phone system. To install the CTIM, complete the
following steps:

1. Close all applications, and then turn off the computer.

2. Connect the female end of a 9-pin serial port cable to an available 9-pin male COM port on the
computer you want to use with the CTIM.

Note If you computer has an available 25-pin COM port, obtain a 25-to-9-pin serial port adapter
and connect that to the 25-pin COM port on the computer.

3. Connect the male end of the 9-pin serial cable to the DB9 female connector on the CTIM.

Note If you are installing the CTIM for use with Telecor Attendant, the DB9 connector on the
CTIM is not used.

4. Connect a four-conductor RJ-11 patch cord from the wall jack to the RJ-11 jack labeled “Line”
on the CTIM.

5. Connect a headset to the RJ-22 jack labeled “Headset” on the CTIM.

6. Set the Ear, Mic and Sidetone volume control jumper settings on the CTIM for the headset or
handset you use. The table below shows the volume settings for Ear and Mic.

7. Set the Sidetone to Hi or Lo, according to user preference. The Sidetone is set to Low by
default.

8. The CTIM installation is complete. Turn the computer on.

CTIM
Computer Telephony Interface Module
Volume E2/M2 E1/M1 EO/MO
1(LO) off off off
2 off off on
3 off on off
4 off on on
5 on off off
6 on off on
Volume settings for 7 on on off
Ear and Mic 8 (HI) on on on
CTIM Checklist
a Turn off the computer
a Locate an available external 9-pin male COM port on the computer, and connect the
female end of a serial cable to it.
d Connect the male end of the serial cable to the female connector on the CTIM.
u Connect an RJ-11 cord from the wall jack to the “Line” jack on the CTIM. Connect a

headset to the RJ-22 “Headset” jack on the CTIM.

U

Set the Ear, Mic, and Sidetone volume control jumper settings on the CTIM.

a Turn the computer on.
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Installing the PC Option Module (PCOM)

The PC Option Module (PCOM) provides an externally connected serial interface to a computer for
data sent by the Telecor Voice Server (TVS). The PCOM is used with the Telecor Connect CTI
client application. By installing a PCOM, Connect users can use their computer screen for call
processing and keep the phone on their desk. Keeping a phone on the desk also allows calls to be
received when the computer is turned off. To install the PCOM, complete the following steps.

1. Close all applications, and then turn off the computer. Locate an available 9-pin or
25-pin serial port on the back of the computer.

2. If there is not an available serial port on the computer, you need to install one.

3. Connect the 9-pin DB9 female connector of the PCOM cable adapter to the 9-pin DB9 male
connector of the computer.

4. Connect the phone line from the station jack to one of the RJ-11 jacks on the PCOM.

5. Connect the phone to the other RJ-11 jack of the PCOM. PCOM installation is complete. Turn
the computer on.

PCOM Checklist

a Turn off the computer

a Locate an available external 9-pin or 25-pin serial port or install one.
a Connect the PCOM to the computer using the 9-pin DBF connectors.
a Connect the phone line and phone to the RJ-11 jacks on the PCOM.

a Turn the computer on.
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CREATING AN EMERGENCY BOOT FLOPPY

An Emergency Boot Floppy must be created to restart the TVS in case of system failure. The disk is
created on-site with a monitor and keyboard connected to the TVS. To create an Emergency Boot
Floppy you need one high-density, write-enabled disk. The procedure takes approximately 15
minutes and must occur during downtime. Complete the following steps:

1. If the server is running with the Command prompt displayed (Command - >), type stop or exit
and then press ENTER on the keyboard.

or

2. If the server is not running and the DOS prompt is displayed (C:\>), press the RESET button
the server.

e  The server restarts.
3. When the VS1 Options menu appears, press 2 to select the VS1 Configuration option.

4. On the VS1 Configuration menu, press 4 to select the Create an Emergency Boot Floppy
option.

5. Insert the high-density, write-enabled disk into Drive A of the TVS, and then press ENTER.
e The TVS formats the disk, then copies the necessary files to it. In addition to copying the
files needed to boot the TVS, a copy of the system configurations is saved to the disk. This
procedure takes several minutes to complete.

6. Remove the disk when prompted. Label the disk and store it in a safe place.

7. Press any key when the process is complete.

Note Voice Mail and SMDR data cannot be saved while the system is operating from an
Emergency Boot Floppy.

8. When the VS1 Configuration menu (or TVS Startup menu) appears, press 0 to restart the
server.
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OVERVIEW OF TEL-SITE

Tel-Site provides remote system access (RSA) to the VS1 phone system. Tel-Site is used for the
following:

Connecting with the customer TVS to upload configuration changes
Downloading and uploading customer TVS files

Performing file maintenance

Diagnosing problems

Setting the date and time on the customer TVS

Setting up T1 parameters (for systems with a T1 card)

This section first introduces the windows that Tel-Site uses and how to set up a new customer site. It
then documents the different connection methods available for connecting to a site. Finally, it
provides basic Tel-Site operating instructions, which cover the following:

1. Connecting to a site.

2. Downloading any changed files from a site.

3. Accessing the VS1 Editor to change site configurations.
4. Uploading files to a site.

5. Reloading Configuration changes.

The Tel-Site application is available for download from the VS1 Dealer Page of the Telecor Web
Site (www.telecor.com). Please visit the page for details on obtaining licensing information and
installing the application.

The Tel-Site application is a Windows"-based program that operates on Microsoft® Windows" 98,
Windows® 2000, and Windows®™ XP operating systems.

To work properly, the modems used for Tel-Site should be 14.4 kilobits per second (Kbps) or faster.
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Tel-Site Windows

Tel-Site includes the following windows:

Connection Window — to connect or disconnect from a site

Configuration Window — to configure a customer site

Explorer Window — to perform discretionary file maintenance

Terminal Window — to provide a snapshot of the real-time dynamics of a site for troubleshooting
purposes.

The following pages include brief descriptions of each window. For further information, see the Tel-
Site Help file.

The Connection Window

The Connection window for Tel-Site appears when the application is first started. After setting up a
customer site profile (see “Setting up a New Site,” page 56), the Connection window is where you
can connect or disconnect from a site. In the Connect to customer site group box there is a
Connect and Disconnect command button.

Once connected, information about the Telecor Voice Server at the site is displayed. This includes
site information, such as the version number of the Voice Server at the site, information about free
space on the hard disk, and activation keys. You can also change the date and time of the Voice
Server.

Help menu

Acme Inc. - Tel-5Site -0l x|

Menu bar File Explorer Terminal Settings ‘Window Help

I:L_FEIIEJ ‘ .I !E] E !zl |E0nnected to cugtomer zite

Connection window

ik

Configuration window . Acnps Ing. |

Explorer window

— Connect tolcustofmer dite — Digk space

Terminal window
[ | am oresite. [Usiqg a dipect fnodém to m Total: 2011 ME
: |

modem conrect

Window Properties ; Free: 1,810 MB

|E0nnected at 28800

Stop
Capture window — : L
— Site information —Activation keps
Time Capture PR warsion fumber. 21 b ACD agents: 10
Clear Capture OHA canalnumbar !num-l 20n00011642 Voice channels: 12
Date and time: l-’-‘«pl 02, 2003 0z:27 FM Attendant Stations: [1
Set Date and Time. Connect Stations: |10

Connection window
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The Configuration Window

The Configuration window is used to perform remote configuration of a customer site. When
connected to a customer site and the Configuration window is opened, Tel-Site scans and displays
any TVS files that have changed since the last remote activity. It can then download any updated
files so that your local computer matches the latest customer site configuration. The VS1 Editor
configuration program is then used to configure the files on your local computer. Once configured,
the changes are uploaded to the customer TVS and put into effect.

The Configuration window is also used to configure a T1 Interface Card by clicking T1 Edit. See
“T1 Interface Card Parameter Setup Using Tel-Site” in the Reference section for more
information.

Note  Typically, the Connection window is used to connect to a customer site, but the
Configuration window can be opened prior to connecting to a site to examine the last
downloaded configuration.

Note  The first time you open the Configuration window after upgrading the TVS software, a
dialog box opens indicating an upgrade has occurred. You must download all of the
Configuration files so they correspond with the latest VS1 software version.

Acme Inc. - Tel-S5ite _ O] =]

File Esplorer Temminal Seftings  Window Help

E&I% |E._| |.| ﬁlﬂlﬂl |N0tconnected
| |

— 1. Download changed files from customer site

I j Wevrlead v |

— & Configure the filez on your local computer

[ze WS Editaror T1 Edit to change
the configuration.

A 11Edt |

— 3. Upload your changes to the customer site

j | plead H o |

—d. Put changes into effect

Have the customer gite PEX reload the Feload Changes... |
configuration files vou changed. —

Configuration
window i
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The Explorer Window

The Explorer window is designed to perform discretionary file maintenance. It can be used to
upload and download files that are not automatically handled by the Configuration window.

The Tel-Site application keeps track of all changes made to the customer TVS files within the
Explorer window. The Explorer window does not keep track of changes made in the Connection
window or the Terminal window. The status panel at the bottom of the Explorer window shows
the amount of free disk space available on the TVS.

‘The Explorer window design is similar to the Windows"™ Explorer® and many of the features are
the same. However, you cannot place or delete files in the Recycle Bin. In addition, the Tel-Site
application considers certain folders and files on the customer TVS as critical to operation. These
critical files and folders cannot be deleted.

WARNING! Because you can upload any file to the TVS, there is a risk of uploading a damaged or
incompatible file if you do not have a complete knowledge of the files required for TVS
operation. Uploading a damaged or incompatible file can be as bad as deleting the file.

WARNING
RI=TE
File Explorer Terminal Settings ‘Window Help
E‘!l% I EI | ) | X% | | El }(l [Connected to customer site
Explorer window —|-ﬁrH-F:rItIE|'s—| | Contents of 'Remote Files'
toolbar butt
cotbarbution - t ame I Size I Type I todified I
- Drdos Autoexec KB BAT £/28/02 02:11 PM
=1 Ops Boot KB LST 1/7/93 07:03 &M
{1 Caputure Command BEKE COM 1/7/99 07.03 &M
g gfgf f Config KB SYS 1/21/03 04:02 PM
EICD Drdos BKE 386 1/7/99 07:03 &M
% S' Ibmbia 25KE COM 1/7/99 07.03 &M
= e Ibmbio KB LDR 7/15/02 03:24 5M
0 va Ibmdas FIKE  COM 1/7/93 07-03 &M
503 v Loader BKE SvS 7/15/02 09:24 &M
oo Security SKE EIM 1/7/93 07-03 &M
.27 Dbn Setup ZEKE  LOG 3/21/0312:23 PM
.2 0gm Tcarcam! KB SYS £/28/02 02:11 PM
] Vm Tcorcom? 10KE  5Y5 £/28/02 02:11 PM
-2 Si Tcorcom3 KB SVS £/28/02 02:11 PM
w-C V210 Time KB LOG E/3/03 01:29 PM
-3 Local Files 4] Widmana IHE SYS £/28/02 02:11 PM
Explorer window 16 objeck(s) [191 kB |PE:: disk Free space: 1,997 ME -
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The Terminal Window

The Terminal window simulates the monitor display of the TVS for troubleshooting a site. It
provides snapshots of the real-time dynamics of a remote phone system. With the Terminal window
you can capture and create a text file of important configuration information from a remote site. For
example, you can capture a T1 setup and create a text file for later reference (if the file does not
exist, it is created automatically).

The toolbar has four buttons used for the Terminal window: Terminal Window, Capture

Window, Timed Capture, and Clear Capture buttons. The latter three buttons appear dimmed, or
unavailable, until the Terminal window is activated.

Terminal window —E

| . | | % | % [ Clear Capture
L

Timed Capture
Capture window

=10l x|

File Explorer Terminal 3Settings ‘Window Help

Terminal window T
toolbar button o [T ] |.| |%|ﬁ| |Eu:unneu:teu:| to customer site

(displaying “line
status”)

t: 3 -
1: C 1
Z: —-—- [0 Line EZ L-Idle
3: —-—-- C0 Line 32 C-Idle
4: —-—-- C0O Line 4 C-Idle
LE: -—- CO Line & C-Idle
&2 —-—- CO0 Line & C-Idle
7 0 RBeceptionist C-Idle
2: 100 Morm Stenger C-TIdle
3: 101 Maxine Marks s_{1r___
10 102 James Keiller s_{1y_
11 299 Joharma Hartman =_{1y__
1z 104 104 Jackie Armstrong = _{1}__ +--»108 President's 0f
13 105 Patricia Banks = {1y ...
1e 108 102 President's Office _ +--=104 Jackie Armstron (0}
17 E0S9 404 &Z7-31E53 C-TIdle
12 E1l0 404 &27-31E4 C-Idle
12 511 404 SE7-31G5 C-Idle
z0 507 404 8E7-4131 C-Idle
zl E13 404 gE7-8119 C-Idle
ZE El4 C-TIdle
23: E1E o-Idle o
=13 Ele 404 gE7-E709 C-TIdle -
Terminal window 4| | 3
v
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Setting up a New Site

To set up a new customer site, complete the following steps:

1.

Site Selection

window

8.

9.

From the File menu, click Site Selection.

e  The Site Selection window appears.

. Site Selection

Master Site List Location: |E \Telecor Sites Change
S

Site Narmne | (e |

New Site |

Edif:Site: |

Elete Gite: |

i~ Site Nam

Site Mame I

Site Number I

By default, Site Selection will store customer sites in the C:\Telecor Sites directory, as
displayed in the Master Site List Location box. To change the Master Site List Location, click
Change and navigate to the directory where sites will be stored.

Click New Site.

e The New Customer Site dialog box appears.

In the Customer Site Name text box, enter a name or description for the customer site.

Click Next.

Leave the Phone Number text box blank. This box will be filled in later when you connect to
the TVS for the first time.

Leave the RSA password text box blank. If the TVS is later assigned a Remote System Access
password, then you will be instructed to fill this box in. See “Remote System Access Password”
on page 78 for more information.

Uncheck the Modem shares a CO line check box.

Click Finish.

10. The Site Selection window appears with the new site listed under the Site Name column.

Notes:

Site information can be changed by clicking Edit Site in the Site Selection window.

The New Customer Site dialog box is available only when you are not connected to a
customer site.
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How Tel-Site Organizes Site Information

Tel-Site makes it easy for you to organize multiple customer sites within a single folder on your
local computer. By default, this folder is C:\Telecor Sites, but you can use a different folder if you
like. The illustration shows three customer sites arranged this way.

== Dnve ¢ [C]
ED Telecor Sites
B3 ACME Rentals
l:l Telecor KC
EII:I wvZ Corp
D Met

The XYZ Corp folder also shows the folders that map to the customer TVS. The Net folder
represents the network drive on the TVS, if present. The Root folder represents the TVS root folder,
and the Ops and Cfg folders map directly to their counterparts on the TVS.

When you set up a new customer site, you should choose a descriptive name for the site. This name
serves both as the site name and the folder name, such as XYZ Corp in the illustration. (If you
choose to keep customer sites on a drive that does not support long file names, you will need to use
a short name for the customer site. You can later change the site name to something more
descriptive if you like.)

Tel-Site does not require that the customer site name and the folder name remain the same. You can

change the site name, and you can rename or even move the site folder. After renaming or moving
the folder, you must open the site in its new location before you can connect to it.

Opening a Site
To open a site, complete the following steps:
1. From the File menu, click Site Selection.
e The Site Selection window appears.
2. Select a site from the Site Name column.
3. Click Open.

e The site opens, with its name displayed in the Connection window.

Acme Inc. - Tel-Site M=IE3

File Explorer  Temminal Settings ‘window Help

Site name displayed
in Connection
window

Acme Inc.
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CONNECTION METHODS

Tel-Site offers various methods for connecting to a TVS. One method is available for connecting to
a site locally (on-site) and three methods are available for connecting to a site remotely (off-site).

e Tel-Site Modem to TVS Modem through two PEU ports (on-site access)
e TVS Modem as an Extension (off-site access)

e Dedicated CO Line to TVS Modem (off-site access)
e TVS Modem Shares a CO Line (off-site access)

Note  The TVS is configured by default to support an on-site connection. This allows for the
initial connection to the server in order to configure it for one of the three remote methods.

Tel-Site Modem to TVS Modem through two PEU ports (on-
site)

The method for the on-site connection is a modem-to-modem connection through two Telecor Port
Expansion Unit (PEU) extension ports.

TVS Configuration
If connecting to the TVS for the first time, the TVS Configuration steps do not need to be followed,
as this configuration is enabled by default. Refer to these steps only if required to revert back to an
on-site connection. The on-site configuration tells the modem when to answer an incoming call and
ensures port 16 is defined as a Modem/Fax Port with extension 599.
1. With the site open, through Tel-Site, click the Configuration window button in the toolbar.
2. Click the VS1 Editor button.

e The VSI1 Editor configuration program opens.

3. Inthe Tree Control display, click System Configuration 2.

4. In the Init String: text box, check that the end of the modem initialization string reads S0=1.
(S0=1 sets the modem to answer on the first ring.) By default, this setting is already in place.
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Modem
initialization string

Modem initialization
string for Tel-Site
Modem to TVS
Modem through two
PEU Extension Ports
connection

EH s

EVS Editor - Acme Inc
File Edit Yiew Help

JS[=1E3

HEG &g aa

Aiclivation Keps

Adapter Setup - Network.
Toll Restrictiors User Name |Manager
Line Poals
Poit Configuration IPEsuE I
Auto Attendants Path I
Command Scripts
Scheduled Events ~Modem Setup———————————————— |~ Page Aleit Tones Dial Tore
Guest Mail Boxes
work Groups Part Bits/Sec " NoTanes & Internal
s * Short Tane W Bl

Least Cost Routing  MNone 2400 ® L e
ACD " Com ((: 500 " Twn Tones
Eln[:ﬂf::;:;gﬂnnms ((: Lon o ;git " Paling

N * Com3 & 57 Page Alert Yolume
DIC R outing + 676k P P
Forced Accounts 5 * Loud €7 Soft
IFU"EU:” Keys Iniit String Monitor Password I,]

— |ATBOEOM<45C150=1 -
Page Zones Ionitar Time |1 5
Program Password
Speed Dial
System Configuration 1
System Configuration 2
MUK 4

Click the Save button in the toolbar.

In the Tree Control display, click Port Configurations.

In each configuration, make sure that the extension port connected to the TVS modem is

configured as a Modem/Fax port with the extension 599 (the extension number 599 is reserved
for a Modem/Fax port). By default, extension port 16 is configured in this manner.

Modem/Fax port —

EVS Editor - Acme Inc
File Edit View Help

IS[=] E3

[H @S & &

Modem/Fax Port
Configuration

RESET
REQUIRED!

Far Help, press F1

Activation Keys
Adapher Setup Configuration | D&Y - New | Copy | Del |

Toll Restrictions
Line Pools Port Nu... | Extension | Description [ Tupe 4] Type I
Pait Canfiguration 14 350 Harriet Barton Standard —
Suto Attendants 15 360 E dwin co\n Standard Fieplicate |
Tommand Sonpts = B A =
Scheduled Events 2l >
Guest Mai Boxes Description ITECh Uss Extension I555 Call Pick Up Group |1—
"Wtk Groups
Least Cost Routing oll Rest Name LCR Line Pool Name  Access Code
'EIEE)DFE i COS |<Defauls ¥| W |<Defauls 7| [cDefauls Roll Over Paort IVM

outing = = X

Conference Rooms o0 =lr It Roll Dver Time ISU
DID Routing to s s r = Riecall Time |.1
Forced Accounts Co 82 =l r i Disa Acct |1—
Function Keys mEe
Loop T s Flash Time [1
Pnnp ZapeS W Auto Page I~ Force Acct Codes

0 S0NEs  None ™ Exec Priv AltoPage Time |1—
Frogram Paszriord & Lines I Disconnect Signal I
Soeed Dial  Fingi 210 AutoPage Zone [1

s Ingind | I~ Can Be Maritored
Syatem Configuration 1
System Configuration 2

[ oM

Click the Save button in the toolbar.

If steps 4 or 7 had to be changed from the default settings, use your current connection method
to upload the new settings to the customer TVS and reload the changes. See “Tel-Site Basic
Operation” on page 76.
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Hardware Setup

Prior to making the necessary hardware changes, ensure the TVS is configured to support the Tel-
Site Modem to TVS Modem through two PEU Ports connection (see page page 58).

The diagram shows an on-site modem-to-modem connection through two PEU ports. A standard
telephone cord from the TVS modem is run to PEU Port 16, which is configured by default as a
Modem/Fax port with the extension number 599. Another telephone cord is run from the Tel-Site
laptop or PC to an unused extension port on the PEU.

Alternatively, the telephone cord from the Tel-Site computer does not need to be directly connected
to the PEU. It can be plugged into the data port of a Telecor DP200 Display Phone, or into a wall
jack of a station extension. The only requirement is that the cord is connected to an extension
somewhere on the system.

NN NN
) ) o) ) G G () J)
7

Extension PEU Port 16 configured as
Port Modem/Fax with Ext 599

)
=
[=]
=]
@
)
=2
=]
=1
)

[T
] )

Tel-Site Modem to Line Line

TVS Modem through

Two PEU Extension \ / \ )
Ports (on-site Modem in Telecor Voice Server
access) technician's PC or laptop Modem
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Tel-Site Setup

The connection between Tel-Site and the PEU extension port is made in much the same way as an

internal call, only a modem is answering instead of a station user. The Tel-Site application needs to

know what extension is going to answer the call.

1. In the Connection window, ensure the I am on-site. (Using a direct modem to modem
connection.) check box is cleared. Although you are on-site, the connection is made through an
extension port on the PEU, not directly to the modem in the TVS.

iz ACME Inc. - Tel-Site

File  Ewxplorer Temminal Settings  ‘window Help

E%ll!l |.| !Ellﬂlﬂl |N0tconnected

[ ACME Inc.

5556676

Ensure this box is

cleared — Connhect to customer site

™ 1 am oresite. [Uzing a direct modem to
modem connection. ]

Connection window

[iscatnest |

— Digk space

Tatal:

Free:

—
—

2. From the File menu, click Site Selection.

e  The Site Selection window appears.

3. Select the site from the Site Name column.

4. Click Edit Site.

o The Connection dialog box appears.

5. If an RSA password is required to enable the Tel-Site modem to communicate with the TVS,

enter it in the RSA password text box. See “Remote System Access (RSA) Password” on page

78 for more information. If connecting for the first time, leave this text box blank

6. In the Phone number text box, enter 599. Extension 599 is the default extension number of
Port 16, which is connected to the TVS modem.

7. Ensure the check box The modem shares a CO line is cleared.
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Connection

~ Site information

Customer site name; IACmE Inc.

BS54 password

— Dialup connection infarmation:

Phone humber: |55IEI

™ The madem shares a CO fine

Initial dislup delay [seconds]: IV

Setup in Connection DIS eptension:

dialog box for Tel- DISA password: I—

Site Modem to TVS

Modem through two

PEU Extension Ports Cancel
connection

8. Click OK to return to the Site Selection window.
9. Click OK to return to the Connection window.

10. See “Tel-Site Basic Operation” on page 76 to:

e Connect to a site
Download files from a site
Change site configurations

Upload files to a site
Reload configuration changes

Tel-Site Modem to TVS Modem through Two PEU Extension Ports

Connection Checklist

Assign an RSA (Remote System Access) password

In the System Configuration 2 pane of the VS1 Editor program, set the modem to

In each configuration, make sure that PEU Port 16 is configured as a Modem/Fax port

Using your current connection method, upload the new configuration settings (only if
changed from default) to the customer TVS and reload the changes.

Connect a standard telephone cord between the line jack of the TVS modem and PEU
In the Tel-Site Connection window, verify that the I am on-site (Using a direct modem

to modem connection.) check box is not selected.

In the Connection dialog box of the Site Selection window, enter an RSA password if

u
answer on the first ring.
u
with the extension 599.
d
u
port 16.
u
d
required.
a

In the Phone Number text box, enter 599. Ensure The modem shares a CO line check
box is cleared.
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TVS Modem as an Extension Connection (off-site access)

The setup for this method is similar to the on-site modem to modem connection through two PEU
extension ports. The difference is that Tel-Site is calling in from a remote site and transferred (either
automatically by an Auto Attendant or manually by a receptionist) to the PEU extension port
connected to the TVS modem.

TVS Configuration

For a TVS Modem as an Extension Connection, the configuration tells the modem when to answer
an incoming call and ensures port 16 is defined as a Modem/Fax Port with extension 599.

ﬂl 1. With the site open through Tel-Site, click the Configuration window button in the toolbar.
2. Click the VS1 Editor button.
e The VSI Editor configuration program opens.
3. Inthe Tree Control display, click System Configuration 2.

4. In the Init String: text box, check that the end of the modem initialization string reads S0=1.
(S0=1 sets the modem to answer on the first ring.) By default, this setting is already in place.

[ 5. Click the Save button in the toolbar.
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File Edit “iew Help
| % E @ | vl =
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Guest Mail Bores
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outing i Com2 . ™ Paling
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Speed Dial
Modem as an Spztem Configuration 1
Extension System Configuration 2
connection HUM 4

6. Inthe Tree Control display, click Port Configurations.

7. In each configuration, make sure that the extension port connected to the TVS modem is
configured as a Modem/Fax port with the extension 599 (the extension number 599 is reserved
for a Modem/Fax port). By default, extension port 16 is configured in this manner.
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= 8. Click the Save button in the toolbar.

9. If step 4 or step 7 had to be changed from the default settings, use your current connection
method (such as the default on-site connection) to upload the new settings to the customer TVS
and reload the changes. See “Tel-Site Basic Operation” on page 76.

RESET
REQUIRED!

Hardware Setup

Prior to making the necessary hardware changes, ensure the TVS is configured to support the TVS
Modem as an Extension connection (see page 63).

The diagram below shows the hardware setup for a modem as an extension connection. A standard
telephone cord is run from the line jack of the TVS modem to PEU port 16 configured as a
Modem/Fax Port with the extension 599.

CO Port

\
SN RN R R AP
i A A I g

PEU Port 16 configured as
ﬁ Modem/Fax with Ext 599
Phone

(M

Line
TVS Modem as an \ /
Extension (off-site Telecor Voice Server
access) Modem
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Tel-Site Setup

For a TVS Modem as an Extension Connection, Tel-Site must be set up so that it can dial the
customer site phone number. If answered by an Auto Attendant, Tel-Site must automatically dial the
extension number 599. If answered by a receptionist, the call must be manually transferred to

extension number 599.

Connection d/alog DISA password: DISA delay (seconds): |5

From the File menu, click Site Selection.

e  The Site Selection window appears.
Select the site from the Site Name column.
Click Edit Site.

e The Connection dialog box appears.

If an RSA password is required to enable the Tel-Site modem to communicate with the TVS,
enter it in the RSA password text box. See “Remote System Access (RSA) Password” on page
78 for more information.

In the Phone number text box, enter the customer site phone number to dial. If the Tel-Site call
is to be answered by an Auto Attendant, enter five or six commas after the phone number and
then the extension number 599. Each comma is used as a 1-second delay in the dialing process
to give the Auto Attendant time to answer before it receives the digits 599. The number of
commas used may vary depending on how long it takes for the Auto Attendant to answer.

If the Tel-Site call is to be answered by a receptionist, you must contact the receptionist
beforehand and let her know that a modem call will be made. Inform her that when she answers
the modem call to please transfer it to extension 599.

In the Dialup connection information group box, ensure The modem shares a CO line check
box is cleared.

Connection

[~ Site infarmation

Customer site name; IACme Inc.

BSA password "

i~ Dialup connection infarmation

Phone number: |55555?5 ,,,,,, 545

™ The madem shares a CO fine

DISA extension: Initial dialup delay [zeconds): |17

box for TVS Modem
as an Extension

connection with Auto
Attendant answering

Cancel

7. Click OK to return to the Site Selection window.

8. Click OK to return to the Connection window.

9. See “Tel-Site Basic Operation” on page 76 to:

e  Connect to a site
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Download files from a site

Change site configurations

Assign an RSA (Remote System Access) password
Upload files to a site

Reload configuration changes

TVS Modem as an Extension Connection Checklist

a In the System Configuration 2 pane of the VS1 Editor program, set the modem to
answer on the first ring.

u In each configuration, make sure that PEU Port 16 is configured as a Modem/Fax port
with the extension 599.

d Using your current connection method, upload the new configuration settings (only if
changed from default) to the customer TVS and reload the changes.

a Connect a standard telephone cord between the line jack of the TVS modem and PEU
Port 16, which is configured by default as a Modem/Fax port.

u In the Connection dialog box of the Site Selection window, enter an RSA password if
required.

Enter a phone number of the CO line plugged into the line jack of the TVS modem.

If an Auto Attendant will answer the Tel-Site call, enter five or six commas after the
phone number and then the extension number 599.

a Ensure The modem shares a CO line check box is cleared.
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Dedicated CO Line to TVS Modem Connection (off-site access)

With this connection method, the Tel-Site application dials the site and waits for the TVS modem to
answer and connect. The advantage of having a dedicated CO line for the TVS modem is the ease of
use and reliability of the connection. The disadvantage is that the CO line cannot be used for
anything other than the TVS modem.

TVS Configuration

For a Dedicated CO to Modem Connection, you must configure the TVS modem to answer the Tel-
Site modem call.

ﬂl 1. With the site open through Tel-Site, click the Configuration window button in the toolbar.
2. Click the VS1 Editor button.
e The VSI Editor configuration program opens.
3. Inthe Tree Control display, click System Configuration 2.

4. In the Init String: text box, check that the end of the modem initialization string reads S0=1.
(S0=1 sets the modem to answer on the first ring.) By default, this setting is already in place.
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= 5. Click the Save button in the toolbar.

RESET 6. If step 4 had to be changed from the default setting, use your current connection method (such
REQUIRED! as the default on-site connection) to upload the new settings to the customer TVS and reload the

changes. See “Tel-Site Basic Operation” on page 76.
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Hardware Setup

Prior to making the necessary hardware changes, ensure the TVS is configured to support the
Dedicated CO Line to TVS Modem connection (see page 67).

The diagram below shows the hardware setup for a dedicated CO line connection. A CO line from
the telephone company demarc is run to the line jack of the TVS modem.

Dedicated CO Line to

]

Q
=2
o

From Telephone
Company Demarc

(7 [ [w

TVS Modem (off-site Telecor Voice Server

access)

Modem

Tel-Site Setup

For a Dedicated CO Line to TVS Modem connection, Tel-Site must be set up so that it can dial the
phone number of the CO line plugged into the line jack of the TVS modem.

1.

6.

From the File menu, click Site Selection.

e The Site Selection window appears.

Select the site from the Site Name column.

Click Edit Site.

e The Connection dialog box appears.

If an RSA password is required to enable the Tel-Site modem to communicate with the TVS,
enter it in the RSA password text box. See “Remote System Access (RSA) Password” on page

78 for more information.

In the Phone number text box, enter the phone number of the CO line plugged into the line
jack of the TVS modem.

Note = When specifying the customer site phone number, you can either specify the number

explicitly (using a 9 to get an outside line, for example) or use Standard Number Format.
See the Tel-Site Help topic Standard Number Format for more information.

In the Dialup connection information group box, ensure The modem shares a CO line check
box is cleared.
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Connection

~ Site information

Customer site name; IACmE Inc.

BSA password. 7

— Dialup connection infarmation:

Phone number: |5555575

™ The madem shares a CO fine

D54 extension: Initial dislup delay [seconds]: IV

Setup in Connection DISA password: I— DISA delay (seconds): |5—
dialog box for

Dedicated CO Line

to TVS Modem Cancel

connection

7. Click OK to return to the Site Selection window.
8. Click OK to return to the Connection window.
9. See “Tel-Site Basic Operation” on page 76 to:

e Connect to a site

e Download files from a site

e  Change site configurations

e Assign an RSA (Remote System Access) password
e  Upload files to a site

e Reload configuration changes

Dedicated CO Line to TVS Modem Connection Checklist

u In the System Configuration 2 pane of the VS1 Editor program, set the modem to
answer on the first ring.

d Using your current connection method, upload the new configuration setting (only if
changed from default) to the customer TVS and reload the changes.

a Connect the CO line from the telephone company demarc to the line jack of the TVS
modem.

a In the Connection dialog box of the Site Selection window, enter an RSA password if
required.

Enter the phone number of the CO line plugged into the line jack of the TVS modem.

Ensure The modem shares a CO line check box is cleared.
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TVS Modem Shares a CO Line Connection (off-site access)

Sharing a CO line for a connection is a common way to access remote sites. This section describes
the TVS configuration required for a successful connection. In addition, you learn why Tel-Site uses
DISA (Direct Inward System Access) accounts and where to enter that information.

Note  The modems used for shared CO connections must support partial dialing. Partial dialing
enables Tel-Site to dial the customer site, delay long enough for the TVS to answer, and
then send a Direct Inward System Access (DISA) logon password to complete the
connection. For more information, see the Modem Properly Installed topic in the Tel-Site
Help menu.

About Direct Inward System Access (DISA)

The TVS Modem Shares a CO Line connection uses DISA (Direct Inward System Access) as part
of its logon to the system. DISA is a way to gain access to the internal dial tone of the VSI1
telephone system from an external phone not connected to the system. For example, you are off-site
and want to access an outside line from the office. You perform the normal DISA steps of pressing
#, then your extension, and then your DISA account.

DISA for the Tel-Site application uses the same procedures as normal DISA activity. The only
difference is that Tel-Site performs the steps automatically to connect.

TVS Configuration

For TVS Modem Shares a CO Line connection, the following steps must be completed:

e  Configure the TVS modem to not answer the Tel-Site modem call.
e Enable DISA on the CO port connected to the TVS modem.
e Setup a DISA account on an extension port type

With the site open through Tel-Site, click the VS1 Editor button in the Configuration window.
This opens the VS1 Editor configuration program to make the above changes.

Configure the TVS modem to not answer the Tel-Site modem call
1. In the Tree Control display, click System Configuration 2.

2. In the Init String: text box, replace the current S0=[n] with S0=0 at the end of the modem
initialization string. (Typing S0=0 sets the modem so that it does not answer.)

3. Click the Save button in the toolbar.
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Enabling DISA on the CO Port connected to the TVS modem

1.

2.

In the VS1 Editor Tree Control display, click Port Configurations.

In the Port Configurations pane, select the configuration where you want to make changes.
For example, select the DAY configuration.

Select the CO port that is shared with the TVS modem.
Under Rings, set the CO port to ring the first target for two rings.

Under Target Ports, set the target by typing null. (The null device doesn’t ring a physical
extension. It gives Tel-Site time to send the DISA sequence to the TVS.)

Set the number of rings for the remaining targets according to your configuration.

Select the DISA check box.

Make sure you replicate the changes made to this port in all configurations, not just for the
DAY configuration.
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DISA setup on CO

Port
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Setting up a DISA Password on an Extension Port
1. Inthe VS1 Editor Tree Control display, click Port Configurations.

2. In the Port Configurations pane, select the configuration where you want to make changes.

For example, select the DAY configuration.

3. In the Port Configurations pane, select the Extension port of a user you want to give a DISA
password.

4. In the DISA Password text box, enter a five-digit number ranging from 00000-99999. By
default, the DISA Password is set to —1, which means no password has been assigned, and no

DISA features are available for that extension.

5. Make sure you replicate the changes made to this port in all configurations, not just for the

DAY configuration.

DISA Password

text box

DISA Password on

extension port

EVS Editor - Acme Inc

File Edit Yiew Help

JS[=1E3

HEG &g aa

Aiclivation Keps

System Configuration 2

Far Help, press F1

Adapter Setup Configuration | DAY hi MNew | Copy | Del |
Toll Restrictiors
Line Pools Port.. | Ext.. | D ezcription | Type | ;I Type I
Poit Configuration 3 1] Receptionist Attendant [
Auto Attendants 4 101 Henry March Display Replicate
. 5 102 ‘wesley Sea Dizplay
Lommand Seripts E 2001 Emma Les Standard
Scheduled Events - AN e e [ LI
Guest Mai Bores Description I\N"esley Sea Extension I102 Call Pick Up Group 1
"Wtk Groups
Least Cost Routing oll Rest Mame LCR Line Pool Name  Access Cods
EE’DH CO08 |Defaut> =] @ |<Defau: =] [cDefouls Fioll Qver Port IVM
outing
CO 80 - - i
Conference Rooms = | Rall Ower Time IEU
DID Routing cost = =] Ricall Time [
coa2 x >
Eorch AcKcounls — = — Trtza Password | 5555
unchion feps
—Auto Select i I

L T Flash Time |-1
P e ¥ futo Hold | (e it

< » N_OnE ¥ Auto Page [~ Force Acct. Codes | AutoPage Time I"I
Program Password & Line &
Spesd Disl ~ I Hands Free AutoPage Zone [T

P L Ringing | [~ Exec Priv

Syatem Configuration 1

| oM

72

Tel-Site System Management Application




Uploading new settings and reloading changes

RESET After the above settings have been configured, use your current connection method (such as the
default on-site connection) to upload the new settings to the customer TVS and reload the changes.

See “Tel-Site Basic Operation” on page 76.

Hardware Setup

Prior to making the necessary hardware changes, ensure the TVS is configured to support the TVS
Modem Shares a CO Line connection (see page 70).

The diagram below shows the hardware setup for a shared CO connection. The CO line from the
telephone company demarc is run to the line jack of the TVS modem. Another telephone cord is run
from the phone jack of the TVS modem to a CO port on the PEU.

Note: It is important that you share one of the least-used CO lines. Usually a CO line in the
middle of the inbound hunt group and outbound line pool is best.

Phone

From Telephone
Company Demarc PEU Port configured as a

CO port, DISA enabled
Line

Telecor Voice Server PEU @ ET_F:J E:T:J [:T:j E:TI_TF‘I"J t:”_":-‘;l E:T:J E:Tl_Tl:]
TVS Modem Shares a Modem

CO Line (off-site LEJ I:E] E:,,_u:] m fm EL:} ELIJ GLIH

access)

Tel-Site Setup
Tel-Site must be set up so that it can dial the phone number of the CO Line plugged into the line

jack of the TVS modem. It then must automatically dial the extension number set up with DISA and
the associated DISA account to complete the connection. Complete the following steps:
1. From the File menu, click Site Selection.
e The Site Selection window appears.
2. Select the site from the Site Name column.
3. Click Edit Site.
o The Connection dialog box appears.
4. 1If an RSA password is required to enable the Tel-Site modem to communicate with the TVS,

enter it in the RSA password text box. See “Remote System Access (RSA) Password” on page
78 for more information.
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5. In the Phone number text box, enter the phone number of the CO line plugged into the line
jack of the TVS modem.

Note = When specifying the customer site phone number, you can either specify the number
explicitly (using a 9 to get an outside line, for example) or use Standard Number Format.
See the Tel-Site Help topic Standard Number Format for more information.

6. In the Dialup connection information group box, select The modem shares a CO line check
box.

7. Inthe DISA extension text box, enter an extension set up with a DISA password.

8. In the DISA password text box, enter the associated DISA password for the extension.

Note 1 Generally, the default value of five seconds for the DISA delay does not need to be
changed. However, the Initial dialup delay may need to be changed. If the default setting
does not work, connect a phone to the phone jack on the modem and listen in parallel
while the modem tries to connect. Count the number of seconds between the time of the
last digit dialed and after the first ring back, and then enter that number in the Initial
dialup delay text box.

Note 2 If your modem speaker is set loud enough for you to hear the ring backs, you can listen for
the Voice Server ring back, and then press Shift while clicking the Connect button. This
will cause Tel-Site to send the DISA logon immediately instead of waiting for the Initial
dialup delay time to expire.

Connection

-~ Site information

Customer site name: IACme Inc.

BSA password. M

~ Dialup connection infarmation:

Phone humber: IEEEEE?E

¥ The modem shares a CO line
DISA egtension: |02 Initial dislup delay (seconds): IW

DISA password ™™ D154 delay [seconds]: |5

Setup in Connection
dialog box for TVS
Modem Shares a CO Carcel

Line connection

9. Click OK to return to the Site Selection window.
10. Click OK to return to the Connection window.
11. See “Tel-Site Basic Operation” on page 76 to:

e Connect to a site

e Download files from a site

e  Change site configurations

e Assign an RSA (Remote System Access) password
e Upload files to a site

e Reload configuration changes
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TVS Modem Shares a CO Line Connection Checklist

a

In the System Configuration 2 pane of the VS1 Editor program, set the modem so it
does not answer.

In each configuration, enable DISA on the CO Port connected to the TVS modem.
On the same extension port in each configuration, set up a DISA password.

Using your current connection method, upload the new configuration to the customer
TVS and reload the changes.

Connect the CO line from the telephone company demarc to the line jack of the TVS
modem.

Connect a standard telephone cord from the phone jack of the TVS modem to a DISA-
enabled CO port on the PEU.

In the Connection dialog box of the Site Selection window, enter an RSA password if
required.

Enter the phone number of the DISA-enabled CO line plugged into the line jack of the
TVS modem.

Select The modem shares a CO line check box.

Enter the extension set up with a DISA password. Enter the associated DISA password
for the extension.
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TEL-SITE BASIC OPERATION

The Tel-Site system management application enables you to make site changes in five steps after
you have set up a profile for that site. These steps are:

Connecting to a site.

Downloading any files that have changes from a site.
Changing those files on your local computer using VS1 Editor.
Uploading those changes to the site.

Reloading those changes to put them in effect

A S e

Connecting to a Site

The Connection window for Tel-Site appears when the application is first started. Before you can
connect to a site using Tel-Site, you must first make hardware, wiring, and system configuration
changes. See “Connection Methods,” page 58.
1. From the File menu, click Site Selection.

e The Site Selection window appears.
2. Select the site from the Site Name column.
3. Click Open.

4. In the Connection window, click Connect.

5. Tel-Site dials the site, logs on, and supplies any necessary passwords to complete the
connection.

Ell=l

File Explorer Terminal Settings Window Help
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r Connect to custamer sil  Dizk space
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Downloading Files from a Site

When connected to a customer site and the Configuration window is opened, Tel-Site scans and
displays any TVS files that have changed since the last remote activity. It can then download any
updated files so that your local computer matches the latest customer site configuration.

Note  The first time you open the Configuration window after upgrading the TVS software, a
dialog box opens indicating an upgrade has occurred. You must download all of the
Configuration files so they correspond with the latest VS1 software version.

E' 1. On the toolbar, click the Configuration window button.

2. Wait for Tel-Site to scan the files on the TVS. After scanning, files that need to be downloaded
appear in the Download changed files from customer site drop-down list box. If no files have
changed, the drop-down list box is empty.

3. Click Download Now to download the files to your local computer. For example, the screen
below shows file Day.cfg has changed since the last remote activity.

Warning! Clicking the Download Now button when there are no files present causes Tel-Site to
download all the configuration files from the site. This should be done only if you believe
the Tel-Site application failed to detect changed files.

SI=TE]

Eile Explorer Terminal Settings ‘Window Help
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Changing Site Configurations
Configuration changes are performed on copies of site files on the Tel-Site computer. After any
changed customer site files are downloaded to the Tel-Site computer to match the latest customer

site configuration, the VS1 Editor program is used to configure the files.

