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Aspire Section 1: The Basics

spire from NEC allows you to converge your voice and data network

and enjoy the many advantages of Voice over Internet Protocol (VolP)

while enjoying the hundreds of features you’ve come to expect from tra-
ditional digital/analog switching. Aspire lets your organization benefit from the
potential cost-saving advantages of |P even if you're not ready to migrate to 100%
IP Telephony immediately. That’s because Aspire gives you achoice: You can
deploy traditional circuit-switched technology, Vol P or acombination, all from one
system! You have the freedom to adopt Vol P when and where you need it.

Peer-to-Peer Switching

“Peer-to-peer” switching means that the stations participating in acall are con-
nected directly to each other through the IP network. The signals travel through
the I P network but do not “go through” the switch as they do in traditional tele-
phony. The fact that Aspire can function in and support a*“hybrid” network with
traditional digital/analog switching, IP/'TDM/IP switching and pure peer-to-peer
| P switching means that users can continue to utilize their existing equipment
while they begin to phase in IP Telephony and lay the foundation for current and
future networks.

Product Description 1



Section 1: The Basics Aspire

Reduced Costs of Peer-to-Peer IP Connectivity

Maintain one network rather than two
Bypass the long distance carrier by sending voice calls over the data network
Single cable termination to the desktop

Reduced brick and mortar expenses by deploying main office featuresto
remote personnel.

e > Node-to-Node Peer-to-Peer IP

The Aspire unit assists in the call Connectivity In LAN

setup process and provides the

full range of Aspire Aspire
telephony features. Cabinet l‘

+ | 4 10/100
- - | | Ethernet LAN
Once the call is establised, it is - T | - - - — ¢
“carried" only by the network The | i
Aspire only "re-enters" when [ ‘ |
requested to Provide call \/ \/

control features.

Node-to-Node Peer-to-Peer IP Connectivity Accross WAN

Aspire Cabinet with Internal Switching Hub Aspire Cabinet with Internal Switching Hub
ST T
10/100 10/100
Ethernet LAN Ethernet LAN

Managed IP
Network
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Aspire

Section 1: The Basics

Elegant Sophisticated Design

Aspire’'sVoice over | P (Vol P) capability allows you to place voice calls over the
data networ k. Vol P reduces long distance charges by using IP to connect multiple
office locations and telecommuters. Remote workers also have access to main
office features, such as voice mail, allowing offices to operate as a single unit.

Aspire Mail, an optiona digitally linked in-switch voice mail, provides sophisti-
cated features that save time and money. Return call with Caller 1D savescaller ID
information for inside- and outside-originated calls. Answering Machine Emula-
tion is helpful when you are waiting for an important call. It letsyou listen while a
caler isleaving amessagefor you. Message Center Keysallow two people sharing
the same phone to have their own message waiting key. Each person can seeif he/she
has new messages. Conver sation Recor d saves and records your conversation into
your mailbox with the touch of abutton. Park and Page alows acaller to page you
before leaving a message. You can pick up the call from any station.

Automatic Call Distribution (ACD) distributes calls evenly among member agents
and providesinitia and repetitive announcements that encourage callersto remain
online. Callerscanleave amessageif they chooseto receive acallback from an agent.
Optiona PC-based Supervisor with Reports can be used for agent scheduling.

Wireless/Cor dless phones keep empl oyees connected while away from their desk.
Aspire provides a variety of mobility solutions to connect your whole campus or
just your office.

System maintenance allows for online HTML-based programming access either
on-site or over the Internet. Using browser software simplifies the process for
changing names or speed dial settings. Special PC software isavailable for off-line
programming and remote access by modem.

Call L ogging saves information about incoming and outgoing calls. Logged calls
can be redialed or saved to speed dial.

Aspire’'sAutomatic Route Selection (ARS) system decides whether to place a
call with along distance carrier, over IP or, if allowed, alocal trunk. You specify
how you want your calls to be routed.

E911 Compatibility identifies the origination of an E911 call so emergency ser-
vices can reach the specific extension location quickly.
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Aspire

Aspire Versatility Feature List

Serviceability

Usability

Built-in Headset Jack

Call Coverage Keys

Caller ID Logging

Contrast Control

Last Number Redial
List (10)

One Touch Feature
Operation

Tilt Display

Flexibility

Adjustable Height
Telephone

Flexible Numbering
Plan

Secure Station
Relocation

Universal Card Slots

Virtual Extension Keys

On-line Programming

Remote Programming

Self Diagnostics

Single Pair Wiring

Versatility

Analog Trunks and
Stations

Colored Face Mats
Digital Trunksand
Stations

DID Trunks

E&M Trunks

IP Trunks and Stations

i-Series Telephone
Support

T1/PRI Trunks
TAPI Compatible

Scalability

Application Processors

IP Keysets
IP Trunks
Software Upgrades

Universal Line/Station
Card Slots

M anageability

Account Codes, Forced
& Verifiable

Automatic Call
Distribution

Automatic Route
Selection

Built-in Mini
Gatekeeper

IP Networking

Networking

e Toll Restriction

e User Programming

* Walking Class of
Service

*  Web-based
Programming

Adaptability

* In-switch Aspire

* Mail Cards

* MediaGateway

»  Switching Hub

* In-server Card

» Wal, floor, 19" Rack

Mountable Cabinet
e TDM and/or IP
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Aspire Section 2: Components
The Telephones
#  Makeanote. ..

For your convenience. . . thereisaPartsList located at the end of this guide. You should find this
list helpful when selecting system eguipment. More detailed tools are also available — ask your
Account Representative for the specifics.

34-Button Super Display Telephone — P/Ns 0890049 & 0890050

The Super Display Telephone, which is supported with soft-
ware 1.07 or higher, isthe system's premier telephone instru-
ment, featuring an interactive 9-line, 24-character display
with 12 associated interactive keys. As the Super Display
Telephone user processes calls, the interactive key functions
change to provide intuitive access to the system's most
sophisticated features. Every Super Display Telephone has a
built-in speakerphone for full Handsfree operation. Handsfree
Answerback and Intercom voice-announce capability isaso
standard.

The telephone's 24 programmabl e function keys can be customized by the user for one-button
access to co-workers, features like Paging or Park or specific outside lines. The Dual LEDsin each
programmable key help the user see which calls are for them and which features are active. Access
to other commonly used featuresis simplified by 15 fixed feature keys.

In addition, the Super Display Telephone provides a built-in wall-mount bracket, as well as adjust-
able legs which allow each phone to be angled at a height which best suits the user.

Note that the three | P adapters (IP, ADA2, and PSA) do not work on the Super Display Telephones.

At aglance
Super Display Telephone - Part Numbers 0890049 & 0890050
Function Keys: v’ |Accepts 110-Button DSS: ¢ |Accepts 24-Button DLS: ¢/
Handsfree (Speakerphone): ¢ [Dua LEDs: v |ADA Adapter: 4
ADA?2 Adapter: No|APA Adapter: v |APR Adapter: 4
CTA Adapter: v |CTU Adapter: v |ILPA Adapter: No
IP Adapter: No |PSA Adapter: No

Product Description



Section 2: Components Aspire

34-Button Display Telephone — P/Ns 0890045 & 0890046

The 34-Button Display Telephone has a 3-line, 24-character dis-
play with four interactive soft keys for intuitive feature access. In
addition, the 34-Button Display Telephone has 24 user-program-
mable function keys (with Dual LEDSs) for one-button access to
co-workers, features and outside lines. The telephone also pro-
vides 10 user-programmable One-Touch (Personal Speed Dial)
keys and 15 additional fixed feature keys.

The 34-Button Display Telephone has a built-in speakerphone and

can accept optional adapters. You can also assign 110-Button DSS

Consoles or connect 24-Button DL'S Consolesto these phones. Like the Super Display, the 34-Button
Display provides Handsfree Answerback, Intercom voice-announcements. In addition, the 34-Button
Display provides a built-in wall-mount bracket, as well as adjustable legs which alow each phone to
be angled at a height which best suits the user.

#  Ataglance

34-Button Display Telephone - Part Numbers 0890045 & 0890046

Function Keys: v’ |Accepts 110-Button DSS: ¢ |Accepts 24-Button DLS: v/
Handsfree (Speakerphone): ¢/ [Dua LEDs: v |ADA Adapter: 4
ADA?2 Adapter: No|APA Adapter: v |APR Adapter: 4
CTA Adapter: v |CTU Adapter: v |ILPA Adapter: 4
I P Adapter v |PSA Adapter: No

22-Button Display Telephone — P/Ns 0890043 & 0890044

The 22-Button Display Telephone features a 3-line, 24-charac-
ter display with 4 interactive soft keys for intuitive feature
access, in addition to 12 function keys with Dual LEDs. The
function keys are user-programmable and can provide 1-button
access to co-workers, features and outside lines. The telephone
additionally provides 10 user-programmable One-Touch (Per-
sonal Speed Dial) keys and 15 additional fixed feature keys.

The 22-Button Display Telephone has a built-in speakerphone,

provides Handsfree Answerback, Intercom voice-announcements. In addition, the 22-Button Dis-
play provides abuilt-in wall-mount bracket, aswell as adjustable legs which allow each phoneto be
angled at a height which best suits the user.

#  Ataglance

22-Button Display Telephone - Part Numbers 0890043 & 0890044

Function Keys: v’ |Accepts 110-Button DSS: ¢/ |Accepts 24-Button DLS: v/
Handsfree (Speakerphone): ¢/ [Dua LEDs: v |ADA Adapter: ['4
ADA2 Adapter: No[APA Adapter: v |APR Adapter: 4
CTA Adapter: v |CTU Adapter: v |ILPA Adapter: 4
[P Adapter: v |PSA Adapter: No
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Aspire Section 2: Components

22-Button Standard Telephone — P/Ns 0890041 & 0890042

The 22-Button Telephone offers similar capabilities as the
22-Button Display Telephone, but excludes the al phanumeric
display and soft keys.

#  Ataglance

22-Button Telephone - Part Numbers 0890041 & 0890042

Function Keys: v |Accepts 110-Button DSS: ¢ |Accepts 24-Button DLS. v/
Handsfree (Speakerphone): ¢/ [Dual LEDs: v |ADA Adapter: 4
ADA?2 Adapter: No|APA Adapter: v |APR Adapter: v
CTA Adapter: v |CTU Adapter: v |ILPA Adapter: 4
IP Adapter v |PSA Adapter: No
2-Button Telephone — P/Ns 0890047 & 0890048

The Digital 2-Button Telephone offers many keyset features and

conveniences at an analog station set price. Handsfree Answer-

back lets users answer Intercom calls without touching the phone.

The 11 fixed feature keys provide quick access to many essential

features, and the M essage Waiting lamp always shows when there

are unanswered messages.

#  Ataglance
2-Button Telephone - Part Numbers 0890047 & 0890048

Function Keys: v |Accepts 110-Button DSS: ¢ |Accepts 24-Button DLS. No
Handsfree (Speakerphone): v [Dual LEDs: v |ADA Adapter: No
ADA?2 Adapter: No|APA Adapter: No|APR Adapter: No
CTA Adapter: No|[CTU Adapter: No|[ILPA Adapter: No
IP Adapter: No|[PSA Adapter: No

Cordless Telephone — P/N 730088 & 730087

The Aspire System, with software 1.07 or higher, supports the Cordless Telephone.
The DTR-4R-2 Cordless 11 (P/N 730088) is a 900 MHz spread-spectrum digital
cordless telephone that provides mohility, flexibility and convenience for those who
spend much of the workday away from their desk. Fully integrated with the tele-
phone system, the DTR-4R-2 Cordless |1 offers many standard features such as
Park, Do Not Disturb, Hotline, Voice Over and Voice Mail. Normally paired with a
companion keyset for improved 1-button call coverage capahilities, the DTR-4R-2
Cordless 1 will also work as a stand-al one tel ephone.

Where users require greater range on the cordless phones and 3 or less cordless
phones are being used at a specific site, the DTR-4R-2 Cordless || phone is recommended.
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Section 2: Components Aspire

Complemented by 4 fully programmable function keys (with LEDSs), the DTR-
4R-2 Cordless |1 achieves awhole new level of convenience and mobility. An
easy-to-read LCD display, volume controls, a rechargeable nickel-cadmium
battery pack and a handy belt clip round out the elegant and affordable DTR-
4R-2 Cordless || Phone. This phone provides 10 channels.

A second Cordless Phoneis also available: the Cordless Lite |1 (P/N 730087).
The Cordless Lite Il offers the same features as the DTR-4R-2 Cordless ||
except that it uses a NiMH battery and has FM modulation (single channel)
instead of the spread spectrum modulation.

Where more than 3 cordless phones are to be used at one specific site, the Cord-
less Lite Il phoneis recommended. This phone provides 30 channels.

Aspire Wireless (DECT) Phones — P/N 780004

The Aspire system, with software 2.16 or higher, provides the ability to use 2.4
GHz DECT (Digital Enhanced Cordless Telecommunication) phones. These
phones provide you with the freedom and conveniences of awireless phone, but
in addition, you also have access to features provided by the Aspire system.
These phones can not be used on the Aspire S system.

The Aspire Wireless (DECT) phone provides additional options as well.
Alphanumeric Display with Back Light

LED Indication for Incoming and Unanswered Calls
Telephone Book with 80 Number Memory Capacity
Vibration

Auto Log-In (roaming between different systems)

14 Messages Stored

Stack for 10 Caller ID

Silent Mode (mute all sounds)

Redial (last 10 numbers)

Programming Pause

Programming of 2 Different Setups (indoor and outdoor)
Adjustable Volume

Key Lock

9 Different Ring Tones and Adjustable Ring Volume
Microphone Mute

Headset Connection

Automatic Off-Hook (B-Answer)

R-Key for Transfer and Special Services

8 Product Description



Aspire Section 2: Components

Keyset Adapters

Each Aspire keyset (except the 2-Button telephone) accepts the following optional adapters, though
there are limitations with phone types (such as | P) and adapter compatibility. Each telephone can
have up to two adaptersinstalled except when an | P adapter is used. This adapter uses the full space
on the keyset, preventing any other adapter installation. In addition, the |P adapter cannot be used
on a Super Display telephone.

You can install one of these. . .
@ Call Recording Adapter (ADA) (P/N 0890055)

Using the ADA Adapter provides arecording jack connection which provides a connection from a
telephone to an external tape recorder or speaker.

@® Analog Interface with Ringing (APR) (P/N 0890056)
The APR provides an analog interface for akeyset. The APR provides ringing which allows the
connected device to be used for incoming and outgoing calls. It can use the same extension number
asthe keyset (B1 channel) or it can have its own extension number (B2 channel). The APR does not
support reverse polarity, message waiting lamping, or Caller ID.

This adapter requires an AC Adapter (AC-2R), P/N 780135.

The APR for the B1 channel consumes no ports, however, the B2 channel consumes 1

port, ranging from 512 to 1 in descending order.

@® Analog I nterface without Ringing (APA) (P/N 0890057)

The APA provides an analog interface for a keyset. The connected device is used for outgoing calls
only (for example, when using a modem). It does not provide ringing. When an analog deviceisin
use, the keyset cannot be used (as the same port number is used for both devices). If both devices
are picked up at the same time, the analog device takes priority. The APA does not support reverse
polarity, message waiting lamping, or Caller ID.

® RS-232C Adapter (CTA) (P/N 0890058)
Provides a serial interface (RS-232C) connector. This can be used for SMDR or TAPI (1.4) or sys-
tem reporting.

@ SpeakerphoneAdapter (HF-R) (P/N 0890062 & 0890063)
Offers 22-Button, 34-Button, and Super Display keysets high quality speakerphone capability.
This adapter requires an AC Adapter (AC-2R), P/N 780135.

@® USB Adapter (CTU) (P/N 0890059)
Provides a USB connector. This can be used for either SMDR, TAPI (1.4) or system reporting.
This adapter requires an AC Adapter (AC-2R), P/N 780135.

@® 24-Button DL S Console (P/N 0890053 & 0890054)
Refer to the “110-Button DSS Console and 24-Button DL S Consol€e” on 24-Button DL S Console
— P/Ns 0890053 & 0890054 (page 12) for more details.
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® |P Adapter (P/N 0890060)
Provides the ability to communicate through a LAN which is connected to aVOIPU or 8SHUBU
PCB. The VOIPU or 8SHUBU PCB isrequired in order to communicate with non-Vol P Aspire
phones, aswell asto place or receive outside calls. This adapter cannot be used on a Super Display
telephone.