1. In the Configuration window, click the VS1 Editor to open the VS1 Editor configuration
program.

2. Change the system configuration files as needed. See the VS1 Editor section for information .

VSI1 Installation, Configuration & Operating Guide 77



Remote System Access (RSA) Password

The TVS can be set up with a password to enable a remote modem to communicate with the system.
To assign a RSA password to the TVS, complete the following steps.

1. In the Tree Control display of the VS1 Editor program, click System Configuration 1.

In the RSA Password text box, assign a password. The password can be alphanumeric. Leaving

the box blank means there is no password.

2.
3.

RESET
REQUIRED! 4.

RSA Password

Click the Save button in the toolbar.

EVS Editor - Acme Inc
File Edit “iew Help

Upload the password to the customer TVS and reload the changes (see page 79).
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Uploading Files to a Site

After making changes using VS1 Editor, the drop-down list box for Upload Now in the
Configuration window shows the configuration files that have changed. For example, Day.cfg.

1. Click Upload Now to upload the files to the TVS at the customer site.

Warning!

Clicking Upload Now when there are no files listed in the Upload your changes to
customer site drop-down list box causes Tel-Site to upload all the configuration files to
the site. You should do this only if you think Tel-Site failed to detect one or more
changed files on your computer.
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Upload files
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Reloading Configuration Changes

Some configuration changes require a reset of the TVS. Resets should be made during periods of
low call activity, such as after-business hours. Call traffic is interrupted when the TVS is reset.
However, not all configuration changes require a system reset. To instruct the customer TVS to put
the changes in effect, complete the following steps:

1.

Click Reload Changes.

The Reload Changes dialog box appears.

In the Reload options group box, you can choose between a Standard reload, which is
recommended for all changes, or a T1 reload, which is used for changes to T1 settings.

The Shutdown options group box is where the TVS is instructed to either reset to put
configuration changes into effect, or not to reset because the configuration changes made do not
require a system reset.

If a reset of the TVS is required, the reset should be made during periods of low call activity,
such as after business hours. Call traffic is interrupted when the TVS is reset.
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Reload Changes | 2] x|

After uplaading the files for your configuration changes, you must instruct the PE ta
put your changes into effect. For information about the options to use, click Help.

— Feload option

v Standard reload, [Fecommended for all changes. |

[~ I1 reload. [For changes to T1 settings.]

~ Shutdown option:
& No reset required.
" Cancel a previously issusd reset
" Besst when idle (no active calls.)
" Feset at specified time. sven when there are active calls.

" Reset when idle after specified time:

Date: [11/04/2003=]  Time: | 1:54 M =)

ak, I Cancel Help

Reload changes

System Reset Required

If any of the following items are changed with the VS1 Editor and uploaded to the server, a system
resest is required.

ACDs

Adapter Setup

Activation Keys

Auto Attendants (except extension numbers)
Auto-Select in Extension Port Configuration
AutoPage in Extension Port Configuration
Conference Rooms

Function Keys

Forced Account Codes'

Guest Mailboxes

Handsfree in Extension Port Configuration
Loop Tapes

Page Zones

Port Types

System Configuration 1-2

Work Groups

' A System Reset for Forced Account Codes is only required if changing the number of digits or changing
between verified and non-verified.

80 Tel-Site System Management Application



VS1 Editor



OVERVIEW OF VS1 EDITOR

The VS1 Editor application allows a VS1 Telephone System to be configured for operational use.
All system configuration settings and properties are set up and controlled using this application.

VS1 Editor can be opened independently or can be opened through Tel-Site via the Configuration
window.

The VS1 Editor application is available for download from the VS1 Dealer Page of the Telecor Web
Site (www.telecor.com). Please visit the page for details on licensing information and installing the
application.

In addition, the VS1 Editor can be installed with limited features to allow end-users the ability to
make common changes to the VS1 system without risk of modifying or damaging important
configuration data (see VSI Editor — Limited Feature Version, page 168).

The VS1 Editor application is a Windows"-based program that operates on Microsoft® Windows"
98, Windows"™ 2000, and Windows" XP operating systems.

The left pane consists of the Tree Control, which by default displays items in a logical order.
Logical order means that the items are displayed in an ideal top-to-bottom sequence that can be
followed when configuring a VS1 System. Clicking on an item brings up its accompanying pane to
the right.

The order in which the items are displayed in the Tree Control can be changed from logical to
alphabetical by selecting View > Order from the menu bar. The order in which each pane is
described in this section is Alphabetical
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ACTIVATION KEYS

The VSI1 system controls software features through the use of Activation Keys. Activation Keys
“turn on” or activate certain VS1 phone system options purchased from Telecor. Activation Keys
are linked to the Telecor Voice Server (TVS) System ID Number (OHA Serial Number) and only
activate software installed on that TVS.

The software options that require Activation Keys include:

System Activation Key (version specific)

Automatic Call Distribution (ACD) Agent Package (for every 5 agents)
Voice Channel Activation (for every 4 voice channels)

Telecor Attendant CTI client application

Telecor Connect CTI client application

Receiving Activation Keys

Each software option has its own Activation Key Request card that arrives in the box shipped to you
from your distributor. There are four steps you must follow in order to receive your software
Activation Keys from Telecor.

1. Review the Activation Key Request card number for each option purchased. The Activation
Key Request card number is a 13-digit number similar in pattern to the following example: 000-
00000-00000.

2. Call Telecor Technical Support.

3. Give the Technical Support representative the Activation Key Request card number and the
System ID Number (OHA Serial Number) for the TVS on-site.

OHA numbers can be found in three areas: the shipping package; in the Connection
window of Tel-Site, or by typing sysinfo at the TVS Command prompt.

4. The Technical Support representative generates a 12-digit Activation Key for each option.

84

VS1 Editor Configuration Application



Installing Activation Keys

1. Click Activation Keys in the Tree Control display.

2. In the Activation Keys pane, type the 12-digit code in the appropriate software option text
boxes.

3. Click the Save button in the toolbar.

Note Each Host Adapter Card has a unique Serial Number. The TVS uses the Serial Number of
the first Host Adapter Card (ports 1-32) as the System ID Number. The System ID
Number is used to authenticate Activation Keys for that particular TVS. If the Host Adapter

Card is configured for ports 1-32 is replaced, you must call Technical Support for new
Activation Keys.
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Adapter Setup pane

ADAPTER SETUP

Adapter Setup is required to indicate to the VS1 System what hardware is allocated for its ports. If
upgrading system hardware, Adapter Setup can save you time by enabling you to perform the
following actions before installing the new hardware:

e Change port types
e Change configurations
o  Upload those configurations using Tel-Site
Complete the following steps:
1. Select Adapter Settings in the Tree Control display.
o The Adapter Settings pane appears.

2. For Ports 1..32 select if one or two PEUs are used. Repeat this step for additional ports.

3. If one T1 Card is installed, select Ports 97..128. If a second T1 Card is installed, select Ports
65..96.

4. Click the Save button in the toolbar.

EVS Editor - Acme Inc 1 [=] [ES
File Edit “iew Help
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Note

Ports 193 to 224 are not applicable with 2.10 software and are reserved for future use.
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AUTOMATIC CALL DISTRIBUTION

Automatic Call Distribution distributes incoming calls in a logical pattern to available company
personnel. Incoming CO lines can be routed directly to an ACD or calls can also be transferred
manually to an ACD extension from any VSI station or Auto Attendant. The ACD feature
immediately routes the calls to the first available agent. If the agent cannot immediately pick up the
call, the ACD system plays a message defined as the Primary Loop Tape. For example, the message
could say: “Thank you for calling XYZ, Inc. All our agents are helping other callers. Please hold for
the next available agent.”

Each caller hears the Primary Loop Tape message from the beginning. If the Primary Loop Tape is
currently being played, a new caller continues to hear ringing until the loop starts over. When the
Primary Loop Tape message concludes, the ACD feature automatically plays the Secondary Loop
Tape, if it is available. The Secondary Loop Tape message may consist of music or promotional
information. If a Secondary Loop Tape message is not available, the system can play music on-hold
from the music source connected to the dry contacts on the Port Expansion Unit Model 205 (PEU-
205) or the Dry Contact Unit (DCU). If no music is available, the caller hears silence. Both Loop
Tape messages are interrupted immediately when an agent answers the call.

There are 10 ACDs available on the VS1 System. A maximum of 95 agents can be logged on to the
10 ACDs, and a maximum of 30 callers can be in the ACD queue at any given time. The definition
of a logged on agent is a station option that is logged on to one or more ACDs. For example, if an
agent is logged on to three ACDs from a DP200 display phone, that agent is considered only as one
agent logged on to the system.

Call Distribution: Within an ACD, the standard method of call distribution is to route incoming
calls to the highest priority agent available (top-down distribution). If all available agents have the
same priority level, the incoming calls are routed to each agent in order (round-robin distribution).

Agents can log on to the ACD from any VS1 System station option except the Attendant CTI client
application. The system automatically recognizes the logged on station option and routes calls to
that station.

With the standard method, a call in the ACD is answered by the highest priority agent available, or
if all available agents have the same priority level, to each agent in order.

Warnings: The ACD also generates alert messages based on call criteria such as calls per agent
ratio, age of the oldest call in the queue, or if there are callers in queue but no agents logged on. The
alerts can be configured in several ways, but one approach is to have a voice message played over
the paging system (or over speakerphones) to alert the manager or supervisor.

An Activation Key code is required for ACD use on the VS1 phone system. An ACD Activation
Key will activate 5 agents. You will find an Activation Key Request card located in the shipment of
equipment from your distributor.
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Creating an ACD
1. Click ACD in the Tree Control display.
e The ACD pane appears.
2. In the Select ACD box, select an ACD you want to configure.
3. In the Priority Mode group box, select how the calls are distributed amongst multiple ACDs:

e Priority Ordered Mode: This is the default setting. All calls in ACD #1 are answered,
then all calls in ACD #2 are answered, and so on.

e Round Robin Mode: The oldest call in the first called ACD is answered, then the oldest
call in the second called ACD is answered, and so on.

e FIFO Mode (First In First Out): The oldest waiting call is answered first, regardless of
the ACD queue that it is in.

Note The difference between Round Robin Mode and FIFO Mode is that in Round Robin Mode,
it is possible for the oldest call in the queue not to be answered first depending on what
ACD it is in. Whereas, in FIFO Mode, the oldest call is answered first regardless of the
ACD itis in.

4. Setup Account Codes for the ACD.
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ACD Account Codes

Account Codes are used by agents to log on and log off the ACD system. Each Account Code has
an assigned priority to determine how calls in the ACD queue are routed. Up to 100 account codes
can be created for each ACD.

1. To add Account Codes for an ACD, select the ACD in the Select ACD box and then click the
Accounts button.
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. The ACD Accounts window appears.

2. In a space under the Account column enter a unique Account Code of four digits. Do not
include spaces or other punctuation.

3. Beside to the newly-created Account code, under the Priority column, enter a Priority number
of one or two digits. When more than one agent is available on the ACD system, callers are
routed to the highest priority agent (top-down distribution). For example, if Agent A has a
priority level of 1, and Agent B has a priority level of 2, calls are routed to Agent A first. If all
available agents have the same priority level, the incoming calls are routed to each agent in
order (round-robin distribution).

ACD Accounts | x|
Account Pricrit B Cancel |
111 1
12 2
1113 1
1114 2
0 0
0 1]
0 1]
0 1]
0 1]
1] a -

ACD Accounts ] —

window

4. Click OK to return to the ACD pane.

Agent Account Codes can be assigned to more than one ACD, enabling that agent to receive calls
from all ACDs in which their account code appears. Note that the account codes in multiple ACDs
can have different priority levels for each ACD.

ACD No. 1 ACD No. 2 ACD No. 3 ACD No. 4
1111-1 1111-2 1111-3 1111-3
1112-2 1112-1 1112-3 1112-4
1113-4 1113-2 1113-1 1113-3
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Configuring an ACD

To configure an ACD enter the following information in the corresponding text boxes. Click the
Save button in the toolbar when the information has been entered.

Description: Enter a description of the ACD system. This description appears on Attendant and
Connect CTI station options and DP200 display phones.

Extension: Enter an extension for the ACD, which is required to transfer callers to the ACD system.
The extension must be a valid extension number not already assigned to another station.

Auto log-off in seconds: Determines the length of time a station rings before being
automatically logged off the ACD. After being logged off, waiting callers are automatically returned
to the queue for the next available agent. The caller also maintains their priority status in the queue.

Warning repeat interval seconds: Set the repeat interval for ACD Warning Command
Scripts.
Rings Before Loop Begins . Specify the number of rings the caller hears before being

connected to the Primary Loop Tape. If the number of rings is set to 0, the caller continues to hear
ringing while in the queue.

Sound Warning If: Determines which call conditions result in a warning announcement being
played over a Page Zone. Checking a box will play the warning announcement if the conditions are
met. By default, only ACD #1 is set up to announce the warnings. In addition, a Page Zone must be
defined for the warning announcement to play over. See the page reference beside each warning for
instructions on implementing the warning in other ACDs and defining a Page Zone for the
announcement.

Over calls per agents: “There are too many calls for the number of agents. Please add
another agent.” (page 91)

Queued call age is seconds: “Calls in queue have been waiting too long. Please add another
agent.” (page 91)

”

Zero agents are logged in: “Calls are in queue and zero agents are logged in. Please add agents.
(page 92)

Primary Loop Tape: Enter the number of the Loop Tape you want callers to hear first. If you enter
0, callers hear only ringing. The Primary Loop Tape should be brief—preferably no longer than 10
seconds. This is because incoming callers hear ringing until the Primary Loop Tape starts over. An
example of a short message can be “Thank you for calling XYZ company. All of our agents are
busy. Please hold for the next available agent.”

Secondary Loop Tape: Enter the number of the Loop Tape for callers to hear after the Primary
Loop Tape message concludes. The Secondary Loop Tape message may consist of music or
promotional information. Enter 0 for music source 1.

Auto-Wrapup: Enter the time in seconds allowed for the agent to wrap-up the previous call before
receiving another call.

Escape to AA: Enter the number of the Auto Attendant (AA1—AA20) that callers access when
they press 0 to exit the queue. If this option is not checked, the Escape to AA feature is disabled.
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Must Hear Primary: Check this option to force every caller to hear the Primary Loop Tape in its
entirety.

Queue Status Time: Enter the time in seconds for how often the status of that ACD queue is
written to the ACD Station Message Detail Recorder (SMDR) output file. For example, if you enter
15 in the Queue Status Time text box, the status of that queue including number of calls, number of
agents in queue, number of agents logged on and so on, is written to the acd.dlm output file every 15
seconds.

Over calls per agents

If the specified number of calls exceeds the specified number of agents, the following voice file is
played: “There are too many calls for the number of agents. Please add another agent.”

By default, this warning sounds only for ACD #1. In addition, a Page Zone needs to be defined for
the warning to sound over. See page 140 for information on Page Zones.

This voice file is played as a result of the following default Command Script: ACDIW1.CMD. This
Command Script consists of the following system command: call pager 11 (plays voice file 11,
which is in the above quotes). To add a Page Zone to the system command, select the
ACDIWI1.CMD Command Script in the Command Scripts pane and enter the Page Zone number
after call pager 11. For example, to have the warning announce over Page Zone 4, the system
command in ACDIW1.CMD would read call pager 11 4. See “Command Scripts” on page 116 for
more information.

If the warning is to be implemented in another ACD, then a new Command Script needs to be
created recognizing the ACD. For example, if ACD #5 is to announce the warning, then a Command
Script titled ACD5SW1.CMD needs to be created with the following system command call pager 11
4 (if 4 is the Page Zone to be used).

Queued call age is seconds

If queued call is longer than the seconds specified, the following voice file is played: “Calls in
queue have been waiting too long. Please add another agent.”

By default, this warning sounds only for ACD #1. In addition, a Page Zone needs to be defined for
the warning to sound over. See page 140 for information on Page Zones.

This voice file is played as a result of the following default Command Script. This Command Script
consists of the following system command: call pager 12 (plays voice file 12, which is in the above
quotes). To add a Page Zone to the system command, select the ACDIW2.CMD Command Script
in the Command Scripts pane and enter the Page Zone number after call pager 12. For example, to
have the warning announce over Page Zone 4, the system command in ACD1W2.CMD would read
call pager 12 4. See “Command Scripts” on page 116 for more information.

If the warning is to be implemented in another ACD, then a new Command Script needs to be
created recognizing the ACD. For example, if ACD #5 is to announce the warning, then a Command
Script titled ACD5SW2.CMD needs to be created with the following system command call pager 12
4 (if 4 is the Page Zone to be used).

VSI1 Installation, Configuration & Operating Guide 91



Zero agents are logged in

If calls are in the queue and agents are not logged in, the following voice file is played: “Calls are
in queue and zero agents are logged in. Please add agents.”

By default, this warning sounds only for ACD #1. In addition, a Page Zone needs to be defined for
the warning to sound over. See page 140 for information on Page Zones.

This voice file is played as a result of the following default Command Script. This Command Script
consists of the following system command: call pager 13 (plays voice file 13, which is in the above
quotes). To add a Page Zone to the system command, select the ACDIW3.CMD Command Script
in the Command Scripts pane and enter the Page Zone number after call pager 13. For example, to
have the warning announce over Page Zone 4, the system command in ACD1W3.CMD would read
call pager 13 4. See “Command Scripts” on page 116 for more information

If the warning is to be implemented in another ACD, then a new Command Script needs to be
created recognizing the ACD. For example, if ACD #5 is to announce the warning, then a Command
Script titled ACD5SW3.CMD needs to be created with the following system command call pager 13
4 (if 4 is the Page Zone to be used).
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AUTO ATTENDANTS (AA) Nmbers oty

Auto Attendants are prerecorded voice files that can take the place of human receptionists. Auto
Attendants answer and then process incoming calls according to caller DTMF inputs. They provide
callers with information in the form of recorded messages and enable callers to route themselves to
specific groups or individuals in the VS1 phone system, or to initiate other actions. The Auto
Attendant tells the caller what keys on their telephone to press, and then responds to caller input.
The usual response is routing a caller to an individual extension, Work Group or voice file location
on the VS1 system.

VS1 Auto Attendants enable callers to:

e  Access an individual at a specific extension

e Access a group or department at a number of extensions (Work Groups)

e  Access an individual or group’s Voice Mail

e Access an operator

e  Access recorded messages with information about the company, products, company location,
additional routing information, and so on

e  Access the main Auto Attendant greeting, and then choose new routing through the system

Access an extension, Guest Mail Box, or an extension’s Voice Mail using the Dial-by-Name

feature

Record a message

Hear a phrase

Hear current date and time

Run a Command Script

Auto Attendants can be configured to operate for Day (normal hours of operation), Night, Weekend,
Holidays, or any other configuration.

The VSI1 system has 20 built-in Auto Attendants, three of which are preconfigured and working
Auto Attendants. The 17 remaining built-in Auto Attendants can be configured to meet customer
requirements. There are also 10 sample Auto Attendants that are provided as examples for learning
and practicing purposes. You can configure these samples, but they cannot be used to answer calls.
In addition, the first four of these samples are configured as follow:

AA Sample 1 — Sample Auto Attendant for Sales Demos

AA Sample 2 — Sample Auto Attendant for performing Centrex Transfers

AA Sample 3 — Sample Auto Attendant for answering DID lines & transferring the calls to the
correct stations automatically

AA Sample 4 — Sample Auto Attendant for Four Digit Extensions

The Four Basic Functions of Auto Attendants

Auto Attendants are designed to anticipate caller actions and respond with an appropriate action.
The Auto Attendant performs four basic functions that you customize for each customer. If you
keep in mind that you must configure each of these four elements for every Auto Attendant you
create, then creating Auto Attendants becomes an easier task. The basic functions include:

Caller Greeting -The Auto Attendant is typically configured to greet callers with a recorded
message and provide the caller with information and instructions on how to respond in order to
reach an extension, leave a Voice Mail message, or receive additional information.
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Get Caller Response - The Auto Attendant is typically configured to recognize a maximum amount
of touch-tone digits pressed by the caller within a certain length of time. The number of digits and
the time in seconds must be defined for a Caller Response.

Caller Response Handler -The Caller Response Handler consists of two Functions: the Caller
Response handles caller actions and performs assigned System Actions. System Actions include:

Transfer to Extension
Transfer to Outside Line

Dial a Number

Play Message

Record Message

Say Phrase

Say Current Date & Time
Run System Command Script

Example - The most basic Auto Attendant would perform the following functions:

e It plays a message to the caller, such as: “Thank you for calling XYZ, Inc. You may enter the
extension number you wish to reach at any time or press 0 to reach the operator.” (Caller
Greeting)

o It allows the caller to enter a maximum of four numbers within 3 seconds. (Get Caller
Response)

e It accepts a three-digit response (Caller Response) and routes the caller to an extension (System
Action).

e It accepts a four-digit response of 6 plus an extension (Caller Response) and routes the caller to
that extension’s Voice Mail (System Action).

e It accepts a one-digit response of 0 (Caller Response) and routes the caller to the operator at
Extension 0 (System Action).

Preconfigured Auto Attendants

The VSI1 phone system comes with three ready-to-use Auto Attendants which are utilized by the
VSI1 phone system. As with any other Auto Attendant script, you can edit and recompile these
scripts to modify the way they operate. However, exercise caution when modifying or replacing
these files as they are essential functions of the VSI phone system.

Default Auto Attendant - operates as the main or primary Auto Attendant. Consists of script that
handles caller responses and routes callers to the appropriate Extension, Voice Mail, Operator, or
Dial by Name Procedure. It is for use with most basic configurations and can be modified if you
want to insert voice messages containing information about a specific company.

Before you begin configuring an Auto Attendant, review the Default Auto Attendant (page 95). This
will help you when writing an Auto Attendant script. When you review this Auto Attendant, take
time to observe the four functions that an Auto Attendant must have in order to function properly.

Voice Message Recorder Auto Attendant- enables you to record and playback messages. Only in
unusual circumstances would you modify this script. This and the Phrase List (a listing of
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prerecorded words and phrases provided to aid in creating standard messages) are designed for
recording voice messages for use by the Auto Attendant.

Voice Mail Interrupt Auto Attendant - gives any caller who has gained access to an extension’s
Voice Mail the option of entering the Auto Attendant to reach other individuals or groups within the
company. It enables callers to choose other options, such as routing to an operator from Voice Mail
by pressing 0 before or after a message. You need to modify this Auto Attendant to include the
end-user business name instead of Telecor, and insert voice messages containing specific
information appropriate for the end-user application.

Note  The VS1 phone system reserves message numbers 11 through 13 and 900 through 999
for your use in creating an Auto Attendant script. See “Pre-recorded Message List” in
Reference section for a list of those messages. In addition, see “Phrase List” in the

Reference section, to view a listing of pre-recorded words and phrases to aid in creating
standard messages.

Reviewing the Default Auto Attendant

Before you begin configuring an Auto Attendant, it is recommended you review the default, ready-
to-use Auto Attendant. This will help you when writing an Auto Attendant script. Take time to
observe the four functions that an Auto Attendant must have in order to function properly. To
review the Default Auto Attendant follow these steps:

1. Click Auto Attendants in the Tree Control display.
e The Auto Attendant pane appears.

2. In the Select Auto Attendant drop-down box, select the Default Auto Attendant.
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3. Review the Default Auto Attendant script file. The Default Auto Attendant includes the five
Procedures below. A Procedure holds the four basic functions required of an Auto Attendant.
There can be multiple Procedures in an Auto Attendant, which allow additional responses from
the caller to send him or her to different menus within the same Auto Attendant.
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Main: Consists of script that handles caller responses and routes callers to the appropriate
Extension, Voice Mail, Operator, or Dial by Name Procedure.

Dial by Name: Consists of the non-accessible system programming that allows the caller
to enter the first three letters of a person’s name in order to be transferred to that person’s
extension.

Voice Mail: Consists of script that routes a caller to an extension’s voice mail. This
Procedure is used when the caller presses 6 with the intention of entering an extension’s
voice mail, but does not follow it up with an extension number.

TransferBusy: Consists of preconfigured script that handles callers when a busy signal is
received at an extension. This Procedure is included by default with every Auto Attendant.

TransferError: Consists of preconfigured script that routes callers back to the Caller
Greeting in the event of system errors. This Procedure is included by default with every
Auto Attendant.

Click Overview to display an overview of the Auto Attendant.

Creating an Auto Attendant

1.

2.

Click Auto Attendants in the Tree Control display.

The Auto Attendant pane appears. From the Select Auto Attendant drop-down box select an
empty Auto Attendant. The first three Auto Attendants are Preconfigured Auto Attendants,
which you can edit and modify. The drop-down box also includes 10 sample Auto Attendants
that appear as you scroll down. You can configure these samples, but they cannot be used to
answer calls. The blue circle adjacent to an Auto Attendant indicates that it has been
configured.

Select an empty Auto Attendant.

In the Script Description text box, enter a brief description about the purpose of the Auto
Attendant.

The Procedure Description list box is where the Procedures are listed. The Main Procedure
consists of the script that is integral to the functioning of the Auto Attendant, and is the one that
you will modify. The TransferBusy Procedure is preconfigured and handles callers when a
busy signal is received at an extension. The TransferError Procedure is preconfigured and
routes callers back to the Caller Greeting in the event of system errors.

In the AA Extension text box, enter an extension for the Auto Attendant.

In the AA Description text box, enter a name for the Auto Attendant.

Double-click the Main Procedure (or select it and click Edit).

e The Edit Procedure “Main” window appears.

In the Procedure Description text box, enter a brief description about the purpose of the
Procedure.
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Edit Procedure | X|

Procedure Description:
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Phone System / Caller Interaction:

EGit
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10. You are now ready to set up the first of the four basic functions: Caller Greeting.
Caller Greeting

In the Phone System / Caller Interaction list box, select Caller Greeting and click New. The New
Caller Greeting window appears with the following options:

Play Message: Plays a recorded voice message.

Say Phrase: Plays a series of pre-defined words assembled to produce a short message.
Say Current Date & Time: Plays the current date and time.

Run System Command File: Runs a System Command.

New Caller Greeting

Typ
" Play Message

" Sap Phrase
" Say Curent D'ate and Time
™ Flun System Command File

Cancel

New Caller Greeting
window

Caller Greeting — Play Message

Clicking Play Message in the New Caller Greeting dialog box brings up the Play Message dialog
box. Complete the following steps:

1. In the Message Number group box, select Specify by Number to play a pre-selected voice
message.
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2. Click in the Specify by Number text box that appears and type in a voice file number. Note
that voice file numbers 11-13 and 900-999 are already reserved with voice files. See “Pre-
recorded Message List” in Reference section for a list of reserved messages.

3. Click the Message button.

4. The Voice Message Notepad window is displayed. Click New to describe the voice file you
typed in the Specify by number text box. A message needs to be assigned a number and its text
content. The actual message is stored by the Voice Message Recorder Auto Attendant. Message
files for all Auto Attendants appear in this window. Use care when deleting or editing one of
these messages because all Auto Attendants using that message are affected. See “Recording a
Voice File” in Reference section to record a voice file.

Voice Messages Notepad B3

Message:

MHumber |Descnpt\on = ﬂl

300 ‘fou have activated the Telecor

am Torecord press 1. to play press 2. _|
02 Enter the number of the file pou wish . |
a03 Enter the number of the file you wish

906 IF you know your parties extension, ¥
09 Ta reach the operator, press 0. New

911 Please hold while | ransfer youta, T
€ | B [Velete |

Voice Messages
notepad dialog box

5. Select a Completion Option.

e Caller Must Hear the Entire Message: This option is used when a Voice Message is being
played and the caller is not allowed to interrupt the message with DTMF tones. If the caller
does enter a tone, it is ignored by the system and the Voice Message continues playing until it
is complete.

e Allow Touch Tone to Cancel Message: Allow Touch Tone to Cancel Message is the most
common option selected. With this option, the caller may interrupt the playing of the Voice
Message with a DTMF tone. The Auto Attendant immediately takes action on the tone(s)
entered by the caller.

Note If you are playing a series of consecutive voice files (Messages, Phrases, Date & Time)
within one Caller Greeting, do not choose this option for any of the voice files except the
last one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.
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Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) within one
Caller Greeting. The Auto Attendant begins to play the file and immediately moves on to the
next voice file. An example of proper usage: Four voice files are stacked for consecutive play.

Caller Greeting — Say Phrase

Clicking Say Phrase in the New Caller Greeting dialog box brings up the Specify “Say” Phrase
dialog box.

Specify “Say” Phrase

dialog box

Specify "Say™ Phrase

Humber I word I
wiord 10
‘word 2:
‘wiord 3:
word 4:
‘wiord 5:

Campletion Options:
1~ Caller must hear entire phrase
1% Allow touch tone to cancel
™ Chain another Message, Phrase. or Date & Time

Cancel

For the first word in the phrase, click in the space adjacent to Word 1 under the Word column.

A drop-down box appears. Select a word from the Phrase List. See “Phrase List” in Reference
section for a list of words.

Repeat above steps for additional words in the phrase. A maximum of 5 words can be chosen
for a phrase.

Select a Completion Option.

Caller Must Hear Entire Phrase: This option is used when the Phrase is being played and
the caller is not allowed to interrupt it with DTMF tones. If the caller does enter a tone, it is
ignored by the system and the Phrase continues playing until it is complete.

Allow Touch Tone to Cancel: Allow Touch Tone to Cancel is the most common option
selected. With this option, the caller may interrupt the playing of the Phrase with a DTMF
tone. The Auto Attendant immediately takes action on the tone(s) entered by the caller.

Note If you are playing a series of consecutive voice files (Message, Phrase, Date & Time)

within one Caller Greeting, do not choose this option for any of the voice files except the
last one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.

Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) within one
Caller Greeting. The Auto Attendant begins to play the file and immediately moves on to the
next voice file. An example of proper usage: Four voice files are stacked for consecutive play.
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Caller Greeting — Say Current Date & Time

Clicking Say Current Date and Time in the New Caller Greeting dialog box brings up the Say
Current Date and Time dialog box. You must choose a Completion Option.

Say Current Date
and Time dialog box

Say Current Date and Time

Campletion Options:

™ Caller must hear entire Date and Time.

& Allow touch tone to cancel

£~ Chain another Message, Phrase, or Date & Time

Cancel |

Caller Must Hear Entire Date and Time: This option is used when the Date and Time are
being played and the caller is not allowed to interrupt it with DTMF tones. If the caller does
enter a tone, it is ignored by the system and the Date and Time continue playing until
complete.

Allow Touch Tone to Cancel: Allow Touch Tone to Cancel is the most common option
selected. With this option, the caller may interrupt the playing of the Date and Time with a
DTMF tone. The Auto Attendant immediately takes action on the tone(s) entered by the
caller.

Note If you are playing a series of consecutive voice files (Message, Phrase, Date & Time)

within a Caller Greeting, do not choose this option for any of the voice files except the last
one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.

Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) within a Caller
Greeting. The Auto Attendant begins to play the file and immediately moves on to the next
file. An example of proper usage: Four voice files are stacked for consecutive play.

Caller Greeting — Run System Command File

Clicking Run System Command File in the New Caller Greeting dialog box brings up the Run a
System File dialog box.

1.

In the File No. text box, enter the two-digit Command Script number. See Command Scripts on
page 116 for information on creating a Command Script.

File Mo
£
Run a System File =N
dialog box
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Get Caller Response

Once the Caller Greeting is set up, the Procedure must be configured to receive and recognize
touch-tone caller responses to instructions given during the Caller Greeting. The maximum number
of digits and a timeout must be defined in the Get Caller Response.

1. In the Phone System / Caller Interaction list box, select Get Caller Response and click New.
e The Get Caller’s Response dialog box appears.

2. In the Input Mode group box, select Direct User Input.

3. In the Number of Digits text box, enter the maximum amount of digits the caller can enter.

4. In the Timeout (seconds) text box, enter a number (representing seconds) that determines how
long the system waits before acting if a caller does not respond. The Timeout timer starts after
the greeting is played.

Get Caller's Response

Input Mode
" Direct User Input
" Dial By Mame

MNumber of Digits: |1
Timeout [zeconds]: 10

Canicel |

Get Caller Response
dialog box
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Caller Response Handler

The Procedure must be configured to handle caller responses in order to activate a System Action or
route callers to another Procedure. The Caller Response Handler consists of two Functions: the
Caller Response handles caller actions and performs assigned System Actions. System Actions
include:

Transfer to Extension
Transfer to Outside Line

Dial a Number

Play Message

Record Message

Say Phrase

Say Current Date & Time
Run System Command Script

Caller Response

1. In the Phone System / Caller Interaction list box, select Caller Response Handlers and click
New.

e  The Specify System Actions for Caller Responses dialog box appears.

Specily Spstem Actions for Caller Responses x|

Caller

nd System Actions
ses Edf

HED

DEfete

Mive iy

e e

Speafy System Gota Procedure |

Actions for Caller

Responses dialog Cancel

box

2. Double-click Caller Responses (or select it and click New).
e The New Caller Action dialog box appears with the following options:

Touch Tone (0-9, *, #): Select this option to have the caller press a single keypad number.

Multi-digit Number: Select this option to have the caller press a series of multiple keypad
numbers.

Number Range: Select this option to have the caller target a number(s) within a set range.

Caller Response Timeout: Select this option to choose a System Action or route the caller
to another Procedure if the caller does not respond within the time determined in the Get
Caller Response.
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Mew Caller Action | X|

Type

& Touch Tone (09, *, #)
£ Multi-digit Murnber
£~ Mumber Range

£~ Caller Response Timeout

== —

New Caller Action
dialog box

Caller Response — Touch Tone

Clicking Touch Tone (0-9, *, #) in the New Caller Action dialog box brings up the Specify Touch
Tone dialog box.

1. Choose a number or symbol that the caller is required to press.
2. Click OK.

3. Two options are available: Send the Caller to another Procedure (page 104) or Assign a System
Action (page 105).

Specify Touch Tone | x|
Tauch Tane

“1

4

Ll

LE

1S e B
= lm o
i e T B
o m ks

Cancel |

Specify Touch Tone
dialog box

Caller Response — Multi-digit Number

Clicking Multi-digit Number in the New Caller Action dialog box brings up the Specify Multi-
digit Number dialog box.

1. In the Number: text box, enter a series of numbers that the caller is required to press
(maximum 10 digits).

2. Click OK.

3. Two options are available: Send the Caller to another Procedure (page 104) or Assign a System
Action (page 105).

Specify Multi-digit Mumber B
Nurmber
I
Specify Multi-digit _Coreel |

Number dialog box

VSI1 Installation, Configuration & Operating Guide 103



Caller Response — Number Range

Clicking Number Range in the New Caller Action dialog box brings up the Specify Number
Range dialog box.

1. Type a valid range using the From and Thru text boxes.

2. Click OK.

3. Two options are available: Send the Caller to another Procedure (see below) or Assign a System
Action (page 105).

Specify Mumber Range

Fram: I@
Through; ID

Cancel

Specify Number
Range dialog box

Caller Response — Caller Response Timeout

If the caller does not respond within the time allocated in the Get Caller Response, two options are
available: Send the Caller to another Procedure (see below) or Assign a System Action (page 105).

Specily Spstem Actions for Caller Responses x|
Caller Fesponses and System Actions
[=1- Caller Responzes Edit
: Timeout
H Rz
i System Actions
Delete
Mive iy
e e
Gota Procedure |
. oK L. |
Timeout selected for ok | cemsl |
Caller Response

Sending the Caller to Another Procedure

After creating a Caller Response, you are returned to the Specify System Actions for Caller
Responses window. To send the caller to another procedure:

1. Click Goto Procedure.

e The Procedure to Goto dialog box appears.
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Procedure to Goto B

Procedure | Description

Main Called when the script beging
TransferBusy  Called when transfer gets busy signal
TiansferError - Called on transfer to invalid extension
Exit

Procedure to Goto
dialog box

New

Cancel |

2.  Double-click the desired Procedure.

e  The Procedure appears beside the Goto Procedure button.

Note  Selecting the Exit Procedure disconnects the call.

Assigning a System Action

After creating a Caller Response, you are returned to the Specify System Actions for Caller

Responses window. To assign a system action:

1. Select System Actions and click New.

e The New System Action dialog box appears displaying the options shown below:

Mew System Action

Ty
% Transfer to an Extension
™ Transfer to an Qutside Line
1~ Dial a Humber
" Play Message
" Hecord Message
" Sap Phrase
T Sap Curent Date & Time
" Run System Command File

Canicel |

New System Action
dialog box

System Action — Transfer to an Extension

Clicking Transfer to Extension in the New System dialog box brings up the Transfer to

Extension dialog box.

Transter to Extension

~ Extension
" Use caller value

€ Specify by number II]

~ Transfer to
% Extension Message:

" Yoicemail

Busy Goto | |TranszrEusy
Entor Goto | [TransferEirar

Cancel

Transfer to
Extension dialog box
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Transfer to Outside
Line dialog box

1. In the Extension group box, select one of the following options:

Use Caller Value: the caller will be transferred to a number entered by caller in the Caller
Response.

Specify by Number: the caller is transferred to the number entered in the Specify by
Number text box.

2. In the Transfer To group box, select one of the following two options:

Extension: transfers the caller directly to the extension.
Voice Mail: transfers the caller to the extension’s Voice Mail.

3. You can add messages in the Message text box. Messages can contain up to 16 characters. The
message appears on Display Phones and CTI Stations. The message is also stored in SMDR.
This feature is especially useful for call screening and for use with DID numbers, as used by
answering services.

4. The TransferBusy procedure is pre-selected for Busy Goto. This procedure handles callers
when a busy signal is received at an extension. The TransferError procedure is pre-selected
for Error Goto. This procedures routes callers back to the Caller Greeting in the event of
system errors. These procedures are preconfigured and are included in every Auto Attendant.

5. Click OK to return to the Specify System Actions for Caller Responses dialog box.

6. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto window appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).

System Action — Transfer to an Outside Line

Clicking Transfer to an Outside Line in the New System dialog box brings up the Transfer to an
Outside Line dialog box.

Transfer to Dutside Line

Dial String: ||
[~ Require DTHF to accept

“wait for up to ID seconds

Busy Goto |Tramsfe|Busy
Ermor Gota |Transfe|Enur

Cancel |

1. In the Dial String text box, enter phone number of the outside line that the caller will be
transferred to.

2. Check Require DTMF to Accept in order to have the VSI1 system play the following message
when the called party answers: “You have a call from the VS1 System. Press 1 to accept or
simply hang up.” If this option is chosen, you must enter a time in seconds in the Wait for up
to __ seconds. If the called party does not press 1 within this time, the call is not accepted.
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3. The TransferBusy procedure is pre-selected for Busy Goto. This procedure handles callers
when a busy signal is received at the called party. The TransferError procedure is pre-selected
for Error Goto. This procedure routes callers back to the Caller Greeting in the event of system
errors. These procedures are preconfigured and are included in every Auto Attendant.

4. Click OK to return to the Specify System Actions for Caller Responses dialog box.
5. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.

The Procedure to Goto window appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).

System Action — Dial a Number
Clicking Dial a Number in the New System dialog box brings up the Dial a Number dialog box.

Dial a Number | X]
Diial String:

|
Dial a Number dialog o |

box

1. In the Dial String text box, enter a string of digits to be dialed. Valid characters include a
comma (,) for a pause and F for external flash.

2. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).

Note  The Dial a Number System Action is mainly used to perform Centrex Transfers. View
Sample Auto Attendant 2 for an example.

System Action — Play Message
Clicking Play Message in the New System dialog box brings up the Play Message dialog box.

Play Message

 Meszage Mumber
i+ Use Caller Yalue
1~ Specify by Mumber

0 Messaae |

r— Completion Optiar

© Caller must hear the enlire message
& Allow Touch Tone to cancel message

" Chain another Message, Phrase, or Date & Time

-

Play Message dialog
box

1. Inthe Message Number option box, select one of the following two options:

Use Caller Value: plays the voice message number that was previously dialed by caller in
Caller Response.
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Voice Messages
notepad dialog box

Specify by Number: plays a pre-selected voice message number

If Specify by Number is selected, click in the Specify by Number text box that appears and

type in a voice file number. Note that voice file numbers 11-13 and 900-999 are already
reserved with existing voice files. See “Pre-recorded Message List” in Reference section for a
list of reserved messages.

Click the Message button.

The Voice Message Notepad window is displayed. Use this window to describe the voice
file you typed in the Specify by number text box. A message is assigned a number and
brief description. The actual message is stored by the Voice Message Recorder Auto
Attendant. Message files for all Auto Attendants appear in this window. Use care when
deleting or editing one of these messages because all Auto Attendants using that message
are affected. See “Recording a Voice File” in Reference section to record a voice file.

Yoice Messages Motepad

Message:

Mumber |Desc|ipt\on o ﬂl

500 ‘rou have activated the Telecor

am Torecord press 1, to play press 2. __
02 Enter the number of the file you wish el |
03 Enter the number of the file pou wish

a08 IF piou know your parties extension,
03 Ta reach the operator, press 0.

911 Please hold while | transfer you to,. T
0| | B Elete |

4. Select a Completion Option.

Caller Must Hear the Entire Message: This option is used when a Voice Message is
being played and the caller is not allowed to interrupt the message with DTMF tones. If the
caller does enter a tone, it is ignored by the system and the Voice Message continues
playing until it is complete.

Allow Touch Tone to Cancel Message: Allow Touch Tone to Cancel Message is the most
common option selected. With this option, the caller may interrupt the playing of the Voice
Message with a DTMF tone. The Auto Attendant then skips the Voice Message and moves
onto the next System Action or the Goto Procedure.

Note

If you are playing a series of consecutive voice files (Messages, Phrases, Date & Time)
within one System Action, do not choose this option for any of the voice files except the
last one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.

Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) in a System
Action. The Auto Attendant begins to play the file and immediately moves on to the next
voice file. An example of proper usage: Four voice files are stacked for consecutive play.

5. Click OK to return to the Specify System Actions for Caller Responses dialog box.

6. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).
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System Action — Record Message
Clicking Record Message in the New System dialog box brings up the Record Message dialog

box.
tessage Mumber———————
& Use caller valus
" Specify by number
ID hEssages
Cancel

Record Message 4|
dialog box

1. Select one of two options:

Use Caller Value: will record a caller voice file and save voice file into number specified by
caller in Caller Response.

Specify by Number: will record a caller voice file and save voice file into number specified in
accompanying text box.

2. If Specify by Number is selected, click in the Specify by Number text box that appears and
type in a voice file number. Note that voice file numbers 11-13 and 900-999 are already
reserved with existing voice files. See “Pre-recorded Message List” in Reference section for a
list of reserved messages.

3. Click the Message button.

e The Voice Message Notepad window is displayed. Use this window to describe the voice
file you typed in the Specify by number text box. A message is assigned a number and
brief description. The actual message is stored by the Voice Message Recorder Auto
Attendant. Message files for all Auto Attendants appear in this window. Use care when
deleting or editing one of these messages because all Auto Attendants using that message
are affected.

Voice Messages Notepad B3

Message:

MHumber |Descnpt\on = ﬂl

300 ‘fou have activated the Telecor

am Torecord press 1. to play press 2. _|
02 Enter the number of the file pou wish . |
a03 Enter the number of the file you wish

906 IF you know your parties extension, ¥
09 Ta reach the operator, press 0. New

911 Please hold while | ransfer youta, T
€ | B [Velete |

Voice Messages
notepad dialog box

4. Click OK to return to the Specify System Actions for Caller Responses dialog box.

5. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).
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System Action — Say Phrase

Clicking Say Phrase in the New System dialog box brings up the Specify “Say” Phrase dialog

box.

Specify “Say” Phrase

dialog box

Specily "Say™ Phrase

Murmber | ‘whord |
‘wiord 1:
word 2:
wiord 3:
“whord 4:
“word 5

Completion Options:
™ Caller must hear entire phrase:

& Allow tauch tone to cancel

™ Chain another Message, Phrase, or Date & Time

Cancel

Click in the space adjacent to Word 1. Click Lookup Words.
The Phrase List appears. Choose a word to be first in the phrase.
Repeat above steps to complete your phrase.

Select a Completion Option.

Caller Must Hear Entire Phrase: This option is used when the Phrase is being played and
the caller is not allowed to interrupt the it with DTMF tones. If the caller does enter a tone, it
is ignored by the system and the Phrase continues playing until it is complete.

Allow Touch Tone to Cancel: Allow Touch Tone to Cancel is the most common option
selected. With this option, the caller may interrupt the playing of the Phrase with a DTMF
tone. The Auto Attendant then skips the Phrase and moves onto the next System Action or the
Goto Procedure.

Note If you are playing a series of consecutive voice files (Message, Phrase, Date & Time)

within one System Action, do not choose this option for any of the voice files except the
last one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.

Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) within one
System Action. The Auto Attendant begins to play the file and immediately moves on to the
next voice file. An example of proper usage: Four voice files are stacked for consecutive play.

Click OK to return to the Specify System Actions for Caller Responses dialog box.

A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).
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System Action — Say Current Date and Time

Clicking Say Current Date & Time in the New System dialog box brings up the Say Current
Date and Time dialog box.

Say Current Date
and Time dialog box

1.

Say Current Date and Time

Campletion Options:

™ Caller must hear entire Date and Time.
&+ Allow touch tone ba cancel

£~ Chain another Message, Phrase, or Date & Time

Cancel |

Choose a Completion Option.

Caller Must Hear Entire Date and Time: This option is used when the Date and Time are
being played and the caller is not allowed to interrupt the it with DTMF tones. If the caller
does enter a tone, it is ignored by the system and the Date and Time continue playing until
complete.

Allow Touch Tone to Cancel: Allow Touch Tone to Cancel is the most common option
selected. With this option, the caller may interrupt the playing of the Date and Time with a
DTMF tone. The Auto Attendant then skips the Date and Time and moves onto the next
System Action or the Goto Procedure.

Note If you are playing a series of consecutive voice files (Message, Phrase, Date & Time)

within System Action, do not choose this option for any of the voice files except the last
one in the series. If you set up all the files in the series to use this option, the Auto
Attendant recognizes the DTMF tone(s) only for the purpose of skipping to the next voice
file in the series, not for the purpose of taking action on the caller’s response.

Chain another Message, Phrase or Date & Time: This option is used, typically, for only
one purpose—stacking a series of voice files (Message, Phrase, Date & Time) within one
System Action. The Auto Attendant begins to play the file and immediately moves on to the
next file. An example of proper usage: Four voice files are stacked for consecutive play.

Click OK to return to the Specify System Actions for Caller Responses dialog box.

A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).

System Action - Run System Command Script

Clicking Run System Command File in the New System dialog box brings up the Run a System

File dialog box.
File Mo
£
Run a System File =N
dialog box
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1. In the File No. text box, enter the two-digit Command Script number. See Command Scripts on
page 116 for information on creating a Command Script.

2. Click OK to return to the Specify System Actions for Caller Responses dialog box.

3. A Goto Procedure value is required, even though it may not be used. Click Goto Procedure.
The Procedure to Goto dialog box appears. Double-click a procedure to select it (the Main
Procedure is the most commonly used choice).

Default System Action

By default, each Procedure is provided with a Default System Action. This Default System Action
returns the caller back to the Main Procedure if an invalid Caller Response is entered. In addition,
the Main Procedure and Voice Mail Procedure of AA #1 (Default AA) and AA #3 (Voice Mail
Interrupt AA) plays message 928, which states “I’m sorry, that is not a valid option.”

Edit Procedure x|

Procedure Dezcription:

Called when the script begins

Phone System ¢ Caller Interaction:

Caller Response: B ;I it
i+ Caller Response: 10..59 or 100..599 ar 1000..5393 !
Caller Responge: B0 or 610..659 or 61006533 Hew
fo Caller Responge: Timeout Delete
Default System Action
Play Message number 928 idorely
*- Goto Procedwre Main Have Down
-

Default System

Action of Main e

Procedure of AA#1

Importing an Auto Attendant Procedure

You can import Procedures of Auto Attendants for use in creating new Auto Attendants. For
example, the Dial by Name Procedure of Auto Attendant 1 can be imported into a new Auto
Attendant.

1. From the Select Auto Attendant drop-down box, select an Auto Attendant that will receive an
imported Procedure.

2. Click Import.

o  The Import Procedure dialog box appears with a list of Auto Attendants.
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Import Procedure
dialog box displaying
Auto Attendants

3. Double-click the Auto Attendant whose Procedure will be imported.

e The Import Procedure dialog box displays the Procedures for the Auto Attendant.

Import Procedure
dialog box displaying
Auto Attendant
Procedures

Import Procedure x|

Select I
“aice Message Recorder Cancel |

“oice Mail Interupt
Auto Attendant 4
Auto Attendant §
Auto Attendant B
Auto Attendant 7
Auto Attendant 8
Auto Attendant 9
Auto Attendant 10
Auto Attendant 11
Auto Attendant 12
Auto Attendant 13
Auto Attendant 14
Auto Attendant 15
Auto Attendant 16 e
Auto Attendant 17

Auto Attendant 18

Auto Attendant 19

Auto Attendant 20

Sample Auto Attendant 1

Sample Auto Attendant 2 -
4| | B

Auto Attendant Name:

Import Procedure

| Procedure | Desciiption | Select I
b ain Called when the script begins
iz e Di Cancel |

TransferBusy Called when transter gets busy signal
TransferEror Called on trangfer to invalid extension

4. Double-click the Procedure to be imported.

e The Procedure is imported into the Auto Attendant.

Viewing the Auto Attendant Script

The Auto Attendant script can be viewed in its entirety by clicking the Overview button.

Overview of Auto
Attendant Script

=5 - Eytersion:. Undefined = -
=% Thig is & reserved Auto Attendant S cript
% that the system relies on for its operation
=% E dit this script only with GREAT care.
- Called when the script begins
Begin Procedure tain
Caller Greeting
Play Meszage number 944
.. wiait for completion [Allow Touch Tone to cancel)
Get Touch Tone, 5 digits, 5§ sec timeout
Caller Responze: O
Play Message number 911
.. Wait for completion (Caller must hear entire message]
Play Meszage number 912
.. Wait for completion (Caller must hear entire message] ;I
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CALLER ID ROUTING

Caller ID Routing enables incoming calls to be targeted to specific extensions based on Caller ID.
Each time a call is received from that specific telephone number, the call is automatically routed to a
preassigned extension. You can set up Caller ID Routing for up to 800 entries.

For example, your spouse calls your company from (913) 555-1234. The number 9135551234 was
set up in the Caller ID Routing Entry table to target extension 101 with the description, Mary at
work. Any time a call is placed from (913) 555-1234 to the company, extension 101 receives that
call with the Caller ID description, Mary at work.

Note  You must contact your local phone company to activate Caller ID, or Caller ID Routing will
not work. If you are using Port Expansion Unit Models 205 and 200, the Caller ID Option
Module must be installed.

EVS Editor - Acme Inc 19 [=1 S
File Edit “iew Help

ANl

ACD

Activation Keys [ From Mumber | Start... | End...| Dap0f'Wesk | Ext.. | Desciiption add
Adapter Setup S1RREREE/E 0000 2400 Everuday 102 Wwesley Sea Home

Auto Attendants 9135551234 0000 2400 Everyday 101 Mary at work Del |
CID Routing

Command Scripts

Conference Fooms 4 | LI

DID Routing

Forced Accounts U0 Routing Entr

Functon beve £ Number  [5155556576

Least Cost Routing Desciiption  [iw/esley Sea Home

Line Poals Daps Enabled

Loop Tapes Start Tirme: IDI] oo ¥ Sunday ¥ Thursday

Page Zones . v v Fii

Port Configuration 1) i |24 L E ?j:j;;. E ;:jfday

Program Password W Wednesday

Scheduled Events Target Extension IT

Speed Dial

Syatem Configuration 1
System Configuration 2
Toll Restrictiors

"wiork. Groups

CID Routing pane For Help, press F1 ,_’W,_ y

Complete the following steps:
1. Select CID Routing in the Tree Control display.
e The CID Routing pane appears.
2. Click ADD.
3. Inthe CID Routing Entry group box, enter the following in the corresponding text boxes:

CID Number: Enter the number of the incoming call you want to specify. Do not use dashes,
spaces, or parenthesis when entering the number.

Note You must include the area code even if it is a local call, or Caller ID Routing will not
function properly. Wildcards can be used in the CID Routing Entry table. Use x for multiple
numbers and ? for single digits.

Description: Type a description (maximum 16 characters) for the specified incoming number.
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Start Time and End Time: Set a time frame for the Caller ID number you specified. Times
must be entered in standard 24-hour (military) format. If you want a call routed anytime, type
00:00 in the Start Time text box and type 24:00 in the End Time text box.

Note The End Time must not come before the Start Time.

Days Enabled: Check the day(s) of the week that the incoming number will be routed.
Target Extension: Enter the extension that you want the incoming call routed to. You can only
type one extension. You can target an incoming call to a Work Group extension. By doing this,
all phones in the specified Work Group ring and display the specified description.

4. Click the Save button in the toolbar.
e The CID Routing entry is added to the list box above.

5. Repeat steps 2-4 for other CID Routing entries.

To edit a Caller ID Routing Entry, select it from the list box and make the required edits.

To delete a Caller ID Routing Entry, select it from the list box and click Del. A dialog box appears
asking you to confirm your deletion. Click Yes and your entry is deleted.

Routing Calls from a Specific Area Code

Caller ID Routing can be set up to transfer incoming calls from a specific area code to a preassigned
extension. Complete the following steps:

1. Select CID Routing from the Tree Control display.
e The CID Routing pane appears.
2. In the CID Number text box type in the area code followed by the wildcard x.

3. Fill in the Description, Start Time, End Time, Days, and Target Extension boxes.
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COMMAND SCRIPTS

Command Scripts are batches of VS1 System Commands. Command Scripts provide a convenient
method for controlling the various aspects of system operation. Command scripts can be run from:

e The TVS Command prompt
e A VSI System phone
e From an off-site location via an Auto Attendant

EVS Editor - Acme Inc 1= [=1E3
File Edit Yiew Help
S| |

ACD

ctivalion Keys Select Command 5 cript IACD1\N’1 = Mew | T | Delete |

Adapter Setup

Auto Attendaits

call pager 11 ;I

Command Scripts
Conference Rooms
DID Routing
Forced Accounts
Function Keys ;I

Guest Mail Bores
Least Cost Routing B Commands

Line Pools Command | Description :I
Loap Tapes Aed Access ACD commands J
Page Zones Call Call a number
Pait Configuration Clear Clear activity on a port
Program Password Cload Load & Port Configuration
Geheduled Events Eonf Eonfa(rfnf:e}(roomﬂlack#t\meoul =
Speed Dial b I | E
System Configuration 1
Spstem Configuration 2
Tall Restrictions

Command Scripts work Groups

pane For Help, press F1 | [MUM A

Complete the following steps:

1. Select Command Scripts in the Tree Control display.
e The Command Scripts pane appears.

2. Click New to create a new Command Script.

3. In the New Command Script dialog box, type a name in the Command Script Name text box

and click OK.

Enter Command Script Name

I
New Command _Corcel_|

Script dialog box

Note If you are running Command Scripts from the TVS Command prompt, the Command
Script can be named using numbers and/or letters. However, if you also plan on running
Command Scripts from system phones or an Auto Attendant, you must name the
Command Script using the format of f{nn} where {nn} is a number in the range of 1-99.
For more information, see “Running a Command Script from an Auto Attendant” on page
118.

4. System Commands are located in alphabetical order in the PBX Commands list box. Double-
click the System Command to include it newly-created Command Script.
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5. Click the Save button in the toolbar.

Default Command Scripts

The VSI1 includes default Command Scripts, which are explained below. View these Command
Scripts in the VS1 Editor to see what System Commands are used.

ACD1W1 - Plays voice file 011 (“There are too many calls for the number of agents. Please add
another agent.”)

ACD1W2 — Plays voice file 012 (“Calls in queue have been waiting too long. Please add another
agent.”)

ACD1W3 — Plays voice file 013 (“Calls are in queue and zero agents are logged in. Please add
agents.”)

DAY - Loads the day configuration

DBNFIRST — Configures Dial-by-Name for first name.

DBNLAST - Configures Dial-by-Name for last name.

DSKMAINT - Triggers the run of disk maintenance utilities (see “Scheduled Disk Optimization”

in Reference section)

F1 — Manually loads the DAY configuration

F2 — Manually loads the NIGHT configuration

F93 — Forces the RSA modem off-hook in answer mode

F95 — Resets the RSA modem

NIGHT - Loads the NIGHT configuration

SMDRMON - Backs up SMDR data to summary.mon, detail.mon, and acd.mon files, and then
deletes the summary.dlm, detail.dlm and acd.dlm files.

SMDRTUE - Backs up SMDR data to summary.tue, detail.tue, and acd.tue files, and then deletes
the summary.dlm, detail.dlm and acd.dlm files.

SMDRWED - Backs up SMDR data summary.wed, detail.wed, and acd.wed files, and then deletes
the summary.dlm, detail.dlm and acd.dIm files.

SMDRTHU - Backs up SMDR data to summary.thu, detail.thu, and acd.thu files, and then deletes
the summary.dlm, detail.dlm and acd.dlm files.

SMDRFRI — Backs up SMDR data to summary.fri, detail.fri, and acd.fri files, and then deletes the
summary.dlm, detail.dlm and acd.dIm files.

SMDRSAT - Backs up SMDR data to summary.sat, detail.sat, and acd.sat files, and then deletes
the summary.dlm, detail.dlm and acd.dlm files.

SMDRSUN — Backs up SMDR data to summary.sun, detail.sun, and acd.sun files, and then deletes
the summary.dlm, detail.dlm and acd.dIm files.

STARTUP - Is executed every time the TVS software starts. Commands that are used to modify
default system settings should be placed in this Command Script.
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Running a Command Script from the TVS Command Prompt

1. To run a Command Script from the TVS Command prompt use the format: @ {£ile} (with
{file} representing the Command Script Name/Number).

2. Press ENTER.

Running a Command Script from a Phone

1. Lift the handset, and dial 71 and the two-digit Command Script Number that you set up to run a
command.

e For example: dial 7101 to run the £1 . emd; dial 7102 to run the £2 . ecmd; dial 7199 to run
the £99.cmd.

Note You can customize a Feature button on the Display Phone Model 200 (DP200) to run a
Command Script. Lift the handset and dial 7801, and then press 2 to customize a Feature
button. Dial 32 for the Command Script code number, and then dial the two digit
Command Script that you set up to run.

Running a Command Script from an Auto Attendant

Running Command Scripts from an Auto Attendant provides customers the flexibility of being in
control of how their system operates even when they are not on-site. Following the steps below
ensures that authorized personnel have the option of calling in to the VS1 phone system and dialing
the Command Script Number when the Auto Attendant answers.
1. Click Auto Attendants in the Tree Control display.

e The Auto Attendant pane appears.

2. From the Select Auto Attendant drop-down box, select the Auto Attendant to run the
Command Script.

3. Select the Main procedure, and then click Edit.

4. In the Phone System / Caller Interaction list box, select Caller Response Handlers and click
New.

e The Specify Systems Actions for Caller Responses dialog box appears.
5. Select Caller Responses and click New.
6. Inthe New Caller Action dialog box, select Multi-digit Number.

7. In the Specify Multi-digit Number window, type 71{nn} (with nn representing the Command
Script number) in the Number text box and click OK.

e Placing 71 prior to the Command Script number ensures that the code to run the Command
Script is the same externally as it is internally (running Command Script from system
Phone). Up to 10 digits can be entered in the Number box; however, the code to run the
Command Script externally will then be different from running the Command Script
internally.
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Specify Multi-digit Number | X|

Nurnber

[7153

Specify Multi-digit =

Number dialog box

8. Select System Actions and click New.

9. Under Type in the New System Action window, select Run System Command File. Click
OK.

10. In the File No: text box in the Run a System File window, type the two-digit Command Script
number. Click OK.

File Mo
IEE
. ak. L |
Run a System File =N

dialog box

11. Select Goto Procedure and then click Main. Click OK to save.

Note The above steps use the Multi-digit Number Caller Response to run the Command
Script. This is the preferred method. However, the other three methods of Caller
Response (Touch Tone, Number Range, and Caller Response Timeout) can be also be
used if need be. See “Caller Response Handler” on page 102 in Auto Attendant section for
more information.
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System Commands

argument Indicates an argument for which you must supply a value.

{x} An argument or a constant within braces { } is required.

[x] An argument or a constant within square brackets [ ] is optional.
x|ylz Constants or arguments separated by a vertical bars requires a choice.

acd logon {port} {logon code}—Logs the specified port onto an ACD(s) using the
logon account code specified.

acd logoff {port}—Logs the specified port off of all ACD(s).

call ext {extension} {sysfile}—Plays a voice file at an extension port. Example:
call ext 138 44 would call extension 138 and play voice file $va044 . pcm at that extension.

call pager {sysfile} {pagezone}—Plays a voice file over a Paging Zone. Example:
call pager 22 4 would play voice file $va022 . pcm over Paging Zone 4 .

call remote {number} {sysfile} [dtmf]—Dials a remote number and plays a voice
file, optionally dials DTMF. For example, call remote 8887936 937 1234 would dial
8887936 (using the Outbound Paging Line Pool specified in System Config 1), pause 10 seconds,
play voice file $va937 . pcm, and then dial the DTMF 1234 and hang up.

clear {port}—Clears the specified port. Clearing a CO port disconnects the current call.
Clearing an Extension port disconnects the current call and cancels any Forwarding or Do Not
Disturb that may be in effect.

cload {file}—Loads a configuration file. For example, cload night.cfg would load the
configuration file night. cfg.

conf {co|ext} [input] [output]—Sets the 16-party conference room volume. Contact
Telecor Technical Support for further information.

conf lock {0|1}—Controls the ability to lock a 16-party conference room. Locking is
accomplished by any party pressing # . Pressing * unlocks the conference room. A locked
conference room results in a busy signal when its extension is dialed. (Default = 1,
locking/unlocking enabled.) Typing conf lock returns the current value.

conf timeout [n]—Controls how long a conference call comprised of only CO ports can
continue before the VS1 phone system terminates the call. Setting a value of 0 disables the timer.
Pressing a DTMF key resets the timer. (Valid range = 0-32767 minutes, default = 15 minutes)
Typing conf timeout returns the current value.

copy {source} {destination}—Copies the file specified as the source to the target. The
full path and file name of both the source and target files must be specified. Wildcards are not
supported. If the target file exists, it is overwritten. To copy files to/from the network, specify net:
as the path.

date [mmddyyhhmm]—Sets the system date and time using the format mmddyyhhmm. Typing
date by itself displays the current system date and time.

del {filename}—Deletes the specified file. Wildcards are not supported, and files with the
read-only attribute set cannot be deleted.

dir {filename}—Displays a directory of files. Directory path names and wildcards can be
specified. For example, dir wvm\vm\*.* would display all files in the Voice Mail storage
directory.

disable {port|all}—Disablinga CO port prevents it from being used for outbound calls but
does not prevent incoming calls. Extension ports should not be disabled.
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dsp enable—This command must be issued at least once after PBX startup to enable DSP
volume adjustments. It is good practice to issue this command at the beginning of any Command
Script that performs DSP volume adjustments.

Note The dsp enable command must be issued before any dsp vol command is acted upon by
the system.

dsp vol {co|ext|port} ={n} {in|out}—This command allows CO and Extension port
volume adjustments through the Host Adapter DSP. Each port (T1 or PEU) has two settings
associated with it: one controls the volume level IN to the port and the other controls the volume
OUT of the port. For example, dsp vol co =5 in would change the incoming volume on
every CO port to 5 dB. (Valid range = -12 to 12 dB, default is 6 dB for CO IN on analog ports, 0 dB
for CO IN on T1 ports, 0 dB for CO OUT, -6 dB for EXT OUT, and 0 dB for EXT IN)

dump call—Displays the current status of the paging queue. This queue contains Auto Pages and
Pager Notifications that are currently being dispatched.

dump page—Displays the current status of the Pager Notification queue. This queue contains
Pager Notifications that are scheduled for later release.

enable {port|all}—Enables a port previously disabled.
err—Displays the current status of the Switch Card and Host Adapter Card(s).

exit—This command shuts down the PBX software and reboots the TVS. Can only be issued from
local console (monitor and keyboard connected to TVS) and not from an RSA session.

grpid [off|on|0]|1]—Controls the operation of the Answer Group function. When GRPID is
ON, Answer Group picks up calls within the same group only. When GRPID is OFF, Answer Group
picks up calls system-wide. Typing GRPID by itself displays the current setting. (Default = ON/1)

help—Displays a list of some of the available commands.

1s [acd|all|co|ext]—Displays a line status of ports. The 1s acd command displays a
summary of configured ACD groups. 1s co and 1s ext displays a list of CO or Extensions,
respectively. The 1s all command lists all ports, including Paging Zones, Auto Attendants, Park
Zones, and so on. For more information, see “Line Status Symbols,” in Installation, Configuration,
and Operating Guide.

modem answer—This command causes the TVS modem to go off-hook in answer mode, similar
to issuing modem send ata.

modem reset 1—Resets the TVS modem and forces it on-hook, terminating the current RSA
session.

modem send {command}—Sends the specified command string to the TVS modem in
command mode. Be sure to include at at the beginning of the string.

pause [n]—Pauses the current command script for {n} seconds. The pause command by itself
creates a 1 second pause. (Valid range = 1-60 seconds)

play {port} {filename}—Plays the specified voice file over the specified port. The port
number is zero-based hexadecimal. For a phone connected to Port 9 on the PEU, type play 8
va\$va944.pcm. Because the Music on Hold Loop Tape is configured for continuous play,
typing $va946.pcm generates a File Open! error message. When using the play {port}
{filename} command, type r for repeat to hear the file.

portscan—Identical to sysinfo command.

rec {1|2} {filename}—Records a voice file of the file name specified using the Musicl or
Music2 inputs on PEU A. After issuing the command, press the SPACEBAR to begin recording and
ESC to end.
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relay {1|2} {time}—Closes the Relay 1 or Relay 2 contacts on PEU A for the time
specified. Note that the value is in hundredths of a second. For example, relay 1 100 would
close Relay1 for 1 second.

ren {filename} {newfilename}—Renames the specified file using the path and new file
name specified. This command supports path names, but fails if the new file name already exists.

rop {off|on|0]|1}—Controls the Ring Over Pager feature. With rop on, incoming CO calls
ring over the Zonel and Zone2 contacts on PEU A. Setting rop off disables this feature. The
Ring Over Pager port property must be enabled in Port Configurations for this feature to work.
(Default = OFF/0)

set—Displays many of the current system settings.

set aaidletime={n}—Sets the inactivity timeout for COs connected to Auto Attendants. If a
DTMF tone is not detected within AAIDLETIME seconds, the VS1 system terminates the call on
that CO. (Valid range = 60-3600 seconds, default = 600 seconds)

set animode={0|1}—Reserved for Telecor Technical Support use. Do not change this setting.

set autopagetime={n}—Sets the system default Auto Page time for ports configured to Auto
Page. A call must ring at an extension for AUTOPAGETIME seconds prior to the first Auto Page.
(Valid range = 0—120 seconds, default = 10 seconds)

set autopagerepeat={n}—Sets the system default Auto Page repeat interval. A setting of 0
disables Auto Page repeats. (Valid range = 0—120 seconds, default = 0 seconds)

set aavolin={n}—Sets the incoming DSP volume level for COs connected to voice channels
(i.e. Auto Attendants, Voice Mail). This value is in addition to any change made through the dsp vol
co ={n} in command. (Valid range =-12 to 12 dB, default = 0 dB)

set aavolout={n}—Sets the outgoing DSP volume level for COs connected to a voice
channel (i.e. Auto Attendants, Voice Mail). This value is in addition to any change made in the dsp
vol co ={n} out command. (Valid range =-12 to 12 dB, default =0 dB)

set cidformat={0|1}—Sets the format of Caller ID in the SMDR files. Setting this value to
0 causes the area code to be enclosed within parentheses while a setting of 1 includes only the raw
digits. (Default = 1)

set coholdtime={n}—Sets the system default held call and parked call recall timer. A held or

parked call rings back to the station that placed it there after this timer expires. (Valid range = 20—
3600 seconds, default = 300 seconds)

set cpdansl={n}—Reserved for Telecor Technical Support use. Do not change this setting.
set cpdans2={n}—Reserved for Telecor Technical Support use. Do not change this setting.

set dialmindigits={n}—Sets the minimum number of digits that must be dialed after
pressing 9. Dialing fewer than DIALMINDIGITS results in the call being toll restricted. (Valid
range = 111 digits, default = 4 digits)

set dialtimerdigits={n}—Sets the number of digits after pressing 9 at which the dial
buffer switches from using DIALTIMEI to using DIALTIME2 as its timeout value. (Valid range =
1-11 digits, default = 7 digits)

set dialtimel={n}—Sets the number of seconds the dial buffer waits for digits after pressing
9 before assuming the dial string is complete. This value applies until DIALTIMERDIGITS have
been dialed. (Valid range = 2—30 seconds, default = 20 seconds)

set dialtime2={n}—Sets the number of seconds the dial buffer waits for digits after pressing
9 before assuming the dial string is complete. This value applies after DIALTIMERDIGITS have
been dialed. (Valid range = 2—-30 seconds, default = 2 seconds)

set dndtime={n}—Sets the number of hours a standard phone or Modem/Fax port will remain
on Do Not Disturb. The DND state is cancelled when this timer expires. Setting a value of 0
disables this timer. (Valid range = 0-999 hours, default = 1 hour)
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set loop{n}={file}—This command changes the voice file source for the specified Loop
Tape. For example, set loop2=va\$vad00.pcm would change Loop2 to $va400 .pcm at the
end of current pass through Loop2. Loop Tapes should be started in the Loop Tapes section of the
configuration program. (Valid range for {n} = 1-12)

set pcomwait={n}—Reserved for Telecor Technical Support use. Do not change this setting.

set ring0={n}—Sets the minimum duration for a valid CO power ring. This setting applies to
the first ring only. Do not change this setting. (Valid range = 2—1000 hundredths of a second, default
= 50 hundredths of a second)

set ringl={n}—Sets the minimum duration between valid CO power rings. Do not change this
setting. (Valid range = 2—-1000 hundredths of a second, default = 250 hundredths of a second)

set ring2={n}—Sets the maximum duration the system waits for the beginning of the next CO
power ring. Do not change this setting. (Valid range = 2—1000 hundredths of a second, default = 500
hundredths of a second)

set smdrmode27={0|1}—This command sets the number of SMDR year digits. The default
setting is 0, which sets the number of year digits to four. A setting of 1 changes the year digits to
two. It also removes the Field Description Called Number in Detail, Summary, and ACD SMDR
files. A setting of 1 also removes the Field Description Message Sent from ACD SMDR files.

set zp{l|2}={loopl|loop2|audiol|audio2|silent}—Plays an audio source over
the Zonel or Zone2 paging contacts on PEU A. Specifying loopl or loop2 plays the
corresponding loop file, audiol or audio2 plays the corresponding PEU music input, and
silent turns the source off. Any page to Zonel or Zone2 interrupts the specified audio source.

show acd {acd number}—Displays the status of the ACD number specified. (Valid range =
1-10)

show conn—Displays a list of existing connections on the VS1 phone system.

show events—Displays a list of Scheduled Events. The next event scheduled to run is preceded
by a *.
show ports [file]—Displays a list of all devices configured on the system. Each line

includes the port number, physical port type, software port type, extension number and port
description. Optionally, a file name can be specified for output.

shutdown {n|idle}—This command shuts down the PBX and reboots the TVS in {n}
minutes. Specifying the idle parameter resets the system as soon as no call activity is detected.
(Valid range = 0—500 minutes, or IDLE)

stop—Identical to shutdown 0 command.
stat—Displays a listing and status of system processes.

sysinfo—Displays the system software version, System ID (serial number), startup time, and
other system information.

tl comm {0|1}—Displays the status of the communications between the specified T1 Interface
Card and the PBX. If one T1 Interface Card is installed, interface O corresponds to ports 97 through
128. If two T1 Interface Cards are installed, interface 0 corresponds to ports 65 through 96 and
interface 1 corresponds to ports 97 through 128.

tl error {0]|1}—Displays a summary of the error information for the specified T1 Interface
Card during the past 24 hours. Note: If one T1 Interface Card is installed, interface 0 corresponds to
ports 97 through 128. If two T1 Interface Cards are installed, interface 0 corresponds to ports 65
through 96 and interface 1 corresponds to ports 97 through 128.

tl setup {0]|1}—Displays the configuration settings of the specified T1 Interface Card. Use
the arrow keys to select a setting, the SPACEBAR to change a setting, and the ENTER key to save the
changes. Press ESC to exit without saving the changes. If one T1 Interface Card is installed,
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interface O corresponds to ports 97 through 128. If two T1 Interface Cards are installed, interface 0
corresponds to ports 65 through 96 and interface 1 corresponds to ports 97 through 128.

tl stat {0|1}—Displays the current status of the specified T1 Interface Card. This
information can be useful in T1 troubleshooting. If one T1 Interface Card is installed, interface 0
corresponds to ports 97 through 128. If two T1 Interface Cards are installed, interface 0 corresponds
to ports 65 through 96 and interface 1 corresponds to ports 97 through 128. See “TI Interface Card
Diagnostics” in Reference section for more information.

time—Displays the current system time. See date command.

vec load {file name}—Reserved for Telecor Technical Support use. Do not change this
setting.

vec dtmf {0|1}—Reserved for Telecor Technical Support use. Do not change this setting.

vm {extension}—Allows editing of the Voice Mail passcode and Pager Notification settings
for the specified extension.

vmaint purge {extension|*} {daysold} [forward to]—Deletes all Voice Mail
messages older then the number of days specified for the extension specified. Use the wildcard * in
place of the extension to check every Voice Mail Box on the system. For example, vmaint
purge * 90 would delete every Voice Mail message on the system more than 90 days old.
Optionally, the messages can be forwarded to Voice Mail by specifying a forward to extension.

vmaint scan [forward to]—Deletes Voice Mail messages that do not belong to any Voice
Mail extension (such as orphaned messages). Optionally, the messages can be forwarded to another
Voice Mail by specifying a forward to extension.
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CONFERENCE ROOMS

Conference Rooms on the VS1 System are the “meet me” type of conferencing. This means each
person calls into the designated system Conference Room. The VS1 System has three 16-party
Conference Rooms. These Conference Rooms can operate simultaneously, and can include any
combination of inside or outside parties for a total of 16 participants.
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Command Scripts Work Groups
pane For Help, press F1 T

1. Select Conference Rooms in the Tree Control display.
e The Conference Rooms pane appears.

By default, Conference Rooms are set up as extensions 431, 432, and 433. However, you can use
any valid unused extension between 100—599 when using 3-digit extension numbers.

Calls can be transferred to a conference room by any VS1 Station. After transferring a caller to the
Conference Room, the station user can dial the Conference Room extension to enter the conference.
When a party enters an ongoing conference, a notification tone is played to alert attendees that
someone new has joined the conference.

Conference Rooms can also be locked after a conference has been established so no other party can
join. Any conference participant can lock a Conference Room by pressing #1 on their phone, or
unlock a conference room by pressing *1.

The VSI1 System has two commands run from the TVS Command prompt that enable or disable
Conference Room locking, and determine the length of time for each conference call.

conf lock {0|1}—Controls the ability to lock a 16-party conference room. A locked
conference room results in a busy signal when its extension is dialed. When you type conf lock
0, Conference Room locking is disabled; conf lock 1 enables Conference Room locking.

conf timeout {n}—Controls how long a conference call comprised of only CO ports can
continue before the VS1 phone system terminates the call. Setting a value of 0 disables the Timeout
timer. Pressing a DTMF key resets the timer. (Valid range = 0-32767 minutes, default = 15
minutes)
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DID & DNIS ROUTING

Direct Inward Dialing (DID) allows a caller outside a company to call an internal extension without
having to pass through an operator or an Auto Attendant. Dialed Number Identification Service
(DNIS) works in a similar manner and is typically only available on inbound 800 and 900 service.

DID and DNIS on the VS1 System can only be used with a Telecor T1 Interface Card, and T1
service must be ordered from your local service provider. The dialed digits are passed down the line
from the CO and the VS1 then completes the call to an extension. Your Service Provider will give
you a block of DID or DNIS numbers to use, which are frequently provided in blocks of 100
numbers (e.g. 2001 to 2100). You must give your Service Provider the FCC ID number from the
label on the T1 Interface Card. For more information on T1, see “Installing a Tl Interface Card,”
in the Hardware section.

In addition to DID and DNIS, the T1 Interface Card allows for Automatic Number Identification
(ANI). ANI reports the number of the calling party. This is similar to Caller ID on an analog line.
However, the only information provided is the number from which the caller is calling. Name
information is not sent by the Service Provider.

The numbers received from the phone company can be a maximum of 15 digits for DID, DNIS and
ANI. The VS1 system supports DID (or DNIS) and ANI with specific digit sequences sent by the
Service Provider. Only when using both DID (or DNIS) and ANI do incoming signals need to be
separated in order to be recognized by the VS1 system. For example, the digit sequences for the
calling number (913) 888-7936 with the DID routing number of 274 are:

ANI and DNIS = * ANI * DNIS * *9138887936*274*
ANI =* ANJ ** *9138887936**
DNIS = ** DNIS * *ETA®

Note If the Service Provider sends a pure digit stream (no * separating characters), the digits
are considered ANI unless DID Routing is selected for the CO port.

Configuring a Port for T1 Service

There are three steps involved in configuring a port for T1 Service:
o Identifying the port for T1 Card usage (accomplished through Adapter Setup - see page 86.)

e  Assigning the port as a CO Line.
e  Configuring the port for DID or DNIS.

Assigning the Port as a CO Line
1. Select Port Configuration in the Tree Control display.

e The Port Configuration pane appears.

2. From the Configuration drop-down box, select the configuration where you want to make
changes.

Note: If you have more than one configuration on your system you must set up each
configuration.

3. Beginning at Port 97 (for one T1 Card) or Port 65 (for two T1 Cards) and ending at port 128,
every fourth port is reserved, and the others are unassigned. The reserved ports are a function of
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Port Type window

the T1 interface. Select the unassigned port that you want to assign as a CO port, and then click
Type.

e The Port Type window appears.

Select CO Line, and then click OK.

Port Type

Mo Connection

=1 Gtandard Fhone ﬂl
i 0 Line

1 Gllline Featire Bhone
1 Feserved 1

1

e

| [ispley Phone

1 ftterdant

) Gonnest AL

) Conrect /RO

—Select Port Type

[V et fupe aeross all configurations

Repeat steps 3 and 4 for each T1 port you want to assign as a CO Line.
To set up other configurations, repeat steps 2 through 7.

After all T1 ports are assigned as CO Lines, click the Save button in the toolbar to save your
changes.

Configuring the Port for DID or DNIS

1.

With a configuration selected in the Port Configurations pane, select a T1 port that you have
assigned as a CO Line.

Enter the following information in the corresponding text boxes:
Description: Enter a description for the T1 line.

Extension: Enter an extension. (Enter —1 if no extension is assigned)
Number: Enter the digit 1 ten times, which function as placeholders.

Note A CO port configured for T1 service cannot be set up for both DNIS and DID.

Set up a default first ring target. This is important because if a call cannot be routed using the
DID Routing table, it is routed based on the target rings and target port.

Under Rings, set the CO port to ring the first target for 10 rings.
e  Under Target Ports, set the CO port to ring the first Auto Attendant (AA1).
e Check the DID Routing box.

To set up additional ports with DID or DNIS routing, repeat the above steps or use the
Replicate button and follow the on-screen instructions.

Set up additional configurations by following steps 1 through 5.

After all CO ports are configured, click the Save button in the toolbar to save your changes.
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Setting up a DID or DNIS Routing Table

To assign a block of numbers for DID routing, complete the following steps.

1.

Select DID Routing in the Tree Control display.

e The DID Routing pane appears.

Click Add.

In the DID Entry group box, enter the following information in the corresponding text boxes.

Description: Enter a description for the block of numbers. The description is a 16-character
message that is attached to the call. This message appears on all station equipment with a
display.

Start Num: This box must contain 7 digits. Enter the DID start number of your block of
numbers preceded by the necessary amount of placeholders. Telecor recommends using 1 for
the placeholder since it is then obvious that they are not part of the routing number.

End Num: This box must contain 7 digits. Enter the DID end number of your block of numbers
preceded by the necessary amount of placeholders. Telecor recommends using 1 for the
placeholder since it is then obvious that they are not part of the routing number.

Example (for a 4-digit DID): Start Number 1114001 End Number 1114100

Start Time: Enter the start time that you want this block of numbers to recognized. Use
standard 24-hour (military) time format.

End Time: Enter the end time that you want this block of numbers to recognized. Use standard
24-hour (military) time format.
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Note: The End Time must not come before the Start Time.

Days: Select the days of the week that you want this block of numbers to be recognized.
4. Specify the Target Ext and Target Mode.
Target ext: Enter the target extension for the DID Routing Entry.
Fixed Target Mode: means that all numbers in the block are targeted to a specific extension.

For example, assigning 1114001-1114100 to Extension 103 means that 4001 goes to Extension
103; 4002 goes to Extension 103, and so on.

Note: DNIS numbers are usually assigned as individual numbers and not in related blocks. DNIS
numbers can only be routed in the Fixed Target Mode.

Relative Target Mode: means that each number in the block is targeted to a specific extension.
For example, if the Start Num is 1114001 and the Target Extension is 101, the number 4001
routes to extension 101, 4002 routes to extension 102, 4010 routes to Extension 110, and so on.

e To assign one number to a specific extension, type the same number in the Start Number
and End Number text boxes. In the Target Ext text box enter the target extension, and
then select Fixed as the Target Mode.

5. Click the Save button in the toolbar.
6. The settings for the DID/DNIS Routing Table appear in the list box above. If there are any

errors in your DID Routing entry, a dialog box appears notifying you of the error.
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RESET If changing the number of
FORCED ACCOU NTS dig!t_s or changing pgtween
verified and non-verified
The Forced Account feature requires a phone user to enter a code to place an outgoing non-
emergency call. After a number is entered the user hears four beeps to prompt input of an account
code. If the required number of digits is not entered within 10 seconds, the call is terminated. If the
required number of digits is entered, the code is compared with the defined list of Forced Account
Codes. If there is no match, the user hears four beeps again and can re-enter the account code.
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To create Forced Accounts, complete the following steps:
1. Select Forced Accounts in the Tree Control display.
e The Forced Accounts pane appears. Three options are available:

2.1 Clicking No Forced Account Codes will prevent phone users from having to enter codes, even
if their stations are enabled with Forced Account Codes in Port Configurations.

2.2 Clicking Unverified Forced Account Codes will force the phone user to enter the same
number of digits specified in Number of Digits field — regardless of which digits — when
dialing out. Click the Number of Digits button to enter the amount of digits (1 - 15) the user
will be required to press.

2.3 Clicking Verified Forced Account Codes will force the phone user to enter a specific digit
string when dialing out. Click Add to enter a digit string in the Forced Account Codes column.
Multiple Verified Forced Account Codes can be created.

See “Setting up an Extension Port Type” on page 149 to enable Forced Account Codes on an
extension.
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FUNCTION KEYS

Function Keys enable DP200 Phone users to access VS1 System features (such as Call Forwarding,
Paging, Transfer, and Do Not Disturb) via the DP200 Feature Buttons. There are 12 Function Keys
available, and the default functions of these can be programmed with the VS1 Editor.

Note  Telecor uses the terms Function Keys and Feature Buttons interchangeably. The term
Function Key is used primarily when programming with the VS1 Editor. The term Feature
Button refers to one of the 12 corresponding buttons on the DP200 Phone.

EVS Editor - Acme Inc 1= [=1E3
File Edit Yiew Help
K10 |
ACD
Activation Keys
Adapter S etup Function Keys
Auto Attendaits
CID Routing Keyl Walueg | Dezcription
Command Scripts ] PAGE>04
Cenference Rooms 2 | <CONF» Canference
DID Routing 3 <ANS_GRP> Answer a ringing extension in group
Forced dccounts 4 <ANS ExT> Angwer 8 ringing extension
Function Keys 5 <BLINDHOLD» Hald without answering
Guest Mai Bores s <E\I:JPSD¥B4> ITr_a_nsfe&tﬁ \;n\ce hél_ai\ withaut answering
Least Cast B outi < L TO> nitiate Call Forwarding
Lo s 8 | <FWD_CAMCEL> | Cancel Cal Farwarding
ine F el 9 | <PSPEED> Personal Speed Dial
Loop Tapes 10| <TRANSFER> Transfer a cal
Page Zones 11 | <DND_CHG» Toaggle the Do Mot Disturb state
Port Configuration 12 | <PARK> Park a cal
Program Password
Scheduled Events
Speed Dial
System Configuration 1
Spstem Configuration 2
Tall Restrictions
"Wtk Groups
Function Keys pane ~ForHek, pressFi WM

The 12 Function Keys are programmed by default as follows:

F1=Page All F7=Forward To

F2=Conference F8=Forward Cancel

F3=Pickup Group F9=Personal Speed Dial

F4=Pickup Extension F10=Transfer

F5=Blind Hold F11=Do Not Disturb Toggle ON/OFF
F6=Blind Transfer to Voice Mail F12=Park

To change a function of a Function Key, complete the following steps:
1. Select Function Keys in the Tree Control display.

e The Function Keys pane appears with a list box that shows a list of 12 Function Keys that
correspond with the 12 Feature Buttons on a DP200.

2. Select a function under the Value column and a drop-down box appears

or

2. Select a description under the Description column and a drop-down box appears.

3. Select a new function for the Function Key.

e Ifanew value was selected, the Description changes.
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e Ifanew description was selected, the Value changes.