This adapter requires an AC Adapter (AC-2R), P/N 780135.

@ |Phone Power Failure Adapter (PSA) (P/N 0890067)
Provides power failure capecity for the IPhone IP keysets. This allows a user to make or receive an out-
side call using the central officeif an IP keyset is unable to make or receive acal using the LAN.

@ |P Call Recording Adapter (ADA2) (P/N 0890066)
Using the ADA2 Adapter provides arecording jack connection which provides a connection from
an Aspire | Phone to an external tape recorder or speaker.

Thefollowing chart indicatesif there are restrictions when combining certain adapters. Select the

adapter in the column and then select the adapter in the row to seeif there are any restrictions. For
example, using an APA and APR adapter refers you to restriction 3 (only one voice path provided -
adapters can not be used together).

Adapter Compatibility Restrictions
24DLS | IP CTU | CTA | APR | APA | ADA | ADA2 | HF-R | PSA

ADA - 1 - - - - 2 5 - 5
ADA2 5 5 5 5 5 5 5 5 5 5
APA - 1 - - 3 2 - 5 - 5
APR - 1 6 - 2 3 - 5 6 5
CTA - 1 4 2 - - - 5 - 5
CTU - 1 2 4 6 - - 5 6 5
P 1 2 1 1 1 1 1 5 - 5
HF-R - 1 6 - 6 - - 5 2 5
PSA 5 5 5 5 5 5 5 5 5 5
24DLS 2 1 - - - - - 5 - 5

10
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Aspire Section 2: Components

1=The IP Adapter takes the full space provided for adapters on the keysets. Therefore, if an |P adapter is
installed, no other adapters can be used.

2 = Only one adapter of the same type can be used on a keyset.

3 =Asthereisonly one voice path provided for adapters, the APR and APA adapters can not both be used
on the same keyset.

4 = Dueto protocoal callision, the CTU and CTA adapters can not both be used on the same keyset.

5=The ADA2 and PSA Adapters can only be installed on the Aspire IPhone, which only has one adapter
connection. Therefore, if either the ADA2 or PSA isinstaled, no other adapters can be used.

6 = Asthis adapter requires the AC power adapter, it can not be installed on a phone with an APR or
Speakerphone adapter, which also requires power. The placement of the AC power adapter plug will
not allow the unit installed on the |eft side of the phone to receive power.

When installing the adapters, the keyset should first be unplugged from the system. Also note that
the adapters may have an AC/DC power jack. Power is not required for all the adapters. You should
refer to the information for the specific adapter to determine whether a power source is needed.

Telephones with any of these adapters installed cannot be wall-mounted. The bracket will not
accommodate the adapter(s).

Product Description 1
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Optional Equipment

2PGDAD Module — P/N 0891027

The 2PGDAD module provides two circuits which allow
connection to external terminals such as:
® Door Box
(Aspire S: 4 max. per system, Aspire: 8 max. per system)
® External Speaker with Amplifier
(Aspire S: 4 maximum with 2PGDAD modules, Aspire: 8 maximum with 2PGDAD modules,
1 onthe NTCPU)
® External Music Source (external MOH)
(Aspire S: 8 maximum per system, Aspire: 96 maximum per system)
® External Recording System
(Aspire S: 8 maximum per system, Aspire: 96 maximum per system)
® Externa Ringing

TheAspire S supports atotal of 10 2PGDAD modules on the system which can be used within the
feature maximums indicated above. The Aspire supports atotal of 56 2PGDAD modules on the sys-
tem which can be used within the feature maximums indicated above.

The 2PGDAD module also provides multi-purpose controls. These control relays can be used for
controlling the external amplifier, external music source and door lock control with the use of a
Door Box. The Aspire S system allows for up 8 genera purpose relays with the 2PGDAD modules.
TheAspire system allows for up 8 general purpose relays with the 2PGDAD modules and 1 on the
NTCPU for amaximum of 9.

The 2PGDAD module connects to any available digital extension port. The terminal connections
made within the PGDAD module and the jumper settings determine what features are used for each
circuit.

110-Button DSS Console — P/Ns 0890051 & 0890052
24-Button DLS Console — P/Ns 0890053 & 0890054

The DSS (Direct Station Selection) Console gives a keyset user a
Busy Lamp Field (BLF) and one-button access to extensions,
trunks and system features. The 110-Button DSS Console pro-
vides an additional 100 programmable keys, while the 24-Button
DL S Console provides 24 programmable keys. The 110-Button
DSSalso has 10 fixed feature keysfor Paging, calling Door Boxes,
activating Night Service and enabling DSS Console Alternate
Answer. There are also two keysthat allow “shifting” between the
first and second set of 100 extensions.
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Keep the following in mind when installing DSS Consoles:
® A 110-Button DSS Console requires a separate digital station port.

® A 24-Button DLS Console does not require a separate station port.

® The system allows for amaximum of 4 (Aspire S) or 32 (Aspire)
110-button DSS Consoles. One extension can have a maximum of
4 110-button DSS Consoles. As the 24-button DL S Console is connected to the bottom of the
phone, an extension can only have one 24-button DL S Console installed, but each extensionin
the system can have a 24-button Console (maximum of 24 on Aspire S or 256 on Aspire). An
extension can have a 24-button DL S Console and 4 110-button DSS consoles installed/
assigned.

® A 24-button DLS Console cannot be installed on an |Phone.

® By default, the 24-Button DL S Console has no keys defined. These keys can be programmed
as line keys, extension DSS keys, or programmable function keys using Program 15-07. To
program the keys, use the extension number to which the DLSisinstalled and, regardless of
the type of keyset connected, start programming the DL S keys at key number 25. Service
codes 851 and 852 can a so be used to program these keys if allowed by an extension’s Class of
Service.

® By default, the 110-Button DSS Consol e has extension DSS keys defined. These keys can be
programmed as line keys, extension DSS keys, or programmable function keys using Program
30-03-01. Service codes 851 and 852 can also be used to program these keys if allowed by an
extension’s Class of Service.

For additional information, refer to Direct Station Selection (DSS) Console in the Software Manual.

Audio Emcee Kit — P/N 750316

The Audio Emcee message on hold system provides the ability to use a CD-based on-hold messag-
ing system connected to the Aspire through the music on hold (MOH) port. When business calls are
placed on hold, callers will hear advertisements that can help enhance the company image, cross
sell products and services and reduce caller hangs-ups by keeping callers entertained and informed.
Calerswill hear programmed selections and this cycle will repeat until the call is answered.

Thekit includes:
® MOH Unit

® Infrared Remote
® RCA Connecting Cable
® Starter CD with 24 Message/Music Tracks
(8 music tracks, 8 courtesy tracks, 8 holiday tracks)
® Caertificate Good for 8 Customized Messages
® Operating Guide

® lYear License

Product Description
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Door Box — P/N 92245

Headsets

The Door Box is a self-contained Intercom unit typically used to monitor an
entrance door. A visitor at the door can press the Door Box call button (like a door
bell). The Door Box then sends chime tonesto al extensions programmed to
receive chimes. The Door Box is weather-tight, but where possible, should have
some coverage from the weather. A 2PGDAD Module is required for this feature.

Each 2PGDAD module audio output can optionally support two analog Door Boxes. In addition,
you can connect each circuit’s control relay to an electric door strike. This allows an extension user
to remotely activate the door strike while talking to avisitor at the Door Box. The control relays are
normally open. The NTCPU also provides 1 relay. Thisrelay is defined asrelay ‘O’ in program-
ming. The relays on the 2PGDAD modules are numbered 1-8. The system can have up to four
(Aspire S) or eight (Aspire) Door Boxes.

Headsets are perfect for users who spend alot of time on the phone. They enable users to become
more productive by freeing their hands while talking on the phone and also prevents neck strain
from trying to balance the handset between their ear and shoulder. The following modular headsets
are compatible with the Aspire system.

Polaris™ Supra® Monaural, Noise Cancelling (P/N 750636)
Polaris™ Supra® Binaural, Noise Cancelling (P/N 750633)
Polaris™ SupraMonaura (P/N 750632)

Polaris™ Encore Monaural - Voice Tube (P/N 750634)
Polaris™ Encore® Binaural, Noise Cancelling (P/N 750635)
Polaris Tristar - Voice Tube (P/N 750630)

Polaris Mirage - Voice Tube (P/N 750631)

CT-11 Cordless Headset Telephone (P/N 730089)

CT-11 Cordless Headset Telephone (P/N 730089)

The CT-11 isa 2.4GHz cordless headset which connects to an analog port or an analog telephone
line as a stand-al one unit or to an analog port adapter (APR, P/N 0890056). When the APR is set up
as the same extension of the telephone, you can use the headset to answer and make calls using the
cordless headset. The CT-11 offers Caller 1D, but only if it is connected to an analog port on an ana-
log station card. The CT-11 will not receive Caller ID if it is connected to an APA or APR adapter
(these adapters do not output Caller ID).

The number of units which can be used on the system is greatly affected by the environment. The
closer or smaller the area, the smaller the number of units which can be used. It is recommended to
start with 3 or less. If there are no conflicts between the telephones, you can try adding additional
units (up to 5 would be the recommended maximum).

When using wireless LAN, keep in mind that although there should not be a problem with interfer-
ence from WLAN's, 802.11b and 802.11g both share the same frequency asthe CT-11 telephone.
In theory, the CT-11 isanarrow band high power device where asthe 802.11b and 802.11g are both
wide band low power technologies. Therefore, the higher power CT-11 could disrupt the low power
device and dlow the data network. There are, however, many exceptions to this (for example, if the
WLAN uses highly directional antennas, higher power relays between buildings, etc.). The CT-11
can not lock down channels, unlike the 802.11b and 802.11g.

14

Product Description



Aspire Section 2: Components

The CT-11 features include:

2.4 GHz Cordless Headset Phone

Range of Up to 150’

6 Hours of Talk Time, 80 Hours Standby Time
Audible Low Battery Indicator

Single Line Operation

Ultra-Compact Remote Unit with Belt Clip
Variable Range Volume Control

10 Speed Dial Numbers

Page/Find Feature

Redial/Flash

Mute with Audible Reminder
Tak/Charge/Power Indicator Lights
Built-in Headset Stand

SLT Adapter — P/N 0891026

The SLT Adapter convertsadigital port from an ESIU PCB into an
analog port which can be used for connecting on-premise 2500
type single line devices (i.e., telephones, fax machines, modems,
etc.). Caller ID is supported by these adapters. The SLT Adapter
provides the ring generator circuit used by the analog device. The .
unit provides constant current which isfixed at 47 mA. Each SLT s
Adapter requiresits own digital port.

Refer to Sngle Line Telephones in the Software Manual for more details.

VSR Adapter — P/N 0891026 @

The Dterm® Voice Security Recorder (P/N 780275) isa
USB device that taps across the digital extension pair of
the NEC telephone system allowing digital recording of
the keyset user’s conversation. Thefile created is saved
either to thelocal PC or to anetwork location, depending
on the application’s setup. This adapter isfor usewith
digital keysets. It cannot be used with analog, Vol P or
i-Series phones. Dighal PBX

USE Pont

Digital Keyset

CAUTION
The use of monitoring, recording, or listening devices to eavesdrop, monitor, retrieve, or record
telephone conversation or other sound activities, whether or not contemporaneous with transmis-
sion, may beillegal in certain circumstances under federal or state laws. Legal advice should be
sought prior to implementing any practice that monitors or records any telephone conversation.
Some federal and state laws require some form of notification to all parties to a telephone conver-
sation, such as using a beep tone or other notification methods or requiring the consent of all par-
ties to the telephone conversation, prior to monitoring or recording the telephone conversation.
Some of these laws incorporate strict penalties.

PC Compatibility

The Dterm® Voice Security Recorder application supports Microsoft operating systems which sup-
port USB devices such asWindows 98SE, Windows ME, Windows 2000, and Windows XP. Note
that Windows 95 and below, Windows NT and Macintosh operating systems are not supported.
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Aspire S Common Equipment
Aspire 6 Slot KSU w/ CPU and PS — P/N 0890005 =

The KSU isthe system’s control center. It houses the Power Supply,
CPU, has six PCB dlots and provides for connection to trunks and exten-
sions. The dlots are universal. They can be used for any combination of
Common, Trunk or Station PCBs. The CPU controls all the functions
and operations of the Aspire system using the system software loaded
into the CPU memory. The KSU can be floor, wall or rack mounted.

The CPU, which is pre-installed, controls all the functions and operations of the Aspire system using
the system software loaded into the CPU memory. One 32-bit CPU isinstalled in the system cabinet.

H!Ii

[T

i

The CPU provides the following:

Accommodates up to 34 ports (8 trunks x 26 extensions)
8 digital station connections
A 2PGDAD module cannot be connected to port 1 or port 2.
2 analog station connections (no Message Wait lamping)
4 diagnostic LEDs which indicate the status of various system functions
During normal operation, the* LD2" LED will be flashing. The remaining LEDs can
flash on or off depending on the current system operation.
Time Switch (383 ch)
Digital Phase Locked Loop (DPLL): digital phase synchronization loop
SFLM Generation
DSP (Digital Signal Processor: provides C-Channel control
® Tone Generation
DTMF Tone Sender/Receiver
System Tone Sender
MFC Tone Sender
MF Signal Sender (Sends caller information to CO for E911)
Call Progress Tone Detector
C-Channel Control
Time Switch control
HDLC (High-Level DataLink Control) Packet Processing
Conference; 32 Channels
@ Cadler ID Receiver/Generation; 16 Channels
TAPI LX/TAPI 2 Support
A load button which is used for initial system startup or when upgrading system software
One Seria Port
One Compact Flash Card Slot
OneAudio Input Terminal (external MOH/BGM source)
General Purpose Control Terminal
Hold Tone Transmit
IP
Real Time Clock (tolerance 30 seconds/month)
Internal MOH Generation
One Connector for PAL EPROM
One lithium battery (Sony CR2032 or equivalent) which provides battery back-up of
system data and RAM memory for approximately 30 months

16
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Floor/Desk Stand Mounting Brackets — P/N 0891303

The Floor/Desk Stand Mounting Brackets are used to secure the KSU in an upright position to
either afloor or desk area

19” Rack Mount Bracket — P/N 0891300

The 19" Rack Mount Bracket is required to install the KSU onto a 19” rack mounting system.

DSP Resource Daughter Board (DSPDB) — P/N 0891003

The DSPDB provides the option for the VRS (Voice Response Sys-

tem) feature. This daughter board is mounted on the CPU and

provides:

® 8VRSCircuitswith aVRS Flash Card Ingtalled (replays up to 8 cir-
cuits simultaneoudy; records up to 8 circuits simultaneoudy)

® Compact Flash Slot for VRS Feature

Note: The DSPDB does not provide any additional resources as with the Aspire M/L/XL.

Flash VRS CF (DSPDB Compact Flash Card) (DSPDB) — P/N 0891040

The Flash Card adds Voice Announce/Automated Attendant features

0 and isinstalled on the DSP Resource daughter board.

LAN Connection (ENTU) PCB — P/N 0891053

An ENTU PCB isrequired when aVolP PCB isinstalled. If the ENTU is hot installed,
the systemwill not start up.

The ENTU PCB providesaLAN connector which is compatible with 100Base-TX and 10Base-T.
This PCB is compatiblein LAN applications using 10Mbps and 100Mbps. All ports will automati-
cally identify and switch 100Base-TX, 10Base-T and Full/Half Duplex. This PCB is required for
connecting with PCPro/WebPro viaa LAN connection.

The Vol P PCB, which isrequired in order for | P telephones to communicate with non-Vol P Aspire
phones, aswell asto place or receive outside calls, must be connected to an external switching hub.

The PCB plugsinto the CN6 and CN7 connectors on the CPU, with a maximum of 1 per system.
Each PCB provides an RJ61 port connector. Thisis used to connect to aLAN terminal or external
switching hub. Depending on the type of LAN terminal, the PCB may not be able to detect the dif-
ference between straight cable and cross-cable automatically. If auto-crossover is not functioning,
use straight cable for that terminal connection.
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If POE (power over ethernet) isto be used to eliminate the separate power adapters, a separate power
sourceisrequired. It is recommended that you use a power switch and/or power hub which is IEEE
802.3AF compliant. For example, the PowerDsine 6xxx series of products is unique in the fact that
in addition to offering IEEE 802.3AF support, it also provides for the NEC proprietary detection
and, therefore, the ILPA (In Line Power Adapter) is not required. For systemswhich require layer 2
switching capability and PoE, the NEC BlueFire 200/24 switch is recommended. This unit provides
layer 2 switch capability in addition to being able to supply ethernet power to 24 NEC IP terminals.
For this unit, power feeding is through the signal pair (1/2, 3/6) or spare pair (4/5, 7/8).