Note If a DP200 user has customized a Feature Button (see the DP200 Quick Reference
Guide) to perform a different function than what the default is set to, changing Function
Keys with the VS1 Editor has no effect.
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GUEST MAIL BOXES

The VSI1 Telephone System is configured with the possibility of a maximum of 200 Guest Mail
Boxes to store Voice Mail messages. A Guest Mail Box is a virtual port for individuals without a
station option connected to the system. Guest Mail Boxes are assigned an extension number just as
extensions with devices and function the same as Voice Mail for extensions connected to the
system. You can access Guest Mail Boxes from any internal station option, or from an outside line.
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To create a Guest Mail Box, complete the following steps:

1. Select Guest Mail Boxes in the Tree Control display.

RESET
REQUIRED!

e The Guest Mail Boxes pane appears. The first 20 Guest Mail Boxes in the list box are set
to 300 to 319 by default. The remaining Guest Mail Boxes are set to —1, indicating that

these are inactive. The default Guest Mail Boxes can be modified if required.

2. Select an inactive Mail Box in the list box

3. Inthe Guest Mail Box Entry group box, enter the following in the corresponding text boxes:

Desc: Enter a description of the Guest Mail Box. This description appears on display phones or

CTI station options.

Ext: Enter an unreserved extension for the Guest Mail Box. By default, extensions 300 to 319
are reserved for Guest Mail Boxes. See “Default Extensions and Access Codes” in Reference

section.

Password: If required, enter a DISA password for this Guest Mail Box. The DISA password
must be a 5-digit number to work correctly.

Note Make sure DISA is enabled on at least one CO port to use this feature. See “Direct Inward
System Access” in the Reference section for more information.

4. Click the Save button in the toolbar.

e  The Guest Mail Box entry is added to the list box above.

5. Repeat the above steps for other Guest Mail Box entries.
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LEAST COST ROUTING

Least Cost Routing work Groups

pane

Least Cost Routing (LCR) automatically selects a low-cost phone line based on the number dialed.
Least Cost Routing (LCR) looks at the dial string that a person dials from their station, prefixes the
number with the long distance carrier access code (if defined), and then routes that call to a
specified Line Pool.

Least Cost Routing on the VS1 System does not guarantee the least expensive method of call
routing. Cost savings are incurred when low rate long distance carriers are listed in the Least Cost
Routing window. As long distance carrier rates fluctuate, the Least Cost Routing window must be
maintained to reflect the current low-cost carrier for a given area code.
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To create an entry for Least Cost Routing, complete the following steps:
1. Select Least Cost Routing in the Tree Control display.

e The Least Cost Routing pane appears.

2. Click ADD.
3. Inthe Least Cost Routing Entry box, enter the following in the corresponding boxes:

Dial String: Type the digit string you want the system to match. The Dial String can be an
entire phone number or any prefix set of identifying numbers such as an area code. Adding an x
represents a single digit, matching any number 0-9. For example, 1713x or 1816x.

Line Pool: Select a Line Pool that the call will go out on.

Access Code: Type the long distance carrier access code, which will be prefixed to the dialed
number.

4. Click the Save button in the toolbar.

e The LCR entry is added to the list box above.

5. Repeat the above steps for other LCR entries.
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Least Cost Routing is enabled or disabled in each individual Extension port type configuration. See
“Setting up an Extension Port Type” on page 149 for more information.

Note  The default number of Least Cost Routing entries is 1200. This number can be adjusted in
the System configuration 1 pane.

How a Long Distance Call is Routed

The LCR feature on the VS1 System performs a “starts with” search for outbound calls, which
means LCR does a First Match, Top Down search through Dial Strings. The Dial String sorts by 0
through 9, and then the wildcard x. Make the most economical or preferred entries first and in
descending order, as the list moves from Top Down. It is the installer’s responsibility to determine
carrier rate values.

The LCR checking process is shown in the following example:
1. The station user dials a phone number.
e A check of the extension’s toll restrictions is performed. If not toll restricted then...

2. If LCR is enabled, a check of the Least Cost Routing window is performed from the Top
Down.

3. When the first match is found in the window, any digits entered for the Access Code are
prefixed to the Dial String and then the call is routed through the LCR Line Pool.

4. If a match is not found in the window, the call is routed through the station user’s Line Pool and
Access Code.
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LINE POOLS

Line Pools are used in PBX phone systems to assign a group of CO lines to a station option. With
the VS1 System, you can assign up to 96 COs to a specific Line Pool. Generally, PBX phone
systems have a higher ratio of phones than actual CO ports. Pooling station users together for certain
ports gives them more equal access to those phone lines. If all the available CO ports are in use, the
VS1 System generates a busy signal, informing the caller that all the lines are in use at the time.

CO ports in a Line Pool are always arranged in reverse order (descending numbers). It is important
to remember this when assigning specific CO lines to ports. No matter what order you select CO
ports, the system always arranges outgoing calls to go out on Line Pools in reverse numerical order.
For example, if you have four CO lines, and you select all four for your Line Pool, the system sets
up the calls to go on CO line 4 first, then 3, 2, 1. Generally, incoming calls start at the top of the CO
ports and move down. Reverse numerical order helps reduce call crashing, or connecting to a call
without it ringing a station first.

Line Pool pane

EVS Editor - Acme Inc 19 [=1 S

File Edit “iew Help

(AT & F a2

ACD

Activation Keys ~Line Pool Entry

Adapter Setup w

Auto Attendants <Default:

CID Routing L!"E Pool 1 BEC I i I
Command Scripts Line Faol 2 A 1

Conference Fooms A 2

DID Routing A K]

Forced Accounts A 4

Function Keys "
Guest Mai Boxes -~ B 20

Least Cost Routing ~ B 21

Line Pools ~" B 22

Loop Tapes

Page Zones MNew

Part Canfigurstion

Program Password ﬂl

Scheduled Events Select | UnSelect |
Speed Dial

Syatem Configuration 1

System Configuration 2

Toll Restrictiors

"wiork. Groups
For Help., press F1 [ NOM 7

To add CO Lines to a Line Pool, complete the following steps:
1. Click Line Pools in the Tree Control display.

e The Line Pools pane appears.

2. The Line Pool Name list box consists of the <Default> Line Pool. The <Default> Line Pool is

a permanent Line Pool, which is automatically placed in an Extension port type configuration.
System installers can use or modify the <Default> Line Pool or create new Line Pools
according to site configurations.

3. Click the Line Pool you want to modify or, to create a new Line Pool, click New.

e The Line Pool Entry list box shows all the available CO ports you can use for Line Pools.

4. Click on a CO port you want included in the selected Line Pool and click Select.

e A check mark indicates that the CO port is selected. A CO port must have a check mark in
order to be included in a Line Pool. A CO port can be in some, none or all Line Pools.
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5. Click the Save button in the toolbar.

Line Pools are put into action in each individual Extension port type configuration. See “Setting up
an Extension Port Type” on page 149 for more information.
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LOOP TAPES

A Loop Tape consists of a voice or sound file that an outside caller hears while waiting in an ACD
queue or while on hold at an extension. From one to 12 Loop Tape messages can be created for use
at any given time. Each Loop Tape, whether in use or not, permanently plays during system

operation

and uses the resources of one voice channel. Because there can be a maximum of 12 voice

channels there can only be a maximum of 12 Loop Tapes.

Warning!

Voice channels are used to read and write voice files and are used every time an Auto
Attendant or Voice Mail is accessed. The VS1 System comes with a System Activaiton
Key for four voice channels. Additional voice channels are available in increments of
four, up to a maximum of 12. Ensure that there are always less Loop Tapes than Voice
Channels on the System.

Loop Tapes pane
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To create a Loop Tape, complete the following steps:

1. Select Loop Tapes in the Tree Control Display.

e The Loop Tape pane appears.

2. Select a Loop Tape Number in the Loop Tape list box. By default, Loop Tape 1 is set to play
file $va946.pcm. This file was created for systems without a music source input. It plays a
generic on-hold music file and an on-hold courtesy message.

3. A voice file needs to be assigned to the Loop Tape number. As an example, assume the voice

file is

500. In the Loop Tape Name text box, enter the voice file in the following way:

va\$va500.pcm

4. Click the Save button in the toolbar.

Note

Any files entered in the Loop Tape pane permanently use the resources of one voice
channel on the system.

To record a voice file, see “Recording Voice Files” in the Reference section.
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To apply a Loop Tape to an ACD, see “Configuring an ACD” on page 90.

To apply a Loop Tape to a CO Line port, see “Setting up a CO Port Type” on page 147.

Changing a Voice File Playing as a Loop Tape
While a voice file is playing as a Loop Tape you can listen to it but you can’t record over it to
change the message. To change the recorded message, you must record a voice file with an unused
number and copy it into the voice file number playing as a Loop Tape. This is accomplished using
the TVS Command Prompt via the Terminal Window of Tel-Site.
Complete the following steps, assuming that voice file $va500 . pcm is playing for Loop Tape 1.

1. Record a new voice file with the file number $va501.pcm. (See “Recording Voice Files” in
the Reference section).

2. Atthe TVS Command Prompt, type set loopl=va\$va501.pcm, and then press ENTER.
e At this point you must wait for the original Loop Tape 500 to stop running. If that Loop
Tape is one minute long, then you must wait at least that long before you proceed. At that

point the voice file for Loop Tape 1 is changed from 500 to 501.

3. Type copy va\$va50l1l.pcm va\$va500.pcm, and then press ENTER.

e This copies the new voice file 501 into the original voice file 500. No system reset is
required for this operation.

4. Then type set loopl=va\$va500.pcm to set the voice file number back to the original
voice file number 500.
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PAGE ZONES

The VS1 System has 20 software Page Zones that can consist of any combination of DP200
speakerphones and the two overhead paging systems connected to a PEU 205 or DCU. Each Page
Zone is assigned a separate extension.
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To create a Page Zone, complete the following steps:
1. Select Page Zones in the Tree Control Display.

2. The Page Zone pane appears. By default, the VS1 System allocates extensions 441 to 460 for
Paging Zones. In addition, four Paging Zones already exist:

e Speaker 1 is extension 441 and consists of the overhead paging system connected to the
first zone output of a PEU 205 or DCU.

o Speaker 1 is extension 442 and consists of the overhead paging system connected to the
second zone output of a PEU 205 or DCU.

e Speakers 1 & 2 is extension 443 and consists of both overhead paging systems connected
to the zone outputs of a PEU 205 or DCU.

e Allis extension 444 and consists of all DP200 speakerphones and the two overhead paging
systems connected to the zone outputs of a PEU 205 or DCU.

3. To modify an existing Page Zone select it from the list box. To add a new Page Zone, click the
empty space in the list box.

4. In the Extension List Entry group box, enter the following in the corresponding text boxes:

Description: Type the Page Zone description, e.g. Sales.
Extension: Type the extension of the Page Zone.

Extension List: Type the extensions you want included in the Page Zone. Up to 19 extensions
can be listed in this text box. Use commas to separate the extensions. Do not use spaces
between the extensions. For example, 101,102,103,104,105. The extension names for the two
hardware connections on the PEU (or DCU) are spkl and spk2 respectively. Type ALL to
include all DP200 speakerphones and both overhead paging systems.
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5. Click the Save button in the toolbar.

6. Repeat steps 3 and 4 for other Page Zone entries

VSI1 Installation, Configuration & Operating Guide 141



PORT CONFIGURATIONS

Note A Day Configuration must be created for each new site. Without a Day configuration, the
TVS will not function properly.
EVS Editor - Acme Inc 1= [=1E3
File Edit Yiew Help
K110 |
ACD
Activation Keys Configuration | DAY hi MNew | Copy | Del |
Adapter Setup
Auto Attendants Part. | Ext. | Desoiption [ Tupe [ =] Type
CID Routin 1 al CO Line 1 CO Line -
g L .
Command Scripts 2 1 £ Line 2 L0 Line Replicate
3 -1 CO Line 3 CO Line
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Function Keys Music
Guest Mail Boxes Target Rings Target Porte
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A Port Configuration allows CO Lines and Extensions to be set up for functioning on the VSI
System. Many other features of the VS1 Editor, such as such as Toll Restrictions, Line Pools, and
Least Cost Routing, are put into action through Port Configurations. A Port Configuration ties other
VS1 Editor panes and settings together to create an operational Configuration.

By default, the VS1 Telephone System only requires one Configuration to operate—the Day
Configuration. The Telecor Voice Server (TVS) loads the Day Configuration automatically every
time it starts—regardless of Scheduled Events or any other system features. The Day Configuration
determines which port type runs during business hours for each port. However, you are not limited
to only one Configuration. The VS1 System supports as many Configurations as you can create,

limited only by hard disk space. Configurations can be created for Night, Weekends, Break, and so
on.

Creating a New Configuration

1. Click Port Configurations in Tree Control Display.
e  The Port Configuration pane appears.

2. Click New.
e The Configuration Name dialog box appears.

3. In the Enter Configuration Name text box, enter a name or description (e.g. Day) for the
configuration and click OK.

4. Assign each port a type by selecting the port you want, and then clicking Type.
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Port Type dialog box

RESET e  The Port Type window has the following options.
REQUIRED!

—Select Port Type:

7~ Mo Connection

 Standard Phone ﬂ
L0 Line

3 Line Feature Phone
" Reserved 1

i Cal

" Modem, Fax

1~ Display Phone

" Attendant

" Connect / CTIM

™ Connect / PCOM

¥ Set lype acioss all configurations

No Connection
Standard Phone
CO Line

3 Line Feature Phone
Reserved 1

Call
Modem/Fax
Display Phone
Attendant
Connect/CTIM
Connect/PCOM

For example, assume there is a 16-port system with one Port Expansion Unit (PEU) installed. If the
jumpers on the PEU are set so the first 4 ports are COs and the last 12 ports are Extensions, set your
port types accordingly.

When assigning a type to a port, the type can be set across all configurations by checking the Set
type across all configurations.

Note In the Port Type window, Call and 3 Line Feature Phone are reserved for backwards
compatibility.
Note To save time, multiple ports can be selected at once and assigned the same type. Holding

down the SHIFT key allows consecutive ports to be selected. Holding down the CTRL key

allows non-consecutive ports to be selected.

Copying a Complete Configuration

To save time when configuring a system installation, you can copy a current working configuration
into a new configuration, and then make your changes accordingly. To copy a current configuration
into a new configuration perform the following steps:

1.

In the Port Configurations pane, click New.

The Configuration Name dialog box appears.

In the Enter Configuration Name text box, enter a name or description for the configuration
and click OK.
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e At this point, the new Port Configuration appears with all the ports unassigned.

3. In the Configuration drop-down box, select the Configuration whose information will be
copied.

4. Click Copy.

e The Copy Config dialog box appears.

Copy Config | X]
Copy From
DY Cancel |

Copy Configuration
dialog box

5. Inthe Copy To: box select the newly-created Configuration that information will be copied to.
6. Click OK.

7. The Confirm window appears asking if you want to copy over the existing information in your
unassigned configuration. Click Yes.

Replicating Individual Port Settings

To save time when configuring individual ports, all selections from a configured port can be
replicated to a port of the same type — in the same configuration or other configurations -- leaving
you with only minimal changes to the new port. Complete the following steps:

1. Select a configured port.

2. Click Replicate.

e The Replicate Target dialog box appears. Two options are available:

Field to other ports: Copies selected field to same port types in the configuration.

Fields to other configurations: Copies selected field to the same port number in other
configurations. The targeted port number must be set to the same port type as the source.
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Replicate Target

Replicate Target
dialog box

3. Select the appropriate option and click Next.

e  The Select Station Fields or Select CO Fields dialog box appears.

Select Station Fields

r
i
r
r
r
i i3
W
i
W
L W~
4 2
r
~ I
Select Station Fields
dialog box
Select CO Fields
r
I
r
r
r
r
-
Select CO Fields
dialog box
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4. Check the options that are to be copied and click Next.

e The Replicate Target List dialog box appears.

Replicate Target List
Select Targets:
Port Number | E stension | Descriptian | Tupe |
[ m Henry March Display
7 102 Weslep Sea Dizplay
11 110 M athan Brice Digplay
12 am Board Room Display
15 i) Harriet Bartan Dizplay
Replicate Target List
=
FleldS to Other < Back I Finish I Cancel Help
Ports”
x
Select Targets,
Configuration
LUNCH1
NIGHT
Replicate Target List
=
Flel('js to O'ther < Back I Finish I Cancel Help
Configurations”

5. Select the target ports (if Fields to other ports was chosen) or the configuration (if Fields to
other configurations was chosen) that are to receive the replicated information.

6. Click Finish.

Note For replicating Fields to other configurations, if the port type of the destination does not
match the port type of source, a warning appears stating that replication failed.

iseditor £
The Following configurations Failed in replication since the port bype For that configuration was different From the:
source configuration:
Replication failure if LU
destination does not
match source
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Setting up a CO Port Type

Setting up a CO port involves filling in the accompanying text and check boxes. What follows is a
description of the boxes and how that information is used by the VS1 System. Click the Save button
in the toolbar when information has been changed or entered.
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Description: Explains what the CO port is used for. When a DP200 display phone or CTI station
option user gains access to the CO line, the user sees the characters entered in this text box.

Extension: The default extension for the CO Port is set to —1. Telecor recommends that this not be
changed. Doing so helps prevent toll fraud. If an extension is assigned to the CO Port, then anyone
can dial that CO Port extension from any extension on the system, or through an Auto Attendant.
They can then directly gain access to dial tone and bypass any toll restrictions.

Note If your site needs the capability to perform PSTN Call Forwarding, you must assign an
extension to the first CO port in the hunt group. Then dial that CO port extension to get

dial tone and configure the PSTN Call Forwarding.

Number: This text box is generally used to enter the telephone number for the CO port. That
number is used for two purposes: by the Attendant station users to pop Greetings windows based on
the number called and for DID Routing.

Target Rings and Target Ports are used in conjunction with each other when a call rings a CO
port. At the 1st Target the calls ring the Ports listed under Target Ports for the number of times
specified under Rings. If the call is not answered in the specified number of rings, the call drops to
the 2nd Target, where it rings the Ports listed under its Target Ports for the specified number of
rings.

A total of 20 Ports can be entered in one Target Ports text box. The Ports must be separated by
commas and without spaces (e.g., 7,8,9,10). All the extensions configured for the Ports listed in the
Target Ports text box ring simultaneously. For example, if Ports 7,8,9,10 are listed under the 1st
Target Ports, the extensions configured for ports 7, 8, 9, and 10 all ring at the same time. Calls that
ring through the 4th Target Ports without being answered are moved back up to the 1st Target
Ports to try again.
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You cannot use a Port configured for a CO Line in the Target Port text box. The following are also
valid entries:

AA1 to AA20: (Auto Attendants 1-20)

ACDI1 to ACD10: (ACDs 1-10)

Null: Null rings nowhere. The null device is useful for configuring DISA.

VM{n}—VM{n}: would send the call to the Voice Mail of Extension {n}. Any valid Voice Mail
extension can be used after VM.

Properties Group Box

DISA: Enables Direct Inward System Access to internal dial tone from an external telephone not
connected to the VS1 Phone System. Many VS1 System installers choose to make DISA available
on only one CO port so that it is not generally accessible to every end-user at a particular site.
Providing access to a limited number of people can help reduce fraud and abuse of the DISA
feature. In addition the CO Port must be targeted correctly (see “Direct Inward System Access” in
Reference section) and an Extension must be configured with a DISA Account (see “Setting up an
Extension Port Type” on page 149).

Note It is more effective to use a CO port that is not in a hunt group so that the CO number is
always available to the caller wanting DISA access. If the CO port is part of a hunt group,
it should be in the middle of the hunt group.

Gateway: This is used in conjunction with the Disconnect Signal property of an Extension port.
Enabling this option causes the CO port to respond to a “D” DTMF tone as disconnect. It is not
ordinarily used with a CO port. When selected, and the system hears a “D” DTMF tone, it
automatically disconnects the call.

Caller ID: When selected, this option enables the system to add additional ring pauses before it
starts ringing the Target Ports. The additional ring pauses allow the Target Ports time to wait for the
Caller ID.

Ring Over Pager: If a call rings the CO port, an audible ring is heard over a paging system
connected to the first Zone Pager Output of a PEU-205. The call can then be picked up from any
extension by dialing #8 and the extension of where the call is ringing.

Music 1: When a caller on the CO Line is placed on hold, the music source connected to Music
Input 1 on PEU 205 or DCU is played for the caller. If an internal call is placed on hold the caller
will always hear the Music 1 source.

Music 2: When a caller on the CO Line is placed on hold, the music source connected to Music
Input 2 on PEU 205 or DCU is played for the caller.

Loop Tape:When a caller on the CO Line is placed on hold, the Loop Tape number entered in the
Loop Tape text box is played for the caller.

Disconnect: The default setting is —1, which keeps the default setting for the Default Disconnect
(.01) sec text box in System Configuration 1. The Default Disconnect in System Configuration 1 is a
global setting and is set to .04 sec, or 400 milliseconds. If you change the CO port Disconnect text
box, it only affects the specific CO port. Any drop in loop current equal to or larger than the defined
time results in a disconnect.

No Ext Flash: Disables external hookflashes on the CO port. Do not enable this feature on CO ports
that require external hookflashes, such as Centrex.

148

VS1 Editor Configuration Application



Setting up an Extension Port Type

Setting up a Extension port involves filling in the accompanying text and check boxes. What
follows is a description of the boxes and how that information is used by the VS1 System. Click the
Save button in the toolbar when information has been changed or entered.

B/vS Editor - Acme Inc (O]
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Tall Restrictions
Line Poals Part | Ext | Description | Type | :I Type I
Part Configuration 3 o Receptianist Attendant =
Aulo Attendants 4 101 Heny Maich Display Replicates
Command Scri 5 102 Wesley Sea Digplay
s B 201 Emmales Standard
Scheduled Events - AAm P LI
Guest Mai Boves Description IWESIEY Fea Extension I102 Call Fick Up Group |1
"wiork Groups
Least Cost Routing oll Rest Name LCR Line Pool Name  Access Cods
E%DH C08 [efautr =] | [Defaue =] [Defauts Fioll iver Port [\
outing
C0O 80 - -
Conference Rooms By = Roll Over Time ISEI
DID Aeuting cos = = Recall Time [
coa2 - -
Ej:;i:c’:;:ms — u — Disa Password | 5555
[ Auto Select I
Loop T Flazh Time |-1
PU:DE ZZ‘:‘Z ¥ Auto Hold I~ Can Be Monitored _
o » N.nne ¥ Auto Page I~ Force Accl. Codes | AutoPage Time I'1
Pragram Password & Line & r
Speed Dil * Bingi Hands Free butcPage Zane [T
P . . nging ™ ExecPriv
Spstem Configuration 1
Extension pOrt System Configuration 2
(DPZOO) For Help, press F1 HUM Y

Description: Enter a name or description for the Extension Port. When a DP200 display phone or
CTI station option user gains access to the extension, the user sees the characters entered in this text
box.

Extension: Enter an extension for the port. If an extension is assigned to the port, then anyone from
any extension on the system, or through an Auto Attendant, can dial that extension.

Call Pick Up Group: This option is used in conjunction with the feature keystroke of *8. The *8
feature keystroke allows a user to pick up a ringing extension in a group. A group consists of
multiple extension ports with identical numbers entered in the Call Pick Up Group text box. This
box is set to 1 by default, but the number can be from 0 to 9. Entering —1 means this station option
does not use groups.

If the site environment has more than one department housed in the same area, a group can be
assigned to each department so that only those people in the same group/department have the option
of picking up calls. For example, the Sales department is set to 1 and the Service department is set to
2. When a call is ringing a Sales phone, another user in the Sales department can dial *8 from a
Sales phone to answer the call. If a user is on a Sales phone and hears a Service phone ringing, the
user is not able to pick up that Service call by dialing *8.

Note  You can set up a Command Script (GRPID OFF/ON) to enable or disable Call Pick Up
Group during a specific time. For example, you could run a Command Script to turn on the
Answer Group function when the system runs the Day configuration.
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Dial Groups

A Dial Group determines how an external call made from an extension is routed. A Dial Group
includes the following boxes: Toll Rest Name (Toll Restriction Name), LCR (Least Cost Routing),
Line Pool Name, and Access Code #. The VS1 Phone System has four Dial Groups available for
extensions: CO 9, CO 80, CO 81, and CO 82. An extension user accesses a CO Line to make an
external call by pressing the respective Dial Group number and then dialing the phone number. The
call is then routed based on the settings for the Dial Group. The most common Dial Group used is
CO 9. By default, CO 9 is set up for use on the VS1 System, and is described below.

Toll Rest Name: Select a Toll Restriction from the drop-down box. The default Toll Rest Name is
<Default>.

LCR: Uses the Least Cost Routing pane for routing calls. Checked by default.

Line Pool Name: Select a valid Line Pool for the Dial Group. The default Line Pool Name is
<Default>.

Access Code #: If <Default> is placed in this text box, it tells the system to use the Default CO
Access Code text box entry found in the System Config 1 pane. Generally, the Access Code # is
used for Centrex services where you have to dial 9 for every outbound call. Putting a 9 in the
Default CO Access Code text box in the System Config 1 window automatically prefixes
outbound calls with a 9 every time.

RO Port: Stands for Rollover Port. Used by an extension when a call goes unanswered. By default,
the RO Port is set to VM, which means unanswered calls go to the port’s Voice Mail. Other valid
entries for this text box include the following: any other station port, VM{ext} for an extension’s
Voice Mail (with {ext} representing actual extension), AA1 to AA20 for Auto Attendants 1 to 20,
and ACD1 to ACD10 for Automatic Call Distribution 1 to 10. 0 is also a valid RO Port, which
sends a call back to the station that transferred the call.

Note Extension numbers, including Guest Mail Boxes and Work Groups, are not valid Rollover
Ports.

RO Time: Stands for the Rollover Time, which is the time in seconds an external call ringing at a
station rings before it is transferred to the RO Port. The default is set to 30 seconds, or
approximately five rings. The minimum value that can be entered is 1 second and the maximum is
999 seconds.

Recall Time: By default, the Recall Time is set to —1, or 300 seconds. Recall Time sets the time in
seconds a call you place on Hold or Park remains on Hold or Park before ringing back to your
station. To change the default, see the CO Hold Time command in Command Scripts. Recall Time
is not supported by CTI Attendant and Connect station options. Recall Time is not applicable for
extension to extension calls.

DISA Password: DISA Password is a five-digit number ranging from 00000-99999. The DISA
Password text box is where an account number is specified for the extension to validate DISA
operation. By default, the DISA Acct is set to —1, which means no account has been assigned, and
no DISA features are available for that extension.

Flash Time: Flash Time sets the maximum threshold for a hookflash on an extension. By default,
Flash Time is set to 0 for DP200 Display Phones, which means it ignores analog hookflashes. For
all other port types, Flash Time is set to —1, which by default is 750 milliseconds. Flash Time must
be greater than 500 milliseconds. A valid hookflash is considered to be greater than 500
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RESET
REQUIRED!

RESET
REQUIRED!
RESET
REQUIRED!

milliseconds and less than the Flash Time. Flash Time is entered in one hundredths of a second (80
= 800 milliseconds).

AutoPage Time: AutoPage Time tells the system how long to wait from the time a call begins
ringing at an extension before it issues its first AutoPage. By default, AutoPage Time is set to —1,
which is 10 seconds. After 10 seconds expire, a page is made announcing “Call waiting” and the
extension where the call is ringing. You can set AutoPage Time from 1-999 seconds.

Note Make sure the AutoPage Time is set to a shorter amount of time than the RO Time.
Otherwise, calls automatically rollover to the RO Port before the message is played.

AutoPage Zone: The AutoPage Zone is the Page Zone index number where automatic paging
occurs. By default, AutoPage Zone is set to 1. You can set AutoPage Zone from 1 through 20.

Auto-Select
Auto Select determines which line is selected on multi-line phones such as the DP200 Display
Phone and the Connect CTI client application. Auto Select does not affect single line phone

operation. By default, the Line A option is checked. Three options are available:

None — phone user must pickup the receiver and press the 'line' button he wishes to use Line 1
through 5

Line A — the line is selected automatically when the handset is lifted or the speakerphone button is
pressed.

Ringing — the ringing line is automatically selected when the handset is lifted or the speakerphone
button is pressed.

Note The Line A option must be selected for Telecor Connect using PCOM port types for the
phone to function when the computer is turned off.

Properties

Auto Hold (only for DP200 phones): Automatically places a call on hold when a DP200 display
phone user presses another line appearance button to answer a call. If Auto Hold is disabled, the first
line appearance call is disconnected when the new call is connected. This option does not apply to
single line phones. By default, Auto Hold is enabled.

Auto Page: Works in conjunction with AutoPage Time and AutoPage Zone. If AutoPage is
enabled, the values set up in AutoPage Time and AutoPage Zone take effect. The default Auto Page
Time is 10 seconds.

Hands Free (only for DP200 display phones): When a user calls a DP200 display phone that has
Hands Free enabled, the phone automatically connects to the call without ringing and is put on the
speakerphone. A two-beep tone is heard before the call is put on the speakerphone to alert the
station user. Hands Free only works for internal extension-to-extension calls. It does not work when
transferring calls.

Exec Priv: Enables station (except Telecor Attendant stations) to monitor conversations on other
extensions. This is a useful feature in evaluating call handling techniques and customer service. The
extension monitoring the call can listen to both ends of the conversation, but cannot be heard. Both
parties of a call being monitored hear a beep tone every 10-15 seconds to alert them that the call is
being monitored. To use this feature a station user dials # # 0 (or clicks the Monitor button in
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Connect), dials the Monitor Password set in the System Configuration 2 and then dials the
extension. See System Configuration 2 on page 160 for complete setup of this feature.

Can Be Monitored: Enables the extension to be monitored by extensions with the Exec Privilege
feature enabled. Monitored parties hear a beep tone every 10-15 seconds while the call is being
monitored. See System Configuration 2 on page 160 for more information.

Force Acct Codes: The Force Acct Codes feature requires a phone user to enter a code to place an
outgoing non-emergency call. After a number is entered the user hears four beeps to prompt input of
an account code. If a correct account code is not entered within 10 seconds, the call is terminated. If
a correct account code is entered, the code is compared with the code in the existing list. If no match
is found, the user hears four beeps again and can re-enter the account code. See Forced Accounts on
page 130 to set up codes.

Disconnect Signal (only for standard phone and modem/fax): Any time an Extension port ends a
call and the Disconnect Signal is enabled on that port, before returning to internal dial tone, the
system sends “D” DTMF tone. The “D” tone is generally used when you have an Interactive Voice
Response (IVR) or other third party equipment connected to an Extension port on the VS1 phone
system. Third-party equipment needs to be configured to disconnect upon hearing a “D” DTMF
tone. The Disconnect Signal setting works with the Gateway setting in a CO port. When Gateway is
selected, and the system hears a “D” DTMF tone, it automatically disconnects the call.

Message Lamp (only for standard phone and modem/fax): If you are using a standard single line
phone with an analog or 90V message waiting light, Message Waiting does not apply. The PEU
now supplies 90V to the message waiting light for any port configured as a standard phone. This
feature is for backward compatibility with older model phones.

Note VS1 Software Versions 2.7.5 and later support analog message waiting lamps on ports
configured as “Standard Phone” or “Modem/Fax.” To support this feature, the system must
have a Host Adapter Card Model 200 (Serial number begins with 318), with a PEU Model
200 or 205 connected to the Card. This feature is not supported if a PEU 250 is connected
to the Host Adapter Card. If the PEUs are in a daisy-chain, the PEU must be the first in
the chain for the message waiting lamp feature to work on that PEU. For more
information, contact Telecor Technical Support.

Communication: Used for Attendant Stations only. Select the Communication port that Attendant
connects to on the Telecor Voice Server (TVS). Enter 9600 for Bits/Sec and COM 1 or COM 2
depending on what serial port is being used.
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PROGRAM PASSWORD

The Program Password enables you to specify a password that is used each time the VS1 Editor
application is started. To create a Program Password, complete the following steps:

1. Select Program Password in the Tree Control Display.
e The Program Password pane appears.
2. Click the Add Password button.

e  The Program Password dialog box appears.

Program Password | x|

- Passweord

Old Pagsveord
Mevs Pagsword o
Confirm Password [

Program Password Concel_|
dialog box

3. In the New Password text box type the Program Password. Program Passwords can be
alphanumeric and have from 1-15 characters.

4. In the Confirm Password text box type the Program Password again.

5. Click OK.

Removing a Program Password

If you set up a Program Password and forget what it is, you must remove the password and create a
new one. The Program Password can be removed either on-site or remotely. To remove the
password remotely, you must connect with the Tel-Site application and through the Terminal
window type del cfg\cfg.ini.
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SCHEDULED EVENTS

A Scheduled Event runs a Command Script at a specific user-defined time during a day of the week.
Up to 114 Scheduled Events can be created to run anytime during a weekly schedule (Sunday
through Saturday). Scheduled Events run on a weekly repeating basis—not for specific days such as
July 4, 2003. For example, every Tuesday at 3:00 p.m. you could run a Command Script that plays a

message over the paging system.

The most common examples of Scheduled Event:

e Loading the Day or Night configurations.

e Playing prerecorded announcements over the paging system.

e Copying SMDR data to system files.

e  Performing scheduled hard drive maintenance.
EVS Editor - Acme Inc _[O] ]
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To create a Scheduled Event, complete the following steps:
1. Select Scheduled Events in the Tree Control Display.

e The Scheduled Event pane appears. In the list box, there is a number of default Scheduled
Events, including the Command Scripts that backup SMDR data to system files. Do not
delete these Scheduled Events as they keep the original summary.dlm and acd.dlm output
files (the files where SMDR data is collected) down in size.

2. In the list box select a Scheduled Event number line that is empty.
3. Inthe Scheduled Events Entry group box, enter the following information:

e  Check the days of the week that the Scheduled Event will run.

e In the Time text box, type the time of day in 24-hour format that you want the Command
Script to run.

e In the File drop-down box, select the Command Script that will run.

4. Click the Save button in the toolbar.
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e  The Scheduled Event is added to the list box above. The VS1 System puts Scheduled Events
in order of the time of day they run. This helps you keep track of the events you have running
during any period of time.

Note Do not schedule multiple events to run at the same time during a day. Doing so might
cause a Command Script to not run, and you cannot control which one will run first.

Note = Whenever the VS1 System is reset, the last Scheduled Event to run prior to the reset is
run again. For example, if you schedule a system reset at 4:00 a.m., the system looks at
the last Scheduled Event to run prior to 4:00 a.m. and then runs that event. For this
reason, by default, the Night configuration is scheduled to run at 12:02 a.m. every day,
one minute after the SMDR data is backed up. In case of a reset, this prevents the SMDR
data from being backed up again and overwriting what data was collected for the day.
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SYSTEM SPEED DIAL

The VS1 System provides 99 system-wide Speed Dial numbers that can be dialed from any VS1
System station option. Phone numbers are assigned to Speed Dial codes (01 through 99), which are
entered by the station user to dial the phone number. After phone numbers are assigned to Speed

Dial codes, a directory must be created and distributed to appropriate personnel at the installation
site.
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To create a System Speed Dial, complete the following steps:
1. Select Speed Dial in the Tree Control Display.

e  The Speed Dial pane appears.
2. Select a Speed Dial code number from the list box.

3. Inthe Number text box, enter the phone number for the Speed Dial code.

Note  You do not have to add a 9 to prefix your Speed Dial number. The speed dial numbers are
always dialed using Dial Group 9.

4. Click the Save button in the toolbar.
e The Speed Dial number appears in the list box above.
5. Repeat steps 2-4 for additional Speed Dial number or to edit an existing number.
Dialing System Speed Dials from a Station Option

For VS1 Station Option users, dial *4 and then the Speed Dial code number. DP200 Phone users
have the alternate option of pressing the System Speed Dial Feature button instead of *4.

Note Be certain to inform end-users that single number codes must be preceded by a 0 to

provide a complete two-digit entry. For example, for the speed dial code of 08, the user
would dial *408.
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SYSTEM CONFIGURATION 1

System Configuration 1 is a collection of system parameters. Generally the parameters are settings
that have a system-wide effect, and are used for default values. The following is a brief explanation
of the parameters and what should be entered in the text or drop-down boxes. Click the Save button
in the toolbar when information has been changed or entered.
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Extension Digits: Determines the length of Extension numbers. The default is set to 3. Valid entries
include 2, 3, or 4. Telecor strongly recommends the use of 3-digit Extension numbers. Extension
Digits should only be configured during the initial system installation.

CO Rollovers: Determines the number of times a call to a CO port rolls over. The default is 3. This
setting does not require adjustment.

Station Rollovers: Determines the number of times a call to a station port rolls over. The default is
1. This setting does not require adjustment.

Maximum VM Messages: This is system-wide setting for the number of Voice Mail messages each
station’s Voice Mail, or Guest Mailbox can hold. The default is 120. It can be reset to a minimum of
1 or to a maximum of 999. However, setting this to a large number can severely impact the port
capacity of the system due to the memory allocation.

Default Disconnect (.01 sec): This is a system-wide setting for the CO disconnect signal. The
default is 40 (400 milliseconds). Any drop in loop current on a CO line that is equal to or larger than
this period of time results in a disconnect. Setting this value incorrectly can cause system errors. Do
not change this value without first consulting VS1 Technical Support.

DTMF Duration (.01 sec): This is the system-wide setting for the length of time each DTMF tone
is generated for dialing out on a CO port. The default is 10 (100 milliseconds). Consult VS1
Technical Support before changing this setting.

Max VM Message Length (min): This is the system-wide setting for the length of a Voice Mail
message. The default is 4 minutes. The maximum length of time is 99 minutes.

SMDR Detail Output Mode: There are two valid options: 0 or 1. The default is 0, which sets the
SMDR Detail Output Mode to unprotected. Setting the output mode to 1 means the file is protected.
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Protected (1) must be selected when using third-party SMDR report software to prevent installation
on other systems without license. This adds the last 5 digitis of the first HA serial number to the
software protection field of the SMDR response.

Disable 911 Priority Disconnect: If a user dials 911 (or 9,911) and all CO ports are busy, the
system will disconnect a non-emergency (911) call to expedite the connection. This is enabled by
default.

SMDR Detail Output File: Type the file name for SMDR Detail output in this text box. (Telecor
recommends detail.dlm). Any valid path and name can be entered. For example: c:\ops\detail.dlm.
If no path is included the file is stored in the c:\ops directory. Detail files give one line of
information per call action. SMDR Detail provides more detailed information for each call, breaking
the call into segments and recording every change in action on a phone. It can be quite extensive,
but is a good way to find out exactly what is happening with a phone.

SMDR Summary Output File: Type the file name for SMDR Summary output in this text box.
The file is set to summary.dlm by default. Any valid path and name can be entered. For example:
c:\ops\summary.dlm. If no path is included the file is stored in the e:\ops directory. SMDR
Summary files give a summary of a call: where it rang in, date and time, length of call and so on.

ACD SMDR File: Type the file name for SMDR ACD output in this text box. The file is set to
acd.dlm by default. Any valid path and name can be entered. For example: c:\ops\acd.dlm. If no
path is included the file is stored in the c:\ops directory. ACD files give information about all ACD
activities, including Queue Warning, Terminated Calls, Wrap-up and so on.

Outbound Paging Line Pool: A Line Pool must be specified here if Voice Mail Notification on a
Digital Pager is to be used. The default is the <Default> Line Pool. Any valid Line Pool can be
specified in this text box.

Auto Attendant Line Pool: A Line Pool must be specified here if the Transfer to Outside Line
feature is to be used. The default is the <Default> Line Pool. The system searches through this Line
Pool for a CO line to dial out on.

Outbound Paging Access Code: This feature is disabled on the VS1 System.

Default CO Access Code: This text box is used to specify an Access Code if the system is
connected to Centrex lines that require a 9 or other DTMF tones before the phone number is dialed.
This text box is blank by default. You need to add the word <Default> to the Extension Port
Configuration under the Access Code text box for this feature to work properly.

RSA Password: This field determines the password for Remote System Access (RSA) which
enables a modem to communicate with the system. The RSA Password is blank by default. Assign a
password if a modem is connected to the Telecor Voice Server. The password can be alphanumeric.
The RSA password entered in the System Configuration 1 pane should match the RSA password
text box in the Connection window of the site (accessed through Site Selection) when using the
Tel-Site system management application. The RSA Password text box left blank means there is no
password.

Max Entries For

The following text boxes are used to set the maximum entries for the respective items. These entries
are used for better memory control usage by communicating to the system how much memory to
allocate for each setting. It is recommended that these default settings not be changed.

CID Routing: CID Routing is set to 800 by default.
DID Routing: DID Routing is set to 800 by default.
LCR: Least Cost Routing is set to 1,200 by default.
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VM Page Table: Voice Mail Page Table is set to 200 by default. This is the number of page
notifications saved by the system and the information from that action, such as the number of
paging attempts, when to page again, and what number to dial.
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SYSTEM CONFIGURATION 2

System Config 2 is a collection of system parameters. The following is a brief explanation of the
parameters and what should be chosen or entered in the accompanying text boxes. Click the Save
button in the toolbar when information has been changed or entered.
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Network Group Box

Warning! The information under Network is only valid for use if you are writing the SMDR
information out through the network card. Otherwise, do not enter any information in
these text boxes.

UserName: Type a valid username on the network. The UserName must have a password to work
correctly. This is a case-sensitive text box.

Password: Type a valid password on the server for the user described in the UserName text box.
This is a case-sensitive text box.

Path: Path is the server name, volume, and path that you want the SMDR information written to on
your server. For example, dsam/sys:support

e This configures the network path to the support directory on the sys volume of the DSAM
server.

Frame: Frame needs to be set to match the frame type of the network server that you are logging on
to.

Modem Setup Group Box

Port: The internal modem Telecor puts in the TVS is set to COM 3 by default. The only time you
would change this is if you remove the modem, or if you connect an external modem to a different
COM port.

Baud Rate: The Baud Rate is set to 57.6 Kbps by default. The internal modem currently shipping in
the TVS has a baud rate of 56 Kbps. The Baud Rate should be equal to or greater than the maximum
speed of the modem in the TVS. This setting does not need adjustment.
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Init String: The default modem initialization string in the Init text box is as follows:
ATBOEDMOX4&C1SO=1. This setting requires adjustment if you replace the modem with one
not supplied by Telecor. Compare the commands of the Telecor modem initialization string and the
modem you want to use, and then adjust the Init String text box accordingly.

Dial Tone: The Dial Tone is set to Internal by default. The sound of the internal dial tone is heard
when a phone user goes off-hook. If the Dial Tone is changed to External, it changes the sound of
the dial tone — not the dialing process.

Polling: For Telecor Technical Support use only.

Page Alert Tone: Page Alert Tone determines which tone is played when a Paging Zone is
activated. Paging Alert Tone is set to Short tone by default. Choose from None, Short tone, Long
tone, or Two tones.

Page Alert Volume: Page Alert Volume is set to Loud by default. Choose either Loud or Soft Page
Alert Volume.

Monitor Password: Select a five-digit password that extensions with Executive Privilege must
enter to begin monitoring an extension.

Monitor Time: A beep tone is heard by all monitored parties every {n} seconds set in this text box.
Ten seconds is the shortest interval between beep tones and 15 seconds is the longest interval
permitted. Any value entered less than 10 results in a 10 second interval, while any value greater
than 15 results in a 15 second interval between beep tones.

Note By default, the beep tone cannot be disabled. However, under special circumstances the
beep tone can be disabled with an activation key. Contact Telecor Technical Support
for authorization requirements to obtain this activation key.