Aspire S Trunk PCBs

4 CO Loop Start Trunk Card (4COIU-S) —

P/N 0891046

2 DID/OPX (2DIOPU-S) Card — P/N 0891047

The Analog Trunk (4COIU) PCB provides:

4 analog loop start line/trunk circuits - no ground start is provided
4 trunk status LEDs

4 Caller ID Circuits

1 Power Failure Transfer Circuits

1 PCB status LED

1 PABX Grounding Wire

The CN5 and CN7 connectors each provide connection to 2 anal og trunk

ports, which are polarity sensitive (tip to tip, ring to ring). The power

failure circuit, however, is not polarity sensitive. A maximum of 2
4COIUs per system is allowed.

The 2DIOPU PCB supports the analog DID and single line telephone
interface functions (such as Off-Premise Extension). The function type
is assigned in programming for each port.

The DIOPU PCB provides:

® 2 DID/OPX trunk circuits

® 2DID/OPX trunk status LEDs
® 1PCB statusLED

® 1PBXG Grounding Wire

The CN201 connector provides connection to 2 analog DID trunk ports,
which are polarity sensitive (tip to tip, ring to ring). The OPX circuits,
however, are not polarity sensitive. The DIOPU requires one universal
slot, with 4 maximum PCBs per system. The system will assign either trunk or extension portsto
the PCB based on the system programming (10-03-01). The PCB provides track resistance of 1500
ohms (PB loop) and 3000 ohms (DP loop) which includes the DC resistance of the terminal. This
PCB requires system software 2.21 or higher.

18
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Aspire S Station PCBs

8 Aspire Digital Card (8ESIU-S) — P/N 0891051

The 8ESIU PCB provides:

8 digital extension circuits (used for digital telephones, DSS consoles,
1SLTAD adapters, 2PGDAD adapters)

1 extension status LED (indicates status for 4 extensions)

1 PCB status LED

The CN3 and CN4 connectors each provide connection to 4 digital station
ports. The ESIU requires one universal slot, with a maximum of 2 PCB’s
per system. Note that this PCB can not beinstalled in dlot 7 or 8.

The 8ESIU consumes 8 ports ranging between ports 001-26. There must be
enough available portsin order for the Aspire system to recognize an
8ESIU PCB.

4 Analog Station Card (4SLIU-S) — P/N 0891048

The 4SLIU PCB provides:

4 analog extension ports (used for on-premise anal og telephones, fax
machines, and analog modems)

4 extension status LEDs

1 PCB status LED

Connector for 4SL1DB Daughter Board

Ring Generator

Message Wait Lamping Ability

Note: When connecting a fax machine or analog modem, make

sureto set Program 15-03-03 to * 1’ (special terminal) to avoid communication problems.

The CN3 connector provides connection to 4 analog station ports and are not polarity sensitive. The
4SLIU isinstalled in auniversal slot with a maximum number of 4 PCBs per system. This number

of PCBs installed will reduce the number of 4SLIDB PCBs which can beinstalled. If 34SLIU

PCBsareingtalled, only 1 4SLIDB can beinstalled. If 4SLIU PCBs areinstalled, the 4SLIDB can
not be used. There must be enough available portsin order for the Aspire system to recognize an
4SLIU PCB.

Product Description
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Aspire

4 Analog Station Expansion Daughter Board (4SLIDB-S) —

P/N 0891049

The 4SLIDB daughter board provides:

4 anal og extension ports (used for on-premise anal og tel ephones, fax
machines, and analog modems)

Connector for 4SL1U PCB

Ring Generator

Message Wait Lamping Ability

Note: When connecting a fax machine or analog modem,
make sure to set Program 15-03-03 to ‘1’ (special terminal) to
avoid communication problems.

The CN3 connector provides connection to 4 analog station ports and are
not polarity sensitive. The 4SLIDB isinstalled on the 4SL1U PCB. Upto 2 PCBscan beinstalled in
the system maximum, but this number may be reduced depending on how many 4SL1U PCBs are
installed. If 34SLIU PCBsareinstalled, only 1 4SLIDB can beinstalled. If 4SLIU PCBs are
installed, the 4SLIDB can not be used.
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Voice Mail

4 Port IntraMail Compact Flash Card — P/N 0892175

The IntraMail isaplug-in “in-skin” full-featured, DSP-based inte-
grated Voice Mail with Automated Attendant for the Aspire S (with

"7 software 2.50 or higher). This card isinstalled on the DSP Resource

daughter board.

The 4 port compact flash card provides:

® 4\Voice Mail ports, 4 hours of message storage, and up to 160 mailboxes.
It requires a DSPDBU Daughter Board P/N 0891003.

The IntraMail Automated Attendant answers incoming calls and routes them quickly and effi-

ciently. Integrated Voice Mail features include Conversation Record, Answering Machine Emula-
tion, and Caller ID with Return Call. Interactive Soft Keys guide the display telephone user through
the extensive IntraMail feature set. This feature is available in PCPro software 2.30 or higher.

8 Port IntraMail Compact Flash Card — P/N 0892177

The IntraMail isaplug-in “in-skin” full-featured, DSP-based integrated Voice Mail with Auto-
mated Attendant for the Aspire S (with software 2.50 or higher). This card isinstalled on the DSP

Resource daughter board.

The 8 port compact flash card provides:
® 8Voice Mail ports, 8 hours of message storage, and up to 160 mailboxes.
It requires a DSPDBU Daughter Board P/N 0891003.

The IntraMail Automated Attendant answers incoming calls and routes them quickly and effi-

ciently. Integrated Voice Mail features include Conversation Record, Answering Machine Emula-
tion, and Caller ID with Return Call. Interactive Soft Keys guide the display telephone user through
the extensive IntraMail feature set. This feature is available in PCPro software 2.30 or higher.

IntraMail Specifications

0892175 0892177
Ports: 4 8
Station Mailboxes: 128
Routing Mailboxes: 16
Master Mailboxes: 16

(Only 8 of the 16 Master mailboxes are accessible in Aspire S.)

Total Mailboxes: 160
Storage Hours: 4 Hours | 8 Hours
Answer Tables: 8
Dial Action Tables: 16

Programming Interface;

Aspire Stelephone programming or Aspire PCPro software 2.30+.

Remote Programming:

Access ViaHTML-based Aspire WebPro or using customer-pro-
vided modems with Aspire PCPro.

Voice Storage Media:

Flash Card (on IntraMail PCB)

Languages:

1 (English Mnemonic)

Product Description
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IP Interface Cards

4 CH VoIP Media Gateway (4VOIPU-S) — P/N 0891054

An ENTU PCB isrequired when a \olP PCB isinstalled. If the
ENTU is not installed, the systemwill not start up.

The4VOIPU PCB is used for converting the RTP (Real Time Transfer Proto-
col) packets viathe |P network and PCM highway. The I P telephones are
connected directly to the IP bus. When IP phones need to be connected to a
conventional PCM-based digital circuit, this PCB converts the | P packet sig-
nal into aPCM signal format and connects to the PCM time division switch.

TheVOIPU PCB isrequired in order for | P telephones to communicate with
non-Vol P Aspire phones, as well asto place or receive outside calls.

The 4VOIPU PCB provides:

4VOIPU PCB provides up to 4 channels
Connector for the 4VOIPDB daughter board (providing an additional 4 channels)
1 PCB status LED

DB status LED

RIP session status LED

PCMCIA slot LED

Reset switch

Load switch

Boot jumper

1 run/block switch

A maximum of 3 PCBs per system are allowed. This provides 12 channels per system with the
4VOIPU (with the 4VOIPDB, 24 channels are available).

The separate software hub should be a 100Base/full duplex hub. To avoid network problems and to
ensure good voice quality, do not use a Repeater Hub/10Base.

The Aspire Vol P supports H.323, H.325, and H.245 trunks and compressions of G.711, G.723.1,
and G.729.
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4 CH VolP Media Gateway Expansion Daughter
Board (4VOIPDB-S) — P/N 0891055

TheVOIPDB daughter board provides:

® 4channels

® Connector for the 4vVOIPU PCB (combination provides a
maximum of 8 channels per slot)

TheVOIPDB isinstalled on the VOIPU PCB with amaximum
of 3 daughter boards per system. This provides a maximum of
24 channels when combining the 4VOIPU and 4VOIPDB.

When installing a4V OIPU with a4VOIPDB PCB, the system uses a consecutive block of 8 trunk
portsif there are 8 ports available.When installing a Vol P PCB, the system automatically assigns
trunk ports to match the card’s port capacity. For example, the 4VOIPU with a 4vVOIPDB would
take 8 trunk ports. Extension ports are not reserved until an 1P phone is connected to the system.
When thefirst IP phone is plugged in, the system takes the next four consecutive extension ports
available and automatically assignsthem as I P ports. The next three | P phonesinstalled will usethis
group of ports. When thefifth IP phone is connected, the next 4 consecutive extension ports avail-
able will be assigned as I P ports.

If the number of trunk ports reserved by the system isa concern (asit could be with the Aspire S
system), install the trunk cardsfirst, then install the VOIPU PCB. Thiswill allow the trunksto be
assigned to the COIU, DIOPU, etc. first. If there are not enough trunk ports available for the Vol P
PCB, the system will still recognize the card and alow it to be used for | P phones.

If the PCB is not going to be used for trunks, the logical trunk ports can be set to ‘0" in Program
10-03-01 : PCB Setup, but the physical trunk ports are still assigned to the PCB and cannot be used
for any other PCB unless the PCB is deleted from the slot in Program 90-05 : Slot Control.

The Aspire Vol P supports H.323, H.325, and H.245 trunks and compressions of G.711, G.723.1,
and G.729.
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IP Station Equipment

34B Aspire IPhone - BK — P/N 0890065

This keyset provides a network connector which alowsiit to be used
with the VoI P feature.

The 34-Button Aspire | Phone has a 3-line, 24-character display with four

interactive soft keys for intuitive feature access. In addition, it has 24

user-programmable function keys (with Dua LEDS) for one-button

access to co-workers, features and outside lines. The telephone also provides 10 user-programmable
One-Touch (Persond Speed Did) keys and 15 additiona fixed feature keys.

The 34-Button Aspire IPhone has a built-in speakerphone and can accept optional |P adapters
(PSA, ADA?2). You can also assign 110-Button DSS Consoles to these phones, but they must be on
site (not networked). It provides Handsfree Answerback, Intercom voice-announcements. In addi-
tion, the telephone provides a built-in wall-mount bracket, as well as adjustable legs which allow
each phone to be angled at a height which best suits the user.

H.323 IP Phone — P/N 780005

This UIP300 H.323 IP phoneis a business | P phone in an enterprise
LAN environment and will be connected to IP PBX systemsviaan

RJ5 network cable.

Standard Telephone Features:

® Alphanumeric LCD display with 2 lines of 24 characters

® 10LED indicators(Linel/Line2! / Status/ Mute/ Speaker (Headset) / 5 Function keys)

® 12Key Dia Pad

® 20 Specific Keys (5 Function keys, Menu, Select, Cancel/Del, Transfer, Mute, Redial, Hold,
Conference, Speaker, Line 1 and 2 keys, Volume Up and Down keys, Menu Up and
Down keys)

® Local Dateand Time

@ Call Duration Display

® Volume Control for Speaker, Handset, Headset, and Ringer

® Phone Book, Speed Dial, Dial from Call Logs (30 Outgoing Calls, 30 Incoming Calls and 15
Missed Calls)

® Redia, Hold?, Mute

® Call Waiting, Call Forward, Call Transfer, 3-Way Conference, Do Not Disturb (DND)

® Display Caller ID (Name & Number)

® On-hook Dialing, Handsfree Talking (Full Duplex)

® DTMF Generation

® 8Ringer Tones

This phone does not support the following:

The phones cannot send digits after acall has been placed and before it is answered. This
means that features which use single digit service codes, such as Voice Over and Barge-In, are
not available with this type of phone.

These phones do not provide P-codes, and therefore, cannot be used with the inDepth application.
The Message Waiting/Voice Mail LED will not flash when there are new messages.
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Vol P Specific Features:

H.323 v1, 2 Standard Compliant

Gatekeeper Routed and Direct Routed Call Models

Voice Codec: G.711 (64kbit/s, u-Law and A-law), G723.1, G729AB
E.164 Diding

Acoustic Echo Cancellation (G.167)

Rapid Configuration with DHCP or Statically Configured IP Address
VoiceActivity Detection (VAD)

QoS (IEEE 802.1 p/q Based and DiffServ)

Jitter Compensation

10/100 Base-T Ethernet Interface

1 Only one phone number will be assigned to this I P phone. Line 2 is not available for a gateway
system

2 Hold, Transfer, Call Forward and Conference will not be available in the | P address call mode but
in the phone number dial mode only

Aspire Soft Phone — P/N 0893641

Aspire Soft Phoneisa
business phone which
works on a personal
compuiter. It enables

2=16 WED 8:29AN

various telephony 345 sTA 345

List Dir ICM Frog

functionsusing an IP
network connecting
with the Aspire &/
Aspire system

Thisallows you to cap-
italize on the advan-
tages of aconverged
voice and data network
whether you're in the
office or on the road.
The Aspire Soft Phone
application combines
traditional business
communication needs
with the data applications you reguire.

The Aspire Soft Phone delivers high quality voice viaa USB-connected handset or headset or viaa
PC sound card, microphone and speakers. The Aspire Soft Phone functions include, not only mak-
ing and receiving calls, but also placing calls on hold, intercom calls, conferencing, etc. The appli-
cation can display alayout of an Aspire keyset to allow for ease of operation. Using the cursor,
simply point and click to operate the Aspire Soft Phone as you would an Aspire keyset.
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In-Line Power Adapter (ILPA-R) — P/N 780122

The In-Line Power Adapter (ILPA-R), which is IEEE 802.3af compliant, detects power from a
PoE-compatible ethernet switch and passesit to the IP terminal. The ILPA does the negotiation and
detection with the switch and then relays the power to the |P terminal device. This provides an addi-
tional way to power the NEC IP terminals (Aspire | Phone or Aspire Keyset with IP Adapter). With
this adapter, the IP terminals on the Aspire can be powered using:

Local power connecting the | P terminal to alocal AC wall outlet using the AC-2R Adapter
(P/N 780135)

NEC power supply PoE-managed switch (BlueFire 200/24) (in-line and spare pair detection)
Aspire 8SHUBU PCB (P/N 0891021) (spare pair detection)

Cisco Data Switch - CDP supported (in-line and spare pair detection)

In-Line Power Adapter

Keep the following in mind when installing an ILPA:

Only 1P telephones supported by center feed can be used.

This adapter can not be used with the H.323 telephones.

When center feed is used, first unplug the adapter from the ethernet switch before changing the
SW1 setting on the back of the adapter.

Please note that the ILPA-R adapter isintended for use with the Aspire | Phones (P/N 0890065)
and |P Adapters (P/N 0890060). Installing any other device into the telephone port of the
ILPA-R may result in damage to the device.

When powering an | P phone using an IL PA-R adapter, the phone should not get connected to a
port on the 8SHUBU PCB.

AC Adapter (AC-2R) — P/N 780135

The AC Adapter isrequired for the IP adapter or Aspire | Phone if
external power is needed. Also required for APR, CTU, and Speaker-
phone optional keyset adapters.
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Aspire (M/L and XL) Common Equipment

Aspire 8 Slot KSU w/o PS — P/N 0890000

nine PCB slotsand providesfor connection to trunks and extensions. The

The KSU isthe system’s control center. It houses the Power Supply, has . 4

first slot in the KSU is dedicated to the NTCPU. The next slot isauniver-
sal slot which should be reserved for a Digital Station Card. The remain-
ing seven dlots are also universal. They can be used for any combination
of Common, Trunk or Station PCBs. The KSU can be floor, wall or rack
mounted.

® You should plug aDigital Station Card into the first universal slot.

Aspire XL Power Supply Cabinet w/o PS — P/N 0890068

The Aspire XL power supply cabinet accommodates up to two AC/DC
power supplies. This cabinet isto be installed as the bottom cabinet of a
3-cabinet system (the top two cabinets containing the NTCPU, DC/DC

Converters, and PCBS). h i .

Note: TheAspire XL system can support mixed hardware configura-
tions. With an Aspire XL AC/DC power supply cabinet and aDC/
DC Converter in one cabinet, the second cabinet can contain up to
two Aspire M/L power supplies (P/N 0891000).

Central Processing Unit (NTCPU) PCB — P/Ns 0891002 & 0891038

The NTCPU controls all the functions and operations of the Aspire system
using the system software loaded into the NTCPU memory. One 32-bit
NTCPU PCB must be installed in the CPU dlot in the Main Cabinet. There
are two versions of NTCPUs. The first version, P/N 0891002, is a 64-port
basic NTCPU. The second version, P/N 0891038, is a feature-enhanced, 256
extension port NTCPU.

To upgrade from the basic 64-port NTCPU, a Feature Upgrade chip (P/N
0891039) is available. The NTCPU provides a connector (CN14) for the
upgrade PAL EPROM chip. Make sure when installing this upgrade chip on
the NTCPU that you wear a grounded wrist strap. Using software 4.0E and
higher, the Feature Upgrade PAL chip (P/N 0891039), supports 128 portsfor
trunks, extensions, and voice mail (internal and external). With prior soft-
ware, only 64 ports are available.

Product Description
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The 64-port basic CPU (P/N 0891002), with the basic factory-installed PAL chip, provides:

® 64 ports maximum for trunks, extensions, and voice mail (internal or external)

® 64 ports maximum for the NEC Aspire Wireless 2.4 GHz and | P Phones

® 256 virtual extensions

® Supportsthe 4VOIPU PCB and 4VOIPDB

® Supports TAPI 1.x

® VRS (Requires DSPDB Daughter Board and software 2.00+ - prior to this software version,

the VRS is not supported by the basic factory-installed PAL chip)

® T1Trunks (Requires software 4.0E+ - prior to this software version, this was not supported)

® PRI Trunks(Requires software 4.0E+ - prior to this software version, this was not supported)

® DSPDB Daughter Board (providing 32 channels for the DTMF Receiver, Call Progress Tone
Detection and Caller ID Receivers) (Requires software 4.0E+ - prior to this software version,
the DSPDB did not support the additional channels)

® Supportsthe 32ESIU PCB

NOT SUPPORTED by the 64-port basic CPU, with the basic factory-installed PAL chip:

@ Expansion Cabinet e 16VOIPU PCB and ® BRI S-Bus/T-Bus
® Third-Party CTI/TAPI 2 16VOIPDB ® E&M Trunks
e ACD ® Networking

The 64-port basic CPU (P/N 0891002), with the Feature Upgrade PAL chip, provides:

128 ports maximum for trunks, extensions, and voice mail (internal or external)
(Requires software 4.0E+ - prior to this software version, only 64 ports are supported)
128 ports maximum for the NEC Aspire Wireless 2.4 GHz and | P Phones
(Requires software 4.0E+ - prior to this software version, only 64 ports are supported)
256 virtual extensions
Supports the 4VOIPU PCB and 4vOIPDB
Supports TAPI 1.x
VRS (Requires DSPDB Daughter Board)

The 64-port basic CPU, with the Feature Upgrade PAL chip, supports:

® Expansion Cabinet ® Third-Party CTI/TAPI 2 e PRI Trunks

e DSPDB Daughter Board (providing32 e 16VOIPU PCB and ® BRI S-Bus/T-Bus
channels for the DTMF Receiver, Call 16VOIPDB ® E&M Trunks
Progress Tone Detectionand Caller ID @ T1 Trunks ® Networking
Receivers) ® ACD e 32ESIU PCB
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The enhanced CPU (P/N 0891038) provides:

200 trunk ports maximum

256 extension and voice mail (internal or external) ports maximum

512 ports maximum for the NEC Wireless 2.4 GHz and | P Phones (more than 256 Wireless
and | P phones reduces the number of available extension ports)

256 virtual extensions

Supports the 4VOIPU PCB and 4VOIPDB

Supports TAPI 1.x

VRS (Requires DSPDB Daughter Board)

The enhanced CPU supports:

Expansion Cabinet ® Third-Party CTI/TAPI 2 e PRI Trunks
DSPDB Daughter Board (providing32 e 16VOIPU PCB and ® BRI S-Bus/T-Bus
channels for the DTMF Receiver, Call 16VOIPDB ® E&M Trunks
Progress Tone Detection and Caller ID @ T1 Trunks ® Networking
Receivers) e ACD e 32ESIU PCB

Each version of the NTCPU provides the following:

Five diagnostic LEDs which indicate the status of various system functions
During normal operation, the* RUN" LED will be flashing and the remaining LEDs will be off.
1019x1019 Time Division Multiplex Switch (TDM Switch)
Digital Phase Locked Loop (DPLL)
Tone Generator
DTMF Tone Sender
32 Tone Resources (for DTMF Receiver, Caller ID Receiver, and Call Progress Tone Detection)
System Tone Sender
MFC Tone Sender
MF Signal Sender (Sends caller information to CO for E911)
Call Progress Tone Detector
C-Channel Control
Conference; 64 Channels
Caller ID Receiver; 32 Channels
Caller ID Sender; 4 or 10 Channels for Analog Stations
This can be expanded up to 20 by disabling 32 channels of the Conference circuits and
disabling the MFC Tone Sender.
A reset switch (RES) which can be used to reset the system
A load switch (LOAD) which isused for initial system startup or when upgrading
system software
One Seria Port
One USB Port (requires USB driver - download from NEC web site)
One Ethernet Port (10 Base-T/100 Base-TX)
One PCMCIA Slot
One EXIFU Interface Connector
Two Audio Input Terminals
OneAudio Output Terminal
One Night Mode Terminal for External Switch
One Music On Hold External Source

Product Description
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Aspire

HDL C Packet Processing

Real Time Clock (tolerance 30 seconds/month)
Internal MOH Generation

One Connector for DSPDBU Daughter Board
One Connector for PAL EPROM

system dataand RAM memory for approximately 30 months

One lithium battery (Sony CR2032 or equivalent) which provides battery back-up of

! IMPORTANT!

defined settings, etc.)

After removing a previously installed NTCPU, handle the PCB, carefully,
from the edges. If certain solder points/resistors are touched on the back of
the PCB, some RAM/temporary memory may be lost (ex: time, date, user-

Aspire M/L Power Supply — P/N 0891000

The Power Supply provides the DC voltage for the Cabinet PCBs and all
telephones connected to the Cabinet Station PCBs.

Each Aspire M/L system cabinet must have at least one power supply

installed. In order to determine if asecond power supply isrequired, referto @ - |

the load factor charts located in Section 2 of the Aspire Hardware Manual
(P/N 0893100).

Note: One power supply can provide power to 64 analog or digital tele-

phones. If morethan 64 telephones are connected to a cabinet, a second
power supply must be used.

Aspire XL Power Supply Set — P/N 0890069

This set contains a power supply and DC/DC Converter required to convert an Aspire M/L system

to an Aspire XL system, with expanded physical port capacity.

This kit includes the following:
® AC/DC Power Supply (IPIWW-PSADU-A1) for the Aspire
XL Power Supply Cabinet - P/N 0892011
The Power Supply provides the DC voltage to the DC/DC
Converter which, in turn, powersthe PCB cabinet and al tele-
phones connected to the station PCBs.

Up to two AC/DC Power Supplies maximum can be installed
per Power Supply Cabinet. When two AC/DC Power Supplies
areinstalled, two separate AC cords will each requirean AC
outlet connection from the bottom Power Supply Cabinet.
Use the power cords included with the Aspire system cabi-
net(s) for connecting the power suppliesto the AC outlet. The

Aspire system cabinet is no longer directly connected to an AC outlet with the AC/DC

Power Suppliesinstalled.

30

Product Description



Aspire Section 2: Components

Note: A multi-cabinet system can use different power supplies (0891000 and 0892011),
however, if a cabinet has more than 128 -48V ports, the AC/DC power supply and DC/
DC Converter isrequired.

If both AC/DC power suppliesand DC/DC Convertersareinstalled, then a maximum of
384 ports (greater than 128 portsin each cabinet) are supported by -48V output.

® DC/DC Converter (IPAWW-PSDDU-A1) for theAspire XL System
Cabinet - P/N 0892012
A maximum of two DC/DC Converters are installed per system -
one in each system cabinet.

e

A DC/DC Converter replaces the two power supplies (P/N 0891000)
used in the system cabinet of the Aspire M/L system.

If an Aspire M/L system is upgraded to an Aspire XL, the existing
power supplieswill no longer be required asthey are replaced by the
DC/DC Converter.

Note: A multi-cabinet system can use different power supplies (0891000 and 0892011),
however, if a cabinet has more than 128 -48V ports, the AC/DC power supply and DC/
DC Converter isrequired.

If both AC/DC power suppliesand DC/DC Convertersareinstalled, then a maximum of
384 ports (greater than 128 portsin each cabinet) are supported by -48V output.

® Cablefor Power (connectsthe AC/DC Unit and DC/DC
Unit) - P/N 0892013
This cable allows for a power connection from one AC/DC
Power Supply in the bottom cabinet to one DC/DC Con-
verter in the system cabinet.

Note: The power cord for the system cabinet (Ilocated on
the back of the cabinet) is no longer required with this
cable connection.

® Cablefor Signal (connectsthe AC/DC Unit and DC/DC
Unit) - P/N 0892010 = —
This cable allows for asignal connection from one AC/DC 7
Power Supply in the bottom cabinet to one DC/DC Con-
verter in the system cabinet.

L
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KSU Expansion Set — P/N 0891001 :

This set isrequired to connect a second cabinet, allowing expansion

from an 8 slot to a 16 slot system. It consists of an EXIFU PCB, ;

EXIFU Cable and Joint Plate. <

19” Rack Mount Bracket — P/N 0891300

The 19” Rack Mount Bracket isrequired to install the KSU onto a19” rack mounting system. If
rack-mounting all three cabinets of an Aspire XL system, the power supply cabinet (P/N 0890068)
must be mounted on a separate bracket due to the bracket weight requirements (150 Ibs maximum).

Feature Upgrade for 0891002 — P/N 0891039

The Feature Upgrade for the 0891002 is added to the 64 Port Basic CPU (0891002). It provides
such features as 16 channel media gateway cards, ACD, T1I/PRI, E&M, etc. Refer to the NTCPU

info on Central Processing Unit (NTCPU) PCB — P/Ns 0891002 & 0891038 (page 27) for
more.

With software 4.0E or higher, the Feature Upgrade PAL chip can support 128 ports for trunks,
extensions, and voice mail (internal and external). With prior software, only 64 ports are available.

DSP Resource Daughter Board (DSPDB) — P/N 0891003

The DSPDB provides additional DSP resources as well as the option

for the VRS (Voice Response System) or Voice Mail features. This

daughter board is mounted on the NTCPU and provides:

® 32 ToneResources (for DTMF Receiver, Cdler ID Receiver, and
Call Progress Tone Detection)

® 16VRSCircuitswithaVRS Fash Card Instaled (replays up to 16
circuits smultaneoudly, recording: up to 8 circuits s multaneoudly)

® Compact Flash Slot for VRS Features

Thereceiver circuitsare used for DTMF receivers, call progresstone detection, and Caller ID receivers.

VRS Compact Flash (DSPDB Compact Flash Card)
(DSPDB) — P/N 0891040 <>

The VRS Flash Card adds Voice Announce/Automated Attendant fea-
tures and isinstalled on the DSP Resource daughter board.
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Aspire Trunk PCBs

4 CO Loop Start Trunk Card (4COIU-LS1) — P/N 0891005

There are two different types of the COIU PCB. One providing ground start trunks - the other isfor
loop start trunks only.

The 4COIU-LS1 PCB provides:

4 analog loop start line/trunk circuits - no ground start is provided
4 trunk status LEDs

4 Cadller ID Circuits

2 Power Failure Transfer Circuits

1 PCB status LED

1 run/block switch

The CN3 connector provides connection to 4 anal og trunk ports, which are polarity sensitive (tip to
tip, ring to ring). The power failure circuits, however, are not polarity sensitive. A maximum of 15
4COIU-L S1 PCBs per system is allowed, each PCB consuming 4 ports.

8 CO Loop Start Trunk Card (8COIU-LS1) — P/N 0891004

The 8COIU-LSI provides the same features as the 4COIU-L S1 except for the following changes:

The 8COIU-LS1 PCB provides:

8 analog loop start line/trunk circuits - no ground start is provided
8 trunk status LEDs

8 Caller ID Circuits

2 Power Failure Transfer Circuits

1 PCB status LED

1 run/block switch

The CN3 and CN5 connectors each provide connection to 4 anal og trunk ports, which are polarity
sensitive (tip to tip, ring to ring). The power failure circuits, however, are not polarity sensitive. A
maximum of 15 8COIU-LS1 PCBs per system is allowed, each PCB consuming 8 ports.
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4 CO Loop Start/Ground Start Trunk Card (4COIU-LG1) — P/N 0891029

There are two different types of the COIU PCB. One providing ground start trunks - the other isfor
loop start trunks only.

The 4COIU-LGL1 PCB provides:

4 analog ground start / loop start trunk circuits
4 trunk status LEDs

4 Cdller ID Circuits

2 Power Failure Transfer Circuits

1 PCB status LED

1 run/block switch

The CN3 connector provides connection to 4 analog trunk ports, which are polarity sensitive (tip to
tip, ring to ring). The power failure circuits, however, are not polarity sensitive. A maximum of 15
4COIU-LG1 PCBs per system is allowed, each PCB consuming 4 ports.

! Important!
® When using the COIU-LG1 PCB for ground start trunks, the PBX ground must be connected
or the trunks will not function correctly.

® When connecting the RJ61 cables to the COIU PCB, note the position of the Power Failure
connector. Do not confuse this connector as the trunk connector.

8 CO Loop Start/Ground Start Trunk Card (8COIU-LG1) — P/N 0891028

The 8COIU-LG1 provides the same features as the 4COIU-L G1 except for the following changes:

The 8COIU-LG1 PCB provides:

8 analog ground start / loop start trunk circuits
8 trunk status LEDs

8 Caller ID Circuits

2 Power Failure Transfer Circuits

1 PCB status LED

1 run/block switch

The CN3 and CN5 connectors each provide connection to 4 analog trunk ports, which are polarity
sensitive (tip to tip, ring to ring). The power failure circuits, however, are not polarity sensitive. A
maximum of 15 8COIU-LG1 PCBs per system is allowed, each PCB consuming 8 ports.

| Important!
® When using the COIU-LG1 PCB for ground start trunks, the PBX ground must be connected
or the trunks will not function correctly.

® When connecting the RJ61 cables to the COIU PCB, note the position of the Power Failure
connector. Do not confuse this connector as the trunk connector.

34

Product Description



Aspire

Section 2: Components

T1/PRI Interface Card (1PRIU) — P/N 0891009

For T1 and ISDN Primary Rate Interface (PRI) applications, install a
TL1/PRI Interface PCB. This PCB has a single 24-channel 64Kb/s digital
signal circuit which can be configured for either T1 trunks or PRI. Each
PCB connects to the network viaan NT1 Network Termination.

If set for T1, the T1/PRI PCB givesthe system 24 trunks in asingle univer-
sal dlot. These trunks can be one of the following:

® Loop Start

Ground Start

DID

E&M Trunks

ANI/DNIS E&M Trunks

T1 gives the system the advantages of advanced digital trunking as well as conserving universal
dots. For example, asystem with 12 loop start trunks, two tie lines and six DID trunks would use
up five universal slots. With T1 all these trunks would be available in asingle universal slot, freeing
up four additional universal slots for other uses.

If set for PRI, each T1/PRI PCB provides 24 PRI (23 B& 1 D) channelsrunning at 1.544Mbpswith
64K b/s clear channel. The PCB supports the following PRI services:

® Basic PRI Call Control (BCC)

® Display of incoming caller's name and number (when allowed by the telco)

® Speechand 3.1 KHz audio

When installed, the T1/PRI Interface PCB uses the first available block of 24 consecutive trunks.
For example, if you have an COIU PCB installed for trunks 1-8, the T1/PRI Interface PCB will
automatically use trunks 9-32. If you have COIU PCBs installed for trunks 1-8 and 17-24, the T1/
PRI PCB will use trunks 25-48. The T1/PRI Interface PCB cannot use trunks 9-16 (even if avail-
able) since they are not part of a consecutive block of 24 trunks.