Note To enable the Executive Privilege feature on the TVS you must edit the pbx line of the
startpbx.bat file located in c:\ops to read pbx -el. To disable the Executive
Privilege feature after you have enabled it, edit the pbx line to read pbx -e0. The default
setting for the Executive Privilege feature is off.
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Toll Restriction pane ~ForHelp. pressFl ]

TOLL RESTRICTIONS

Toll Restrictions deny certain long distance calls being made. With the VS1 System, Toll
Restriction Schemes are created which consist of a list of various numbers that cannot be made. The
Scheme can also consist of specific dial strings that are allowed to go through that would otherwise
be blocked. Once a Scheme is created it is then applied to an individual Extension in Port
Configurations.

The VS1 Editor consists of a Default Scheme that denies 1900 and 1976 numbers. These calls are
reverse charge calls and should not be removed.
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Denying Additional Numbers in the Default Scheme
To deny additional numbers to the Toll Restriction Scheme, complete the following steps:
1. Select Toll Restriction in the Tree Control Display.
e The Toll Restriction pane appears.
2. The Scheme Name list box consists of a <Default> Scheme. Click on this Scheme.

3. Inthe Allow/Deny Number Entry list box, the 1900 and 1976 numbers are listed with a red X,
indicating that any dial string starting with these numbers is denied.

4. Click New Deny.

e An empty dial string box marked with a red X appears in the Allow/Deny Number Entry
list box.

5. Enter the dial string that will be denied. The VS1 System performs a “Best Match” type of
comparison between the dial string and the contents of the defined Toll Restriction Scheme.
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Therefore, if the dial string consists of 1403, all calls beginning with 1403 are denied. If the dial
string consists of 14037, only numbers beginning with 14037 are denied and all other 1403 calls
are allowed.

Note  The wildcard x can be used to represent a single digit, matching any number 0-9 in dial
string. The Toll Restriction Scheme sorts dial strings in numerical order 0 through 9, and
then the wildcard x.

Note If a number is dialed that does not match anything in the Toll Restriction Scheme, the call
is allowed.

6. Click the Save button in the toolbar.

7. Repeat step 4-6 for other denied entries.

Creating a New Toll Restriction Scheme
To create a Toll Restriction Scheme, complete the following steps:
1. Select Toll Restriction in the Tree Control Display.
e The Toll Restriction pane appears.
2. To add a new Scheme, click New.
e The Scheme is added in the Scheme Name list box above and is numbered accordingly.
3. Select the new Scheme and type a name for it.
4. Click New Deny.

e An empty dial string box marked with a red X appears in the Allow/Deny Number Entry
list box.

5. Enter the dial string that will be denied. The VS1 System performs a “Best Match” type of
comparison between the dial string and the contents of the defined Toll Restriction Scheme.
Therefore, if the dial string consists of 1403, all calls beginning with 1403 are denied. If the dial
string consists of 14037, only numbers beginning with 14037 are denied and all other 1403 calls
are allowed.

Note  The wildcard x can be used to represent a single digit, matching any number 0-9 in dial
string. The Toll Restriction Scheme sorts dial strings in numerical order 0 through 9, and
then the wildcard x.

Note If a number is dialed that does not match anything in the Toll Restriction Scheme, the call
is allowed.

6. Click the Save button in the toolbar.

7. Repeat step 4-6 for other denied entries.
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Allowing Entries in a Toll Restriction Scheme

To allow certain dial strings to go through that would otherwise be blocked in the Toll Restriction
Scheme, complete the following steps:

1.  With the Toll Restriction Scheme selected, click New Allow.

2. A dial string box marked with a green check mark appears in the Allow/Deny Number Entry
list box.

3. Enter the dial string that will be allowed. For example, if the number 1-212-212-1212 needs to
called in a Scheme that denies all dial strings beginning with 1212, enter 1-212-212-1212 in the
dial string box.
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Toll Restriction Schemes are activated in each individual Extension port type configuration. See
“Setting up an Extension Port Type” on page 149 for more information.
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WORK GROUPS

Work Groups on the VS1 Telephone System enable you to assign a virtual extension to a group of
stations. When the Work Group extension is called, all extensions in the Work Group ring
simultaneously. There is a maximum of 20 Work Groups.

Work Group pane
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To create a Work Group, complete the following steps:

1. Select Work Groups in the Tree Control Display.

The Work Group pane appears.

2. Click ADD.

3. In the Work Group Routing Entry group box, enter the following in the corresponding text
boxes:

Description: Enter a name or description for the Work Group that will appear on DP200
display phones and CTI station options.

Extension: Enter an extension for the Work Group.

Extension List: Type the extensions you want included in the Work Group. This can also
includes Guest Mail Boxes. Up to 20 extensions can be listed in this text box. Use commas to

separate the extensions. Do not use spaces between the extensions. For example,
101,102,103,104,105.

Note

The first valid station listed in the Extension List text box in the Work Groups window
controls the Rollover Port and the Rollover Time for that Work Group. If the first valid
station has a Rollover Port configured to Voice Mail, then unanswered calls to the Work
Group rollover to that extension’s Voice Mail.

4. Click the Save button in the toolbar.

e The Work Group entry is added to the list box above.
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5. Repeat steps 2-4 for other Work Group entries.

Note  Messages can be forwarded to the Work Group extension and each physical extension
and Guest Mailbox in the Work Group will receive a copy of the message.
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VALIDATING THE CONFIGURATION

The VS1 Editor is capable of informing you of potential errors while configuring a VS1 system.
Errors are listed for a specific pane. In order for potential errors to be documented the pane must
first be validated. Validation can be conducted on a single pane or all panes.

Validating a single pane can be accomplished by:

= .
55 .

Switching between one pane to another in the Tree Control.
Pressing the Save this Pane button in the toolbar.
Pressing the Validate this Pane button in the toolbar.

Selecting Edit > Validate > This Page in the menu bar.

Validating all panes can be accomplished by:

@ .
s .

Pressing the Save All Panes button in the toolbar.
Pressing the Validate all Panes button in the toolbar.

Selecting Edit > Validate > All Pages in the menu bar.

Displaying Errors

Once a pane has been validated, any potential error messages for it can then be displayed. There are
a number of ways that error messages can be displayed.

o °

Pressing the Validate this Pane button validates the pane and then displays any error
messages for the pane.

Pressing the Validate all Panes button validates all panes and then displays the Validation
Results window, where any panes with errors are listed. Select a pane and click Select to
display its error messages.

Pressing the Errors on this Pane button displays any errors for the currently selected pane.

Pressing the Errors on all Panes button displays the Validation Results window, where any
panes with errors are listed. Select a pane and click Select to display its error messages.

Selecting View > Display Errors > This Pane from the menu bar displays errors on the
currently selected pane.

Selecting View > Display Errors > All Panes from the menu bar displays the Validation
Results window, where any panes with errors are listed. Select a pane and click Select to
display its error messages.
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VS1 EDITOR - LIMITED FEATURE VERSION

The VSI1 Editor can be installed with limited features to allow end-users the ability to make
common changes to the VS1 system without risk of modifying or damaging important configuration
data. Installing the VS1 Editor with limited features gives end-users the ability to:

Set up Caller ID Routing in the CID Routing pane.
Change descriptions of ports in the Port Configuration pane.
Change time and day of weeks for command scripts in the Scheduled Events pane.

Set up system speed dials in the Speed Dial pane.

To provide a customer site with a limited set of VS1 Editor features, install the application onto the
customer computer as you would normally, but do not enter the licensing information when
prompted, which includes name, company and registration number!

In addition, ensure that Tel-Site is also installed, and that an on-site connection is set up for the
customer to implement any changes (see “Connection Methods” in Tel-Site section).

Port Configuration
pane of VS1 Editor
installed with limited
features.
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STATION OPTIONS OVERVIEW

This section describes the station options available for use with the VS telephone system. Station
options are classified into two groups: Computer Telephony Integration (CTI) applications, and
Phones. The features of each option are briefly described, along with system requirements and a
quick guide to basic steps.

For detailed instructions on the use and installation of each station option, please refer to its separate
User’s Guide.

The CTI applications described in this section include:

e Telecor Attendant CTI client application
e  Telecor Connect CTI client application

The Phone options described in this section include:

e Display Phone Model 200 (DP200)
e HS-1301-LN Telephone (HS-1301-LN)

Also described in this section are Feature Keystrokes used with the Telecor VS1 phone system, an
overview of the Voice Mail features built into the system, and end-user instructions for gaining
access to and customizing Voice Mail features for station options.
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Overview of Attendant

The Attendant CTI client application for the Windows® operating system is a powerful primary
answering position for a business with high call activity. Attendant improves the ability to handle
calls and work in other Windows applications between calls. Three call-processing windows—
Calls, Extensions, and Transfer—provide simple and efficient call handling with a minimal
amount of training or experience.

The Calls window indicates incoming calls. If Caller ID is installed on the VS1 telephone system, a
Call status panel provides caller information. Call handling buttons simplify and speed operations.

When calls arrive in the Calls window, they can be transferred to the Extensions window using the
drag-and-drop feature. The Extensions window provides a directory of extensions and groups, and
displays the current status of each.

The Transfer window interfaces with a Caller Database to assist in transferring calls. The Message
Feature enables the user to screen calls and transfer a text message to station displays with each call.

In addition to basic call processing functions, Attendant provides powerful “blind operations,”
enabling calls to be selected in the Calls window and processed without actually connecting to the
call, increasing call processing speed. Attendant also enables the user to monitor and transfer calls to
Auto Attendants, ACDs, Conference Rooms, and Park Zones, merge calls, and make paging
announcements.

Attendant integrates seamlessly into a user’s work habits, providing a variety of ways to process
calls. Users can use the mouse, or keyboard and keyboard shortcuts, or a combination of both to
handle calls. Attendant works the way the user does.

The Attendant application is a Windows*-based program that operates on Microsoft” Windows" 98,
Windows® 2000, Windows® Me, and Windows® XP operating systems. Installing a Computer
Telephony Interface Module (CTIM) integrates the telephone into the computer, and allows
Attendant to be used with a headset.

Help displays information
and instructions on all
Attendant features.

Attendant
Main window
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Product Features

Automatic Call Distribution (ACD) Group information
Away From Desk option

Caller Database

Caller ID

Call Merging

Conference Room information
Display Messaging
Drag-and-Drop features
Extension Status Review
Greeting window

Parking Zones window

Paging Zones window
Phonebook

Resizable and configurable layout
Voice Mail

Requirements

e  Pentium 120 PC or faster, 32 megabyte (MB) of RAM, 1 gigabyte (GB) hard drive
Microsoft® Windows® 98, Windows® 2000, Windows® Me, and Windows® XP operating
systems.

Open COM port with dedicated IRQ

15-inch color monitor recommended; 640x480 mode

1312 kilobytes (K) of available disk space

CTIM and Headset

Includes (Part Number: PVS-SCT-A01)

e Telecor Attendant CD
e Attendant Activation Key Request Form
e Two RJ11-DB9F connectors
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Using Attendant—Basic Operation

Selecting a Call
1. Click the text portion of the call description in the Calls list of the Calls window.

Calls:
= C0 Line 1

CO Line 2 Click call description
‘wialter O'Riley to select a call
0= George Banks

Selecting a call

Connecting to a Call
1. Click the Call button next to the call description in the Calls list of the Calls window.

e Connecting to a second call automatically places a currently connected call on hold.

Calls:
= C0 Line 1

iCO Line 2

e e Click the Call button
o George Banks to connect a call

Connecting to a call

Placing a Call On Hold

1. In the Calls window, click the call description to select a call, or click the Call button to
answer a call.

‘ 2. Click the Hold button in the Calls window.

B E e  The call status symbol changes to the hourglass.

Taking a Call Off Hold
m 1. Click the Hold status button next to the call description in the Calls list of the Calls window.

Disconnecting a Call

1. In the Calls window, click the call description to select a call, or click the Call button to
answer a call.

2. Click the Disconnect button in the Calls window.

i

Transferring a Call to an Extension Unannounced

1. In the Calls window, click the call description to select a call, or click the Call button to
answer a call.

&3, 2. Click the extension in the Extensions list of the Extensions window to which you want to
[ transfer the call.
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3. Click the Transfer button in the Extensions window.

Transferring a Call to an Extension Announced

1. In the Calls window, click the call description to select a call, or click the Call button to
answer a call.

2. Click the extension on the Extensions list in the Extensions window to which you want to
transfer the all.

% 3. Click the Announced Transfer button in the Extensions window.
iﬁ?}s 4. Announce the caller to the extension, then click the Disconnect button.

Transferring a Call to an Extension’s Voice Mail

1. In Calls window, click the call description to select a call, or click the Call button to answer a
call.

2. Click the extension on the Extensions list in the Extensions window for the Voice Mail to
which you want to transfer the call.

3. Click the Transfer to VM button in the Extensions window.

£
Making an Outside Call
‘ TTT 1. Click the Outside Call button on the toolbar.

2. Type the number you want to call in the Number text box of the Qutside Calls dialog box.
You do not need to type a 9 prior to the number.

3. Click Dial.

e Click the Keypad Dialer button on the toolbar if you need to dial additional numbers
after you are connected.

Making an Inside Call
1. Click the Inside Call button on the toolbar.

2. Select the extension from the Extensions list, or type in the extension number in the Number
text box of the Inside Calls dialog box.

3. Click Dial.

For more detailed instructions on the use and installation of the Attendant CTI application, please
refer to the Telecor Attendant CTI Application User’s Guide.
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Overview of Connect

The Connect CTI client application for the Windows® operating system removes the phone from
the desk and puts it inside the computer. Installing a Computer Telephony Interface Module (CTIM)
integrates the telephone into the computer. Installing a PC Option Module (PCOM) enables a user
to use the computer screen for call processing and keep a phone on the desk. Keeping a phone on
the desk also allows calls to be received when the computer is turned off. Connect integrates
seamlessly into a user’s work habits, providing a variety of ways to use the computer to process
calls. A user can use the mouse, keyboard and keyboard shortcuts, or a combination of both to
handle calls. Connect works the way the user does.

The Calls window indicates incoming calls. If Caller ID is installed on the phone system, that
information is displayed in the Calls window. Call handling buttons simplify and speed operations.
In addition to the Calls window, Connect includes Phonebook, Extensions and Shortcuts tabs that
a user can customize to meet his or her calling needs. Features such as Blind Transfer, Blind Hold,
Account Codes, Station Status, and many others are available at the click of a mouse button.

The Call Bar window enables calls to be processed with a scaled-down version of the
Connect main screen. The Connect Call Bar window can be customized to pop-to-the-top when a
call arrives while working in another application.

A user can also monitor Automatic Call Distribution (ACD) with Connect, and track individual
ACDs, the number of agents logged on, and the number of calls in the queue.

The Connect application is a Windows®-based program that operates on Microsoft® Windows" 98,
Windows®™ 2000, Windows® Me, and Windows® XP operating systems, and supports Dynamic Data
Exchange (DDE) clients and servers. Telecor Connect can be used with either a headset or a
handset.

Help displays information
and instructions on all
Connect features.

A1 Connect - 425 Hi= E
Menu bar Options  Tools Agent Settings  Window  Help
Toolbar ——— eeslesg| [ [o] & =] @[22 el
e ending — | &| | Bl XA 2lslE]
Calls | Call Info | Murber | Time [ Hod |
Calls list in the §i :_cﬂ_]gl_ee?aas 9888?938 2:49 226

Calls window

Phonebook,

Connect
Main window

Extensions,
and Shortcuts

" Phonebook | Extensionsl Shortcuts

Dezcription

| Humber

AF| Office - Bob x. 4672

31-800-255-0193

A [

Earlyrin Palmer = 2126 (& Eizenhower Elementany

31 313 651-6663

Phonebook, KCTY Weather Line 9 384-1555
; - |Moelle & Tim Walters - Atchizon 91-313-367-0822
Eg&egﬁggih s RHP home 38140573
i FRHPF hame - Tonganosie 9 369-3682
windows Tim DeBoer 5 550662
Time & Temperature 98314141
Zell. Jenny 91-800-283-0044

W 0 [Sep 02, 0B:48 &M [NUM [ 4
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Product Features

Automatic Call Distribution (ACD) Monitor window
Account Code Tool

Blind Hold with Message

Blind Transfer

Bring to Top on Ring

Call Bar

Call Processing Buttons

Caller ID

Dynamic Data Exchange (DDE) support
Extensions List

Online Help

On-screen Keypad Dialer

Personal Phonebook

Shortcuts Buttons

Simultaneous Call Handling (10 Calls)
Station Status window

TAPI support

Voice Mail Message Indicator

Requirements

Pentium 120 PC or faster, 32 megabyte (MB) of RAM, 1 gigabyte (GB) hard drive
Microsoft® Windows® 98, Windows® 2000, Windows® Me, Windows® XP operating systems
Open COM port with dedicated IRQ

CTIM and Headset or PCOM and Single Line Phone

Includes (Part Number: PVS-SCT-T01)

e Telecor Connect CD
e CTI Activation Key Request Form
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Using Connect—Basic Operation

Making a Call
1. In the Calls window, click the Dial button.

2. In the Dial dialog box, type the extension or phone number. If you are calling an outside
phone number you must type a 9 at the beginning of the number.

e If you are dialing an internal number you can also enter an alphanumeric message in the
Dial dialog box Message field. This message appears only on stations with a display,
such as the Display Phone Model 200 (DP200) or an Attendant or Connect CTI
application. Messages do not appear on external calls.

3. Click Dial.

Disconnecting a Call

1. In the Calls window, click the Disconnect button in the Calls list.

Answering a Call

1. In the Calls window, click the Internal Call or External Call button in the Calls list.

Redialing a Number
1. In Calls window, click the Redial button.

2. In the Redial dialog box, click to select a number from a list of earlier calls.

3. Click Redial.

Placing a Call On Hold

= H 1. In the Calls window, click the Call button in the Calls list. The connected call graphic

changes to an hourglass.
Or

2. Click the Hold button.
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Transferring a Call - Announced
1. In the Calls window, click the Transfer button.
2. In the Transfer dialog box, type the extension.
3. Click the Transfer button in the dialog box.
4.  The extension to which you transfer the call rings (or connected immediately if Handsfree is
enabled). Wait for the person to answer and announce the transfer. Then click the Complete

Transfer button (see graphic to left). This is in the same location as the Transfer button. It
changes appearance for an announced transfer.

Transferring a Call - Unannounced

1. In the Calls window, click the Transfer button.
2. In the Transfer dialog box, type the extension.
3. Click the Transfer button in the dialog box.

4. The extension to which you transfer the call rings. At this point, click the Complete Transfer
button (this is the same button as the Transfer button).

Transferring a Call to Voice Mail
1. In the Calls window, click the Transfer to VM button.

2. In the Transfer to Voice Mail dialog box, type the extension of the Voice Mail to which you
want to transfer the call.

3. Click Transfer.

Transferring a Call to Your Voice Mail
1. In the Calls window, click the Transfer to my VM button.

For more detailed instructions on the use and installation of the Connect CTI application, refer to the
Telecor Connect CTI Application User’s Guide.
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Overview of Display Phone Model 200 (DP200)

Telecor Display
Phone Model 200
(DP200)

The Display Phone Model 200 (DP200) is designed for use with the VS1 telephone system. The
DP200 Display Phone has the capability to handle five calls. Three of the five Line Appearance
buttons can be customized as Extension View buttons known as Direct Station Select/BusyLamp
Field (DSS/BLF). Each of the five buttons provides a visual display of a call’s status.

The DP200 Display Phone is equipped with a data port that enables users to plug in any 900
megahertz cordless phone or a modem. When a station receives a call, both the cordless phone and
the DP200 ring; or plug a modem into this port and a computer can process data.

Using the program switch, the DP200 Display Phone can be customized for office settings or
warehouse settings. In Office mode, settings for Page Volume, Ring Select and Ringer Volume are
lower in volume than they are in Warehouse mode.

Five standard Feature buttons—Mute, Flash, Voice Mail, Redial, and Hold—and 12 customizable
Feature buttons are included on the DP200 Display Phone. Custom Feature buttons enable users to
program the features used the most by dialing a short code and following the voice prompts. During
phone operation, the button lights up or flashes to inform the user that the programmed feature can
be utilized or accessed.

The DP200 Display Phone is equipped with a 2 line by 16 character display, which provides useful
information about the calls being handled. When a call is received the display changes to show
information about the caller. The display shows what line the call is ringing on and whether it is an
external or internal call. The A Feature button enables users to switch between name and extension.
If the receptionist uses the Telecor Attendant CTI client application, pressing the A Feature button
switches between the Attendant Message and the Caller ID number and name displays.

Pressing the B Feature button once shows the current status of some of the features such as Do Not
Disturb, Call Forwarding, Handsfree and Call Waiting. Pressing the B Feature button twice enables
users to view the status of their Voice Mail. Pressing the B Feature button three times shows the
Automatic Call Distribution (ACD) display.
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Product Features

Auto Hold

Auto Line Select

Blind Hold with Message
Blind Transfer

Caller ID

Conferencing

Cordless Phone Support
Discreet Call Screening
Distinctive Ring

Do Not Disturb
DSS/BLF Capability
Flash

Handsfree Operation
Headset Mode

Hearing Aid Compatible
Hold

Large LCD Display
Message Waiting Light
Mute

Office/Warehouse Mode
Personal Speed Dial
Redial

Release

Ringer Volume
Simultaneous Call Handling (5 calls)
Speakerphone

System Speed Dial
Transfer

Twelve Customizable Feature Buttons
Visual Park

e  Volume Control

e  Wall Mount

Using the DP200—Basic Operation

Making an Internal Call
1. Lift the handset.

2. Dial the extension you want to call.

Making an External Call
1. Lift the handset.

2. Press 9 for an external line.

3. Dial the phone number.
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Answering a Call
1. Lift the handset.

e  Press the A Feature button to display Caller ID information.

Answering Multiple Calls

If you are using LINE 1 when another call comes in, a two-beep call waiting tone sounds (presuming
Call Waiting is enabled).

1. Press the LINE 2 button one time to preview the call. Press the LINE 2 button a second time to
answer the call and place the first call on hold.

Transferring a Call

After answering the call:
1. Press the TRansFER Feature button and listen for the tone.

2. Dial the extension to which you want to transfer the call. Hang up to transfer.

Placing a Call on Hold

1. Press the HoLD Feature button once to place a call on hold.

Taking a Call off Hold
1. Press the flashing line button of the call on hold.

Redialing the Last Number Called

1. Press the repiaL Feature button.

Changing the Number of Lines Available
1. Lift the handset and press 7801.

2. During the Feature Programmer announcement, press 677.
e Do not wait for the announcement to end before pressing 677.

3. Press 2 for a two-line phone; 3 for a three-line phone; 4 for a four-line phone; 5 for a five-line
phone. Hang up.

To use the additional lines, press the appropriate Line Appearance button prior to dialing.

For more detailed information on the use and installation of the DP200 Display Phone, please refer
to the Telecor Display Phone Model 200 (DP200) User’s Guide.
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DP200 Programmable Function Codes

The following list contains all user-programmable function codes for customizable feature buttons
on a DP200 Display Phone.

Note You must dial a zero if the second digit in the code is preceded by zero. For example, to customize a
Feature button for Pickup Group (03), press 0 and then 3.

Feature

Code

Description

ACD Log Off

17

Log off all ACD groups into which you are logged.

ACD Log On with Specific
Code

19 + ACD code

Log on to an ACD using a pre-programmed account code.

Cancel the automatic wrap-up mode so that you can receive

ACD Wrap-Up Cancel 42 more calls from the ACD queue.
Place an incoming call on hold without first answering the call.
Blind Hold with Message 26 A message plays stating, “You have been placed on hold by

the person you are trying to reach. They have been notified of
your call, and will be right with you.”

Blind Transfer

05 + Extension

Transfer a call ringing at your extension to another extension
without connecting to the call.

Transfer a call ringing at your extension to your Voice Mail

Blind Transfer to Voice Mail 40 without connecting to the call.
Call Waiting ON/OFF Toggle 06 Turn call waiting tones ON or OFF.
Conference with up to two other callers (internal or external)
Conference 44 . A
without using a Conference Room.
. Dial a specific number. If programming an outside number,
Dial 07 + Phone/Extension include a 9 and appropriate long distance digits prior to the

number

number.

Do Not Disturb ON/OFF Toggle | 08 Turn ON or OFF the Do Not Disturb setting.

Flash External 75 Used for Centrex transfers

Forwarding Cancel 09 ?:l?rc:)l(taer:]);i(;zﬁ forwarding that you previously programmed at
Forward From 10 Forward incoming calls received at another extension to your

extension.

Forward From Specific
Extension

11 + Extension

Forward calls at a specific station to your extension.

Forward To

12

Forward your calls to another extension.

Forward To Specific Extension

13 + Extension

Forward your calls to a specific extension.

Handsfree

14

Turn ON or OFF the Handsfree mode.

Message Light Off

22

Turn the Message Waiting Light OFF at an extension.
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Feature

Code

Description

Message Light Off Specific
Extension

23 + Extension

Turn the Message Waiting Light OFF at a specific station.

Message Light On

20

Turn the Message Waiting Light ON at an extension.

Message Light On Specific
Extension

21 + Extension

Turn the Message Waiting Light ON at a specific extension.

Music Over Speaker

39

Hear music over the phone speaker, if your system is
connected to Music Source 1.

Page Over Specific Zone

25 + Zone Number

Access a specific Paging Zone to make an announcement.

Page Over Zone 24 Gain access to the Paging feature.

Park 27 Park the current call.

Park Retrieve 28 Retrieve a parked call.

Personal Speed Dial 38 Gain access to the Personal Speed Dial feature.
Pickup Extension 01 Answer a call ringing at another extension.
Pickup Group 03 Answer a call ringing at any phone in your group.

Pickup Specific Extension

02 + Extension

Answer a call ringing at a specific extension.

Relay 1

29

Activate the dry contact for Relay #1 on the Port Expansion
Unit. For example, the contact could be connected to a
security door lock.

Run Specific Command File

32 + Command File
Number (01 to 99)

Run a system command file.

System Speed Dial 33 Gain access to System Speed Dial numbers.

System Speed Dial Specific 34 + Code Access a specific System Speed Dial number.

Number

Station Status 16 Hea_r the system port number and extension number of the
station.

Transfer 35 Transfer the call to another extension.

Transfer to Specific Extension

36 + Extension

Transfer a call to a specific extension.

Voice Mail

37

Gain access to your Voice Mail.
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Overview of the HS-1301-LN Telephone

The HS-1301-LN Telephone is designed for use with the VS1 telephone system. The HS-1301-LN
Phone incorporates a standard 12-button touchpad dial, along with three special function buttons
(store, recall, and save), a flash button, redial button, and three one-touch priority dial buttons. Calls
from the HS-1301-LN are initiated by standard dialing procedures or by using the 10 number
programmable auto-dialing features, or the three priority dial buttons.

Product Features

Message Waiting Light

3 Special Function Buttons
Flash Button

Redial Button

3 Priority Dial Buttons

10 Number Speed Dialing
13 Memory Locations
Ringer Volume Control
Last Number Redial

Desk or Wall Mount
Ringer Volume

System Speed Dial

Telecor HS-1301-LN
Telephones
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Using the HS-1301-LN—Basic Operation

Making an Internal Call
1. Lift the handset.

2. Dial the extension you want to call.

Making an External Call
1. Lift the handset.

2. Press 9 for an external line.

3. Dial the phone number.

Answering a Call
1. Lift the handset.

Transferring a Call

1. Press the FLAsH button.
2. Press * and 7.
3. Dial the extension to which you want to transfer the call.

4. Hang up.

Placing a Call On Hold

1. Press the FLAsH button for System Hold.
Or

2. Press the HoLD button.

Taking a Call Off Hold

1. Press the FLAsH button to take a call off System Hold.

Or

2. Press the HoLD button again to take a call off hold.

Redialing the Last Number Called

1. Press REDIAL button.
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Quick Guide to VS1 Phone System Feature Keystrokes

You can use any of the following features on VS1 phones by using the appropriate keystrokes on the

phone keypad.
Feature Enter the Keystroke Sequence
ACD L0 Off ..ttt ettt st b ekttt et h bt a et bkt h et a et b et h et bt et aenn et ee 7001
ACD LOZ QN ettt b ekttt ettt es 7000 + ACD L.D.
ACD WIAP-UD CANCEL ...ttt ettt ettt et sttt e bt et e bt e st e bt e st e bt es e e bt ea b e bt es e e bt e st e s beeste bt eatenbeeste bt enbenbeestenbeaneanee 7002
Call Forwarding t0 an EXTENSION .......ccueuiiiiiiiiiiiieieie sttt ettt sttt s bbb e b et et ese e st eseetesbeneeneeneane * 3 + Extension
Call FOrwardiNG—CamnCel ...........coiruiriiiiiiiiiiiet ettt ettt ettt bttt e at e bt s bttt e st et e bt e bt ebe st e s e naenneneeae **3
Call Forwarding t0 YOUT VOICE Mail.....c..oruiiiiiiiiiiiiiiiiitieese ettt ettt st et b et at e bt eat et e sb e e bt eb e et e ebeebeententesaeeneas ##3
Call Waiting TONE = DISADIE. .....ecveiieieiieiietieieie ettt ete et et e st et e e te e besaeesbesseesaesseessenseessesssenseessensesssenseassensesssensenssensanseensenseensesseenses *5
Call Waiting Tone - ENAbIE .........co.oiiiiiiiiiiiccc ettt ettt sttt ettt s a et b et beeue st esne e nneneene *%5
Direct External Dial TOne - DISADIE. ........ccueuiiiiiiiiiieieieei ettt ettt se ettt e b et eneeseeneabeseenee ## 4 + hang up
Direct External Dial TONe - ENADIC.......cccciiiiieieieiieiesiee sttt sttt ste et e st e esaesseesaessaensesseensessaensesssensesseensensens # # 4 + hang up
DO INOE DISTUID = STATT..c..ceutitieieettetee ettt ettt b ettt e b et e bt et e ebtea bt eh e entess e e bt ea b e bt es e e bt eb b et e e st enbeebtenteebeenbeeueentesbeenbennes #5
DO NOE DISTUID = CANCEL ...ttt ettt ettt e et h et et et e st es e e st e bt et e ebe s em s e st ee e ese et e ebe et et enteneeseeneaneatenbeeeneeneane ##5
Extension Status
External Flash........
IMESSAEZE LGN Ottt bt ettt h et e bt et e sb e ea bt e bt eat e sa e e bt ea b e bt eh e e bt et b et e e st e bt estenteebeenbeeatentesbeenbeenee *6
IMESSAZE LIGNE OFf ...ttt h ettt e et e b e e bt b et et et em e es e ee e e et ek e e b e e e e s e st enees e ekt e b et et et eneeneeneeneneenee #6
Message Light On - EXEENSION .....cc.couirtiiiiiiiiitiietetct ettt ettt ettt ettt ettt se b se et eaesae st nnens * * 6 + Extension
...# # 6 + Extension

........................................................................................................................................................................................... * %9
PAZE = ZONE L ..t ettt ettt et h et et e h ettt eht e eh bt e bt e e h et e bt e ea bt e bt e eat e e nh e e e ab e e b et et e e nate e bt e niaeeteens *9
PAGE- ZIOME 2 ...ttt b bbbttt h e h e bt bt e h e h e eh e bt e bt e bt e b e e bt bt et bt e bt eh e et e e bee b nae #9
PATK = PLACE ..ottt ettt ettt ettt ettt et e st e b e se s ese s et e st e s es e e b e s e s et e s s ek ene s e st e s ese s ese et e ke asesensesesebese s tenseneneas FLASH +# +0-9
PATK = REITIEVE ...ttt ettt ettt e e et e bt b et et e st e st es e ekt e e b em e es e em s emeeheebe e b e b e s emseseeseeseeaeabe s enseneeneeneetennens *2+0-9
Pickup @ RiNGING EXENSION ......ccuirtiiiiiiiiiiiitiieeetete sttt ettt ettt sttt st ne e neneene # 8 + Extension
Pickup a Ringing EXtENSION 10 GIOUP...c..eiutirtiriieieriieteetiete sttt ettt et ettt et e sbte b e ebeestesbeeabeebeea bt es e e bt ett e beestenbeestetesseebesatentesbeenbennes *8
Pickup Line {71} from Cordless PRONE? .............o..ovoiuieeeeeeeeeeeeeeeeeeeseseeee s seeese e ss s ssee e s essess s ssesee e see s FLASH + # # [n]
REAIAL. .ttt ettt h et e e s e st b ekt b et et en e Rt R e e bt SRt £ oAb et en s eR e eR e Rt e Rt b e R et e st en e st ekt ehe et et e st eneeneebeebentenee *0
Reset Extension ........... .. *#+86
SPEEA DAL = PEISOMNAL......ctiiiiiiieiiitiitette ettt ettt b e st e bbb e e bt e st e sb e ea b e e bt e st e ebeeabesbeenteebe et e e bt enbe bt et e sbeentenaean #4+0-9
SPEEA DAL = SYSTEIM....c.uieuieieieiietieiestete et ete et et et et e steeste st esaesseesteseessesseessesseassesseassenseessenseassanseasaessesssensenseensesssensensannsenses *4+01-99
TranSTEr—ANNOUNCEA .......couiiiiiiiiiieieet ettt ettt b et s st s et e b et et es e st ent et e ebe st enbeneeneas FLASH + * 7 + Extension
Transfer—UNannOUNCEd. ..........o.iiuiiiiiieieeieei ettt ettt ettt et ettt t et eseebeebeebesseneensenis FLASH + * 7 + Extension + hang up
V01CE MAIIICAVE MESSAZE ....veveevrenrieiiertieiesteetesteetesteestesteestestesseessesssessesseesseassessesseesseassessesssanseassessessseseessessesssessenssensenss 6 + Extension

Voice Mail-check 6 + your Extension

? Feature only works with Display Phone.

VSI1 Installation, Configuration & Operating Guide 187



VOICE MAIL ON THE VS1 PHONE SYSTEM

The VSI telephone system provides you with powerful Voice Mail features. To use the Voice Mail
features, use the Keypad on the phones, or the Keypad dialog box on the toolbar of the CTI
applications.

Gaining Access to Your Voice Mail with Telecor Attendant or
Connect

| 1. Click the Voice Mail or My voice mail button on the toolbar.

e If prompted, click your passcode on the Keypad dialer.

Gaining Access to Your Voice Mail with the DP200

1. Lift the handset and press the voice MAIL button.

e If prompted, dial your passcode.

Gaining Access to Your Voice Mail with the HS-1301-LN

1. Lift the handset and press 6 + your Extension number.

e Ifprompted, dial your passcode.

The Main Voice Mail Prompts

After accessing Voice Mail, an announcement tells you how many new and old Voice Mail
messages you have. The voice prompts lead you through the main Voice Mail features.

Note The steps you are asked to perform to use the Voice Mail features are documented with the mouse
interface on the Keypad dialog box of the CTI applications. The voice prompts ask you to press a
number; this document asks you to click a number on the Keypad dialer. If you are using a phone,
press the appropriate key on the Keypad.

e Click 1 to listen to your new messages. After listening to new messages, you can listen to old or saved
messages. See “Listening to a Voice Mail Message,” page 189.

e Click 2 to gain access to the Setup Options menu. See “Setting Up Voice Mail Features,” page 190.
e Click 7 to send a message or forward a Voice Mail message to one or more extensions. See “Sending a
Message to an Individual or Group,” page 191 or “Forwarding a Voice Mail Message to an

Individual or a Group,” page 192.

e  Click * to exit your Voice Mail.
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Using the Keypad Dialer for Voice Mail Features

Use the Keypad to handle your Voice Mail calls the way you want. Figure 10 illustrates how to use

the Keypad.
AEC DEF
1 F=4 3
Next Replay Delete
Mﬁssaqe
GHI JEL MHO
4 = E
Rewind Pause . Fast g
rwar
<< 1] (43
FR= TUuY LIy
T = 9
Forward  CalleriD  Time &
Message Date
Figure 10 T oFER ]
Keypad Voice Mail # 0 ==
Functions Stop
Message

Listening to a Voice Mail Message
The Keypad can act similarly to the controls of a tape recorder while listening to your Voice Mail.
1. Gain access to your Voice Mail.
e Ifprompted, click your passcode.
2. Click 1 to listen to a message.
e The voice prompts offer nine options to choose from when the message is done playing.
e  Click 1 to play the next message.
e  Click 2 to replay the message.

e C(Click 3 to delete a message. The message is erased from the phone system after a set
number of hours, determined by the system installer.

Note If you don’t delete your Voice Mail messages they are automatically saved. Check with your
system installer to determine how long messages remain saved.

e Click 4 to rewind the message for 5 seconds.

Click 5 to pause during the message (the message resumes in 20 seconds).

e Click 6 to fast forward the message 5 seconds.
e  Click 7 to forward the message to another Voice Mail extension (you can record comments

about the message you forward). For more information, “Forwarding a Voice Mail
Message to an Individual or a Group,” page 192.

e  Click 8 to hear Caller ID.
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Note Caller ID numbers are played for external calls only if that option is set up on the system.

3. Click * to exit your Voice Mail.

Setting Up Voice Mail Features
The following is a list of the Voice Mail Setup Options menu.
1. Gain access to your Voice Mail.
e If prompted, click your passcode.
2. Click 2 to gain access to the Setup Options menu. Voice prompts are given for each option.

e Click 1 to record a new greeting. When you have finished recording your greeting, click #
to stop. Click 2 to play back your recording.

e  Click 3 to create or change your passcode. Click the four numbers of your new passcode.

e  Click 4 to turn on or off the time and date notation with each message you retrieve.

e  Click 5 to turn on or off the Caller ID announced after each message.

e  Click 6 to change the playback order of your messages (last-in/first-out or first-in/first-out).

e Click 7 to set your Voice Mail Notification number. Follow the voice prompts. For more
information, see “‘Voice Mail Notification on a Digital Pager,” page 194.

e Click 8 to set Dial by Name options. For more information, see “Setting Up Your Name in
the Dial by Name Directory,” page 191.

3. Click * to exit the Setup Options menu.

Creating or Changing Your Voice Mail Passcode
Creating a passcode for your Voice Mail is recommended to ensure security.
1. Gain access to your Voice Mail.
e If prompted, click your passcode.
2. Click 2 to gain access to the Setup Options menu.
3. Click 3 to create or change your passcode.

e You are prompted to enter a passcode. After clicking a new passcode, a voice
announcement repeats the numbers you selected.
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Recording a Voice Mail Greeting

A Voice Mail greeting is a recording of your voice that callers hear before they record a message in
your Voice Mail.

1. Gain access to your Voice Mail.

e If prompted, click your passcode.
2. Click 2 to gain access to the Setup Options menu.
3. Click 1 to record a Voice Mail greeting.

e  Click # when finished recording.

e  Click 2 to play back your greeting. If you need to make changes, repeat Step 3.

Setting Up Your Name in the Dial By Name Directory
A caller can reach you by entering the first three letters of your last name in your company's Dial by
Name directory. You can also set up the system to reach you by entering the first three letters of
your first name.
1. Gain access to your Voice Mail.
e Ifprompted, click your passcode.
2. Click 2 to gain access to the Setup Options menu.

3. Click 8, and then choose from three options:

e C(Click 1 to make a voice recording of your name. Click # to stop recording. You are
prompted to click the first three letters of your last name on the Keypad.

e  Click 2 to play back your recording.

e  Click 3 to remove your name from the Dial by Name directory.

Sending a Message to an Individual or a Work Group

At some point, you may need to send a Voice Mail message to an individual or a work group.

Sending a Message to an Individual

1. Gain access to your Voice Mail.
e Ifprompted, click your passcode.
2. Click 7.

3. On the Keypad click the extension of the individual receiving the message.
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Note

If you don’t know the extension of the person you are calling, click 8 and you are prompted to click
the first three letters of the person's last name to use the Dial by Name feature.

4. Click #.

e Follow the voice prompts to record your message.

Sending a Message to a Range of Extensions

1. Gain access to your Voice Mail.
e Ifprompted, click your passcode.
2. Click 7.
For example, to dial the range of extensions 100 to 125:
1. On the Keypad, click the first extension in the range—100.
2. Click *.
3. Click the last extension in the range—125.
4. Click #.

5. Follow the voice prompts to record your message.

Sending a Message to a Work Group

1. Gain access to your Voice Mail.
. If prompted, click your passcode.
2. Click 7.
3. On the Keypad, click the work group extension.

4. Click #.

. Follow the voice prompts to record your message.

Forwarding a Voice Mail Message to an Individual or a Work
Group

At some point, you may need to forward a Voice Mail message you received to another extension or
group of extensions.

Forwarding a Voice Mail Message to an Individual

1. Click 7 after listening to a Voice Mail message.

2. On the Keypad, click the individual extension of the person receiving the message.
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Note

If you don’t know the extension of the person you are calling, click 8 and you are prompted to enter
the first three letters of the person's last name to use the Dial by Name feature.

3. Click #.

e You are prompted to record a prefacing message. Use this time to give any necessary
information to the person receiving the message.

Forwarding a Voice Mail Message to a Range of Extensions

1. Click 7 after listening to a Voice Mail message.

For example, to dial the range of extensions 200 to 225:

2. On the Keypad, click the first extension in the range—200.
3. Click *.

4. Click the last extension in the range—225.

5. Click #.

e You are prompted to record a prefacing message. Use this time to give any necessary
information to those receiving the message.

Forwarding a Voice Mail Message to a Work Group

1. Click 7 after listening to a Voice Mail message.
2. On the Keypad, click the work group extension.

3. Click #.

e You are prompted to record a prefacing message. Use this time to give any necessary
information to those receiving the message.

Gaining Access to Your Voice Mail From Another Internal
Telecor VS1 Station

1. Dial 6 + your extension from the station.
e  Wait for your greeting.

2. Click # when your greeting begins.
e Ifprompted, click your passcode.

3. Follow the voice prompts accordingly.
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Gaining Access to Your Voice Mail From an External Line

1. Dial your company telephone number.
e Ifareceptionist answers, ask to be transferred to your Voice Mail.
e If an Auto Attendant answers, dial 6 + your extension when the Auto Attendant prompts
you.
2. Click # when you hear your greeting.

e If prompted, dial your passcode.

3. Follow the voice prompts accordingly.

Voice Mail Notification on a Digital Pager

The VS1 phone system can be customized to place a call to your pager when you receive a new
Voice Mail message. This is an important feature when you are expecting a call, or message, and
you are not at your office. Voice Mail Notification on a Digital Pager is also a good feature for
after-hours emergencies or technical assistance.

In addition to sending a preassigned numeric message alerting you to new Voice Mail, Caller ID can
be sent with the page so you can see who is leaving the message. You can even choose the number
of times the page is repeated, and how often, until you check your new messages. You can
customize your Voice Mail to alert up to three different pagers when you receive a new message.

It is also possible to redirect your new Voice Mail to up to 20 other extensions. Only new messages
are redirected; old messages are left untouched.

There are two levels of settings for Voice Mail Notification: Basic Voice Mail Notification and
Advanced Voice Mail Notification. Basic Voice Mail Notification is used to send a notice to a
single pager. The Advanced settings are used to send a notice to multiple pagers, and redirect your
new messages to other extensions.