The T1/PRI PCB requires one universal slot and provides a Block switch to busy out the PCB.
When used for T-Bus, up to 8 PCBs can be installed in the system. When used as S-Bus, up to 10
PCBs can beinstalled.

4 DID/OPX (4DIOPU) Card — P/N 0891013

The 4DIOPU PCB supports the analog DID and single line telephone interface functions (such as
Off-Premise Extension). The function typeis assigned in programming for each port. The circuit

types, however, should be grouped together. For example, with 3 DID circuitsand 1 OPX circuit,

they should be grouped as DID, DID, DID and OPX and not DID, DID, OPX and DID.

The DIOPU PCB provides:

® 4 DID trunk circuits

® 4DID trunk status LEDs
® 1PCB statusLED

® 1 run/block switch

The CN3 connector provides connection to 4 analog DID trunk ports, which are polarity sensitive
(tiptotip, ring to ring). The OPX circuits, however, are not polarity sensitive. The DIOPU requires
one universal dot, with 15 maximum PCBs per system. When used only as DID, the PCB con-
sumes 4 trunk ports. If OPX trunks are defined in Program 10-03-01 for the PCB, then 4 station
ports are assigned as well.
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8 DID/OPX (8DIOPU) Card — P/N 0891012

The 8DIOPU PCB supportsthe analog DID and single line telephoneinter-
face functions (such as Off-Premise Extension). The function typeis assigned
in programming for each port. The circuit types, however, should be grouped
together. For example, with 3 DID circuitsand 1 OPX circuit, they should be
grouped as DID, DID, DID and OPX and not DID, DID, OPX and DID.
The DIOPU PCB provides:

® 8DID trunk circuits

® 8DID trunk status LEDs

® 1PCB statusLED

® 1 run/block switch

The CN3 and CN5 connectors each provide connection to 4 analog DID trunk ports, which are
polarity sensitive (tip to tip, ring to ring). The OPX circuits, however, are not polarity sensitive.
The DIOPU requires one universal slot, with 15 maximum PCBs per system. When used only as
DID, the PCB consumes 8 trunk ports. If OPX trunks are defined in Program 10-03-01 for the PCB,
then 8 station ports are assigned as well.

4 E&M Tie Line Card (4TLIU) — P/N 0891011

The4TLIU Tie Line PCB isan out band dial type analog tie line inter-
face PCB. The PCB supports system connections to either 2-wire (four
lead, tip/ring) or 4-wire (eight lead, tip/ring/tip 1/ring 1) E&M signalling
tie lines (determined in Program 10-03). Using switches on the PCB,
each circuit type can be set as Typel, 11, 111, 1V, or V. Each PCB provides:
4 A-circuit tie line interfaces

4tieline status LEDs

1 PCB status LED

1 run/block switch

2 straps and 1 switch per circuit to determine the circuit type

A maximum of 15 PCBs per system are alowed, providing 60 tie line trunks and it can be plugged
into any universal slot. Each PCB consumes 4 ports.

2 BRI Card (2BRIU) — P/N 0891006

The 2BRIU provides:

2 2-Channel Circuits (2B + D) configured as T-Bus or S-Bus
64 Kb/s Clear B-Channel and 16 Kb/s D-Channel

2 trunk/extension status LEDs

1 PCB status LED

® 1 run/block switch

The BRI Interface PCB uses asingle universa slot. A maximum of 15 2BRIU PCBs can beinstalled.
When used only as T-Bus, the PCB consumes 4 trunk ports. If S-Busis defined in Program 10-03-01
for the PCB, then 4 station ports are assigned as well. Each PCB connects to the network viaan NTI

Network Termination. With the maximum number of PCBs installed, the following can be provided:

® The2BRI provides 30 BRI circuitsand 60 BRI channels.

The trunk circuit can be connected to either an ISDN trunk or ISDN telephone set, depending on the
SW102 through SW202 switch settings. When used for S-Bus, amaximum of 8 ISDN terminals can
be connected to each circuit.

Two ISDN telephone circuits (1-2) are supplied with DC power from the Aspire system.
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4 BRI Card (4BRIU) — P/N 0891007

The 4BRIU PCB provides:

® 4 2-Channel Circuits (2B + D) configured as T-Bus or S-Bus
64 Kb/s Clear B-Channel and 16 Kb/s D-Channel

4 trunk/extension status LEDs

1 PCB status LED

1 run/block switch

The BRI Interface PCB uses a single universal slot. A maximum of 15 4BRIU PCBs can be
installed. When used only as T-Bus, the PCB consumes 8 trunk ports. If S-Busis defined in Pro-
gram 10-03-01 for the PCB, then 16 station ports are assigned as well. Each PCB connects to the
network viaan NTI Network Termination. With the maximum number of PCBs installed, the fol-
lowing can be provided:

® The4BRI provides 60 BRI circuits and 120 BRI channels.

Thetrunk circuit can be connected to either an ISDN trunk or ISDN telephone set, depending on
the SW102 through SW402 switch settings. When used for S-Bus, amaximum of 8 ISDN terminals
can be connected to each circuit.

Four 1SDN telephone circuits (1-4) are supplied with DC power from the Aspire system.

8 BRI Card (8BRIU) — P/N 0891008

The 8BRIU PCB provides:

® 8 2-Channel Circuits (2B + D) configured as T-Bus or S-Bus
64 Kb/s Clear B-Channel and 16 Kb/s D-Channel

8 trunk/extension status LEDs

1 PCB status LED

1 run/block switch

The BRI Interface PCB uses a single universal slot. With the 8BRIU

PCBs, amaximum of 12 PCBs can be installed when used for T-Bus connections - 15 PCBs can be

installed when used for S-Bus connections.When used only as T-Bus, the PCB consumes 16 trunk

ports. If S-Busis defined in Program 10-03-01 for the PCB, then 32 station ports are assigned as

well. Each PCB connects to the network viaan NT1 Network Termination. With the maximum

number of PCBsinstalled, the following can be provided:

® The8BRI, when used as T-Bus, provides 96 BRI circuits and 192 BRI channels. When used as
S-Bus, 120 BRI circuits and 240 S-Bus station ports are provided.

Thetrunk circuit can be connected to either an ISDN trunk or ISDN telephone set, depending on
the SW102 through SW802 switch settings. When used for S-Bus, amaximum of 8 ISDN terminals
can be connected to each circuit.

Thefirst 4 1ISDN telephone circuits (1-4) are supplied with DC power from the Aspire system. If the
last four circuits (5-8) are to be used for S-Bus, they must use ISDN telephone sets which provide
their own local power supply as the system does not provide DC power to these circuits.
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Aspire Station PCBs

32 Aspire Digital Card (32ESIU) — P/N 0891058

The 32ESIU PCB provides:

® 32digita extension circuits (used for digital telephones, DSS consoles,
1SLTAD adapters, 2PGDAD adapters)

® 8extension status LEDs (each LED indicates status for 4 extensions -
BL1 used for ports 1-4, BL2 for ports 5-8, etc.).

® 1PCB statusLED

® 1run/block switch

® B2 channel on thefirst 4 ports on each PCB (the APR(B2 mode) adapter
or PGDAD module must be installed on one of these first 4 ports)

The 32ESIU PCB has four connectors (CN2, CN3, CN4, CN5). Each connector provides two mod-
ular jacks which are each used to connect up to four Aspire digital extensions. The PCB consumes
32 ports, ranging from ports 001-384.

In order to program the system, an 8ESIU, 16ESIU or 32ESIU PCB should beinstalled in slot 1.
However, system programming can be done using the PCPro or WebPro applications or through a
Vol P telephone. The 32ESIU requires one universal slot, with a maximum of 8 per Aspire M/L sys-
tem (4 max. per cabinet) or 12 PCB'’s per Aspire XL system (8 max. per cabinet). When more than
4 ESIU PCBs (128 ports) are installed in a cabinet, a Power Supply set is required (P/N 0890069).

16 Aspire Digital Card (16ESIU) — P/N 0891014

The 16ESIU PCB provides:

® 16 digital extension circuits (used for digital telephones, DSS consoles,
1SLTAD adapters, 2PGDAD adapters)

® 4 extension status LEDs (each LED indicates status for 4 extensions -
BL1 used for ports 1-4, BL2 for ports 5-8, BL3 for ports 9-12, and BL4
for ports 13-16).

® 1PCB statusLED

® 1 run/block switch

The CN102, CN103, CN202, and CN203 connectors each provide connection to 4 digital station
ports. The PCB consumes 16 ports, ranging from ports 001-256.

In order to program the system, an 8ESIU or 16ESIU PCB should beinstalled in slot 1. However,
system programming can be done using the PCPro or WebPro applications or through aVol P tele-
phone. The ESIU requires one universal slot, with a maximum of 16 PCB’s per system.
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8 Aspire Digital Card (8ESIU) — P/N 0891015

The 8ESIU PCB provides:

® 8digital extension circuits (used for digital telephones, DSS consoles, 1SLTAD adapters,
2PGDAD adapters)

® 2 extension status LEDs (each LED indicates status for 4 extensions - BL 1 used for ports 1-4,
BL2 for ports 5-8)

® 1PCB statusLED

® 1run/block switch

The CN102 and CN103 connectors each provide connection to 4 digital station ports. The PCB
consumes 8 ports, ranging from ports 001-256.

In order to program the system, an 8ESIU or 16ESIU PCB should beinstalled in slot 1. However,
system programming can be done using the PCPro or WebPro applications or through a\Vol P tele-
phone. The ESIU requires one universal slot, with a maximum of 16 PCB’s per system.

8 Analog Station Card (8SLIU) — P/N 0891017

The 8SLIU PCB provides:

® 8anaog extension ports (used for on-premise anal og tel ephones, fax
machines, and analog modems)

8 extension status LEDs

1 PCB status LED

1 run/block switch

Connector for 8SLIDB Daughter Board

Ring Generator

8 SW1 switches which provide constant current type battery feeding (set to either 20mA [default]
or 35mA)

® Message Wait Lamping Ability

Note: When connecting a fax machine or analog modem, make sure to set Program 15-03-03 to
‘1’ (special terminal) to avoid communication problems.

The CN3 and CN5 connectors each provide connection to 4 analog station ports and are not polar-
ity sensitive. The 8SLIU isinstalled in auniversal slot, with 15 maximum per system. The PCB
consumes 8 ports, ranging from ports 001-256.
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8 Analog Station Expansion Daughter Board (8SLIDB) — P/N 0891018

The 8SLIDB daughter board provides:

® 8 anaog extension ports (used for on-premise analog telephones, fax
machines, and analog modems)

® 8 SW1 switches which provide constant current type battery feeding (set to
either 20mA [default] or 35mA)

® Connector for 8SLIU PCB

® Ring Generator

® Message Wait Lamping Ability

Note: When connecting a fax machine or analog modem, make sure to set
Program 15-03-03 to ‘1’ (special terminal) to avoid communication problems.

The CN3 and CN5 connectors each provide connection to 4 anal og station ports and are not polar-
ity sensitive. The 8SLIDB isinstalled on the 8SL1U PCB, with 15 maximum per system. The
daughter board consumes 8 ports, ranging from ports 001-256.

4 Aspire Wireless (DECT) Station PCB (4DSIU) — P/N 0891090

The 4DSIU PCB provides the ability to use Aspire Wireless (DECT) phones with the Aspire system.
Each 4DSIU PCB alows up to 4 base stations to be connected. Each RFP connector on the PCB pro-
vides connection to 4 Base Stations, using 4 station ports (ranging from 002-512 if manually pro-
grammed or 257-512 if automatically selected). Asthe Base Stations are powered by the DSIU PCB,
whenever aDSIU PCB isinstalled in an Aspire cabinet, two power supplies must be installed. Only
one DSIU PCB can beingtalled in a system with a maximum of 120 handsets connected. This PCB
does not consume any ports - the ports are assigned as the tel ephones are registered to the system.

The maximum number of B-channels supported is 32, which means that the DSIU PCB (any ver-
sion) can support a maximum of 32 conversations at one time.

8 Aspire Wireless (DECT) Station PCB (8DSIU) — P/N 0891091

The 8DSIU PCB providesthe ability to use Aspire Wireless (DECT) phones with the Aspire system.
Each 8DSIU PCB allows up to 8 base stations to be connected. Each RFP connector on the PCB pro-
vides connection to 4 Base Stations, using 4 station ports (ranging from 002-512 if manually pro-
grammed or 257-512 if automatically selected). Asthe Base Stations are powered by the DSIU PCB,
whenever aDSIU PCB isinstalled in an Aspire cabinet, two power supplies must be installed. Only
one DSIU PCB can beingtalled in a system with a maximum of 120 handsets connected. This PCB
does not consume any ports - the ports are assigned as the tel ephones are registered to the system.

The maximum number of B-channels supported is 32, which means that the DSIU PCB (any ver-
sion) can support a maximum of 32 conversations at one time.
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12 Aspire Wireless (DECT) Station PCB (12DSIU) — P/N 0891092

The 12DSIU PCB provides the ability to use Aspire Wireless (DECT)
phones with the Aspire system. Each 12DSIU PCB allows up to 12 base
stations to be connected. Each RFP connector on the PCB provides connec-
tion to 4 Base Stations, using 4 station ports (ranging from 002-512 if man-
ually programmed or 257-512 if automatically selected). Asthe Base
Stations are powered by the DSIU PCB, whenever aDSIU PCB isinstalled
in an Aspire cabinet, two power supplies must be installed. Only one DSIU
PCB can be installed in a system with a maximum of 120 handsets con-
nected. This PCB does not consume any ports - the ports are assigned as the
telephones are registered to the system.

The maximum number of B-channels supported is 32, which meansthat the
DSIU PCB (any version) can support a maximum of 32 conversations at one time.

16 i-Series Phone PCB (16DSTU) — P/N 0891016

Thei-Series Phone Card adds to the Aspire system the ability to connect up
to 16 i-Series tel ephones with each port supporting 1 B-channel. The
16DSIU isinstalled in auniversal slot, with 15 maximum per system. The
PCB consumes 16 ports, ranging from ports 001-256. The following i-Series
phones are compatible with the Aspire system:

Model 2 922xx/926xx Series K eysets

® 32-Button Display Phone, P/IN 92293B / 92293W / 92673

® 32-Button Standard Phone, P/N 92290B / 92290W / 92670

e 16-Button Display Phone, P/IN 92373C / 92373W / 92573 / 92563
® 16-Button Standard Phone, P/N 92370B / 92370W / 92570 / 92560

Model 3i-Series Keysets

® 34-Button Display Phone, P/N 92783

® 28-Button Display Phone, P/N 92763

® 28-Button Standard Phone, P/N 92760

@ 22-Button Display Phone, P/N 92753A / 92750A

In addition, the following hardware is also supported using DSTU ports:
® Remote Extender
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Thefollowing i-Series hardware isNOT supported on the Aspire system:
® 20PX e 3ACI
® 900/900i/910i Cordless Phone e DCI-A/B
e DCI-L @ Digita VANGARD Voice Mail
e DSLT ® DSS Consoles
e VAU ® AnaogModule
e DataModule e Off-Hook Voice Announce Module
® Speakerphone Maodule @ Super Display Phones
When using i-Series phones on the Aspire system, the following features are NOT supported:
® Directory Dia @ Super Display Operation
® Soft Keys ® Headset Key
® Changing Incoming CO and ICM Ring ® Telephone System Programming (#*#*)
Tones (Program 11-11-20)
® Program 10-03 : PCB Setup ® Program 90-17-01 : Display FirmwareVersion

(DSTU PCB has no programmabl e options)
Program 90-07-01 : Extension Control

In addition to the above, the 92290x, 92670, 92370x, 92570, 92560, and 92760 phones do NOT
support:

Check Abandon Calls (CHECK + CALL2)
Name Program (Service Code 800)

Time and Date Display Modes (Program
20-02-07)

Check Port/Name (CHECK + CALL1)
Language Display (Program 15-02-01)
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Aspire Optional Feature Equipment

Aspire Wireless (DECT)

Aspire Wireless (DECT) Base Station —
P/N 780136

The Base Station, also known as the Radio Fixed Part (RFP), provides
the link from the Aspire Wireless phone to the Aspire system. The Base
Station is connected to the DSIU PCB using standard two wire (twisted
pair) telephone cable, CAT 4 or CAT 5. No local power is required for
the Base Station as it receives it power from the Aspire system. Each
Base Station supports 4 simultaneous Aspire Wirel ess traffic channels at
32 Khit/s.