Basic Voice Mail Notification

Basic Voice Mail Notification sends a notice to a single pager when you receive a new Voice Mail
message. Basic Voice Mail Notification sends three paging attempts, with 15 minute intervals
between attempts. These settings cannot be changed at the Basic level.

Gaining Access to Basic Voice Mail Notification Settings

1. Gain access to your Voice Mail.
e If prompted, dial your passcode.

2. Click 2 to gain access to the Voice Mail Setup Options menu, and then click 7 to gain access to
Voice Mail Notification.

3. Click 1 to set up Basic Voice Mail Notification.
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Turning On Basic Voice Mail Notification on a Digital Pager

1. Enter the pager number for Voice Mail Notification followed by the # key. You do not need to
enter a 9 prior to the pager telephone number.

2. Enter your PIN number followed by the # key. If your pager does not require a PIN number,
press the # key only.

3. Enter the numeric message you want displayed on your pager followed by the # key. You can
enter up to 24 digits.

4. To turn on Caller ID display, click 1, or to turn off Caller ID display, click 2.

Note Caller ID must be installed on your phone system for this feature to be active. See your system
installer.

e You hear a playback of all the numbers you have entered—pager number, PIN number (if
needed), numeric message—and if Caller ID is turned on or off. If any of these numbers or
settings is incorrect, you can change them by repeating Steps 1-4.

Turning Off Basic Voice Mail Notification on a Digital Pager

1. Gain access to the Basic Voice Mail Notification Settings by following Steps 1-4 of “Gaining
Access to Basic Voice Mail Notification Settings.”

2. Click only the # key when prompted to enter a pager number for Voice Mail Notification. This
clears the pager number entered, if any, and no pages are sent upon receipt of new Voice Mail.

Note To turn Basic Voice Mail Notification on a Digital Pager back on, you must repeat Steps 1-4 of
“Turning On Basic Voice Mail Notification on a Digital Pager” above.

Advanced Voice Mail Notification

Advanced Voice Mail Notification provides several options for sending pager notification upon
receipt of a new Voice Mail message. Through the Advanced options you can customize your Voice
Mail to contact up to three pagers, set the number of times pages are sent until answered, and set the
time interval between pages. The Advanced level also gives you the option to redirect your new
Voice Mail messages to other extensions in your office.

Gaining Access to the Advanced Voice Mail Notification Options

1. Gain access to your Voice Mail.
e Ifprompted, dial your passcode.

2. Click 2 to gain access to the Voice Mail Setup Options menu, then click 7 to gain access to
Voice Mail Notification.

3. Press 2 to set up the Advanced Voice Mail Notification options.

Setting Up Voice Mail Notification to up to Three Digital Pagers

1. Click 1 while in the Advanced Voice Mail Notification options of your Voice Mail. This
enables you to enter the settings for the first pager.
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Enter the pager number for Voice Mail Notification followed by the # key. You do not need to
enter a 9 prior to the pager telephone number.

Enter your PIN number followed by the # key. If your pager does not require a PIN number,
click the # key only.

Enter the numeric message you want displayed on your pager followed by the # key. You can
enter up to 24 digits.

e You hear a playback of all the numbers you have entered—pager number, PIN number (if
needed), numeric message. If any of these numbers or settings is incorrect, you can change
them by repeating Steps 1-4.

Repeat Steps 1-4 to enter the settings for a second and third pager. In Step 1, click 2 or 3,
respectively, for the second or third pager.

Canceling Voice Mail Notification to Multiple Pagers

1.

Click 1 while in the Advanced Voice Mail Notification options of your Voice Mail. This
enables you to enter the settings for the first pager.

Click only the # key when prompted to enter a pager number for Voice Mail Notification. This
clears the pager number entered, if any, and no pages are sent.

Repeat Steps 1-2 for the second and third pagers if you are canceling notification to those as
well, click 2 or 3 respectively, for the second or third pager.

Note

If you are canceling notification to only one of the pagers, change only that pager's settings.
Notification to the other pagers remains as customized.

Setting the Number of Paging Attempts

1.

2.

Click 5 while in the Advanced Voice Mail Notification options of your Voice Mail.

Enter the maximum number of times to be paged, followed by the # key.

Note

10 is the highest number of attempts that can be set. If you enter a value greater than 10, the system
sets the attempts to 10.

Setting the Paging Interval

1.

2.

Click 6 while in the Advanced Voice Mail Notification options of your Voice Mail.

Enter the number of minutes between pages, followed by the # key.

Note

The Paging Interval can be set from a minimum of 1 minute to a maximum of 34,464 minutes. If you
enter an interval greater than 34,464 minutes, the system sets the interval to 34,464 minutes.

Redirecting New Voice Mail Messages to Other Extensions

1.

2.

Click 7 while in the Advanced Voice Mail Notification options of your voice mail.

Enter the list of extensions for Voice Mail redirect. After you enter an extension, you hear a
voice recording verifying the extension entered.
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Note If you do not know the extension of a person, click 8 to enter a Dial by Name directory. This directory
allows you to enter the first three letters of a person’s last name, instead of their extension.

e  You can enter up to 20 extensions.

3. Click the # key when your extensions list is complete.

Turning Off Redirecting New Voice Mail Message
1. Click 7 while in the Advanced Voice Mail Notification options of your Voice Mail.

2. Click only the # key when prompted to enter the list of extensions for Voice Mail redirect. This
clears any extensions set up to receive your redirected Voice Mail messages.
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OVERVIEW OF REFERENCE

This section provides additional information not covered in the previous sections. This information
is provided as reference, and does not describe in detail the configuration of the system or hardware,
which is found in the appropriate sections of this guide.

Included in this section are:

Default Extensions and Access Codes

An overview of Direct Inward Station Access (DISA) and use

An overview of Digital Signal Processor (DSP) Volume Adjustments

A procedure for setting the system date and time from a phone station

Flow Charts of system processes for handling calls, transfers, ACDs and Auto Attendants
An overview of how to interpret Line Status symbols when the 1s command is issued

A reference to PBX commands

Recording Voice Files

Pre-recorded Message List and Phrase List

A procedure for Scheduled Disk Optimization

An overview of Station Message Detail Recording (SMDR) and how to interpret the data
An overview of the VS Call Accounting application to view SMDR data.

A procedure for Verifying CO Disconnect Signals

Setting up a T1 Interface Card

A glossary of common telephony and computer telephony features and terms, and how they
relate to the VS1 telephone system
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DEFAULT EXTENSIONS & ACCESS CODES

Default Extensions

The VSI1 telephone system comes installed with a number of preconfigured extensions. Take note
when programming extension numbers to stations.

1st digit # of digits # Range Use
0 1 0 operator
1 3 100-109 DP200 Stations
3 3 300-319 Guest Mail Boxes
4 3 421-430 ACDs
431-433 Conference Rooms
441-460 Paging Zones
5 3 599 Reserved for RSA modem as extension

Access Codes

The following access codes are used by the VS1 system.

1st digit _# of digits # Range Use
6 4 6+Extension Voice Mail
7 4 7101-7199 Command Files £1.cmd-£99.cmd
7238-7257 Auto Attendants (7238 accesses AA1, 7239 accesses
AA2, etc.)
7800 Date/Time
7801 Function Key Programmer
8 2 80, 81, 82 Outside Lines
9 varies 9 Outside Line
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DIRECT INWARD SYSTEM ACCESS (DISA)

Direct Inward System Access (DISA) is a way to gain access to the internal dial tone of the VS1
Telephone System from an external phone not connected to the system. The VS1 System only
allows internal dial tone from station Extension ports, and DISA allows you to call into a CO port
on the system to get internal dial tone. DISA allows features such as:

Running Command Scripts

Dialing internal extensions

Placing external calls

Dialing extensions of Paging Zones
Dialing extensions of Auto Attendants
Dialing extensions of ACDs

The main steps to setting up DISA on the VS1 System include:
1. Enabling DISA on at least one CO port

2. Targeting a CO port for DISA.
3. Setting up DISA passwords

DISA Example

1. From an outside telephone, dial a CO port telephone number configured for DISA operation.
2. After hearing the first ring, but before or during the second ring, press #.

. The CO line ceases ringing and no tone is heard. The silent line is a security measure
designed to prevent unauthorized access to the VSI phone system.

3. Dial the extension number followed by the DISA password. If the correct code is entered, three
beeps sound and the caller hears the system internal dial tone. If an incorrect password is

entered, the line immediately disconnects.

4. Use * to return to internal dial tone anytime ringing is heard during DISA operation

Enabling DISA on a CO Port

Many VSI1 System installers choose to make DISA available on only one CO port so that it is not
generally accessible to every end-user at a particular site. Providing access to a limited number of
people can help reduce fraud and abuse of the DISA feature.

Note It is more effective to use a CO port that is not in a hunt group so that the CO number is
always available to the caller wanting DISA access. If the CO port is part of a hunt group,
it should be in the middle of the hunt group.

1. Inthe VS1 Editor Tree Control display, click Port Configurations.

2. In the Port Configurations pane, select the configuration where you want to make changes.
For example, select the DAY configuration.

3. Select the CO port that DISA will be enabled on.
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Under Rings, set the CO port to ring the first target for two rings.

Under Target Ports, set the target by typing null. The null device doesn’t ring a physical
extension. When Target Ports is set to null, the call rings nowhere for however many rings set
up under Rings. Generally the rings are set to no more than two. This allows the system to listen
for the extension and passcode for DISA operation.

Set the number of rings for the remaining targets according to your configuration.

Select the DISA check box.

Make sure you repeat the changes made to this port in all configurations, not just for the DAY

configuration.
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Setting up a DISA Password on an Extension Port

1. Inthe VS1 Editor Tree Control display, click Port Configurations.

2. In the Port Configurations pane, select the configuration where you want to make changes.
For example, select the DAY configuration.

3. In the Port Configurations pane, select the Extension port of a user you want to give a DISA

account password.

4. In the DISA Password text box, enter a five-digit number ranging from 00000-99999. By
default, the DISA Password is set to —1, which means no account has been assigned, and no
DISA features are available for that extension.

5. Make sure you repeat the changes made to this port in all configurations, not just for the DAY

configuration.
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DSP VOLUME ADJUSTMENTS

The VS1 telephone system enables CO and Extension volume adjustments through the Host Adapter
Digital Signal Processor (DSP). Although the DSP has been programmed to values that should work
in most settings, there are situations (such as trunk-to-trunk transfers) that may require different
values. DSP volume adjustments are most commonly made on CO ports that handle transfers to
outside lines.

Each port (T1 or Port Expansion Unit) has two DSP settings associated with it. One setting controls
the volume level into the port (IN), and the other setting controls the volume setting out of the port
(OUT). (T1 channels do not require volume adjustments.)

The volume level of a connection through the Telecor Voice Server (TVS) is determined by adding
the volume level of each component of the connection. For example, the level heard by the
extension party on an outside CO call is the sum of the CO IN volume and the Extension Port OUT
volume. Likewise, the level heard by the outside CO party is the sum of the Extension Port IN
volume and the CO OUT volume.

Note These settings do not affect internal calls. Volume adjustments for CO calls to Auto
Attendants or Voice Mail use the set aavol[in][out]= [n] command.

The command syntax associated with DSP volume is:

dsp vol {co|ext|port} ={n} {in|out} (Wheren=-12to 12).

Sample DSP Volume Adjustments

dsp vol co =5 in Set all incoming CO volumes to 5.

dsp vol ext =-2 out Set all outgoing extension volumes to -2.

dsp vol 37 =4 in Set port 37 volume IN to 4.

dsp vol co 0 in Show the current CO IN settings.
Default Values Analog CO Port T1 CO Port Extension Port
Volume IN 0 0 0
Volume OUT 0 0 0

Note The dsp enable command enables volume adjustments and must be issued before any
dsp vol commands are recognized by the system.

DSP volume adjustments remain effective until the system is reset. 7o make permanent changes, see
“Adjusting DSP Volume through the Startup Command Script” below.

When making DSP adjustments, keep in mind that changing any one setting has an effect on other
settings. Things to remember:

e Increasing the Volume OUT to an extension also increases the sidetone returned from that
extension.

e Setting the Volume OUT on a CO to greater than 1 can create outbound dialing problems on
the system.

e Lowering the Volume IN from an extension reduces the background noise picked up by that
extension.

e The Volume IN from a CO controls the level at which Voice Mail is recorded on the system.
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Adjusting DSP Volume through the Startup Command Script

By default, the DSP Volume IN and OUT for CO and Extension ports are set to the values in the
Startup Command Script. The Startup Command Script is run every time the system boots up.
Therefore, the DSP volume adjustments are made every time the system starts.

Warning! Use caution when adjusting the DSP volume settings. Improper DSP volume settings
can result in poor sound quality, feedback, or telephone company fines.

WARNING . .

To adjust these values complete the following steps:

1. Inthe VSI1 Editor application, select Command Scripts.

2. Select STARTUP in the Select Command Script dropdown box.

3. In the Startup Command script window, adjust the DSP Volumes to the new values.
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4. Click the Save button in the toolbar.

Adjusting DSP Volume on CO Line Connected to an Auto
Attendant or Voice Mail

To adjust the DSP volume on a CO line that is targeted to an Auto Attendant or Voice Mail, a
different command syntax is used. The volume adjustments have a wider range of values than a CO
or Extension port as previously described.

Note The dsp enable command enables volume adjustments and must be issued before any
aavolin or aavolout commands are recognized by the system.

Use the following commands to adjust the DSP volume on a CO Port configured to an Auto
Attendant or Voice Mail:

DSP Volume IN

set aavolin={n} where n = -12 to 12 (The default setting is 0). For example:
set aavolin=3. This value is in addition to any change made in the dsp vol co={n} in
command.
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DSP Volume OUT

set aavolout={n} where n = -12 to 12 (The default setting is 0). For example:

set aavolout=3. This value is in addition to any change made in the dsp vol co={n} out
command.
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SETTING THE SYSTEM DATE AND TIME

The date and time of the VSI phone system can be set from any phone. To set the date and time,
complete the following steps:

1.

2.

Lift the handset, and then dial 7800.
Press 1 to hear the current date and time.
Press 2 to change the date and time.

Use the Keypad to enter the month, day, year, hour and minutes. Use military time. For
example enter 7:45 PM on October 18, 2003 as 1018031945.

Hang up.

Verify the date and time on a Display Phone Model 200 (DP200).
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TELECOR VOICE SERVER FLOW CHARTS

This part of the “Reference” section provides a series of flow charts, outlining the procedures
followed by the Telecor Voice Server for handling inbound and outbound calls, and transfers. Also
charted is how calls to Auto Attendants and ACDs are processed. These charts are to be used in
conjunction with the detailed descriptions found in the “VS1I Editor” section of this guide.
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Outbound CO Call

Caller goes off-hook
and dials &

!

System buffers digits as

caller deals.

I caller done diaking,
or Dialtime/Dialtime2
timer expired?

Have at least
D

bee dialed?

Forced Account Codes
Enabled on caller's port?

Doas the enterad
Account Code

malch entry in the

Account Code st

A

Doos &aked numbar
match aliew/deny
antry in

Return error tone
to caller.

Toll Restrickion
scheme?,

Return error tone
o caller.

I

Allow {or na match)

I5 Least Cost Routing
enabled for
this extension?

Dioes numbar
dialed match antry
in Least Cost
Routing table?

U linepool and acoess
code specificied in Loast
Cast Routing antry.

Use linepool and aceess
code specified in extension
configuration,

System searches for
first available CO in linepool.

!

15 an idle
CO available in
linepact?

no

Raoturn busy

signal

o caller,

Systom dials acoess
code and number on
selected CO.
Connects to caller,

f

VSI1 Installation, Configuration & Operating Guide

211



Call Transfer
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Auto Attendant—Single Procedure
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Auto Attendant—Multiple Procedure
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Automatic Call Distributor
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Call can be

answ ered by an
agent at any time

Does caller
dial 0 to
escape ACD?

Y

Secondary Loop
(Loop or Music
Source on PEU)

Does caller
dial 0 to
escape ACD?

Transfers
to Auto Attendant

Transfers
to Auto Attendant
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LINE STATUS SYMBOLS

The following is a description of the symbols displayed when the 1s command is entered at the
Telecor Voice Server (TVS) Command prompt. The 1s command provides a display of the Line
Status of each port on the VS1 telephone system.

1
z
3
4 C-Tdle
E: 0 Beceptionist -

6: 100 Morm Stenger
7% 101 Walter 0'Biley
2: £33 Board IFoonw

9: 103 M Hensington -
1l0: 104 Cliff Fitzgerald = {1}

11% 105 James Washington T
1lz: 106 George Banks s_{1}_
13: 107 Johanna Hartman s_{1}___
l4: 105 Matt Sanderson s_{1}__
15: 109 Jernny Farley =_[&]_
16: 110 Autie Fleishman =_ {1y
34: -—- T1 1 D-Idle
Sg: 1oz Tl 1 C-Idle
93; -—- Tl z C-Idle
100: --- T1 3 C-Idle
116: --- T1 1& C-Idle
1z8: —--- T1 24 C-Idle
Line Status window Zzd: --- Toice Mgr 1
Port: column: Displays the port number on the Port Expansion Unit(s).
% - port is on Do Not Disturb
X - port is disabled
Ext column: Displays the Extension number assigned for current configuration period
-—- - port is CO, T1 or Voice Mgr
Desc column: Displays the description entered for the port.
Stat column: Displays the status of the port, based on the type of port assigned. Where the

port type format includes an x and y, for example xy[z], the x refers to the speaker statuses and the y
refers to the ACD statuses.

Standard Phone-Type 1 (Format xy[z])
No status symbols

Telecor Display Phone-Type 7 (Format xy {#})

s - speaker off

S - speaker on (speakerphone or paging)
_ - not using ACD

a - ACD logged on and in wrap-up

A - ACD logged on

# - number indicates active line

Modem/Fax-Type 6
No status symbols
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Telecor Attendant-Type 8
+ -off-hook
- -on-hook
If no status, Activation Key not entered or invalid

Telecor Connect-Type 9

+ -off-hook
-- on-hook
dialing line cord is unplugged

CO Port-Type 2

C -normal

D -DISA enabled

-Idle -CO line is not being used

-Wait-CID z -PBX is waiting for Telco to send CID information
--> Description z -CO line is connected to Description port

-Ring: Group n z -PBX is ringing the nth target port(s)

W->Description z  -CO target port has answered; call ringing another extension
d-> Extension (0) -PBX is dialing on this CO

-Alerted -PBX is searching for CO to make outbound call

H-> Descriptionz  -Call is on hold

Press the spacebar to open the Polling window in the Line Status window. The first column
represents a device polled and responding correctly; the second column represents a device polled
with no response; the third column represents a device polled with an invalid response. To restart
the counters, type r.

1

2 -—- CO0 Line Z o u) u)

3: -—- CO0 Line 3 o u) u)

4: —-—- CO Line 4 o u) u)

E: 0 Receptionist -—

&z 100 Morm Stenger a a a

7% 101 Walter 0'Biley o u) u)

8: 55959 Board Foom ul u} u}

9: 103 M Hensington o u) u)
10: 104 Cliff Fitzgerald To04884 1 a]
11% 10&F James Washington a a a
lz: 1l0& George Banks 70048336 u) u)
13: 107 Johanna Hartman 7004293 u} u}
1l4: 108 Matt Sanderson 7004894 u} u}
15: 10% Jenny Farley a ZZE98E a
16: 110 Autie Fleishman 7004883 1 a]
34: -—- T1 1 o u) u)
Q8: 10z T1 1 o u) u)
99: -—- T1 Z o u) u)
100: --- Tl Z o) a] a]
116: --- Tl 1t o) a] a]
1z8: —--- T1 24 o u) u)

Polling window z24: --- Voice Mgr 1 -
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TELECOR VOICE SERVER SYSTEM COMMANDS

The following commands can be issued from the command line of the Telecor Voice Server, or
from the Terminal window of the Tel-Site system management application. Each command can be
used to monitor a specific aspect of the system, and can be issued while the system is running,
having no impact on the system functionality.

argument Indicates an argument for which you must supply a value.

{x} An argument or a constant within braces { } is required.

[x] An argument or a constant within square brackets [ ] is optional.

x|ylz Constants or arguments separated by a vertical bars requires a choice.
Command Syntax Result
EXIT ettt Shuts down the TVS software and reboots the TVS (from local console only)
call ext {extension} {SYSEIle} . Dials extension and plays voice file
call pager {sysfile} {PAGEZONE} ...t Plays voice file over specified paging zone
call remote {number} {sysfile} [dAEtML] ciiiiiiinniinnns Access CO line, dials number, plays file, sends DTMF
Clear {POXt} i Clears all activity on a port and turns off Message Waiting Lamp
CLOBA  { £ L L@ ettt ettt ettt et b e ettt e h e e bt e a et e e bt e bt e a b et e eh b e bt h b et e eh e e bt e bt e beebee bt eatenteene Loads new configuration
CONT  LTOCK L ittt ettt ettt s bttt e sat e et esabe e b e sabeenbeesabeenaneenne Enables conference room to be locked
CONE  LTOCK 0 ittt ettt ettt et b et e bt e a e e s bt e st et e eb e e bt eu e e beebt e bt eae e besbeenbeeneentenns Disables conference room locking
conf timeout [N] e Determines how long (minutes) conference including a CO is allowed to run
CONTE TIMEOUL Dttt ettt ettt et et e e s bt et s bt et e s bt e st e s bt et e sbeesbesbeeneenbeeneens Disables conference timer
COPY {SOULCE} {AESEINATIONY wiiiieeiieciie et e ete et ste et e st eettesste e teeesseesseessseesseeanseessseansaeasseanseesssaenseeanseenssesnseensneanes Copies file
date [mmAdyyRAMM] ...cccoeeeeeeeieenieeienieeeeseeeieenens Sets month, day, year, hour and minutes (Military time) i.e. 0521981550
AL {FIL1ONAME} cueiitieiiiieieteet ettt ettt ettt ettt et b e a et be bbb bbbt et e bbbt e te et b eanenteene Deletes specified file
[ I o O Y o 1= 1= ) SRS SURR Displays list of files in specified path
disable {POFETALlL1} it Prevents users from initiating call on specified CO port
[ 1S3 ST Y o TN < 1 I USSP Enables adjustments to be made to DSP settings
dsp vol {colext|port} ={n} {IN]TOUL} et Sets DSP volume for specified port
AUMD  CAL Lottt bt st ea e ea Displays PBX call buffer
AUIMD DA ittt ettt b e et saa e s bt e s ae e e bt s b e b e s e et saa e s et aa e e Displays PBX page buffer
Yot SRR ) oTe Kok ol =1 N R OO UUPUUPUUPPPRRRRRIRt Cancels the disable command
ELL ittt st Displays status of DSP, Temperature and Line Card
I ettt ettt h bkt h bt ea e bt e bt e bt ekt et e eh e e bt e a e et e eh e e bt eabenbeent e beeate e Displays list of forwarded ports
GEP LA L tieiiieiie ettt e et e et e st e et e et e e bee e beette ettt etaeeteetteanbeeatbe e tte ettt enbeeerteeteeenbeesaeeateeesseesaeenaeetaeenbeeaseeesaenaseans Starts Group ID
Lo iy o T Ko H 0 OO OO OO OO OO OO OO OSSO SOUUPOPROURIPRRRORIOY Stops Group ID
DL DDttt ettt h et h et b et h et b e a b bt et bt e a b bt et e sh e et e h e et e e bt e bt eh e et e ehte bt eabenteene Displays listing of PBX commands
LS ettt et h et h e bttt e b et bttt s b et bt et s be e e nnes Displays the line status of all extensions and CO ports

....................................................................................................................................................... Displays status of all ACDs
........................................................................................................................................................ Displays status of CO ports

.... Displays status of Extension ports

........... Causes modem to answer

..................................................................................................................................................... Resets the modem
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modem sSend { COMMANAY ..iivieiiiieiieeieeeie et eeteerteeete et e st e estaesbeessaesseessseeseessnas Sends AT commands to be sent to the modem

PAUSE  {N1} teiieiieeie ettt ettt ettt e ettt e te et e et nna e taennaeeneennaas Pauses a command script for amount of time (seconds)
relay {112} {tIMe} wiieeeeeee Turn on designated relay for specified time (hundredths of seconds)
ren {filename} {NEWILILENAME} ccccoiiiiiiiiiiiiiii ettt ettt ettt sttt e st s bt e s be e esbeesas e e beesaneebeesaneeseesanees Renames file
TOD Lottt bbbt et h e ettt heesa b s Causes incoming calls to ring over pager outputs
a3 < T O PSSRSOt Turns off ring over pager command
] RS TSR Shows current system settings
set aavolin={N} . Adjusts inbound volume for COs connected to AA or VM to specified level
set aavolout={n} ......cuueieeirn... Adjusts outbound volume for COs connected to AA or VM to specified level
set animode={0 | L} ..ttt e e e e e e e e e e e e Reserved. Do not change.
Sset autopagerePEat={IN} . Sets time interval (seconds) before AutoPage repeats
set autopagetime={I} ..o Sets time (seconds) of the initial AutoPage
set coholdtime={n} .nenieeneene Sets system default time (seconds) for parked and held calls before ringback
set dialmindigitS={N} e Determines minimum number of digits that must be dialed
set dialtimel={n} .. Sets the time (seconds) after each dialed digit before assuming dialstring complete
set dialtime2={n} ., Sets the time (seconds) the system will wait before assuming dialstring complete
set dialtimerdigits={n}... Determines how many digits must be dialed before DialTime2 begins
SEt ANAEIMEZ{ N} teiiiiiieiieeii ettt nee s Determines time (hours) for DND on standard phones
SEL ANAEIMETO ceiiiiiiiieiteee ettt sttt st bt Turns DND timer off for standard phones
SEL 1OOP{N}T{LILE} ittt Specifies voice file associated with a loop tape
SEL TINGOZ {1} tooiecieiieeie ettt en Determines length (hundredths of seconds) of ring to be valid

set ringl={n} . Determines length (hundredths of seconds) of time before waiting for next ring
set ring2={n} . Determines length (hundredths of seconds) of time before recognizing next valid ring
set smdrmode27={0 1} . vttt ittt Changes number of year digits in SMDR Date fields.
ShOW aCA {QCA NUMDEI} ciieiiiiieeeit ettt ettt ettt et e e te e st e st e et e snbeensaeenseenneeenne Displays status for specified ACD
SNOW E©VENTS ittt s Displays remaining scheduled events for week
SHOW POTES {£IL@} ittt Displays port configuration information
SRUTAOWN {127} cuiiiiiiiii ettt ettt et e e sbae e e Resets system in specified time (minutes)
= 9B U e L) 5o M I Turns the system off
S T ettt ettt b e h et h e bt ea et e h e e bt ea ekt eh e e bt e a e ek e eh e e bt ekt et e eh e e bt ea b e beea e e bt eatenteente bt eabe e Displays Process Status
S 0D ettt ettt ettt ettt h et h e a bt a b bt a e bt a e bt eR e e bt e a b e bt e At e bt e a b ekt eat e bt ea b e bt en b e eh e e bt eh e e te bt e b e ehe e teebeebeeaee Stops operating system
S TS LT T O ettt bbbt h bt a b e bt bt bt e a b e e bt e a b e bt e a b e be et e bt et e nbeentens Displays system information
Lo I LT OO OO OO OO OO PPO OO P UOUPRUROPRORROPROOt Displays system time
£1 comm {01} ooioieeieree e Displays version and communication stats about T1 card 1 (0) or 2 (1)
L1 SEtUP {01 L) v it ettt ettt e ettt e e e e Displays T1 settings for T1 card 1 (0) or 2 (1)
o0t = = o Displays status of specified T1 card
VIl {eXtension} .. Displays voice mail information for specified extension. Press enter to view additional stats
vmaint scan [forward to] ... Checks integrity of voice mail; forwards orphaned to specified extension or deletes
vmaint purge {extension|*} {daysold} [forward to] ... Purges voice mail to specified extension
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RECORDING VOICE FILES

Voice Files recorded for Auto Attendants and Loops Tapes are stored as files using Pulse Code
Modulation (PCM) format. These files can be identified by the file extension .pem. The file name
begins with $va followed by a three-digit number such as, $va001.pcm or $val23.pcm. The
three-digit number after $va is the number you set up for that voice file. Voice files can be recorded
in one of two ways:

. Using the Voice Message Recorder

. Using the base system Port Expansion Unit Model 205 (PEU 205) or Dry Contact Unit
(DCU) and the TVS Command Prompt.

For the best possible sound quality, Telecor recommends that you use an audio source connected to
a PEU 205 or DCU.

Recording Using the Voice Message Recorder

To record using the Voice Message Recorder, complete the following steps:

1. Dial 7239 from any station option on the VSI phone system. The following message is heard:
“You have activated the Telecor System Voice Recorder. Please enter your passcode.”

2. Dial 86423 (V-O-I-C-E). The following message is heard: “Thank you. To record, press 1. To
play, press 2. To exit, press *.”

3. Press 1 to record. The following message is heard: “Enter the number of the file you wish to
record.”

4. Enter a file number between one and three digits. For example, enter 100 for the file number.

Note: Files can be numbered 0-10 and 14-899. Telecor reserves prerecorded voice file numbers
11-13 and 900-999. See page 222 for a list of those messages. If a file number is already
in use, the new voice file replaces the existing voice file.

5. Wait for the beep, and then speak into your handset or headset. Press # to end the recording.
Record the message. Hang up or press * to end your recording session.

For example, if you choose to record and enter 100, the voice file $val00.pcm is created and
stored on the TVS in the c: \ops\va directory. To listen to any message you record, press 2
after Step 3, and then enter the number of the file you want to hear. If you enter a file number
not recorded, you hear a two-beep error tone.

Recording Using the PEU-205 or DCU

An audio source, such as a tape recorder, connects to one of the two music inputs on the PEU-205 or
DCU. The VS1 System accepts 600 ohm, low-impedance signals. A cable is required to connect the
audio source to the terminals on the PEU-205 (or DCU). The PEU-205 and DCU accept spade
connectors, number 6 stud, or bare wire. Use 24-gauge wire or larger. See the Hardware section for
connecting an audio source.
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1. Connect one end of the cables to the output jacks on the audio source. Next, connect the ground
wire to the negative input terminal on the PEU-205 (or DCU) and the positive wire to the
positive input terminal on the PEU-205 (or DCU).

2. Access the TVS Command Prompt via the Terminal window in Tel-Site.
3. At the TVS Command prompt, you must use the rec command and specify the Music 1 or

Music 2 inputs. Assuming the voice file will be 500 and the audio source is connected to the
first input, type the command in the following format: rec 1 va\$va500.pcm

Note: Files can be numbered 0-10 and 14-899. Telecor reserves prerecorded voice file numbers
11-13 and 900-999. See page 222 for a list of those messages. If a file number is already
in use, the new voice file replaces the existing voice file.

e A display message states: “Acquiring DMA Channel... hit ESC to terminate. Press any key
to record, ESC to cancel.”

4. Start the tape recorder (or other audio source) and then press any key on your keyboard.
e A display message states: “Press any key to stop recording.” A series of dots appears to
indicate that the system is recording.

5. When the message is finished, press ESC to stop the recording.

6. Press any key to return to the TVS Command prompt.

Playing a Voice File Using the Command Prompt
To play the voice file at an extension using the Command Prompt, complete the following steps:

1. Press the SPEAKERPHONE button or lift the handset on the telephone that will play the
message.

2. At the TVS Command Prompt type call ext {extension} {file}. For example,
call ext 36 44 calls extension 36 and plays voice file $va044.pcm.

3. Press ENTER.
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PRE-RECORDED MESSAGE LIST

The following list shows the voice file number and the message it plays. you can use these messages
when creating Auto Attendants.

011—*“There are too many calls for the number of agents. Please add another agent.”

012—*“Calls in queue have been waiting too long. Please add another agent.”

013—*Calls are in queue and zero agents are logged in. Please add agents.”

900—“You have activated the Telecor Voice Recorder.”

901—"“To record press 1. To play press 2.”

902—"“Enter the number of the file you wish to record.”

903—“Enter the number of the file you wish to play.”

904—*“Thank you for calling.”

905—“You have reached the Telecor VS1 Phone System Main Menu.”

906—"“If you know your party’s extension, you may enter it at any time.”

907—"To access a Voice Mail box, press 6.”

908—“For a directory, or to dial by name, press 555.”

909—“To reach the Operator, press 0.”

910—“If you are calling from a rotary phone, please stay on the line and I’ll transfer you to the
Operator.”

911—"Please hold while I transfer you to...”

912—*“The Operator.”

913—"“Please hold while I transfer you.”

914—"“T’'m sorry, the directory has not been configured on this system. Dialing by name is not
possible.”

915—"“I’m sorry, the Operator is not available.”

916—"Please enter the first three digits of the person’s last name.”

917—"Please enter the first three digits of the person’s first name.”

918—“For Q or Z press 1.”

919—*“For Q press 7, for Z press 9.”

920—“T’'m sorry, that extension is busy.”

921—"If you would like to leave this person a message, please stay on the line.”

922—*“Otherwise...”

923—“or...”

924—"“To return to the Main Menu, press star.”

925—*Please hang up and try your call again later.”

926—"“After leaving your message, you may press pound for further sending options, or simply

hang up.”

927—"To exit, press star.”

928—*“T’'m sorry, that is not a valid option.”

929—*“Invalid passcode.”

930—“Access denied.”

931—“New message.”

932—*“New messages.”

933—*“No new messages.”

934—“Message deleted.”

935—"“Please re-enter your passcode.”

936—"The person you have called is not able to speak with you at this time. Please leave your name
and number at the sound of the tone. Press the pound sign when finished for further options.”

937—"Please enter your new passcode.”

938—"“Invalid Entry.”

939—*“T’'m sorry, the line is busy.”

940—“T’'m sorry, the person you have called is not available.”

941—“Message sent.”

943—“Please enter your passcode.”
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944—*“Thank you for calling. If you know your party’s extension, you may enter it at any time. To
access a voice mail box, press 6 plus the extension. To dial by name press 1. To reach the
operator press 0. If you are calling from a rotary phone, please stay on the line and I’ll
transfer you to the Operator.”

945—“Thank you for calling. If you know your party’s extension, you may enter it at any time. To
access a voice mail box, press 6. To dial by name, press 1. To reach the Operator, press 0. If
you are calling from a rotary phone, please stay on the line and I'll transfer you to the
Operator.”

946—This plays a generic on-hold music file and an on-hold courtesy message. It is assigned to the
first Loop Tape.

Phrase List

Numbers Days/Months/Time

Zero (says “zero” Monday

One (says “one”) Tuesday

Two (says “two”) Wednesday

Three (says “three”) Thursday

Four Friday

Five Saturday

Six Sunday

Seven January

Eight February

Nine March

Ten April

Eleven May

Twelve June

Thirteen July

Fourteen August

Fifteen September

Twenty October

Thirty November

Forty December

Fifty AM

Sixty PM

Seventy

Eighty

Ninety

Hundred

Teen

Thousand

System

A Busy Extension Holding Minus Today
Account Call File Invalid Not Transfer
Again Completed Files Is Number Try
All Delete Forward Later Off Up
And Deleted Forwarded Leave On Voice
Answer Disturb Found Lines Please Wait
Are Do Group Mail Port Waiting
Available Enter Hang Message Retry Zone
Box Error Hold Messages Thank You
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WARNING

SCHEDULED DISK OPTIMIZATION

The following section describes the procedure for setting up a scheduled event to run the Caldera®
DR-DOS" disk optimization tools on the Telecor Voice Server (TVS) hard disk.

Warning! The Caldera DR-DOS chkdsk and diskopt commands replace Microsoft® ScanDisk

and Microsoft® Defragmenter used with VS1 Software 2.7.14a and earlier. Do not use
ScanDisk or Defragmenter with a TVS running DR-DOS. ScanDisk or Defragmenter
may corrupt Telecor Voice Servers running DR-DOS.

If needed, create a batch file named user.bat in the c: \ops directory. Add the following
lines to the end of the file in the order shown.

if exist c:\temp.dat chkdsk /f /b

if exist c:\temp.dat diskopt /o /ml
if exist c:\temp.dat del c:\temp.dat

Use the dskmaint.cmd in the c:\ops\c£fg directory. It should contain the following
commands:

copy c:\ops\cfg\system.dat c:\temp.dat
shutdown 0

Create a second command script named night.cmd in the c:\ops\cfg directory
containing the following command:

cload night.cfg

Create a scheduled event for the dskmaint. cmd at 1:00 a.m. Monday morning (or whenever
you want the optimization to run).

Create a scheduled event for night. cmd to run 1 minute after dskmaint. cmd (for example
1:01 a.m.).

e This is important because it enables the system to reload the night configuration, and then
return to normal operation.
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STATION MESSAGE DETAIL RECORDING (SMDR)

Station Message Detail Recording (SMDR) data provides a record of activities on the VSI1
telephone system. Four different SMDR data files are generated by the Telecor Voice Server (TVS):
Detail, Summary, ACD, and Day. The comma-delimited data from these reports can be imported
directly into a spreadsheet or database, or used with a call accounting program to evaluate call
performance.

e Detail SMDR data provides more detailed information for each call, breaking the call into
segments and recording every change in action on a phone. It can be quite extensive, but is a
good way to find out exactly what is happening with a phone. Only calls which access CO
Lines are recorded.

e Summary SMDR data provides details about calls, and has one record for each call and each
transferred call. This information is recorded when the call is ended or transferred. Only calls
which access CO Lines are recorded.

e ACD SMDR data provides detailed information about all ACD activities, including Queue
Warnings, Terminated Calls, Wrap-up and so on.

e Day SMDR data provides the names and numbers assigned to each port on the system.
Information is recorded every time a name, extension or port type is changed.
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Designating SMDR Output Files

For the TVS software to record the SMDR information, output files must exist to which the
information can be written. By default, output files exist for Summary SMDR (summary.dlm),
ACD SMDR (acd.dlm), and Day SMDR (day.dlm) data. To add an output file for Detail SMDR
data, or to rename the summary.dlm and acd.dlm output files, the TVS must be configured with
the VS1 Editor application.’ Complete the following steps:

1. Inthe VS1 Editor application, select System Configuration 1.

2. In the System Configuration 1 pane, the following text boxes are displayed:

SMDR Detail Output File
SMDR Summary Output File
ACD SMDR File

System
Configuration 1 pane

BHYS Editor - Acme Inc _ O] ]

File Edit “iew Help

1R

Aclivation Keys

sdapter Setup Extension Digts ~ [3 Default Disconnect 01 sec) |40

Toll Restrictiorss CO Rollovers |3 DTMF Duration [[01 sec)  [10

Line Pools .
MaxM Message Length [min)

Port Corfiguation Station Rollovers 1 ge Length [min] 4

Auto Attendants Mar M Messages  [120

Command S cripts SMDR Output Mode 0 ™ Disable 311 Priority Disconnect

Scheduled Events

Guest Mail Boses SMDF Detail Output File | detail.dim

work Graups SMDF Summary Dutput File  |summary dim

Least Cost Routing : 3

ACD ACD SMDR File  |acd.dim

€D Routing Outbound Paging Line Pool |Line Poal 3 = M entries for:

Conference Rooms

DID Routing Auto Attendant Line Pool  |Line Pool 3 = CID Routing {800

Forced Accounts Outbound Pg Acoess Code [<Diefaults DID Routing  |200

Function Keyps — .

Loop Tapss Default CO Access Code LCR Raouting 1200

Page Zones RS54 Password VM Page Table |20

Proaram Password

Speed Dial

Sustem Configuration 1

System Configuration 2

For Help, press F1

T

3. In the SMDR Detail Output File text box, type the name of the output file. Telecor
recommends detail.dlm. If required, rename the summary.dlm and acd.dlm files. Any valid
path and name can be entered. For example: c:\ops\detail.dlm. (If no path is included the
output files are stored in the c:\ops directory.) The name can be no longer than eight characters
and must end with the .dlm extension.

Note If the SMDR Output File text lines are left blank, no SMDR data is recorded.

Backing up SMDR Output Files

When the system is turned on, the output .dlm files begin to collect SMDR data. This can cause the
output files to become quite large. By default, a Command Script has been created for each day of
the week that backs up the SMDR data from the output files for that particular day. Data that are
backed up include Detail, Summary and ACD SMDR. The Day SMDR data is not backed up. After
backing up the SMDR data, the original .dlm files are deleted to begin a fresh recording. This keeps
the ongoing original .d1lm file down in size.

* The day.dlm output file is automatically created by the TVS and cannot be renamed. The day.dIm file is
stored in the c:\ops\cfg directory.
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Below is a list of the daily Command Scripts that have been created to backup SMDR data. A
Command Script that backs up SMDR data for a particular day is run by a Scheduled Event at 12:01
AM on the next day. For example, the SMDRMON Command Script is run at 12:01 AM Tuesday to
backup Monday’s SMDR data.

SMDRMON - Backs up SMDR data to summary.mon, detail.mon, and acd.mon files, and then
deletes the summary.dlm, detail.dlm and acd.dlm files.

SMDRTUE - Backs up SMDR data to summary.tue, detail.tue, and acd.tue files, and then deletes
the summary.dlm, detail.dlm and acd.dIm files.

SMDRWED - Backs up SMDR data summary.wed, detail.wed, and acd.wed files, and then
deletes the summary.dlm, detail.dlm and acd.dlm files.

SMDRTHU - Backs up SMDR data to summary.thu, detail.thu, and acd.thu files, and then
deletes the summary.dlm, detail.dlm and acd.dlm files.

SMDRFRI - Backs up SMDR data to summary.fri, detail.fri, and acd.fti files, and then deletes
the summary.dlm, detail.dlm and acd.dIm files.

SMDRSAT - Backs up SMDR data to summary.sat, detail.sat, and acd.sat files, and then deletes
the summary.dlm, detail.dlm and acd.dlm files.

SMDRSUN - Backs up SMDR data to summary.sun, detail.sun, and acd.sun files, and then
deletes the summary.dlm, detail.dlm and acd.dlm files.

Backup files are stored in the ¢:\ops directory.

Command Script Sample to Copy SMDR Files on Tuesday

Below are the commands that are included in the SMDRMON Command Script. Note that
summary and acd data are kept for a maximum of four weeks.

copy summary.mo3 summary.mo4
copy acd.mo3 acd.mo4

cOpy summary.mo2 summary.mo3
copy acd.mo2 acd.mo3

COpYy summary.mon summary.mo2
copy acd.mon acd.mo2

copy summary.dlm summary.mon
copy acd.dlm acd.mon

copy detail.dlm detail.mon
del detail.dlm

del summary.dlm
del acd.dlm
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Gaining Access to SMDR Backup Files

To use the information provided by the SMDR files, it is necessary to copy the backup files from the
TVS. After the files are copied, it can then be imported into another application and formatted for
use. Three different methods can be used to copy the backup files.

e Copying the files onto a disk
e Copying files through a network connection
e Copying files through the Tel-Site system management application.

Copying SMDR Backup Files to a Disk at the TVS
1. Insert a disk into Drive A of the TVS.