A

Aspire Wireless (DECT) Repeater — P/N 780138

The Repeater, also known as the Wireless Radio Fixed Part (WRFP),
provides extended coverage for low traffic areas not covered by a Base
Station. Sufficient coverage for the main areas should be provided by the
Base Stations. An external antenna can also be connected which extends
the coverage area (maximum distance 3280’). Local power is required
for the Repeater and it must be synchronized with a Base Station in the
zoneinwhich it will be providing coverage. Each Repeater can support 2
simultaneous Aspire Wireless traffic channels at 32 Kbit/s. Asthe
Repeater is paired with the Base Station, these are not additional chan-
nels, but are available to handle calls from the Base Station as the user moves out the range from the
Base Station to the Repeater’s area. The Repeater |ooks similar to the Base Station except that the
modular jack on the back is used for connecting the local power source and there isasmall plastic
punch-out which provides the external antenna connection.

A

Aspire Wireless (DECT) External Antenna — P/N 780145

The external antennais connected to the antenna connection on the back of the Repeater . When ingtall-
ing the External Antenna, direct it towardsthe Base Station to which the Repeater is paired. Thisexternd
antenna can extend the range to a base station up to 3280 feet.
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Aspire Wireless (DECT) Deployment Kit — P/N 780146

The Deployment Kit consists of two 2.4GHz Aspire Wirel ess handsets, a special base station, and
connecting cables all packed into a handy hard-shell briefcase. Before installing the Aspire Wire-
less equipment, the deployment and diagnostics tool can be used to find the best place for the
Base Stations by measuring the area of coverage of a Base Station within the building. Proper
placement for the equipment is required for complete Aspire Wireless phone coverage.

In abuilding which has multiple telephone systems installed, the Deployment Tool can see all the
systemsto determineif there are too may systems running (too much radio activity intheair). It can
be set to find all current stations running, but it is possible, by making a selection of the RFPI num-
ber, to search for a particular group of bases. If you wish to check the range of aparticular basein a
multi-base system, the Deployment Tool is able to lock onto the Base Station to avoid handover to
any other units. You can also use the Deployment Tool to see channels with noise levels from -90
dBm to -60 dBm in jumps of 5 dBm.

Aspire Wireless (DECT) Repeater Programming Kit — P/N 780142

The Repeater is synchronized with the Base Station using the Repeater Programming Kit. This

kit provides a cable with an RS232 connection which is used to connect the Repeater to a PC. A
Windows application is then used to define the Base Station with which the Repeater should be
synchronized.

Aspire Wireless (DECT) Service Tool Kit — P/N 780143

The Service Tool Kit contains a uniquely configured serial cable and a special charging unit. In
addition to these items, the latest version of the Service Tool program isrequired. This can be
downloaded from the Downloads page within the NEC Technical Support web site
(http://ws.necii.com).

These items are used to set up special functions. When connected to a handset, the volume can be
adjusted, the start-up text can be altered, new flash code and menus and be loaded, and the gain lev-
els of the microphone and loudspeaker for the handset can be adjusted.
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Voice Mail

4 Port Aspire Mail Plus (4VMSU) — P/N 0891033

Aspire Mail Plusisafully integrated, PCB-based “in-skin” Voice Mail with
Automated Attendant. Its robust feature set rivals the capabilities of stand-
alone products on asingle, plug-in PCB. Using an on-board hard disk, Aspire
Mail Plus provides 4 voice mail ports, 1000 mailboxes, and approximately
1400 hours/7000 messages maximum of message storage.

Aspire Mail is programmable from a PC running a Windows™-based Admin
program. The Admin PC connects locally to the Aspire Mail Plus seria port or
LAN connection. Remote programming and maintenance is available through
either the LAN connection or the Aspire Mail built-in modem.

You can install 1 maximum Aspire Mail per system, with the PCB using 4 ports.

4 Port Aspire Mail Plus Expansion Daughter Board
(4VMDB) — P/N 0891034

The 4 Port Aspire Mail Plus Expansion Daughter Board (P/N 0891034)
adds an additional 4 voice mail portsto Aspire Mail Plus (for atotal of 8
ports). There isamaximum 1 daughter board per Aspire Mail PCB, with
the daughter board using 4 ports.

8 Port Aspire Mail Plus (8VMSU) — P/N 0891056

Aspire Mail Plusisafully integrated, PCB-based “in-skin” Voice Mail with
Automated Attendant. Its robust feature set rivals the capabilities of stand-
alone products on asingle, plug-in PCB. Using an on-board hard disk, Aspire
Mail Plus provides 8 voice mail ports, 1000 mailboxes, and approximately
1400 hours/7000 messages maximum of message storage.

Aspire Mail is programmable from a PC running a Windows™-based Admin
program. The Admin PC connects locally to the Aspire Mail Plus seria port or
LAN connection. Remote programming and maintenance is available through
either the LAN connection or the Aspire Mail built-in modem.

You caninstall 1 maximum Aspire Mail per system, with the PCB using 8 ports.
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8 Port Aspire Mail Plus Expansion Daughter Board
(8VMDB) — P/N 0891057

The 8 Port Aspire Mail Plus Expansion Daughter Board (P/N 0891057)
adds an additional 8 voice mail portsto Aspire Mail Plus (for atotal of 16
ports). There is amaximum 1 daughter board per Aspire Mail PCB, with
the daughter board using 8 ports.

2 Port Aspire Mail (2FMSU) — P/N 0891032
4 Port Aspire Mail (4FMSU) — P/N 0891037

Aspire Mail issimilar in most respectsto Aspire Mail Plus, but uses compact
flash memory technology instead of ahard disk. Aspire Mail provides 200

mailboxes and 3 hours of message storage. Aspire Mail P/N 0891032 provides

2 voice mail ports; Aspire Mail PCB 0891037 provides 4 ports.

Like Aspire Mail Plus, Aspire Mail isadso programmable from a PC running a

Windows™-based Admin program. Connection is done localy to the PCB’s
serid port or remotely through the Aspire Mail built-in modem. Aspire Mail
does not provide aLAN connection.

You caningal 1 maximum Aspire Mail per system, with the PCB using 4 ports.

2-to-4 Port Aspire Mail Upgrade — P/N 0891044

TheAspire Mail 2-to-4 Port Aspire Mail Upgrade (P/N 0891044) is a software upgrade that allows
you to expand your Aspire Mail system from 2 to 4 ports. This upgrade does not provide additional

mailboxes or message storage.

4 Port Aspire Mail Expansion Daughter Board (4FMDB)

— P/N 0891045

The 4 Port Aspire Mail Expansion Daughter Board (P/N 0891045) adds an

additional 4 voice mail portsto Aspire Mail. Thereisamaximum 1 per Aspire

Mail PCB, with the PCB using 4 ports.
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IP Interface Cards

VoIP PCB Installation Note:

When installing aVVol P PCB, the system automatically assigns trunk ports to match the card’s port
capacity. For example, a4VOIPU would take 4 trunk ports, the 4VOIPU with a4VOIPDB would
take 8 trunk ports. Extension ports are not reserved until an IP phone is connected to the system.
When thefirst IP phone is plugged in, the system takes the next four consecutive extension ports
available and automatically assignsthem as I P ports. The next three | P phonesinstalled will usethis
group of ports. When the fifth P phone is connected, the next 4 consecutive extension ports avail-
able will be assigned as | P ports.

If the number of trunk ports reserved by the system is a concern, install the trunk cardsfirst, then
install the VOIPU PCB. Thiswill alow the trunks to be assigned to the COIU, DIOPU, etc. first. If
there are not enough trunk ports available for the Vol P PCB, the system will still recognize the card
and allow it to be used for I P phones.

If the PCB is not going to be used for trunks, the logical trunk ports can be set to ‘0’ in Program
10-03-01: PCB Setup, but the physical trunk ports are still assigned to the PCB and cannot be used
for any other PCB unless the PCB is deleted from the slot in Program 90-05 : Slot Control.

The Aspire Vol P supports H.323, H.325, and H.245 trunks and compressions of G.711, G.723.1,
and G.729.

4 CH VoIP Media Gateway (4VOIPU) — P/N 0891042

The 4VolP PCB is used for converting the RTP (Real Time Transfer Protocol) packets viathe |P
network and PCM highway. The I P telephones are connected directly to the IP bus. When IP
phones need to be connected to a conventional PCM-based digital circuit, this PCB convertsthe IP
packet signal into a PCM signal format and connects to the PCM time division switch.

The 4VOIPU PCB isrequired in order for | P telephones to communicate with non-Vol P Aspire
phones, as well as to place or receive outside calls. This PCB can be used with either the Basic or
Enhanced version of the NTCPU (P/N’s 0891002 and 0891038).

The 4vVOIPU PCB provides:

® 4VOIPU PCB provides up to 4 channels

Connector for the VOIPDB daughter board (providing an additional 4 channels)
1 PCB status LED

1 run/block switch

A maximum of 16 PCBs per system are allowed, providing 64 channels (with the daughter board,
128 channels) and it can be plugged into any universal slot. The PCB will consume 4 extension
ports and, if available, 4 trunk ports.

If aseparate software hub is used (and not the 8SHUBU PCB), it should be a 100Base/full duplex
hub. To avoid network problems and to ensure good voice quality, do not use a Repeater Hub/10Base.
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4 CH VolP Media Gateway Expansion Daughter Board
(4vOIPDB) — P/N 0891043

TheVOIPDB daughter board provides:
® 4channels
® Connector for the 4VOIPU PCB (combination provides a maximum of 8 channels per slot)

TheVOIPDB isinstalled on the 4VOIPU PCB with a maximum of 16 daughter boards per system,
providing 128 channels (when combining the 4VOIPU and VOIPDB). The daughter board will
consume 4 extension ports and, if available, 4 trunk ports. This PCB can be used with either the
Basic or Enhanced version of the NTCPU (P/N’s 0891002 and 0891038).

16 CH VoIP Media Gateway (16VOIPU) — P/N 0891022

The 16VolP PCB is used for converting the RTP (Real Time Transfer Pro-
tocol) packets viathe IP network and PCM highway. The I P telephones
are connected directly to the IP bus. When | P phones need to be connected
to aconventional PCM-based digital circuit, this PCB converts the IP
packet signal into a PCM signal format and connects to the PCM time
division switch.

The 16VOIPU PCB isrequired in order for I P telephones to communicate
with non-Vol P Aspire phones, as well asto place or receive outside calls.

The 16VOIPU PCB provides:

® 16VOIPU PCB provides up to 16 channels

Connector for the VOIPDB daughter board (providing an additional 16 channels)
1 PCB status LED

1 run/block switch

A maximum of 16 PCBs per system are allowed, providing 256 channels (with the daughter board,
512 channels) and it can be plugged into any universal slot. The PCB will consume 16 extension
ports and, if available, 16 trunk ports.

If a separate software hub is used (and not the 8SHUBU PCB), it should be a 100Base/full duplex
hub. To avoid network problems and to ensure good voice quality, do not use a Repeater
Hub/10Base.
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16 CH VoIP Media Gateway Expansion Daughter Board (16VOIPDB) —
P/N 0891023

The 16VOIPDB daughter board provides:

® 16 channels
® Connector for the 16VOIPU PCB (combination provides a maxi-
mum of 32 channels per slot)

TheVOIPDB isinstalled on the 16VOIPU PCB with a maximum of 16
daughter boards per system, providing 512 channels (when combining
the 16VOIPU and VOIPDB). The PCB will consume 16 extension ports
and, if available, 16 trunk ports.

10/100BaseT 8-Port Switching Hub (8SHUBU) — P/N 0891021

The LAN PCB isan 8-port switching hub which complies with the ethernet
specification for both 100Base-TX and 10Base-T. This PCB is compatible
in LAN applications using 10Mbps and 100Mbps. All ports will automati-
cally identify and switch 100Base-TX, 10Base-T and Full/Half Duplex.

The 4VOIPU or 16VOIPU PCB, whichisrequired in order for IPtele-
phones to communicate with non-Vol P Aspire phones, as well asto place
or receive outside calls, must be connected to either an external switching
hub or to the 8SHUBU PCB.

The PCB plugsinto a universal slot, with a maximum of 8 PCBs per sys-

tem. No ports are consumed with the installation of this PCB. Each PCB

provides 8 RI5 port connectors. These are used to connect to LAN terminals. Depending on the
type of LAN terminal, the PCB may not be able to detect the difference between straight cable and
cross-cable automatically. If auto-crossover is not functioning, use straight cable for that terminal
connection.
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IP Station Equipment

34B Aspire IPhone - BK — P/N 0890065

This keyset provides a network connector which alowsiit to be used
with the VoI P feature.

The 34-Button Aspire | Phone has a 3-line, 24-character display with four

interactive soft keys for intuitive feature access. In addition, it has 24

user-programmable function keys (with Dua LEDS) for one-button

access to co-workers, features and outside lines. The telephone also provides 10 user-programmable
One-Touch (Persond Speed Did) keys and 15 additiona fixed feature keys.

The 34-Button Aspire IPhone has a built-in speakerphone and can accept optional |P adapters
(PSA, ADA?2). You can also assign 110-Button DSS Consoles to these phones, but they must be on
site (not networked). It provides Handsfree Answerback, Intercom voice-announcements. In addi-
tion, the telephone provides a built-in wall-mount bracket, as well as adjustable legs which allow
each phone to be angled at a height which best suits the user.

H.323 IP Phone — P/N 780005

This UIP300 H.323 IP phone is a business | P phone in an enterprise
LAN environment and will be connected to IP PBX systemsvia an

RJ5 network cable.

Standard Telephone Features:

® Alphanumeric LCD display with 2 lines of 24 characters

® 10LED indicators(Linel/Line2! / Status/ Mute/ Speaker (Headset) / 5 Function keys)

o 12Key Dial Pad

® 20 Specific Keys (5 Function keys, Menu, Select, Cancel/Del, Transfer, Mute, Redial, Hold,
Conference, Speaker, Line 1 and 2 keys, Volume Up and Down keys, Menu Up and
Down keys)

® Local Dateand Time

@ Call Duration Display

® Volume Control for Speaker, Handset, Headset, and Ringer

® Phone Book, Speed Dial, Dial from Call Logs (30 Outgoing Calls, 30 Incoming Calls and 15
Missed Calls)

® Redia, Hold?, Mute

@ Call Waiting, Call Forward, Call Transfer, Do Not Disturb (DND)

® Display Caller ID (Name & Number)

® On-hook Dialing, Handsfree Talking (Full Duplex)

® DTMF Generation

® 8 Ringer Tones

This phone does not support the following:

The phones cannot send digits after a call has been placed and before it is answered. This
means that features which use single digit service codes, such as Voice Over and Barge-In, are
not available with this type of phone.

These phones do not provide P-codes, and therefore, cannot be used with the inDepth application.
The Message Waiting/Voice Mail LED will not flash when there are new messages.
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Vol P Specific Features:

H.323 v1, 2 Standard Compliant

Gatekeeper Routed and Direct Routed Call Models

Voice Codec: G.711 (64kbit/s, u-Law and A-law), G723.1, G729AB
E.164 Diding

Acoustic Echo Cancellation (G.167)

Rapid Configuration with DHCP or Statically Configured IP Address
VoiceActivity Detection (VAD)

QoS (IEEE 802.1 p/q Based and DiffServ)

Jitter Compensation

10/100 Base-T Ethernet Interface

1 Only one phone number will be assigned to this I P phone. Line 2 is not available for a gateway
system

2 Hold, Transfer, Call Forward and Conference will not be available in the | P address call mode but
in the phone number dial mode only

Aspire Soft Phone — P/N 0893641

Aspire Soft Phoneisa
business phone which
works on a personal
compuiter. It enables

2=16 WED 8:29AN

various telephony 345 sTh 345

List Dir ICM Frog

functionsusing an IP
network connecting
with the Aspire &/
Aspire system

This allows you to cap-
italize on the advan-
tages of aconverged
voice and data network
whether you're in the
office or on the road.
The Aspire Soft Phone
application combines
traditional business
communication needs
with the data applications you reguire.