2. At the TVS Command prompt, use the following command to copy a backup file:

copy {source} {destination} - with [source] representing the backup file and [destination]
representing the path and copied file. Destination names must be no longer than eight
characters. It is recommended that destination names use the .csv extension as most spreadsheet
programs will automatically recognize it as a comma-delimited file.

For example:

copy summary.mon a:\summary.csv
copy summary.mo2 a:\summ02.csv
copy acd.mon a:\acd.csv

copy acd.mo2 a:\acdmo2.csv

copy detail.mon a:\detail.csv

Note: If the [source] file is not in the default c:\ops directory, the path then must be specified.

Note: Because the day.dim is not backed up, and is stored in a different directory, the following
command is used: copy c:\ops\cfg\day.dlm a:\day.csv

3. Press ENTER on the keyboard to copy the files onto disk.

Note If you receive a File Not Found message when you press ENTER, type dir at the TVS
Command prompt for a listing of backup files on the TVS.

Copying SMDR Files through a Network

To copy SMDR files through a network, the TVS must have a network card installed and be
attached to a network. In addition. for this option to work, the System Configuration 2 pane must
be properly configured in the VS1 Editor application. See “Configuring the 10Base-T Network
Interface Card” in the Hardware section.

1. Atthe TVS Command prompt, use the following command to copy a backup file:

copy {source} {destination} - with [source] representing the backup file and [destination]
representing the path and copied file. Destination names must be no longer than eight
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characters. It is recommended that destination names use the .csv extension as most spreadsheet
programs will automatically recognize it as a comma-delimited file.

For example:

copy summary.mon net:summary.csv
copy summary.mo2 net:summ02.csv
copy acd.mon net:acd.csv

copy acd.mo2 net:acdmo2.csv

copy detail.mon net:detail.csv

Note: If the [source] file is not in the default c:\ops directory, the path then must be specified.

Note: Because the day.dim is not backed up, and is stored in a different directory, the following
command is used: copy c:\ops\cfg\day.dlm net:day.csv

Copying SMDR Files through Tel-Site

1. Click the Explorer window button on the toolbar of the Connection window.
2. Inthe All Folders window, double-click the Ops folder.
3. Select the backup file to copy, and then select the Download option from the Explorer menu.

The file is copied to the Ops folder of the Customer Site folder on the local drive. You can copy
the file using the Windows® Explorer, or open it directly within an application. The name of
the copied file can be changed, as long as the name does not exceed eight characters. It is also
recommended that the file use the .csv extension as most spreadsheet programs will
automatically recognize it as a comma-delimited file.
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Interpreting Summary SMDR Data

By default, the Summary SMDR data is recorded in 15 comma-delimited fields. If Software
Protection is enabled, a 16™ row is recorded. Each row represents one call and each field records a
specific aspect of a call.

Field Description Type Maximum Width
1 Call Sequence Number Numeric 10
2 Call Type (0=out, 1=in, 2=disa) Numeric 1
3 Call Reason Numeric 2
4  CO Port Used Numeric 4
5 Extension Port Used Numeric 4
6 Date of Call Date 10
7 Time of Call 24-Hour Format 8
8 Total time of Call (decimal minutes) Numeric 10
9 Time On Hold (decimal minutes) Numeric 10
10 Touch Tones Dialed Character 40
11  Message Sent to Phone Character 40
12 Account Code Character 16
13 Caller ID Number Character 40
14 Caller ID Name Character 33
15 Called Number Character 17
16  Software Protection (if enabled) Numeric 10
Time Message Caller |Caller Called
Call Call Call co Ext. Time Total on Touchtones |sent to Account |ID ID Number Software
Sequence Type Reason Port |Port Date of Call Time Hold Dialed Phone Code Number | Name Protection
166688 1 3 3 7 5/21/2003 14:10:44 [0.563 .228 5640801 | Susan Richmond
ggg’;;?p%rfe,\:’j?[ﬁo 166688 1 1 3 12 5/21/2003 14:11:16  |0.256 0 5640801 | Susan Richmond
a Spreadsheet 166701 0 1 3 14 5/21/2003 14:16:06 |0.049 0 18002E+10 18002E+10
166705 0 1 3 14 5/21/2003 14:16:22 |0.25 0 5556676 5556676

Note Field headers are not included in SMDR data, and must be added manually, as shown in
the table above.

For Summary SMDR, the Call Sequence Number (Field 1) is a number assigned to each call and
each transferred call. This information is recorded when the call is ended or transferred. The Call
Sequence Number can be repeated in multiple rows, representing the initial call and each
subsequent transfer.

The Software Protection field relates to the SMDR Output Mode 0/1 setting of the System
Configuration 1 pane of the VS1 Editor. By default, the setting is 0. If set to 1, Software
Protection data is recorded. This will record the last five digits of the Host Adapter Card for the
system, which can be used for call accounting software.
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Codes for Call Reason (Field 3) of Summary SMDR

00 = CO Line dropped current 10 = Current drop while waiting for extension
01 = Disconnect received 11 = CO cleared by system console

02 = Call placed on hold 12 = CO cleared while ringing

03 = Transfer 13 = DISA account code entered

04 = CO Connect (answer) 14 = DISA dial string

05 = Reconnect from hold 15 = Invalid DISA account - disconnect

06 = CO Acquired and connected 16 = Invalid DISA function

07 = CO Line initial ring 17 = Abort/Stop current call - DISA

08 = Ring no answer 18 = Flash

09 = CO error (line reset)

Additional Port Numbers Used in Extension Port (Field 5)

1000 = Voice Mail for Extension, i.e. 1110 for extension 110
3000 = Auto Attendant
900 = ACD
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Interpreting Detail SMDR Data

The Detail SMDR data is recorded in 15 comma-delimited fields. If Software Protection is enabled,
a 16" row is recorded. Each field records a specific aspect of a call, and is limited to type of data
and width of data recorded.

Field Description Type Maximum Width
1 Call Sequence Number Numeric 10
2 Call Type (O=out, 1=in, 2=disa) Numeric 1
3 Call Reason Numeric 2
4 CO Port Used Numeric 4
5 Extension Port Used Numeric 4
6 Date of Call Date 10
7 Time of Call 24-Hour Format 8
8 Length of Call (days) Numeric 5
9 Length of Call (decimal minutes) Numeric 10
10 Touch Tones Dialed Character 40
11 Message Sent to Phone Character 40
12 Caller ID Number Character 40
13 Caller ID Name Character 33
14 Account Code Character 16
15 Called Number Character 17
16 Software Protection (if enabled) Numeric 10
Call Call Call cO Ext. Length- Length- Touchtones gﬂ:ns's‘aoge ICIZ)aller ﬁ;"er A t [Called
Sequence [Type Reason |Port |[Port |Date Time Days Minutes  |Dialed Phone Number [Name Code
166688 0 1 3 0 5/21/2003 14:13:26 0 0 8887936 NC
166688 0 0 3 0 5/21/2003 14:13:48 0 363 8887936 NC
166692 0 1 3 0 5/21/2003 14:13:59 0 0 5551234 NC
166692 0 0 3 0 5/21/2003 14:14:14 0 256 5551234234 NC
Detail SMDR data
imported into a 166701 0 1 3 0 5/21/2003 14:16:06 0 0 18002E+10 NC
spreadsheet 166701 0 1 3 0 5/21/2003  [14:16:08 [0 49 18002E+10  |NC

Note Field headers are not included in SMDR data, and must be added manually, as shown in
the table above.

For Detail SMDR, the Call Sequence Number (Field 1) is a number assigned to each call. The Call
Sequence Number can be repeated in multiple rows, representing different aspects of a single call.
When tracking a call in a report, note all occurrences of the Call Sequence Number.

The Software Protection field relates to the SMDR Output Mode 0/1 setting of the System
Configuration 1 pane of the VS1 Editor. By default, the setting is 0. If set to 1, Software Protection
data is recorded. This will record the last five digits of the Host Adapter Card for the system, which
can be used for call accounting software.
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Codes for Call Reason (Field 3) of Detail SMDR

00 = CO Line dropped current 10 = Current drop while waiting for extension
01 = Disconnect received 11 = CO cleared by system console

02 = Call placed on hold 12 = CO cleared while ringing

03 = Transfer 13 = DISA account code entered

04 = CO Connect (answer) 14 = DISA dial string

05 = Reconnect from hold 15 = Invalid DISA account - disconnect

06 = CO Acquired and connected 16 = Invalid DISA function

07 = CO Line initial ring 17 = Abort/Stop current call - DISA

08 = Ring no answer 18 = Flash

09 = CO error (line reset)

Additional Port Numbers Used in Extension Port (Field 5)

1000 = Voice Mail for Extension, i.e. 1110 for extension 110
3000 = Auto Attendant
900 = ACD
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Interpreting ACD SMDR Data

The ACD SMDR data is recorded in 13 comma-delimited fields. If Software Protection is enabled, a
14™ row is recorded. Each field records a specific aspect of a call, and is limited to type of data and

width of data recorded.
Field Description Type Maximum Width
1 ACD number Numeric 6
2 Date of Call Date 10
3 Time of Call 24-Hour Format 8
4 Agent Port Number Numeric 6
5 Agent Account Code Numeric 6
6 Agent Priority Numeric 6
7 Caller Port Number Numeric 6
8 Call Sequence Number Numeric 10
9 Caller ID Number Character 15
10 Action Code Numeric 2
11 Related Call Sequence Numeric 10
12 Called Number Character 18
13 Message Sent Character 40
14 Software Protection (if enabled) Numeric 10
Note  Telecor Voice Server Software records 10 characters (mm/dd/yyyy) in Date of Call (Field
2) in the ACD SMDR data. If your call accounting software requires only eight (8)
characters (mm/dd/yy) you can edit the pbx line of the startpbx.bat file to read pbx
-27.
ACD # Date of Call Time of Age Agent Agent Caller Call Caller Action Related Called Message Sent Software
Call nt Account Priority Port Sequence ID# Code Call Sequence # Protection
Port Code
1 05/21/2003 14:14:58 0 0 0 3000 166695 8 0 421 Call from AA1
1 05/21/2003 14:14:58 0 0 0 3000 166695 26 0 421 Call from AA1
1 05/21/2003 14:14:58 0 0 0 1 166693 107 24 1666695 401 Call from AA1
1 05/21/2003 14:15:13 1 3 0 2 14 25 0
1 05/21/2003 14:15:20 12 1001 1 6 166693 107 22 0 401 Call from AA1
1 05/21/2003 14:15:22 12 1001 1 13 166693 107 23 0 401 Call from AA1
1 05/21/2003 14:15:22 12 1001 1 13 166693 107 " 0 401 Call from AA1
1 05/21/2003 14:16:48 12 1001 1 13 166693 107 4 0 401 Call from AA1
1 05/21/2003 14:16:56 0 0 0 13 166706 101 8 0 421 IN:Walter O'Rile
1 05/21/2003 14:16:59 1 3 0 7 2 3 25 0
1 05/21/2003 14:17:14 0 0 0 7 166706 101 7 0 421 IN:Walter O'Rile
ACD SMDR data 05/21/2003 14:17:14 300 0 0 7 166706 101 18 0 421 $AA1.BIN
imported into a ! 05/21/2003 14:17:15 0 3 0 7 2 0 25 0
SpreadSheet 1 05/21/2003 14:17:25 0 0 0 3000 166709 8 0 421 Call from AA1
! 05/21/2003 14:17:25 0 0 0 3000 166709 26 0 421 Call from AA1
Note Field headers are not included in SMDR data, and must be added manually, as shown in

the table above.

The Call Sequence Number (Field 8) is a number assigned to each call. In the ACD SMDR, the Call
Sequence Number can be repeated in multiple rows, representing different aspects of a single call.
When tracking a call in a report, note all occurrences of the Call Sequence Number.
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ACD Queue
Status SMDR
data imported
into a
spreadsheet

The Software Protection field relates to the SMDR Output Mode 0/1 setting of the System
Configuration 1 pane of the VS1 Editor. By default, the setting is 0. If set to 1, Software Protection
data is recorded. This will record the last five digits of the Host Adapter Card for the system, which
can be used for call accounting software.

01 = Logon to ACD
02 = Logoff, Manual

Action Codes for Field 10 of ACD SMDR Data

16 = Warning Threshold 3 (No Agents)
18 = Call Transferred (New Agent has call)

03 = Logoff, Automatic (no answered timeout) 19 = Wrap-up Start
04 = Call Terminated while connected to Agent 20 = Wrap-up End
07 = Caller Pressed 0, Transfer to AA

08 = New Call
11 = Call connected to Agent

21 = ACD Full (Over 30 calls in queue)
22 = Call Agent - 1st Ring
23 = Transfer Complete

13 = Hang up, called disconnected while in Queue 24 = New Call Transferred

14 = Warning Threshold 1 (Too many calls)

15 = Warning Threshold 2 (Over time)

25 = Queue Status (see table)
26 = Consultation Call Terminated

Interpreting ACD Queue Status SMDR Data

When the Action Code (Field 10) of the ACD SMDR is 25, the data in that row is a report of the
ACD Queue Status. ACD Queue Status is sent to the acd.d1m at regular intervals (in seconds), as
set on the Queue Status Time text line of the ACD Configuration pane of the VS1 Editor. The
ACD Queue Status SMDR data is recorded in 11 comma-delimited fields. If Software Protection is

enabled, a 12" row is recorded.

Field Description Type Maximum Width
1 ACD number Numeric 2
2 Queue Status Date Date 10
3 Queue Status Time 24-Hour Format 8
4 Number of Calls in Queue Numeric 4
5 Number of Stations Logged On Numeric 4
6 Number of Calls in Service Numeric 4
7 Total Calls Numeric 10
8 Total Hang ups Numeric 10
9 Age of Oldest Call Numeric 10
10 Action Code Numeric 2
11 Related Call Sequence Numeric 10
12 Software Protection (if enabled) Numeric 6
Queue Status Queue Number Number of Number of
Date Status Calls in Stations Calls in Total Total Age of Action Related Software
ACD # Time Queue Logged On Service Calls Hangups Oldest Call Code Call # Protection
1 05/21/2003 14:15:00 1 3 0 6 2 14 25 0
1 05/21/2003 14:15:20 1 3 0 7 2 3 25 0
1 05/21/2003 14:15:40 0 3 0 7 2 0 25 0
1 05/21/2003 14:16:00 0 3 0 8 2 0 25 0
1 05/21/2003 14:16:20 0 3 0 9 3 0 25 0
Note Field headers are not included in SMDR data, and must be added manually, as shown in

in the table above.
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Day SMDR data
imported into a

spreadsheet

Interpreting Day SMDR Data

The Day SMDR data is recorded in five comma-delimited fields into the day.dlm file. Each field
records the following information about a port: extension description, device type, extension
number and call pick-up group. This information is used by a Call Accounting program to generate
SMDR reports (Detail, Summary and ACD) with sensical information rather than just the port
number.

Field Description Type Maximum Width
1 Port Number Numeric 4
2 Extension Description ~ Character 30
3 Device Type Numeric 2
4 Extension Number Numeric 4
5 Group Numeric 4
Port Extension Port Extension Call Pick-

Number Description Type Number upGroup

1 CO Line 1 2 -1

2 CO Line 2 2 -1

3 CO Line 3 2 -1

4 CO Line 4 2 -1

5 Receptionist 2 0

6 Norm Stenger 2 100

7 Walter O'Riley 1 101 1

8 Board Room 6 102 1

Codes for Port Type (Field 3) of Day SMDR Data

0=No Connection
1=Standard Phone
2=CO Line

3=3 Line Feature Phone
4=Reserved 1
5=Call

6=Modem, Fax
7=Display Phone
8=Attendant
9=Connect/CTIM
10=Connect/PCOM

Note Call (Code 5) and 3 Line Feature Phone (Code 3) are reserved for backwards
compatibility.
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VS CALL ACCOUNTING

The VS Call Accounting application offers an easy-to-use Window® interface for viewing SMDR
data from the VS1 System. By connecting a PC to the TVS via a serial cable, the user has the ability
to view imported files or conduct real-time monitoring of both ACD and Summary SMDR data.

Reports can be generated in a variety of tabular and graphical formats, including bar graphs, line
graphs and pie graphs. Tabular reports are easily customizable in terms of what fields are selected
for display. For billing purposes, a Call Costing add-on module enables fixed and incremental rates
(in seconds and minutes) to be set for each area code.

Requirements
e  Pentium 120 PC or faster, 32 megabyte (MB) of RAM, 1 gigabyte (GB) hard drive
e Microsoft” Windows® 2000 and Windows" XP operating systems
e Open COM port with dedicated IRQ if performing live monitoring
e 15-inch color monitor recommended; 640x480 mode
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The ACD Live monitoring screen displays real-time activity of a selected ACD, including number
of available agents (logged on), the number of agents currently on calls, the number of agents in
“wrap-up,” number of calls in queue, and the age of oldest call in queue.
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SMDR data can be viewed in a variety of tabular and graphical formats, including bar graphs, line
graphs and pie graphs.
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The Call Costing screen allows fixed and incremental rates (in seconds and minutes) to be set for
each area code, allowing individual billing to be charged to each extension.
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VERIFYING CO DISCONNECT SIGNALS

The VSI telephone system requires Loop Start CO lines with cutoff on disconnect (COD) or
disconnect supervision for proper operation. A Disconnect Signal is simply a 500 to 900 millisecond
(ms) drop in loop current provided by the telephone company to signal the end of the current call.
The VS1 phone system relies on these Disconnect Signals to properly terminate CO calls that are
connected to voice channels (i.e. Auto Attendants, Voice Mail, and ACDs).

If you suspect the local telephone company is not providing disconnect signaling, follow these steps
to verify the CO Disconnect Signal:

Note  This test should be performed while system activity is at a minimum.

1. In the System Configuration 1 window, type 999 in the Default Disconnect (.01 sec) text box.
This change is required to properly perform the disconnect test.

2. Verify that the Disconnect parameter is set to —1 in every analog (non-T1) CO Port
Configuration edit window.

3. Restart the phone system.

4. At the Telecor Voice Server (TVS) Command prompt type set debug=7 and press ENTER.
Next, type set errorlog=error.log and press ENTER.

Note If you are performing this test on a Telecor Voice Server Model 200 (PV-CSU-200),
connect to the system through the Tel-Site system management application and issue the
commands from the Terminal window.

5. Have an assistant place an inbound call on one of the CO lines. Answer the call from a station
set. When you are connected to the outside caller, instruct them to hang up.

e Important: Do not hang up your station set for 15 seconds.

6. At the TVS Command prompt type clear [port #] using the port number that the call
rang in on, and press ENTER. This releases the call if the phone system hasn’t disconnected
already.

7. Repeat steps 5 and 6 at least four times.

8. In the System Config 1 pane set the Default Disconnect back to 40, and then reset the system
to put this change into effect.

9. At the TVS Command prompt type copy error.log a:error.log to copy the file
error. log from the c: \ops directory to a disk in the a: drive. If you are connected to the
system through Tel-Site, use the Explorer window to download error.log to your local
system.

10. Open the error.log file in a text editor such as DOS Edit or Notepad. Search for lines of
text that contain the words “CO:Flash” (i.e. CO:Flash 820 mS[1]) and make note of the values
immediately after the word “Flash”.

e  These values are the length of the disconnect signals that the phone system recorded on the
CO port.
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To calculate the proper Disconnect Signal setting for the system, first discard any values that are
less than 450 mS. Select the smallest remaining value, subtract 20 mS from that value, and then
divide the difference by 10. Use this value as the new Disconnect Signal.

For example, if the following Disconnect Signal values were recorded:

CO :Flash 800 mS[1]
CO :Flash 820 mS[1]
CO :Flash 750 mS[1]
CO :Flash 325 mS[1]
CO :Flash 950 mS[1]

Discard values less than 450 mS. Subtract 20 mS from the smallest remaining value, which is 750
mS. Divide the resulting difference, 730 mS, by 10. The correct Disconnect Signal setting for this
system is 73.

Note If none of the recorded values are greater than 400 mS, disconnect supervision is not
being provided. Contact the local telephone company and request that COD service be
added to the lines.
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T1 INTERFACE CARD CONFIGURATION

After the T1 Interface Card has been installed in the TVS, it then must be configured using the T1
Edit program in the Tel-Site system management application. After this has been completed, the
VS1 Editor program must be used to enable the VSI phone system to recognize the T1 Interface
Card.

T1 Interface Card Parameter Setup Using Tel-Site

1.

2.

Use Tel-Site to gain access to the Telecor VS1 phone system.

Click the T1 Edit button in the Configuration window of Tel-Site to open the T1 Properties
dialog box. The T1 Properties dialog box contains four tabs: Signaling, Basic, Timing and
Advanced.

Use the Signaling tab to set the signaling type for each channel on the T1 Interface Card
based on the information provided by the Service Provider.

Select the Basic tab to set the framing for the T1 Interface Card. Framing is used by the T1
Interface Card to synchronize with the Service Provider. If the correct framing is not
selected, the T1 Interface Card cannot carry voice information. The framing required and
its associated configuration is determined by the Service Provider.

The Timings tab is used to set the timing parameters for the T1 Interface Card.

The settings on the Advanced tab rarely require adjustment and should only be changed at
the direction of Telecor Technical Support.

Select the Signaling tab on the T1 Properties dialog box. Use the T1 Card text box to select
the T1 Interface Card for which you want to set signaling types. All ports and their signaling
status for the T1 Interface Card selected are listed in the Channels group box. You can set each
port individually; click the Select All button to set all ports; or select ports you do not want to
set, and then click the Invert Selection button to select all other ports. To change the signaling
status for a port, click one of the following option buttons in the Channels group box:

Disabled—Select Disabled when this port of the T1 Interface Card is not used.

E&M—E&M is the preferred method of signaling for DID ports. E&M signaling must be
set when DID, DNIS or ANI service is provided by the Service Provider.

Loop Start FXS or Loop Start SAS—These signaling methods are not recommended
because a disconnect signal is not generated by the Service Provider. The use of FXS
versus SAS depends on the Service Provider. FXS stands for Foreign Exchange Station.
SAS stands for Special Access Station.

Ground Start FXS or Ground Start SAS—Use these signaling methods when DID or
DNIS service is not being used. The use of FXS versus SAS depends on the Service
Provider. FXS stands for Foreign Exchange Station. SAS stands for Special Access Station.

Mixed settings—Mixed settings Enables you to select mixed settings.

Note

Reserved ports are not displayed and their settings cannot be changed.
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T1 Properties - [Ports 98 - 128]

Signaling | Baszic I Timingsl Advancedl

I1Card  [Ports 98- 128 |
~ Channek
T 98 E&LM 13 114 E&M = fisabled
2 93 E&M 14115 E&M
2 100 Disabled 15 116 Disabled C E&M
4 102 E&M 16118 E&M
5 103 E&M 17 119 E&M ' Loop start Fx5
? 104 E&M 18120 " Loop start SAS

" Ground start FXS
 Ground start SA5

' Mixed settings

Select All Invert Selection |

ak I Cancel | Lpply |

Signaling tab

4. Select the Basic tab on the T1 Properties dialog box to set up the framing for the T1 Interface
Card. You have the following options:

e Framing mode—ESF is the preferred framing mode; however, many Service Providers
only support the D4 framing mode.

e Line coding—B8ZS is the preferred Line Coding when using ESF framing. AMI is the
preferred Line Coding when using D4 framing.

e Bit 7 stuffing—Some Service Providers may require you to enable Bit 7 stuffing when
B8ZS is not used.

e Line build out—This determines the strength of the transmitted signal from the T1
Interface Card to the Service Provider. There are three levels: 0.0 dB, —7.5 dB, and —15.0
dB. Set the Line build out to —15.0 dB, and increase to —7.5 dB or 0.0 dB if the Service
Provider does not detect a transmitted signal from the T1 Interface Card.

e Clock source (T1 or PBX)—It is important to set up the Clock source correctly. If only
one T1 Interface Card is installed, and the system is connected to a Service Provider, select
a Clock source of T1. If two T1 Interface Cards are installed, then select one card as the
master, and set it as the T1 Clock source. The other T1 Interface Card must have the Clock
source set to PBX. If more than one card has its Clock source set to T1, the phone system
will not work.

Note If both T1 Interface Cards have their Clock source set to PBX, the system will work but the
T1 connection will be degraded. The default Clock source setting is PBX.
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Basic tab

5.

T1 Properties - [Ports 98 - 128] HE

Sighaling Basic |Tim\ngs| Advancedl

i~ Eraming mode Line cading—— | Bit 7 stuffing
& ESF & Al " Enable
D4  pasz
—Clack zource [T1 ar PB]  Line build out
Select the T1 card ta use T1 clock source [Only one card  n0de
must uge T1 clock source.] ~ T5dm
& 150db

¥ Use PEX clock source for all T1 cards

Ok I Cancel | SEply |

Select the Timings tab on the T1 Properties dialog box to set the timing parameters for the T1
Interface Card. The Timings tab is divided into four group boxes:

E&M Timing (outbound calls)—The Delay dial timeout sets the timeout for the PBX to
detect the start of a wink signal; the Minimum and Maximum wink duration sets the
minimum and maximum length for a wink signal from the T1 Service Provider; Delay
from wink until dialing sets the delay after the T1 Service Provider wink signal until the
PBX starts dialing.

Loop/ground start timings—The Timeout for dial tone sets the timeout for the PBX that
is detecting dial tone from the T1 Service Provider; Delay after dial tone sets the delay
that occurs when the T1 Service Provider asserts a dial tone until the PBX starts dialing;
Timeout for ringing sets the timeout for the PBX detecting a loss of ring signal.

ANI delays—Delay from wink until ANI is used to set the delay that occurs after the
PBX wink signal until the T1 Service Provider sends ANI/DID tones; Maximum
interdigit delay for ANI sets the timeout for delay between ANI/DID tones from the T1
Service Provider.

Note

The settings for E&M Timing (outbound calls), Loop/ground start timings, and E&M
Timings (inbound calls) usually do not require any adjustments. Changes to the settings
are necessary only when trouble occurs with the default settings.

Wink settings—Select the appropriate option button based upon information provided by
the T1 Service Provider, or use the Custom option button to set the wink timings manually.
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T1 Properties - [Ports 98 - 128] HE

Signaling I Basic

—E &M timings [outbound calls] Loopdground start timings
Delay dial imeaut: IT Timeaut far dial tone: IW
tdimirunm wink. duration IT Delay after dial tone: ITU—
tdaximurn wink duration: IW Timeaout far ringing: IW
IU—

Delay from wink until dialing: 7

Al values in millseconds [.001 second]

—E & K timings [inbound callz)

ANl delays————————— wink setting

Drelay fram wink. untl A1 Sending wink delay: £ udink

I30 I1 0o " Wink immediate
I awirnum AN interdigit delay: Sending wink durstion: € |mmediate
IW IT " Custom

Timings tab k]| Cawdd | swp |

6. Select the Advanced tab to make changes to any advanced settings.

Warning! Advanced settings rarely require adjustment and should only be changed at the direction
WARNING of Telecor Technical Support.

T1 Properties - [Ports 98 - 128] HE

Slgnallngl Basic | Timings

ANSIT1403 —————
T1 slope: IU— ATT slope: |5— I™ Messages even second
T1 on time: |20 ATT on time: |1250 ™ /R received PRMs
v C/R t tted PRM
T1 off time: |20 ATT aff time: |2DD ~ Tzt g
All times expressed in miliseconds 001 second) % Dutbound dial tone required

Send code: INo code, narmal data path j

Laoopback config: IEnabIa and remove any loopbacks j

FOL idle code: IFF mark. 'l ATTE40NE address: Ao Z 'l

Change these settings only at the direction of Dash Custamer Support.

08 I Cancel | SEpl |

Advanced tab

7. Click OK to return to the Configuration window in Tel-Site and then click the Reload
Changes button.

e The Reload changes dialog box appears.

8. Select T1 reload in the Reload options group box, and then click OK.

Note It is not necessary to reset the system for changes made to T1 settings.
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Reload Changes

| 6/02/13%8 5 | 4:27PH 5

Reload Changes
dialog box
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T1 Interface Card Setup Using VS1 Editor

After using the T1 Edit program, the VS1 Editor configuration program must then be used to enable

the VS1 phone system to recognize the T1 Interface Card.

Adapter Setup

Note If you already have a Host Adapter Card installed and a PEU is configured for Ports 96—
128 or Ports 65-96, change the PEU port assignments before configuring a T1 Interface
Card. PEUs and T1 Interface Cards cannot share the same port assignments. For more
information on changing PEU port assignments, see “Adapter Setup” in the VS1 Editor

section.

Complete the following steps:

1. Using the VS1 Editor configuration program, select the Adapter Setup pane.

2. For Ports 1..32 select if one or two PEUs are used. Repeat this step for additional ports.

3. Ifone T1 Card is installed, select the T1 radio button in the Ports 97..128 row. If a second T1
Card is installed, select the T1 radio button in the Ports 65..96 row.

(] 4. Click the Save button in the toolbar.

B VS Editor - Acme Inc
Eile Edit iew Help

8 =] S

(HZEHF 8T &

ACD

A ctivation Keus

A dapter Setup
Auto Attendants
CID Routing
Command 5 cripts
Conference Rooms
DID Routing
Forced Accounts
Function Keys
Guest Mail Boxes
Least Cost Routing
Line Pools

Loop Tapes

Page Zones

Part Configuration
Proaram Password
Scheduled Events
Speed Dial

System Configuration 1
System Configuration 2
Toll Restrictions
otk Groups

Adapter setup pane For Help, press F1

Pats1.32 £ None
Paits 33.64 £ None
Pats 65,96 ¢ None
Paits 97128 £ None
Paits 129,160 £ None
Paits 161..192 £ None
Paits 193.224 £ None

 1PEU
 1PEU
 1PEU
 1PEU
 1PEU
 1PEU
 1PEU

& 2PEU's
& BPES
 2PEU's
 2PEU's
 2PEU's
 2PEU's
 2PEU's

&= Tl
&= Tl

T
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Configuring a T1 Port as a CO Line

To configure a T1 port as a CO line, complete the following steps.
1. Using the VS1 Editor configuration program, click the Port Configurations pane.

2. In the Port Configurations pane, select the configuration you want to change. (For example,
the DAY configuration).

3. Select the CO port you want to configure.

4. Beginning at Port 97 (for one T1 Interface Card) or Port 65 (for two T1 Interface Cards), every
fourth port is reserved, and the others are unassigned. The reserved ports are a function of the
T1 interface. You must configure each active channel on the T1 Interface Card as a CO line.

BHVS Editor - Acme Inc 8 =] S
Eile Edit iew Help

(HZEHF 8T &

ACD
&civation Keps Configuration | DAY = New Copy Del
dapter Setup
st Attendants Pail__[ Extension | Dessiiption [ Tupe | Al T
CID Routing 37 Reserved
Command Scripts gg 1 E 12 Eg I[me ~! Replicate
E ine
gfgf;'sst?:gﬁ”ms mo T3 £0 Line =
Forced Accounts Description T1 Line 1 Extersion |1 Humber |1111111171
Function Keps Music
Guest Mai Boxes Target Rings Target Poits
Least Cost Routing st l_m 73] & Music 1
Line Panls ol " Music 2
Loop Tapes 1 " Loop
Page Zones o oz [T
Foit Configuration 4th 0 R e
Proaram Password ro Disconnect | -1
Scheduled Events - H::“; -
Speed Dial X W DID Routing
5ystem Configuation 1 I Mo Est Flash
System Configuration 2
. Toll Restrictions
Tl port configured as ok Groups
CO line For Help, press F1 LM A

5. Select the unassigned port that you want to assign as a CO port, and then click Type. The Port
Type window appears.

6. Select CO Line, and then click OK to return to the Port Configuration pane.
7. Repeat steps 5 and 6 for each port you want to set up as a CO Line.
8. To set up other configurations, repeat steps 2 through 7.

B 9 After all ports are assigned as CO Lines, click the Save button in the toolbar to save your
changes.

Configuring a T1 Port for DID or DNIS

1.  With a configuration selected in the Port Configurations pane, select a T1 port that you have
assigned as a CO Line.

Note If you have not assigned a port type to the port you selected, a warning message appears
telling you to first assign a port type.

2. Enter the following information in the corresponding text boxes:

e Description: Enter a description for the T1 line.

o Extension: Enter an extension. (Enter —1 if no extension is assigned)
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e  Number: Enter the digit 1 ten times, which function as placeholders.

Note A CO port configured for T1 service cannot be set up for both DNIS and DID.

3. Set up a default first ring target. This is important because if a call cannot be routed using the
DID Routing table, it is routed based on the target rings and target port.

e  Under Rings, set the CO port to ring the first target for 10 rings.

e  Under Target Ports, set the CO port to ring the first Auto Attendant (AA1).

4. Check the DID Routing box.

5. To set up additional ports with DID or DNIS routing, repeat the above steps or use the
Replicate button and follow the on-screen instructions.

6. Set up additional configurations by following steps 1 through 5.

[ 7. Afterall CO ports are configured, click the Save button in the toolbar to save your changes.

Note  When using ANI (Automatic Number Identification) only on the T1 port, DID Routing must
remain unchecked.

B VS Editor - Acme Inc S =] B
File Edit “iew Help
(aEHg &g
ACD
&civation Keps Configuration | DAY = New Copy Del
dapter Setup
ko Attendants [ Port... | Estension [ Description [Tee | =1 e |
CID Routing 37 Reserved
Command Scripts gg 1 E 12 Eg I[me ~! Replicate
Corference Rooms - ne
DID Routing mwo T3 wotre |
Forced Accaunts Description |11 Line 1 Extensian |1 Humber |1111111111
Function Keys .
buizic
Guest Mai Boxes Target Rings Target Poits
Least Cost Routing st 0 73] & Music 1
Line Pools 2nd " Music 2
Loop Tapes 1 € Loop
Fage Zones o oz [T
Foit Configuration 4th 0 R
Proaram Password ro Disconnect | -1
Scheduled Events o H::“; -
Speed Dial . W DID Routing
5ystem Configuation 1 ™ Mo Est Flogh
System Configuration 2
. Toll Restrictions
Tl Port configured for — |wk grouss
DID or DNIS For Help, press F1 M A

Setting Up a DID or DNIS Routing Table

To assign a block of numbers for DID routing, complete the following steps.

1. Select DID Routing in the Tree Control display.
e The DID Routing pane appears.

2. Click Add.

3. Inthe DID Entry group box, enter the following information in the corresponding text boxes.
Description: Enter a description for the block of numbers. The description is a 16-character

message that is attached to the call. This message appears on all station equipment with a
display.
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Start Num: This box must contain 7 digits. Enter the DID start number of your block of
numbers preceded by the necessary amount of placeholders. Telecor recommends using 1 for
the placeholder since it is then obvious that they are not part of the routing number.

End Num: This box must contain 7 digits. Enter the DID end number of your block of numbers
preceded by the necessary amount of placeholders. Telecor recommends using 1 for the
placeholder since it is then obvious that they are not part of the routing number.

Example (for a 4-digit DID): Start Number 1114001 End Number 1114100

Start Time: Enter the start time that you want this block of numbers to recognized. Use
standard military time format.

End Time: Enter the end time that you want this block of numbers to recognized. Use standard
military time format.

Note: The End Time must not come before the Start Time.

Days: Select the days of the week that you want this block of numbers to be recognized.
Specify the Target Ext and Target Mode.

Target ext: Enter the target extension for the DID Routing Entry.

Fixed Target Mode: means that a// numbers in the block are targeted to the same extension.

For example, assigning 1114001-1114100 to Extension 103 means that 4001 goes to Extension
103; 4002 goes to Extension 103, and so on.

Note: DNIS numbers are usually assigned as individual numbers and not in related blocks. DNIS

numbers can only be routed in the Fixed Target Mode.

Relative Target Mode: means that each number in the block is targeted to a specific,
individual extension. For example, if the Start Num is 1114001 and the Target Extension is 101,
the number 4001 routes to extension 101, 4002 routes to extension 102, 4010 routes to
Extension 110, and so on.

e To assign one number to a specific extension, type the same number in the Start Number
and End Number text boxes. In the Target Ext text box enter the target extension, and
then select Fixed as the Target Mode.

E 5. Click the Save button in the toolbar.
e  The settings for the DID/DNIS Routing Table appear in the list box above.
&4 6. Validate the table by clicking the Validate this Pane button in the toolbar.
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B VS Editor - Acme Inc M=
Eile Edt “iew Help

10 EsEsisl=

ACD

Activation Keys StatNum... | EndN... | Gtart.. [ End..| Dap Ofwieek [ Ext.. | Descripton 444
“Adspter Setup 1114001 1114100 0000 2400 Eveyday 201 AcmeDIDA

Auto Attendants Del
CID Routing

Command Scripts
Conference Rooms
DID Routing 4] | LI
Farced Aocounts DI Enty

Function Keps Description IAcme DID Routing

Guest Mail Boxes Start number  [1174001 Erd rumber 1114100
Lnast Cost Routing
Line Pools Start ime 0000 Days Enabled

Loop Tapes Endtime [24:00 W Sunday W Thursday
Page Zones M Monday [ Friday
Port Configuration Tanget Bt [2m ¥ Tussday W Saturday
Frogram Passward £ Fived Mode W Wednesday

Scheduled Events

Speed Dial

System Configuration 1
Spstem Configuration 2
Toll Restrictions

wiork Groups

DID Routing pane For Help, press F1 T

T1 Interface Card Diagnostics
The t1 stat command can be issued from the TVS Command prompt in Terminal window of
Tel-Site or from the TVS Command prompt. This command provides a status screen displaying
diagnostic information for the specified T1 Interface Card. Refer to the screen below.

. Issue the £t1 stat 0 command to display information on the first T1 Interface Card.

. Issue the t1 stat 1 command to display information on the second T1 Interface Card.

Warning! Do not issue the t1 stat command on both the TVS and in the Terminal window of
Tel-Site at the same time or the VS1 phone system will stop working.

WARNING

-l

File Explorer Terminal Settings ‘Window Help

E.! lﬁ] == |.| |§ ﬁl ‘Cunnecled to customer site

Port 58 23 00 02 03 04 06 07 08 10 11 12 14 15 16 18 19 20 ZZ 23 24 26 27 ia
DTMF 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 .
MF 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10 10
cp 0f 0& OF 0OF 05 OE OF OE OF OF O OF OE OE OF OF OF 0Of 05 OF OF 0OF 05 (
R¥ig ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab :
X¥ig ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab ab :

AT AI® LOS LOF D B2EZ DEP 1 WD o
RECEIVE o o 1 1 1 Dl DEP Z WD o
TRANSMIT 1 o o Valid Interwvals o
LINE a a 1 1 Current Interval 1

Current 24 Hours Current Z4 Hours

ES o x) [ o o
EES o x) DHs o o
SES o o PCY o o
ZEFE 1 x) LES 1 o
UAS 1 x) Lew o o

4 |

&I_F_I

T1 Status screen
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T1 Status Screen

The T1 Status Screen is divided into four different tables. The first table (at the top of the status
screen) contains columns that correspond to each unassigned T1 channel. The top row of the table
lists the last two digits of each port number from lowest to highest. (Reserved ports do not appear in

this table.)

Port 38 9% 00 0FZ 03 04
LTME 00 00 00 00 00 o0

HNF
cp

o0 0o 00 00 0o o0
o0 0o 00 00 0o o0

(a1
oo
oo
oo

o7
oo
oo
oo

[N k]
an
alu]
alu]

10
an
alu]
alu]

11
oo
oo
oo

1z
oo
oo
oo

14
an
alu]
alu]

15
an
alu]
alu]

1&
oo
oo
oo

1z
oo
oo
oo

132
an
alu]
alu]

padi]
an
alu]
alu]

EE
oo
oo
oo

23
oo
oo
oo

zd
an
alu]
alu]

bl 1
an
alu]
alu]

E7
oo
oo
oo

z8
oo
oo
oo

RSig ab ak ah ab ab ab sk ak ab ab ab ab ab &b sh ab ab oab sk oak ak ab ah
¥¥ig ab ab sh ab ab ab ab ak ab ab ab ab ab ah sh ab ab ab ab ak ak ab ah
DTMF, MF, CP,
Rsig, Xsig status

The second row—DTMF (Dual Tone Multi-Frequency)—Ilists the last state of DTMF for each
channel. The DTMEF state is listed in a two-digit code. The following list contains DTMF codes and
their definitions.

DTMF Code Definition

00 DTMF tone D active
01 DTMF tone 1 active
02 DTMF tone 2 active
03 DTMF tone 3 active
04 DTMF tone 4 active
05 DTMF tone 5 active
06 DTMF tone 6 active
07 DTMF tone 7 active
08 DTMF tone 8 active
09 DTMF tone 9 active
0A DTMF tone 0 active
0B DTMF tone * active
0C DTMF tone # active
0D DTMF tone A active
OE DTMF tone B active
OF DTMF tone C active
Ix DTMF tone x inactive

The third row—MF (Multi-Frequency)—Ilists the state of the last tone heard on each channel. The
MF state is also listed in a two-digit code. The following list contains MF codes and their

definitions.

MF Code Definition

00 MF tone 0 active
01 MF tone 1 active
02 MF tone 2 active
03 MF tone 3 active
04 MF tone 4 active
05 MF tone 5 active
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06 MF tone 6 active

07 MF tone 7 active

08 MF tone 8 active

09 MF tone 9 active

0A MF tone KP (Key
Pulse) active

0B MF tone ST (Start)
active

0C MF tone STP active

0D MF tone ST2P active

0E MF tone ST3P active

10 MF tones inactive

The fourth row—CP (Call Progress)—switches between one of six states for each channel.
The CP state is listed in a two-digit code. The following list contains CP codes and their definitions.

CP Code Definition

01 Silence

02 Busy

03 Ring

04 Dial Tone

05 Unknown (Voice)
06 Loud

The fifth row—RSig (Received Signal) and the last row—XSig (Transmitted Signal)—are based on
the signaling used on that channel.

A = Signal bit A is inactive

A = Signal bit A is active

B = Signal bit B is inactive

B = Signal bit B is active

X = Signal bit B can be active or inactive, the normal signal value is shown in parenthesis

Rsig (Received Signal)

State E&M Loop Start Ground Start
Idle ax(ab) aB Ax(AB)
OffHook AB aB

Wink AB

Ringing ab ab

Xsig (Transmitted Signal)

State E&M Loop Start Ground Start
Idle ab aB aB

OffHook AB AB AB

Wink AB

Ringing
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The second table on the T1 status screen contains a series of alarms on the T1 Interface Card. It
contains three rows:
Receive—displays status of errors as a signal is being received from the Service Provider.
Transmit—shows the status of errors as a signal is being transmitted to the Service Provider.
Line—shows the general status of the T1 span.

BAI &TS LOZ LOF PD EZES

RECEIVE u] u] 1 1 1 u]
TRAMNSMIT 1 u] u]
LINE u] u] 1 1

Alarm status table
The Alarm status table contains the following columns:
RAI—(Remote Alarm Indicator) (yellow alarm) is transmitted by the Service Provider to report a
remote trouble condition.

AIS—(Alarm Indication Signal) (blue alarm) is transmitted to the Service Provider to report a
local trouble condition.

LOS—(Loss of Signal) occurs when the T1 Interface Card is not receiving a clock signal from the
Service Provider.

LOF—(Loss of Framing) occurs when the T1 Interface Card is not receiving framing from the
Service Provider or the framing mode on the T1 Interface Card is set incorrectly.

PD—(Pulse Density violation) indicates that the signal contains excessive zeros.
B8ZS—(Binary 8 Zero Substitution) a signal switches between 0 and 1 any time B8ZS line coding
is selected to indicate that this setting is active.

Each column contains either a O or 1:

0 = Normal operation
1 = Alarm condition

The third table (located to the right of the Alarm Status table) displays the following
information:

DSP 1 WD and DSP 2 WD—The watchdog timers should always be set to zero.

Valid Intervals—Lists the number of valid 15-minute intervals in 24 hour timeframe.

Current Interval—Lists the number of seconds expired in the current 15 minute interval. It resets
every 15 minutes.

LEP 1 WD u]
LEP Z WD u]
VWalid Interwvals =11
Current Interwval E17

Intervals table

The last table is split into two parts and is located below the Alarm status table. It is divided into two
columns:

Current—Lists the current 15-minute interval set of counters. It resets every 15 minutes.

24 Hours—Lists the count for the previous 24 hours.
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Each row in the table indicates one of 10 different errors. The first four rows indicate that frames of
data with errors in them were received:

ES—Indicates errored seconds.

BES—Indicates bursty errored seconds.

SES—Indicates severely errored seconds.

SEFS—Indicates severely errored framing seconds.

The remaining rows in the table are as follows:

UAS—Indicates that the entire span is an unavailable error.

CSS—Indicates that the clock being received from the Service Provider is not stable. Changes
backward or forward in time cause this error.

DMS—Indicates degraded minutes.

PCV—Indicates that a path code violation has occurred.

LES—Indicates line error seconds.

LCV—Indicates line code violations.

Errors table

Current £4 Hours Current £4 Hours
EZ u] u] cEs E1l7 ge400
EES u] u] DME u] u]
ZES u] u] PCYW u] u]
SEFS 517 g&400 LES E1l7 2a400
TAS E17 g&400 LCW u] u]

T1 Interface Card Checklist

a

a
a
d

00 O

000D

Order T1 service from the local phone company based on the needs of the site.
Set the switches on the T1 Interface Card to their correct positions.
Install the T1 Interface Card in an available ISA slot in the TVS.

Connect the PCM bus ribbon cable to the T1 Interface Card and then replace the TVS
cover.

Connect a RJ-48 cable from the Telco Demarc to the T1 Interface Card.
Program the T1 Interface Card using the T1 Edit program in Tel-Site.

In the VS1 Editor configuration program, select the Adapter Setup pane and select the
ports on the PEU that correspond to the switches set on the T1 Interface Card.

In the Port Configurations pane, assign each T1 Port as a CO Line.
Configure each T1 Port for DID or DNIS.
In the DID Routing pane, set up a DID or DNIS Routing Table.

Issue the t1 stat [n] command at the TVS Command prompt in the Terminal
window of Tel-Site to verify diagnostic information.
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GLOSSARY OF TERMS

This glossary contains an explanation of common telephony and computer telephony features, based
on industry-standard functionality and how they relate to the Telecor VSI telephone system.
Newton’s Telecom Dictionary—14" Edition was used as a basis for some of the definitions.

A
ACD—An abbreviation for Automatic Call Distributor. See Automatic Call Distributor.

ACD Status Board—Provides a display of selected ACD groups and their status. It enables
supervisors to monitor the progress of calls through an ACD and make necessary changes quickly to
ACDs requiring additional agents. The ACD Status Board can be customized to display a single
ACD group, scroll through all active ACD groups, or display no ACD groups.

Account Code—A code assigned to a customer or project. Many service companies, such as law
offices, engineering firms, and advertising agencies use account codes to track costs and bill clients
accordingly. On the Telecor VS1 phone system, Account Codes enable you to place account
information in the Station Message Detail Recording (SMDR) records of external calls. Then a call
accounting program is used to organize the SMDR information into usable data.

Activation Keys—Used to activate certain features on the Telecor VS1 phone system. They are
linked to the Telecor Voice Server (TVS) System ID Number (OHA Serial Number) and only
activate software installed on that TVS. The software options that require Activation Keys include:
Voice Channel Activation, Automatic Call Distribution (ACD) Agent Package, and Telecor
Attendant and Telecor Connect CTI client applications.

ANI—An abbreviation for Automatic Number Identification. See Automatic Number Identification.

Announced Transfer—A telephone system feature that provides the ability to transfer a call
from one extension to another with an announcement of the call.

Attendant Messaging—The ability for the receptionist to type a message and transfer it with
each call. That message appears on the Display Phone or CTI application main screen of the transfer
destination.

Auto Hold—Automatically places an active call on hold when a user connects to another call.

Auto Paging—A feature that enables the phone system to automatically announce calls ringing at
a specific extension.

Auto Wrap-Up—A feature that allows wrap-up time at the end of a call to complete necessary
paperwork concerning the call. The time allowed (in seconds) is set up in the ACD[n] Config
window. If there is no need for the wrap-up mode function after a call, it can be cancelled by
pressing a customized station Feature button or toolbar button.

Automated Attendant—Also called Auto Attendant. A feature that answers calls and plays
digital recordings to callers that enables callers to route themselves to an extension through
touchtone input, in response to the digital voice prompts. The Telecor VS1 phone system has 20
built-in Auto Attendants—three of which are configured and working Auto Attendants—and 10
sample Auto Attendants. The 17 remaining built-in Auto Attendants can be configured to meet
customer requirements.

Automatic Number Identification (ANI)—Reports the number of the calling party. ANI is
similar to Caller ID on an analog line. However, the only information provided is the number from
which the caller is calling. The Service Provider does not send name information. You can select
this option when ordering T1 service.

Automatic Call Distributor (ACD)—A feature used by companies with a high number of
incoming calls (such as order taking, dispatching, help desks). An ACD performs four functions: 1)
It recognizes and answers an incoming call. 2) It checks its database for instructions on what to do
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with the call. 3) Based on these instructions, the ACD sends the call to a recording, such as
“somebody will be with you soon, please don’t hang up” or to a Voice Response Unit (VRU). 4) It
sends the call to an agent as soon an agent is available. There are 10 ACDs available on the Telecor
VS1 phone system. A maximum of 96 agents can be logged on to the 10 ACDs, and a maximum of
30 agents can be logged on to an ACD queue at any given time.

Away from Desk—This feature alerts you to incoming calls if you are away from your desk but
within hearing distance.

B

Background Music—This feature enables music to be played through speakers in the ceiling
and/or speakers in each phone on the system throughout the office.

BLF—An abbreviation for Busy Lamp Field. See Busy Lamp Field.
Blind Call Processing—Features that enable you to process a call without answering it.
Blind Disconnect—A feature that enables you to disconnect a call without answering it.

Blind Hold—A feature that enables a user to place a call that is ringing at their station on hold
without answering the call.

Blind Transfer—A feature that enables a user to send a call that is ringing at their station to
another extension or Voice Mail without answering the call.

Bring to Top on Ring—A feature that brings the Attendant or Connect main screen to the top of
a user’s screen when a call is received while the user is working in another application.

Busy Lamp Field (BLF)—The Busy Lamp Field is a visual status display for all or some
extensions. The BLF indicates if a phone is busy, ringing, or on hold. The Busy Lamp Field console
is typically attached to or a part of the user’s phone. Traditionally, the BLF console is a device with
rows of LEDs showing the status of the extension with solid or blinking lights.

C
Call Bar—A scaled-down version of the Attendant or Connect main screen used for call
processing.

Call Forwarding—A feature that enables a user to send incoming calls directly to another station
or to Voice Mail.

Call Merging—A feature of Attendant that merges an external call with a second external call.
Call Pickup—A feature that enables users to answer calls ringing, or holding at other extensions.

Call Reporting—A feature that provides a summary of calls and call activity. This summary can
include details such as extension number, line number, Caller ID, time of call, duration of call,
dropped or lost calls, and so on.

Call Routing—The way in which a call is routed through a particular network, such as a PBX
system network.

Call Screening—1) A PBX feature that looks at the digits dialed by the caller to figure out
whether the call should be completed. 2) A receptionist or secretary that answers a call and
determines who the caller is and announces them to the called party prior to transferring them. 3) A
feature on the Telecor VSI1 phone system that enables messages sent by the PBX or Attendant to
display on station options that have display capabilities. This feature is useful for station users to
determine if a call is important enough to answer.
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Call Waiting—Call Waiting is a feature of phone systems that indicates someone is trying to call
you. You might hear a beep or see a light on the phone or a message on the CTI display.

Caller Database—A database in Attendant that contains names and numbers of all outside callers.
As names are added to the Caller Database, Attendant fills the Calls list of the Transfer window
with the names of people who have called from that number in the past. Attendant then fills in the
Transfer To list with the names of people with whom that caller has spoken in the past.

Caller ID—A service that the local phone company provides, usually called CLASS. The
information about who’s calling and/or their phone number is passed to your phone between the first
and second ring of the incoming call.

Caller ID Option Module—Hardware that must be installed in the PEU for Caller ID to work on
the Telecor VS1 phone system.

Caller ID Routing—Also called Call Routing based on Caller ID or Intelligent Call Routing.
Caller ID Routing enables you to target incoming calls to specific extensions based on Caller ID.
You can set up Caller ID Routing for up to 800 entries on the Telecor VS1 phone system.

Calls List—A feature of Attendant and Connect. The Calls list displays all active or present
internal and external calls at a user’s station and their status. The Call Info, Number, Time and Hold
columns provide visual information about each call including: Text Messages sent by the
receptionist or Auto Attendant, Name and Number Caller ID (if available), length of each call, and
length of each call on hold.

Central Office—A telephone company facility where subscriber lines are joined to switching
equipment to connect with other subscribers.

Centrex—A business telephone service offered by a local telephone company from a local central
office. Centrex includes features such as intercom, call forwarding, and call transfer.

CO—An abbreviation for Central Office. See Central Office.

CO Flash—A signal provided by the Telecor VS1 phone system to the Telephone Company or
Central Office indicating that special instructions will follow.

CO Lines—These are the lines connecting the phone system to the local telephone company’s
central office which in turn connects to the nationwide telephone system (network).

Command Scripts—Automated processes for executing one or more commands. The TVS runs
Command Scripts much like DOS runs batch files. Telecor VS1 phone system Command Scripts
provide a convenient method for controlling the various aspects of system operation. A Command
Script consists of one or more PBX commands that control the system TVS.

Computer Telephony—Computer telephony is the adding of computer intelligence to the
making, receiving, and managing of telephone calls. Computer telephony encompasses six broad
elements: Messaging, real-time connectivity, transaction processing and information access through
the phone, adding intelligence to phone calls, technologies, and new standards.

Computer Telephony Interface Module (CTIM)—The Telecor Computer Telephony Interface
Module (CTIM) provides a digital interface for a computer using Attendant Connect to the Telecor
VS1 phone system. The CTIM is an external device connected by a 9-pin serial cable to an available
COM port on the computer.

Conference  Rooms—Several parties can be added to a phone conversation through
conferencing. The Telecor VS1 phone system has three 16-party Conference Rooms. They can
operate simultaneously, and can include any combination of inside or outside parties for a total of 16
participants.

Consultation Hold—A PBX feature that enables an extension to place a call on hold while
speaking with another call.

CTIl—An abbreviation for Computer Telephony Integration. See Computer Telephony.
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CTIM—An abbreviation for Computer Telephony Interface Module. See Computer Telephony
Interface Module (CTIM).

Cut-Over Box—Provides power failure transfer for four CO lines. If a power failure occurs, each
station connected to the Cut-Over Box becomes a direct outside line for incoming and outgoing
calls.

D

DDE—See Dynamic Data Exchange
DCU—An abbreviation for Dry Contact Unit. See Telecor Dry Contact Unit.

Dial By Name—A feature that enables you to dial someone by spelling their name on a touchtone
keypad. The caller inputs the appropriate digits or letters. When the system recognizes a match, a
recorded announcement states the name of the dialed party for confirmation by the caller before
automatically completing the call. If the input digits are not uniquely associated with a particular
station, the system may ask the caller to pick a name from a menu of choices. The Telecor VS1
phone system can be programmed for Dial By Name using either the first three letters of a person’s
first name or the first three letters of a person’s last name.

Dialed Number Identification Service (DNIS)—A feature of 800 number lines that provides
the number the caller dialed to reach the attached system. DNIS tells you the number that the caller
dialed. Using DNIS capabilities, one trunk group can be used to serve multiple applications. The
DNIS number can be provided in a number of ways, in-band or out-of-band, ISDN or through a
separate data channel. Generally, a DNIS number is used by the answering system to identify the
reason the caller dialed.

DID—An abbreviation for Direct Inward Dialing. See Direct Inward Dialing.

Digital Promotion Recording—Informs customers about new products, sales and promotions.
The recording can be changed as needed. No external hardware is required. All Telecor VS1 phone
system station options enable you to record promotional recordings.

Direct Inward Dialing (DID)—The ability for a caller outside a company to call an internal
extension without having to pass through an operator or Automated Attendant. DID Routing on the
Telecor VS1 phone system can only be used with a Telecor T1 Interface Card, and T1 service must
be ordered from your local Service Provider.

Direct Inward System Access (DISA)—Enables a user to gain access to the Telecor VS1
phone system internal dial tone from an external phone not connected to the system. DISA allows
feature options such as running Command Scripts, dialing extensions on the system, and access to a
CO port to make external calls.

Direct Station Select (DSS)—A phone system feature that enables a user to press a programmed
button on their phone to dial another extension. Typically, DSS is a part of Busy Lamp Field (BLF),
which shows the status of that extension as well (busy, ringing, holding).

DISA—An abbreviation for Direct Inward System Access. See Direct Inward System Access.

Disconnect—The breaking or release of a circuit connecting two telephones or data devices. A
Disconnect signal is sent from one device to the other to shut down the connection.

Distinctive Ring—Users can choose from 12 different rings and eight different volume settings
on the Telecor Display Phone Model 200 (DP200). Telecor CTI applications also enable users to
choose a distinctive ring for incoming call notification.

DND—An abbreviation for Do Not Disturb. See Do Not Disturb.

DNIS—An abbreviation for Dialed Number Identification Service. See Dialed Number
Identification Service.
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Do Not Disturb (DND)—Calls do not ring through to stations placed on DND. Calls to Telecor
VS stations on DND are automatically transferred to Voice Mail.

DP200 Display Phone—A phone designed for use with the Telecor VS1 phone system. It is
equipped with a 2 line by 16 character display, which provides information about the calls being
handled. The DP200 Display Phone has the capability to process five calls.

Dry Contact Unit (DCU)—The Dry Contact Unit is a hardware interface to which external
contacts are connected in systems that use Model 250 Port Expansion Units. The Dry Contact Unit
provides connections for two speakers, two music inputs, and two dry contact outputs.

DSS—An abbreviation for Direct Station Select. See Direct Station Select.
DTMF—An abbreviation for Dual Tone Multi-Frequency. See Dual Tone Multi Frequency.

Dual Tone Multi-Frequency (DTMF)—A term describing push button or touchtone dialing.
When you touch a button on a push button keypad, it makes a tone and sends an in-band signal.

Dynamic Data Exchange (DDE)—A Microsoft®-defined method for exchanging data between
Windows® applications. Support for DDE must be explicitly coded into an application in order for
this feature to be supported; it is not automatically included in Windows service. Data is passed
between DDE clients (or “sources”) and DDE servers (or “destinations™) as “messages”. Connect
can be both a DDE client and a DDE server.

E

Emergency Boot Floppy—A floppy disk that can be used to restart the TVS in case of a system
failure. Before making changes to the TVS, it is recommended that you make an Emergency Boot

Floppy.

Executive Privilege—Enables an extension to monitor conversations on other extensions.

Extension—A station option (telephone or CTI application) connected to a port on the PEU. Also
refers to the digits dialed to gain access to a station option, voice mail, guest mailbox, work group,
Auto Attendant, Paging Zone, conference room, or ACD.

Extensions List—A feature in Attendant and Connect that contains a list of all names and
extensions on the Telecor VS1 phone system.

External Call—A call made from or made to a number outside the Telecor VS1 phone system.

External Contacts—The PEU Model 205 and DCU Model 100 each have six external contacts
that are used to connect Zone Pager Outputs such as overhead paging systems; Music Inputs such as
audio sources; and Relay Outputs such as electric door locks.

External Flash—A signal that is sent outside the phone system.

F

Flash—A signal sent to a PBX or Centrex indicates DTMF or in-band instructions will follow,
such as transferring a call to another extension.

Flexible Ringing Assignments—The capability to program a CO line to target multiple
destinations, such as a receptionist, a group of extensions, Voice Mail, and so on.

Flexible Station Numbering—The capability to program station extension numbers with the
number of digits desired. For example three-digit extension numbers or four-digit extension
numbers. Each station on a system must have the same number of digits.

Forward—A feature that temporarily redirects incoming calls to another extension.
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Forward to an Outside Number Through an Automated Attendant—Redirects calls to a
selected outside number. This feature is used primarily during non-business hours.

Function Codes—Two-digit codes that are entered when programming features using the
Function Key Programmer.

Function Keys—Twelve default Function Keys enable DP200 Display Phone users to gain access
to Telecor VS1 phone system features such as Call Forwarding, Paging, Transfer, and so on. Default
settings can be changed through the configuration program in the Function Key (System) window,
or by dialing 7801 from a Telecor Display Phone Model 200 (DP200).

G

Group Ring—A feature that enables incoming calls to simultaneously ring a group of extensions.

Guest Mailboxes—Virtual ports for individuals without a station option connected to the Telecor
VS1 phone system. Guest Mailboxes are assigned an extension and can gain access to all Voice
Mail features. You can gain access to Guest Mailboxes from any internal station option, or from an
outside line. Up to 200 Guest Mailboxes can be configured.

H

Handsfree Intercom—A feature that enables users to program their phone to automatically
answer all internal calls through the speakerphone, without touching a button or picking up their
handset. Handsfree must be selected from the Port [n] window of the TVS for this feature to work.

Hold—Suspends a call without disconnecting.
Host Adapter—Installed inside the TVS and used to connect PEUs to the TVS.

Hybrid System—A term used to describe a phone system that has attributes of both key systems
and PBXs. One distinguishing feature is that a hybrid system can use normal single line phones in
addition to the normal proprietary telephones. Another distinguishing feature is that it’s non-
squared. In other words, not every trunk appears as a button on every phone in the system, as is the
case with key systems.

Incoming Call Notification—A feature of Attendant and Connect that enables a user to
determine how to be notified when a call is received.

Initial Dialup Delay—A user-defined amount of time Tel-Site needs before making the
connection to a remote site TVS modem. The delay required may need to be adjusted according to
location.

Internal Call—A call made from or made to another extension on the Telecor VS1 phone system.

Internal Party ID Numbers—The capability to display the extension number of the internal
calling party on phone displays and CTI screens.

ISDN—An abbreviation for Integrated Services Digital Network. ISDN is an evolving
communications standard available at 144,000 bps for desktop applications (BRI) and 1,544,000 bps
for telephone switches, computer telephony and voice processing systems (PRI).

K

Key System—A system in which the telephones have multiple buttons permitting the user to
directly select a telephone line.
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Keypad—A feature of Attendant and Connect enabling you to use the mouse to click the numbers
on the keypad. When the Keypad is active, you can use the computer keyboard to type 0-9, *, # and
F for flash.

L
LCR—An abbreviation for Least Cost Routing. See Least Cost Routing.

Least Cost Routing (LCR)—A phone system feature that automatically chooses the “least cost”
long distance method to dial a long distance call. Least Cost Routing is typically set up as a table in
phone system configurations.

Line Pool—A specific group of lines designated to make external calls.

Line Queuing—A feature that places a call in a queue to wait for the next available line. This is
different than ACD Queue, which waits for the next available agent.

Loop Tapes—One to 12 Loop Tape messages can be created for use on the Telecor VS1 phone
system. Their use is limited by the number of voice channels available on the system (one Loop
Tape per voice channel). Each Loop Tape created permanently uses the resources of one voice
channel. Whether the Loop Tape is in use or not, it plays continuously during system operation.

Music-on-hold—Also referred to as Promotions-on-hold; music or recorded promotions heard by
callers when they are placed on hold. Most phone systems require the connection of peripheral
equipment to accommodate on-hold music or recordings. The Telecor VS1 phone system comes
configured with a generic music-on-hold file.

Mute—A feature that disconnects the handset microphone or speakerphone microphone during a
connected call.

N

NANP—An abbreviation for North American Numbering Plan. See North American Numbering
Plan.

Night Mode—The way that calls are processed after normal business hours. Typically, night mode
allows for a different greeting or for calls to ring to an Auto Attendant.

North American Numbering Plan (NANP)—The method of identifying telephone lines and
area codes in the public network of North America.

(0

Off-Premises Extension (OPX)—A phone that is a part of the phone system located in a
different building or location away from the main premises (such as a security booth at an entrance
to the parking lot, or a warehouse located next to the main building). The OPX is connected to the
system with a special OPX phone line. The extension acts just like an extension on the system.

OPX—An abbreviation for Off-Premises Extension. See Off-Premises Extension.

P

Paging (Overhead Paging)—The Telecor VS1 phone system enables users to dial a paging zone
from any station option, and make an announcement through the handset/headset microphone.
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Paging (Pager Notification or Voice Mail Notification)—A Voice Mail feature where one to
three digital pagers can be paged upon receipt of a new Voice Mail message.

Paging Zones—The Telecor VS1 phone system has 20 software Paging Zones and two hardware
Paging Zones available. The software Paging Zones enable you to page over the DP200 Display
Phone speakerphone, and the two external Paging Zones.

Park—The Telecor VS1 phone system has 10 Park Zones in which users can park calls. Parked
calls can be retrieved from any station on the phone system.

PBX—An abbreviation for Private Branch Exchange. A phone system that is considered a small
version of the phone company’s larger switching office. A PBX requires dialing a “9” to connect to
an outside CO line. PBXs are typically found in medium to large-sized businesses with wide spread
use of single line phones. PBXs provide the advantage of telephone lines pooled and shared by all
employees.

PC Option Module (PCOM)—The Telecor VS1 phone system PC Option Module (PCOM)
provides an externally connected serial interface to a computer for data sent by the Telecor Voice
Server (TVS), and enables a regular phone set to remain on the desk.

PEU—An abbreviation for Port Expansion Unit. See Port Expansion Unit.

Port—The physical interface on a phone system where connection of CO lines, telephone stations,
faxes, modems, and so on, are connected.

Port Expansion Unit (PEU)—The hardware interface to which CO lines and stations are
connected. The Model 200 and 205 PEUs have 16 ports for connecting CO lines or stations. The
first eight ports can be configured as either CO ports or stations. The remaining eight ports can only
be configured as stations. All 16 of the Model 250 PEU ports can be configured as CO lines or
stations, when used with Version 2.9 or higher of the VS1 software.

Power Failure Transfer—Enables specific telephones on a phone system to receive incoming
calls in the event of a power failure. On most systems, designated telephones must be single line
telephones.

Primary Loop Tape—The Loop Tape callers hear first when calling an Auto Attendant. Each
caller hears the Primary Loop Tape from the beginning. If the Primary Loop Tape is being played
when a new call arrives, the new caller hears ringing until the loop starts over.

Private Branch Exchange—sece PBX.

Private Line Assignment—The capability to dedicate a CO line to ring a specific extension. For
example, an executive may want to have their own dedicated phone line that rings directly to their
telephone.

Programmable Relays—Relay contacts that enable the connection of devices such as security
locks which can be activated through the system or at a station.

R

Remote System Access (RSA)—The capability to gain access to phone system programming
functions from a remote location through DISA or through a modem.

Ring Over Pager—The capability for a phone system to ring incoming calls over paging
speakers. Typically this is used after normal business hours or in heavy industrial, high-noise
applications.

RSA-—An abbreviation for Remote System Access. See Remote System Access.

VSI1 Installation, Configuration & Operating Guide 263



S

Scheduled Events—An event command set up in system programming that includes a specific
day of the week, time of the day, and the action the phone system is to perform. Typically used for
switching to Night Mode at a certain time of the evening.

Secondary Loop Tape—The Loop Tape callers hear repeatedly after the Primary Loop Tape
until they leave the ACD Queue.

SMDR—An abbreviation for Station Message Detail Recording. See Station Message Detail
Recording.

Speed Dials—A telephone number programmed into the system or a specific telephone that is
automatically dialed when a feature button is pushed or special code dialed. System Speed Dials are
accessible system-wide and have a two-digit number (01-99) that users press to dial the specific
number. Personal Speed Dials are accessible only from the extension where they were created and
have a one-digit number (0-9) that users press to dial the specific number.

Station Message Detail Recording (SMDR)—A feature that records call information about
telephone call activity such as time, date, length of call, Account Codes, and so on. SMDR is
usually used with a call accounting program that organizes the SMDR raw data into usable
information.

Station Status Window—A feature of Connect that enables you to monitor and instantly dial
other stations on the Telecor VS1 phone system.

System Key—Required to upgrade the TVS software. The System Key is specific to the system
being upgraded and must be requested through Telecor Technical Support. No valid key means no
voice channels and therefore no Auto Attendants or Voice Mail.

T

T1—A digital transmission link with the capacity of 1.544 Megabits per second (Mbps). T1 uses
two pairs of normal twisted wires, and can normally handle 24 simultaneous voice conversations.

T1 Interface Card—Installed in the Telecor Voice Server (TVS) and supports 24 T1 channels.
Two T1 Interface Cards can be installed in the Telecor VS1 phone system.

TAPI—An abbreviation for Telephone Applications Programming Interface. A standard developed
by Microsoft® and Intel®, which provides a programming interface for Windows® operating
systems. It enables users and application developers to take advantage of telephone services and
capabilities through the computer.

Telco—An abbreviation for Telephone Company in reference to a local Telephone Company.

Telecor Voice Server (TVS)—The central component of the Telecor VS1 phone system. It
houses the proprietary software and hardware that operates the system.

Telephone Applications Programming Interface—See TAPI
Telephony Services Application Programming Interface—See TSAPI.

Tel-Site System Management Application—An application that enables Telecor VARs to
make remote Configuration changes to customer sites.

Toll Restriction—A feature that restricts specific phones from making certain types of calls, such
as long distance calls.

Transfer—A feature that enables a user to send a call to another extension or to Voice Mail. The
call does not need to be answered to transfer.

Trunk—A communication line between two switching systems. A switching system includes
PBX’s and equipment in Central Offices (CO).
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TSAPI—An abbreviation for the Telephony Services Application Programming Interface standard
developed by Novell® and AT&T®. TSAPI provides a programming interface for Novell networks
and is designed to take advantage of a network server to provide telephony functions. TSAPI
requires a dedicated voice server or serial LAN connection from the station to the PBX.

TVS—An abbreviation for Telecor Voice Server. See Telecor Voice Server.

\'

Voice Channel—A voice channel is a Telecor feature that enables you to play and record voice
files. A maximum of 12 voice channels are available.

Voice Mail—Voice Mail enables you to leave, send, and forward messages to individuals who are
not answering their phone. Voice Mail is assigned to each station port. The Telecor VS1 phone
system integrates Voice Mail into the system.

Voice Mail Escalation—Feature that enables Voice Mail messages to be forwarded to up to 20
other Voice Mail extensions.

Voice Mail Notification—see Paging (Pager Notification or Voice Mail Notification).

w

Work Groups—Virtual extensions assigned to groups of extensions on the Telecor VS1 phone
system. Work group stations ring simultaneously when a call is sent to the work group extension.
Up to 20 Work Groups containing 20 extensions each can be programmed on the Telecor VS1
phone system.

Y4

Zone Paging—The ability to page a specific area in a building. Typically, departments are put
into zones in system programming to facilitate this type of paging.
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10Base-T Network Interface Card
configuring using VS Editor program, 40
installing, 40
overview, 13
Access Codes, 202
account code, 234
definition, 256
ACD Status Board
definition, 256
overview, 19
Activation Keys, 84
definition, 256
Installing, 85
Receiving, 84
Adapter Setup, 86
T1 Card, 86
ANI
definition, 256
ANI Routing, 256
Attendant
basic operation, 174
Calls window, 172
Extensions window, 172
overview, 172
product features, 173
software specifications, 173
Transfer window, 172
Attendant Messaging
definition, 256
Auto Attendant
definition, 256
Auto Attendants
Assigning a System Action, 105
Dial a Number, 107
Play Message, 107
Record Message, 109
Run System Command Script, 111
Say Current Date and Time, 111
Say Phrase, 110
Transfer to an Extension, 105
Transfer to an Outside Line, 106
Caller Greeting, 97
Play Message, 97
Run System Command File, 100
Say Current Date & Time, 100
Say Phrase, 99
Caller Response, 102
Caller Response Timeout, 104
Multi-digit Number, 103
Number Range, 104
Touch Tone, 103

Caller Response Handler, 102
Creating, 96
Default System Action, 112
Example, 94
Four Basic Functions, 93
Caller Greeting, 93
Caller Response, 94
Caller System Actions, 94
Get Caller Response, 94
Get Caller Response, 101
Importing an Auto Attendant Procedure, 112
overview, 93
Preconfigured Auto Attendants, 94
Default, 94
Voice Mail Interrupt, 95
Voice Message Recorder, 94
Reviewing the Default Auto Attendant, 95
Sending the Caller to Another Procedure, 104
Viewing an Auto Attendant Script, 113
Auto Hold, 256
Auto Paging
definition, 256
Auto Wrap-up
definition, 256
Automatic Call Distribution, 87
Account Codes, 88
Activation Key, 87
Call Distrubtion, 87
Configuring an ACD, 90
Over calls per agents, 91
Queued call age is seconds, 91
Zero agents are logged in, 92
Creating, 88
FIFO (First In First Out) Mode, 88
primary loop tape, 87, 90
Priority Ordered Mode, 88
Round Robin Mode, 88
secondary loop tape, 87, 90
warnings, 87
Automatic Call Distribution (ACD)
Attendant, 172
CO disconnect signals, 240
Connect, 176
definition, 256
Automatic Call Distribution(ACD)
definition, 256
Automatic Number Identification
definition, 256
Away From Desk
definition, 257
background music
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definition, 257

BLF. See Busy Lamp Field

Blind Call Processing
definition, 257

Blind Disconnect
definition, 257

Blind Hold
definition, 257

Blind Transfer
definition, 257

Bring to Top on Ring
definition, 257

Busy Lamp Field (BLF)
definition, 257

Call Accounting, 237
software specifications, 237

Call Bar
definition, 257

Call Forwarding
definition, 257

Call Merging
definition, 257

Call Pickup
definition, 257

Call Reporting
definition, 257

Call Routing
definition, 257

Call Screening
definition, 257

Call Waiting
definition, 258

Caller Database
definition, 258

Caller ID, 148
definition, 258

Caller ID Option Module
definition, 258
installing, 38
overview, 12
verifying, 39

Caller ID Routing, 114
definition, 258
Routing Calls from a Specific Area Code, 115

Calls list
definition, 258

Central Office
definition, 258

Centrex
definition, 258

CO disconnect signals, 240

CO Flash
definition, 258

CO lines
definition, 258

CO Port

Setting up a CO Port, 147
Command Scripts, 116
default command scripts, 117
definition, 258
running from a phone, 118
running from an Auto Attendant, 118
running from TVS Command Prompt, 118
System Commands, 120
Computer Telephony
definition, 258
Computer Telephony Integration
definition, 258
Computer Telephony Interface Module (CTIM)
definition, 258
installing, 45
overview, 17
Conference Rooms, 125
definition, 258
Connect
basic operations, 178
Call Bar, 176
Calls window, 176
Extensions tab, 176
overview, 176
Phonebook tab, 176
product features, 177
Shortcuts tab, 176
software specifications, 177
Connection Methods, 58
Dedicated CO Line to TVS Modem
Connection, 67
Hardware Setup, 68
Tel-Site Setup, 68
TVS Configuration, 67
Tel-Site Modem to TVS Modem Through
Two PEU Extension Ports
Hardware Setup, 60
Tel-Site Setup, 61
TVS Configuration, 58
TVS Modem as an Extension Connection, 63
Hardware Setup, 64
Tel-Site Setup, 65
TVS Configuration, 63
TVS Modem Shares a CO Line Connection,
70
Hardware Setup, 73
Tel-Site Setup, 73
TVS Configuration, 70
Consultation Hold
definition, 258
CTIM
definition, 258
Cut-Over Box
connecting, 33
definition, 259
overview, 10
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testing, 34
Date and Time, 209
DCU. See Dry Contact Unit (DCU)
DDE. See Dynamic Data Exchange
definition, 260
Default Auto Attendant, 94
Reviewing, 95
Default Command Scripts, 117
Default Extensions, 202
Default System Action, 112
Dial by Name, 191
Voice Mail, 191

DP200 Display Phone
definition, 260
Dry Contact Unit (DCU), 7
definition, 260
External Contacts, 31
Zone Music Inputs, 31
Zone Pager Outputs, 31
Zone Relay Outputs, 31
installing, 30
overview, 9
Dry Contact Unit (DCU).
external contacts, 87

Dial By Name DSP Volume Adjustments, 206
definition, 259 adjusting DSP volume on CO line connected
Dialed Number Identification Service, 14, 42, to an Auto Attendant or Voice Mail, 207

126 adjusting through the Startup Command

Configuring a Port for T1 Service, 126
Setting up a DID or DNIS Routing Table, 128,
249
Dialed Number Identification Service (DNIS)
definition, 259
DID. See Direct Inward Dialing
definition, 259
Digital Promotion Recording
definition, 259
Direct Inward Dialing, 14, 42, 126
Configuring a Port for T1 Servce, 126
definition, 259
Setting up a DID or DNIS Routing Table, 128,
249
Direct Inward System Access, 70, 148, 150, 203
Enabling DISA on a CO Port, 203
example, 203
Setting up a DISA Account on an Extension
Port, 205
Direct Inward System Access(DISA)
definition, 259
Direct Station Select (DSS)
definition, 259
DISA
definition, 259
disconnect
blind, 257
definition, 259
disk optimization, 224
Distinctive Ring
definition, 259
DNIS. See Dialed Number Identification Service
definition, 259
Do Not Disturb
definition, 260
DP200
Basic Operation, 181
feature buttons, 180
overview, 180
Programmable Function Codes, 183

Script, 207
sample, 206

Dual Tone Multi-Frequency (DTMF)

definition, 260

Dynamic Data Exchange (DDE)

definition, 260
emergency boot floppy
definition, 260
Emergency Boot Floppy
creating, 47
Executive Privilege, 151, 161
definition, 260
extension
definition, 260
Extensions List
definition, 260
external call
definition, 260
external contacts
definition, 260
External Flash
definition, 260
Feature Keystrokes, 187
flash
definition, 260
Flexible Ring Assignments
definition, 260
Flexible Station Numbering
definition, 260
Flow Charts, 210
Auto Attendant
Multiple Procedure, 214
Single Procedure, 213

Automatic Call Distributor, 215

Call Transfer, 212

Inbound CO Call, 210

Outbound CO Call, 211
Forced Account Codes, 152
Forced Accounts, 130
forward
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definition, 260
Forward To
Outside Number
definition, 261
Function Codes
definition, 261
Function Keys, 131
definition, 261
Group Ring
definition, 261
Guest Mail Boxes, 133
Guest Mailboxes
definition, 261
Handsfree Intercom
definition, 261
hold
auto, 256
blind, 257
consultation
definition, 258
definition, 261
Host Adapter
definition, 261
Host Adapter Card, 4, 7, 42
installing, 35
overview, 11
HS-1301-LN
Basic Operation, 186
overview, 185
Hybrid System
definition, 261
Incoming Call Notification
definition, 261
initial dialup delay
definition, 261
Integrated Services Digital Network
definition, 261
internal call
definition, 261
Internal Party ID Numbers
definition, 261
Interpreting ACD SMDR Data, 234
Action Codes for Field 10 of ACD SMDR
Data, 235
Interpreting Day SMDR Data, 236
Interpreting Detail SMDR Data, 232
codes for Call Reason (Field 3) of Detail
SMDR, 233
Interpreting Summary SMDR Data, 230
codes for Call Reason (Field 3) of Summary
SMDR, 231
ISDN
definition, 261
Key System
definition, 261
keypad

definition, 262
LCR. See Least Cost Routing (LCR)
Least Cost Routing, 134
How a Long Distance Call is Routed, 135
Least Cost Routing (LCR)
definition, 262
Line Pools, 136
definition, 262
Line Queuing
definition, 262
Loop Tape
Secondary
definition, 264
Loop Tapes, 138
Changing a Voice File Playing as a Loop
Tape, 139
definition, 262
primary
definition, 263
using on CO line when caller placed on hold,
148
using with an ACD, 90
modem, 4
music
background, 257
music on-hold
definition, 262
mute
definition, 262
NANP. See North American Numbering Plan
night mode
definition, 262
North American Numbering Plan
definition, 262
Off-Premises Extension
definition, 262
OPX. See Off-Premises Extension
Over calls per agents, 91
overhead paging
definition, 262
Page Zones, 140, 151
pager notification
definition, 263
paging
definition, 262
Paging Zones
definition, 263
Park
definition, 263
Password
Remote System Access, 158
Remote System Access, 78
VS Editor, 153
PBX
definition, 263
PC Option Module (PCOM)

272

Index



definition, 263
installing, 46
overview, 18
PC Option Module (PCOM), 176
PCOM. See PC Option Module (PCOM)
Phrase List, 223
Playing a Voice File Using the Command
Prompt, 221
port
definition, 263
Port Configurations, 142
Copying a complete configuration, 143
Creating a New Configuration, 142
Replicating Individual Port Settings, 144
Setting up a CO Port Type, 147
Caller ID, 148
Enabling DISA, 148
Loop Tape, 148
Music 1, 148
Music 2, 148
Ring Over Pager, 148
Targeting, 147
Setting up an Extension Port Type, 149
Access Code, 150
Auto Hold, 151
Auto Page, 151
AutoPage Time, 151
AutoPage Zone, 151
Call Pick Up Group, 149
Can be Monitored, 152
Dial Groups, 150
DISA Account, 150
Disconnect Signal, 152
Executive Privilege, 151
Flash Time, 150
Force Accound Codes, 152
Hands Free, 151
Least Cost Routing, 150
Line Pool, 150
Message Waiting, 152
Recall Time, 150
RO Time, 150
Toll Restriction Name, 150
Port Expansion Unit (PEU), xv, 10, 12
Configuring, 20, 21
Connecting to TVS, 26
Cut-Over functioning on PEU 250, 20
definition, 263
External Contacts, 29
Zone Music Inputs, 29
Zone Pager Outputs, 29
Zone Relay Outputs, 30
Installing additional PEUSs, 28
overview, 7
Wiring Requirements, 25
Terminal Blocks, 25

Port Expansion Unit Model 205 (PEU-205)
external contacts, 87
Power Failure Transfer
definition, 263
Pre-recorded Message List, 222
Primary Loop Tape, 90
definition, 263
Private Branch Exchange
definition, 263
private line assignment
definition, 263
Program Password, 153
removing, 153
programmable relays
definition, 263
Queued call age is seconds, 91
Rack Mount Setup, 23
Recording Voice Files, 220
Playing a Voice File Using the Command
Prompt, 221
using the PEU 205 or DCU, 220
using the Voice Message Recorder, 220
Reference
overview, 201
Remote System Access
definition, 263
Remote System Access (RSA) Password, 78
Remote System Access Password, 158
Ring Over Pager
definition, 263
RSA
definition, 263
scheduled disk optimization, 224
Scheduled Events, 154
definition, 264
Secondary Loop Tape, 87, 90
Seconday Loop Tapes
definition, 264
Setting the System Date and Time
Setting, 209
Setting up a New Site, 56
SMDR. See Station Message Detail Recording
definition, 264
Speed Dial
definition, 264
Station Message Detail Recording, 13, 47, 225
ACD SMDR data, 225
backing up SMDR Output Files, 226
Day SMDR data, 225
definition, 264
designating SMDR Output Files, 226
Detail SMDR data, 225
gaining access to SMDR Backup Files, 228
copying SMDR backup files through Tel-
Site, 229
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copying SMDR backup files to a disk at the
TVS, 228
copying SMDR files through a Network,
228
Summary SMDR data, 225
Station Status window
definition, 264
Switch Card
overview, 16
System Commands, 120, 218
System Configuration 1, 157
SMDR Output files, 158
System Configuration 2, 160
Executive Privilege, 161
Modem Setup, 160
Network, 160
System Key
definition, 264
System Speed Dial, 156
Dialing from Station Option, 156
T1
definition, 264
T1 Interface Card
Adapter Setup in VS Editor, 247
Configuring a T1 port as a CO Line, 248
Configuring a T1 Port for DID or DNIS, 248
definition, 264
Diagnostics, 251
DID routing, 128
installing, 42
overview, 14
Parameter Setup Using Tel-Site, 242
port configurations, 126
Setup Using VS Editor, 247
TAPI
definition, 264
Telco
definition, 264
Telecor Voice Server
connecting, 26
I/O and IRQ Usage, 5
overview, 4
Telecor Voice Server (TVS)
definition, 264
Telecor Voice Server Flow Charts, 210
Telephone Applications Programming Interface
(TAPI
definition, 264
Telephony Services Application Programming
Interface
definition, 264, 265
Tel-Site, 83
Basic Operation, 76
Changing Site Configurations, 77
Remote System Access (RSA) password,
78

Connecting to a Site, 76
Downloading Files from a Site, 77
Downloading Uploading Files to a Site, 78
Reloading Configuration Changes, 79
Configuration Window, 53
Connection Window, 52
definition, 264
Explorer Window, 54
How site information is organized, 57
Opening a Site, 57
Overview, 51
requirements, 51
Setting up a New Site, 56
Terminal Window, 55
Terminal Blocks, 25
Toll Restrictions, 162
Allowing entries in a scheme, 164
creating a new toll restriction scheme, 163
definition, 264
denying additional number in default scheme,
162
transfer
blind
definition, 257
definition, 264
Transfer
announced, 256
trunk
definition, 264
TSAPI
definition, 265
TVS. See Telecor Voice Server
VGA Video Card
overview, 15
voice channel
CO disconnect signals, 240
definition, 265
Voice Mail, 206
accessing from an external line, 194
accessing from another station, 194
CO disconnect signals, 240
creating or changing passwords, 190
definition, 265
digital pager notification, 194
escalation
definition, 265
forwarding a message, 192
listening to a message, 189
notification
definition, 265
overview, 188
prompts, 188
Setup Options menu, 188
recording a greeting, 191
sending a message, 191
setting up Dial by Name, 191
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setting up features, 190 Overview, 83

using the keypad, 189 Password, 153

Voice Mail Escalation requirements, 83
definition, 265 Validating, 167

Voice Mail Interrupt Auto Attendant, 95 Displaying errors, 167

Voice Mail Notification VS1 Phone System Feature Keystrokes, 187
definition, 263, 265 Wall Mount Setup, 24

Voice Message Recorder Auto Attendant, 94 Work Groups, 165

VS Editor, 83 definition, 265
alphabetical view, 83 Zero agents are logged in, 92
Limited Feature Version, 168 Zone Paging
logical view, 83 definition, 265
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