The Aspire Soft Phone delivers high quality voice viaa USB-connected handset or headset or viaa
PC sound card, microphone and speakers. The Aspire Soft Phone functions include, not only mak-
ing and receiving calls, but also placing calls on hold, intercom calls, conferencing, etc. The appli-
cation can display alayout of an Aspire keyset to allow for ease of operation. Using the cursor,
simply point and click to operate the Aspire Soft Phone as you would an Aspire keyset.
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In-Line Power Adapter (ILPA-R) — P/N 780122

The In-Line Power Adapter (ILPA-R), which is IEEE 802.3af compliant, detects power from a
PoE-compatible ethernet switch and passesit to the IP terminal. The ILPA does the negotiation and
detection with the switch and then relays the power to the |P terminal device. This provides an addi-
tional way to power the NEC IP terminals (Aspire | Phone or Aspire Keyset with IP Adapter). With
this adapter, the IP terminals on the Aspire can be powered using:

Local power connecting the | P terminal to alocal AC wall outlet using the AC-2R Adapter
(P/N 780135)

NEC power supply PoE-managed switch (BlueFire 200/24) (in-line and spare pair detection)
Aspire 8SHUBU PCB (P/N 0891021) (spare pair detection)

Cisco Data Switch - CDP supported (in-line and spare pair detection)

In-Line Power Adapter

Keep the following in mind when installing an ILPA:

Only 1P telephones supported by center feed can be used.

This adapter can not be used with the H.323 telephones.

When center feed is used, first unplug the adapter from the ethernet switch before changing the
SW1 setting on the back of the adapter.

Please note that the ILPA-R adapter isintended for use with the Aspire | Phones (P/N 0890065)
and |P Adapters (P/N 0890060). Installing any other device into the telephone port of the
ILPA-R may result in damage to the device.

When powering an | P phone using an IL PA-R adapter, the phone should not get connected to a
port on the 8SHUBU PCB.

AC Adapter (AC-2R) — P/N 780135

The AC Adapter isrequired for the IP adapter or Aspire | Phone if
external power is needed. Also required for APR, CTU, and Speaker-
phone optional keyset adapters.
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Section 3: Features

Abbreviated Dialing

Aspire S Aspire M/L/XL

* Avallable. * Avallable.

* 2000 bins available (0000-1999) for Common and * 2000 bins available (0000-1999) for Common and
Group Abbreviated Dialing. Up to 8 Abbreviated Dial- Group Abbreviated Dialing. Up to 64 Abbreviated Dial-
ing Groups available. ing Groups available.

Description

Abbreviated Dialing gives an extension user quick access to frequently called numbers. This saves
time, for example, when calling a client with whom they deal often. Instead of dialing along tele-
phone number, the extension user just dials the Abbreviated Dialing code.

There are three types of Abbreviated Dialing: Common, Group and Personal. All co-workers can
share the Common Abbreviated Dialing numbers. All co-worker’s in the same Abbreviated Dialing
Group can share the Group Abbreviated Dialing numbers. Personal Abbreviated Dialing numbers
are available only at a user’'s own extension. To set up Personal Abbreviated Dialing, refer to the
“One-Touch Calling” feature. The system has 2000 Abbreviated Dialing bins that you can allocate
between Common and Group Abbreviated Dialing.

Each Abbreviated Dialing bin can store anumber up to 24 digitslong.

When placing an Abbreviated Dialing call, the system normally routes the call through Trunk
Group Routing or ARS (whichever is enabled). Or, the user can preselect a specific trunk for the
call. In addition, the system can optionally force Common Abbreviated Dialing numbers to route
over a specific Trunk Group. User pre-selection always overrides the system routing.

Common Bins Limited to 1000 with Dial Key or #2 Service Code

Though there are 2000 Abbreviated Dialing bins available in the system, once programmed, these
bins can currently only be dialed using the Directory Dial feature (Press Directory Dialing Soft Key
+ ABBc Soft Key + Use arrow keysto locate number or enter the Abbreviated Dial bin name +
CALL or SPK to place call.)

The DIAL key and service code #2 operations are not available for any 4-digit Abbreviated Dial
common bin number.

DSS Console Chaining

DSS Console chaining alows an extension user with a DSS Console to chain to an Abbreviated
Dialing number stored under a DSS Console key. The stored number dials out (chains) to the initial
call. Thiscan, for example, simplify dialing when calling acompany with an Automated Attendant.
You can program the bin for the company number under one DSS Console key (e.g., #200) and the
client’s extension number under the other (e.g., #201). The DSS Console user presses the first key
to call the company, waits for the Automated Attendant to answer, then presses the second key to
call the client (extension 400). See Programming below for additional details.

The DSS Console user can also chain to an Abbreviated Dialing number dialed manually, from a
Programmable Function Key or a One-Touch Key.
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Storing a Flash

To enhance compatibility with connected Centrex and PBX lines, an Abbreviated Dialing bin can
have a stored Flash command. For example, storing 9 Flash 926 5400 will cause the system to dial
9, flash the line and then dia 926 5400. The Flash can be stored by the user from their telephone or
by the system administrator during system programming.

Using a Programmable Function Key

To streamline frequently-called numbers, an Abbreviated Dialing Programmable Function Key can
also store an Abbreviated Dialing bin number. When the extension user presses the key, the phone
automatically dials out the stored number. This provides true one-touch calling via a phone's
function keys.

Account Codes

Aspire S Aspire M/L/XL

e Avallable. * Avallable.
e Adjustable Forced Account Code interdigit timer e Adjustable Forced Account Code interdigit timer
requires software 2.65+. requires software 2.65+.
Description

Account Codes are user-dialed codes that help the system administrator categorize and/or restrict
trunk calls. The system has three types of Account Codes:

® Optional Account Codes
Optional Account Codes allow a user to enter an Account Code while placing atrunk call or
anytime while on acall. Thistype of Account Code is optional; the system does not require
the user to enter it.

® Forced Account Codes
Forced Account Codes require an extension user to enter an Account Code every time they
place atrunk call. If the user doesn’t enter the code, the system prevents the call. As with
Optional Account Codes, the extension user can elect to enter an Account Code for an incom-
ing call. However, the system does not require it. Forced Account Codes does not block 1-
800, 1-888 and emergency assistance (911) calls.

Once set up in system programming, you can enable Forced Account Codes on a trunk-by-
trunk basis. In addition, Forced Account Codes can apply to all outside calls or just long dis-
tance calls. Forced Account Codes for Toll Callsrestricts calls according to the following
chart:
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Number of Digits Dialed

If first digit is not 1

If first digit is 1

1-3 Not allowed Not allowed
4-7 Allowed - does not require | Allowed - requires Account
Account Code Code
More than 71 Allowed - requiresAccount | Allowed - requiresAccount
Code Code
800 and 888 Allowed - requiresAccount | Allowed - does not require
Code Account Code
011 (International) Allowed - requires Account N/A
Code
911 Allowed - does not require N/A

Account Code

Lif you change the local call length in Toll Restriction, this value changes accordingly.

Timer Modified to Allow for Forced Account Code Interdigit Timer
Programming has been changed which will allow the adjustment of the interdigit timer used
for Forced Account Codes. Previously, this was fixed at 3 seconds.

Depending on your software, the system will use the time set in Program 21-01-04 : System
Optionsfor Outgoing Calls- Dial Tone Detection Timefor the interval the system will wait
for auser to enter a Forced Account Code. By default, this option isset to 5 (Entries: 0-64800
seconds).

® Verified Account Codes
With Verified Account Codes, the system compares the Account Code the user dialsto alist of
up to 1000 pre-programmed codes. If the Account Code isin the list, the call goes through. If
the code dialed is not in the list, the system prevents the call. Verified Account Codes can be
from 3-16 digits long using the characters 0-9 and #. During programming, you can use “wild
cards’ to streamline entering codes into system memory. For example, the entry 123W lets
usersdial Verified Account Codes from 1230 through 1239.

Operator Notification

To prevent Account Code abuse, the system can notify the operator each time an Account Code vio-
lation occurs. This can happen if the user failsto enter an Account Code (if Forced) or enters aVeri-
fied Account Code that is not in the list. The notification is an automatic Intercom call to the
attendant and a“ RESTRICT” message in the operator’s display. (If the attendant failsto enter avalid
Account Code, the system dropsthe call.)

Account Codes for Incoming Calls

The system can control the ability of extension usersto enter Account Codes for incoming calls.
When this option is enabled, a user can dial * while on an incoming call, enter an Account Code,
and then dial * to return to their caller. If the option is disabled, any digits the user dials after
answering an incoming call outdial on the connected trunk.

Hiding Account Codes

Account Codes can be optionally hidden from atelephone’s display. This would prevent, for exam-
ple, an unauthorized co-worker from obtaining aVerified Account Code by watching the display and
making note of the digits that dial out. When hidden, the Account Code digits show as the character
“*" on the telephone’s display.
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Account Code Capacity
Account Codes print along with the other call data on the SMDR record after the call completes.

Account Codes can be 1-16 digitsin length using 0-9 and #. Verified Account Codes can be from 3-
16 digitslong.

Redialed Numbers Do Not Contain Account Codes

When using the Last Number Redial, Save or Repeat Dial features, the system will not retain
Account Code information. Any number redialed with these features, the user will need to reenter
an Account Code.

Note:
If auser enters * 12345* 203 926 5400* 67890*, if the Last Number Redial featureis used, the sys-
tem dials the number as 203 926 5400* 67890* . The *67890* is not treated as an Account Code.

Alarm

Aspire S Aspire M/L/XL
e Available. e Available.

Description
Alarm lets a keyset extension work like an Alarm clock. An extension user can have Alarm remind
them of ameeting or an appointment. There are two types of Alarms:
® Alarm 1 (soundsonly once at the preset time)
® Alarm 2 (sounds every day at the preset time)

Alphanumeric Display

Aspire S Aspire M/L/XL
e Available. e Available.

Description

Multibutton display telephones have a 3-line, 24 character per line alphanumeric display that pro-
vides various feature status messages. These messages help the display telephone user process
calls, identify callers and customize features.
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Analog Communications Interface (ACI)

Aspire S Aspire M/L/XL
e Available - 8 ACI software ports (4 PGDAD modules e Available - 96 ACI software ports (48 PGDAD modules
max. when used for ACI ports) and 4 ACI Department max. when used for ACI ports) and 16 ACI Department
Groups. Groups.
Description

The Analog Communications Interface (ACI) feature uses a PGDAD modul e to provide two analog
ports (with associated relays) for Music on Hold, External Paging or auxiliary devices such astape
recorders and loud bells. The system allows up to 48 PGDAD modules (when used for ACI ports),

for amaximum of 96 analog ports. Each PGDAD module requires an unused port on an ESIU PCB.

Music on Hold

You can connect up to two customer-provided Music on Hold music sources to a PGDAD
module. Thislets you add additional music sourcesif the external source onthe NTCPU PCB
or theinternal source are not adequate. By using PGDAD modules, you could even have a dif-
ferent music source for each trunk.

When the system switches the ACI analog port to atrunk on Hold, the PGDAD relay associ-
ated with the ACI analog port closes. You can use this capability to switch on the music
source, if desired.

Extension users can dia the ACI analog port extension number and listen to the connected
music source. The PGDAD relay associated with the port closes when the call goes through.

For Music on Hold, connect the music source to the PGDAD module. Connect the music
source control leads to the CTL (control relay) jack. Refer to the Hardware Manual for addi-
tional details.

External Paging

An ACI analog port can also be an External Page output. When connected to customer-pro-
vided External Paging equipment, the ACI port provides Externa Paging independent of the
Aspire NTCPU external paging input (the Aspire S CPU does not provide an external paging
input). To use the External Paging, an extension user just dials the ACI analog port extension
number and makes the announcement. The system broadcasts the announcement from the ACI
analog port and simultaneously closes the associated PGDAD relay. You can use the relay
closure to control the External Paging amplifier, if required.

This external paging zone is not included in external all call paging or combination paging
(internal and external).

For External Paging, connect the Paging amplifier to the PGDAD jack. Connect the amplifier
control leads to the CTL (control relay) jack. Refer to the Hardware Manual for additional
details.
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® Auxiliary Device Control
The PGDAD module can control a customer-provided tape recorder. When an extension user
dialsthe ACI analog port extension number, they can automatically start the recorder and acti-
vate the record function. When the user hangs up, the recording stops and the tape recorder
turns off. For tape recording, connect the tape recorder AUX input jack to the PGDAD jack.
Connect the recorder control leads (if available) to the CTL (control relay) jack. Refer to the
Hardware Manual for additional details.

By using Department Calling, you can arrange multiple tape recorders into a pool. When an
extension user dials the Department Group pilot number, they reach the first available tape
recorder in the pool.

The relaysin the PGDAD module can optionally control customer-provided external ringers
(loud bells) and buzzers. When an extension user dials the ACI analog port extension number,
the associated PGDAD relay closes and activates the ringer. You could use this capability to
control an emergency buzzer for anoisy machine shop floor, for example.

® ACI Call Recording
ACI Call Recording allows you to use a recording device connected to a PGDAD module to
manually or automatically record calls. The recording deviceistypically a customer-provided
tape recorder. You can set up ACI Call Recording to output to a single ACI port/recording
device or to apool of ACI ports/devices. With asingle device, all calls are stored in a central-
ized location. With a pool of devices, you'll be sure to have a port available for recording -
even in peak traffic periods. You can set up automatic recording on a per trunk or manually on
aper extension basis.

When set up for manual recording, the user pressesthe ACI Conversation Record key (Service
Code 851 + 69 + 0) to begin recording the call from that point. When set up for automatic
recording, ACI Call Recording starts automatically as soon as the user places or answerstheir
call. The system can be programed to record al incoming trunk callswhich ring an extension.
This includes the following trunk types:

® Central Office calls programmed to ring the extension.

Direct Inward Diding (DID)

Direct Inward Line (DIL)

Direct Inward System Access (DISA)

Tielines

The system can also be programmed to record outgoing trunk calls, however, thisis only pos-
sibleusing E& M tielines, PRI or BRI trunks.

ACI Call Recording is not available for intercom calls, transferred calls, or calls placed on
hold and answered by an extension with Call Recording enabled. To manually record any type
of call (transferred, ICM, outgoing CO trunk, etc.), use the Voice Mail Conversation Record
key (Service Code 851 + 78).

Physical Ports and Software Ports

Each PGDAD module consists of aphysical port for connection to the phone system and two logical
ports. For programming purposes, the ports are a so called software ports. The physica port connects
to astation position on aEISU PCB. During installation, the first PGDAD module you set up is phys-
ical port 1; the second PGDAD module is physical port 2, etc. Each PGDAD module has two soft-
ware ports, which are numbered independently of the physical ports. Normally, the first PGDAD
module set up has software ports 1-2; the second PGDAD module has software ports 3-4, etc. There
are atotal of 96 software ports (48 PGDAD modules x 2 ports each). During programming, you
assign ACI extension numbers and Department Group optionsto PGDAD software ports, not physical
ports. During installation, you connect equipment to the jacks on the PGDAD modul e that correspond
to the software port. Refer to the system Hardware Manual for more installation details.
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Aspire Wireless
Aspire S Aspire M/L/XL
e NotAvailable. e Available with software 2.16+ - 120 phones maximum.
» Program optionsto adjust transmit and receive level of
Aspire Wireless available with 2.63+ software.
» Service Codes for registering/unregistering Aspire Wire-
less phones available with 2.63+ software.
Description

The Aspire system provides the ability to use 2.4 GHz Aspire Wireless'DECT (Digital Enhanced
Cordless Telecommunication) phones. These phones provide you with the freedom and conve-
niences of awireless phone, but in addition, you also have access to features provided by the Aspire
system.

The Aspire Wireless (DECT) phone provides additional options as well. Refer to the user guide
included with your phone for details on these features.

® 12 Character Alphanumeric Display with Back Light

LED Indication for Incoming and Unanswered Calls

Telephone Book with 80 Number Memory Capacity

Vibration

Auto Log-In (roaming between different systems)

14 Messages Stored

Stack for 10 Caller ID

Silent Mode (mute all sounds)

Redial (last 10 numbers)

Programming Pause

Programming of 2 Different Setups (indoor and outdoor)
Adjustable Volume

Key Lock

9 Different Ring Tones and Adjustable Ring Volume

Microphone Mute

Headset Connection

Automatic Off-Hook (B-Answer)

R-Key for Transfer and Special Services

Detects other wireless devices and will temporarily block that frequency range until it
becomes available (helps to prevent interference between devices)

Out-of-Range

When aAspire Wireless phone receives an incoming call and the phone is considered out-of-range
(Program 20-22-05 timer expires), what the system does with the call and what the caller hears
depends on system programming.

® Extension calerswill hear alock-out tone and may see “Out of Range” on their display.

® DISA callerswill following the programming set in Program 25-04-01 : VRS/DISA Transfer
Ring Group With No Answer/Busy.
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® DID and DIL callers hear ringing and can then be transferred to voice mail or to another
extension based on the settingsin Program 15-15-05 and 15-15-06.

® Tielinecdlerswill hear the lock-out tone.

The Aspire Wireless requires the following hardware:

e 4-Port Interface PCB (P/IN 0891090), 8-Port Interface PCB (P/N 0891091), or 12-Port Inter-
face PCB (P/N 0891092)

® Handset with Battery (P/N 780004)
® Base Station (P/N 780136)
® Charging Cradle (P/N 780137)

Optional Equipment:

L eather Cover w/Clip for Aspire Wireless (DECT) Handset (P/N 780148)
Repeater (P/N 780138)

AC Adapter (P/N 780139)

Battery (NMh) (P/N 780140)

Handset Belt Clip (P/N 780141)

Repeater Programming Kit (P/N 780142)

Service Tool Kit (P/N 780143)

Deployment Tool (P/N 780144)

External Antennaw/Cable for Repeater (P/N 780145)

Prior to deleting an Aspire Wireless (DECT) phone from the system using Program 91-07-01 :
DECT Subscription - Delete, make sure the DSIU PCB isinstalled in the system. If the DSIU is
removed when Program 91-07-01 isrun, the system will retain the DECT setting. Thiswill prevent
the Aspire Wireless phone(s) from being registered in the system again.

Programs Available for Gain Adjustment
With software 2.63 or higher, you can adjust the gain of the Aspire Wireless handsets using Pro-
gram 15-15-07 and 15-15-08.

Register/Unregister Handset by Service Code
TheAspire Wireless tel ephones can be registered or unregistered at adisplay keyset using a service
code. Note the following conditions when using this feature:

® Asthisfeature uses extension numbers and not port number, it is not possible to have the sys-
tem select an available port as when using Program 91-06-01.

® Thisfeature only supports the wild card subscription method. It is not possible to specify the
IPEI number.

® Thewait timer for terminal registration is fixed at 600 seconds.

® Thisfeature can only be used from adisplay keyset. Digital single linetelephones and i-Series
phones cannot be used.

® Thisoptionisnot available for Networked systems.
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Attendant Call Queuing

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

Attendant extensions can have up to 32 incoming calls queued before additional callers hear busy
tone. This helps minimize call congestion in systems that use the attendant as the overflow destina-
tion for unanswered calls. For example, you can program Direct Inward Lines and VVoice Mail calls
to route to the attendant when their primary destination is busy. With Attendant Call Queuing, these
unanswered calls would normally “ stack up” for the attendant until they can be processed.

The 32 call queue total includes Intercom, DISA, DID, DIL, tie line and transferred calls. If the
attendant doesn’t have an appearance for the queued call, it waitsin lineon a CALL key. If the
attendant has more than 32 calls queued, an extension can Transfer a call to the attendant only if
they have Busy Transfer enabled.

Attendant Call Queuing is a permanent, non-programmable system feature.

Automatic Call Distribution (ACD)

Aspire S Aspire M/L/XL

¢ NotAvailable. e Available with the Basic NTCPU (P/N 0891002) with
the PAL upgrade or the Enhanced NTCPU (P/N
0891038)

- 64 ACD Groups and 512 ACD Agents.

e ACD Cdl Coverage keys supported with 1.06+ software.

e ACD Queue Status Display supported with 1.11+
software.

* ACD Hotline Key ShowsAgent Status supported with
1.11+ software.

* ACD MIS software can count overflow calls with 2.63+
software.

* P Command Support for AIC Login available with
4.0E+ software. Note: Thisfeature is not yet supported
by the inDepth software.

* For moreinformation, refer to the ACD Manual (P/N
0893202).
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Description

Automatic Call Distribution (ACD) uniformly distributes calls among member agents of a pro-
grammed ACD Group. When acall rings into an ACD Group, the system automatically routes the
call to the agent that has been idle the longest. Automatic Call Distribution is much more sophisti-
cated and comprehensive than Department Calling and other group services - it can accurately
judge the work load at each agent and distribute calls accordingly. The system allows up to 64 ACD
Groups and 512 ACD agents.

You can put any agent in any group. In addition, an agent can be in more than one group. Thisalows,
for example, aTechnical Service representation to answer Customer Service calls at lunch time when
many of the Customer Service reps are unavailable.

The ACD Master Number is the “extension number” of the whole group. Calls directly ringing or
transferred to the ACD Master number enter the group and are routed accordingly. Although the
master number can be any valid extension number, you should choose a hnumber that is out of the
normal extension range.

Automatic Call Distribution operation is further enhanced by:

® ACD Call Queuing
When all agentsin an ACD Group are unavailable, an incoming call will queue and cause the
Queue Status Display to occur on the ACD Group Supervisor’s display. The display helps the
supervisor keep track of the traffic load within their group. The Queue Status Displays shows:
- The number of calls queued for an available agent in the group.
- Thetrunk that has been waiting the longest, and how long it has been waiting.

For each ACD Group, you can set the following conditions:

- The number of trunks that can wait in queue before the Queue Status Display occurs.

- How often the time in queue portion of the display reoccurs.

- If the supervisor should hear a Queue Alarm whenever the time in queue portion reoccurs.
Thisalarm is a single beep tone that reminds the supervisor to check the condition of the
queue.

® ACD Overflow (With Announcements)
ACD offers extensive overflow options for each ACD Group. For example, acaller ringing in
when all agents are unavailable can hear an initial announcement (called the 1st Announce-
ment). This announcement can be a general greeting like, “Thank you for calling. All of our
agents are currently busy helping other customers. Please stay on the line and we will help
you shortly.” If the caller continues to wait, you can have them hear another announcement
(called the 2nd Announcement) such as, “ Your businessis important to us. Your call will be
automatically answered by the first available agent. Please stay onthe line” If al the ACD
Group's agents still are unavailable, the call can automatically overflow to another ACD
Group or the Voice Mail Automated Attendant. If all agentsin the overflow ACD Group are
busy, Lookback Routing automatically ensures that the waiting call will ring into the first
agent in either group that becomes free.

You can assign an ACD Group with any combination of 1st Announcement, 2nd Announce-

ment and overflow method. You can have, for example, a Technical Service group that plays
only the 2nd Announcement to callers and then immediately overflows to Voice Mail. At the
same time, you can have a Customer Service group that plays both announcements and does
not overflow.
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Agent Log In and Log Out Services

AnACD Agent can log in and log out of their ACD Group. Whilelogged in, the agent is avail-
able to receive ACD Group calls. When logged out, the agent is excluded from the group’s
calls. The programmable keys and alphanumeric display on an agent’s phone show at a glance
when they arelogged in or logged out.

Agent Identity Code (AIC)

AnAgent Identity Code (AIC) dlowsACD agentsto log in any extens on without setting Program
41-02 (AIC Log In). Usng AIC, ACD agents can aso log in to multiple ACD groups at the same
time (up to 64 ACD Groups). The system will also alow al extensions (up to the system maxi-
mum) to log in using the same AIC code. AlIC and ACD groups for each work period (mode pat-
tern number) can be set in Program 41-18.

MultipleAgent Log In

ACD agents can log their extension in using multiple AICs (up to 3). The system will dso
allow al extensions (up to the system maximum) to log in using the same Al C code. For example,
evenif ACD agent “A” logsin extension 350 with AIC 789, ACD agent “B” can alsologinto
extension 351 with AIC 789 at the same time.

In addition to an agent logging in with multiple AlC codes, ACD agentscan log in to multiple ACD
groupsat the sametime (up to 64 ACD Groups). AIC and ACD groups for each work period (mode
pattern number) can be set in Program 41-18.

Some conditions with Multiple Agent Log In:

® ACD agents cannot log in to the system supervisor or group Supervisor's extension.

° Lnlolrger to log in with AIC, the extension should be set to AIC Log In mode in Program

o If theextensionisset to AIC log in modein Program 41-17, the system will ignore the set-
ting of Program 41-02 for the extension.

® A supervisor cannot log out an agent logged in by an AIC code.

Emergency Call

If an ACD Agent needs assistance with a caller, they can place an Emergency Call to their
ACD Group Supervisor. Once the supervisor answers the Emergency Call, they automatically
monitor both the ACD Agent and the caller. If the agent needs assistance, the supervisor can
join in the conversation. Emergency Call can be a big help to inexperienced ACD Agents that
need technical advise or assistance with a difficult caller. The supervisor can easily listen to
the conversation and then “jump in” if the situation gets out of hand.

Enhanced DSS Operation

A programmed extension user can use their DSS Console to monitor the status of the ACD
Agents within agroup. The DSS Consoleis an essential tool for supervisors. The console key
flash ratestell the supervisor at a glance which of the group’s agents are:

- Logged onto the group (i.e., in service)

- Logged out of the group (i.e., out of service)

- Busyonacal

- Placing an Emergency Call to the supervisor

- Not available or installed

The ACD Supervisor can aso use their console for placing and transferring calls - just like
any other extension user.
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® Flexible Time Schedules
AnACD Work Schedule lets you divide aday into segments (called Work Periods) for sched-
uling the activity in your ACD Groups. You can set up four distinct Work Schedules, with up
to eight Work Periodsin each Work Schedule. Each day of the week has one Work Schedule,
but different days can share the same schedule. For example, your Monday through Friday
Work Schedule could consist of only two Work Periods. Work Period 1 could be from 8:00
AM to 5:00 PM - when your business is open. Work Period 2 could be from 5:00 PM to 8:00
AM - which covers those times when your businessis closed.

® Headset Operation (With Automatic Answer)
AnACD Agent or ACD Group Supervisor can utilize a customer-provided headset in place of
the handset. The headset conveniently frees up the user’s hands for other work and provides
privacy while on the call. In addition, an ACD Agent with a headset can have Automatic
Answer. This allows an agent busy on a call to automatically connect to the next waiting call
when they hang up.

® Incoming Call Routing
Incoming trunk calls can automatically route to specific ACD Groups. These types of calls
ring directly into the ACD Group without being transferred by a co-worker or the Automated
Attendant.

® Rest Mode

Rest Mode temporarily logs-out an ACD agent’s phone. There are two types of Rest Mode:-

- Manual Rest Mode
AnACD Agent can enable Manual Rest Mode anytime they want to temporarily log out of
the ACD Group. They might want to do thisif they go to a meeting or get called away
from their work area. While logged out, calls to the ACD Group will not ring the agent’s
phone.

- Automatic Rest Mode
When an ACD Group has Automatic Rest Mode, the system will automatically put an
agent’s phone in Rest Mode if it is not answered. This ensures callers won't have to wait
while ACD rings an extension that won’t be answered. For keysets, the system enables
Automatic Rest Mode for all phones with Rest Mode keys. For SLTs, you must set an
option in programming to enable Automatic Rest Mode. If an agent’s phoneis placed into
Rest Mode because a call is not answered, the agent will need to manually cancel Rest
Mode in order to log back into the ACD group.

With a Rest Mode key programmed on an ACD agent’s phone, when the agent isin rest mode,
the key will belit. If the Rest Mode key is pressed while an agent is on acall, the key will flash
toindicate a pre-Rest Mode status. When the current call isfinished, the agent’s phone will be
in rest mode. The agent can place intercom calls or receive direct incoming callswhilein Rest
Mode. The ability to receive incoming intercom callsis defined in system programming for
each ACD group. Note that an ACD System Supervisor cannot be placed in Rest Mode.
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Supervisor, ACD Group

You can designate an extension in an ACD Group to be the group’s supervisor. Once assigned
as an ACD Group Supervisor, the user can:

- Takethe entire ACD Group out of service.

- Check the log out status of each agent after the group taken down.

- Restorethe ACD Group to service.

During programming, you can choose one of three modes of operation for each ACD Group
Supervisor:

- Supervisor's extension cannot receive calsto the ACD Group.

- Supervisor's extension can only receive ACD Group calls during overflow conditions.

- Supervisor’s extension receives calls just like any other ACD Group agent (mode 2).

An ACD Group can have only one supervisor. In addition, an extension can be a supervisor
for only one ACD Group.

Supervisor, ACD System

You can designate an extension as an ACD System Supervisor. Once assigned as an ACD
System Supervisor, the user can:

- Takethe all the system’s ACD Groups out of service simultaneously

- Check the log out status of each agent after the groups are taken down.

- Restore all the ACD Groupsto service simultaneously.

The system can have only one ACD System Supervisor.

Work Time

Work Time temporarily busies-out an ACD agent’s phone so they can work at their desk unin-
terrupted. This gives the agent time to fill out important logs and records as soon as they are
finished with their call. There are two types of Work Time:

- Manua Work Time
AnACD Agent can enable Manual Work Time any time they need to work at their desk
undisturbed. You might prefer thisWork Time mode if an agent only occasionally has to
fill out follow-up paper work after they complete their call. When the agent is through
catching up with their work, they manually return themselves to the ACD Group.

Automatic Work Time
The system implements Automatic Work Time for the agent as soon as they hang up their
current call. Thisis helpful in applications (such as Tech Service groups) where follow-up
paperwork is aregquirement for every call. When the agent is done with their work, they
manually return themselves to the ACD Group.

ACD Group Call Coverage Keys
To help cover calls during peak periods, a keyset can have Call Coverage keysfor ACD
Groups by assigning the ACD master number to the Call Coverage key. When acall rings
into a covered ACD Group, it rings the appropriate ACD Group Call Coverage key, allow-
ing usersto pick up incoming ACD calls. The key can ring immediately, after adelay or
just flash. The Call Coverage key also facilitates one-button Transfer for an ACD Group.
The covering extension does not have to be a member of the ACD Group.

Hotline Key ShowsAgent Status
An extension’s Hotline keys provide the “normal” Busy Lamp Field (BLF) for co-workers
and aunique BLF for ACD Agents. Similarly to the supervisor's DSS Console BLF, the
unique BLF shows when the covered agent isin service, out of service or busy on acall.
This enhanced BLF gives a department manager, for example, ACD Group monitoring
capabilities without having to become a supervisor with aDSS Console.
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Hotline gives a keyset user one-button calling and Transfer to another extension (the Hot-
line partner). Hotline hel ps co-workers that work closely together. The Hotline partners
can cal or Transfer callsto each other just by pressing a single key. Enhanced for ACD
applications, Hotline provides aunique Busy Lamp Field for ACD agentsaswell asaBLF
for co-workers that are not ACD agents.

- Enhanced Supervisor Options

AnACD supervisor can individually assign extensionsto ACD Groups, and set an agent’s
status once assigned. This provides the supervisor with tremendous flexibility to reassign
agents aswork loads vary.

- Queue Status Display with Scrolling

When all agentsin an ACD Group are unavailable, an incoming call will queue and cause
the Queue Status Display to occur on the ACD Group Supervisor and/or agent’s display
(based on the Class of Service). The display helps the supervisor keep track of the traffic
load within their group. In addition, any display keyset can have a Queue Status Display
Check programmable function key. The keyset user can press thiskey any time whileidle,
and using the VOL A and VOL 'V, scroll through the Queue Status Displays of al the
ACD Groups. The Queue Status Displays shows:

® The number of calls queued for an available agent in the group.
® Thetrunk that has been waiting the longest, and how long it has been waiting.

For each ACD Group, you can set the following conditions:

The number of trunks that can wait in queue before the Queue Status Display occurs.
How often the time in queue portion of the display reoccurs.

Queue Status Display holding time.

Queue Status Alarm enable/disable.

® Queue Status Alarm sending time.

When Logged Out of ACD Group

When ACD agents are logged out and a call is placed into the ACD queue, the phones of
the logged out agents will display the Queue Status and hear the alarm according to the
settings defined in system programming. Pressing the Queue Status Display Programma-
ble Function key will return the phone to idle until the timer in Program 41-20-03 expires
again.

- Overflow Announcements from Voice M ail

The NVM-SeriesVoice Mail system can provide the ACD overflow announcementsin
systems that do not have a DSP daughter board installed for VRS. When a caller queues
for an available agent, designated Voice Mail ACD Announcement Mailboxes provide the
overflow messages.

- Escapefrom Queuewith NVM-Series

Escape From Queue uses NVM-Series Call Routing Mailboxes for announcement mes-
sages to provide callers with enhanced options while in queue. After listening to this type
of announcement, they can either wait in queue or dial adigit for an alternate destination.
The destination is typically the operator, a mailbox or an extension.

- Programmable Wrap-up Timer

When an agent finishes their call, the system automatically starts a wrap-up timer and
blocks any ACD callsto the agent. This gives them time to complete important logs and
records before anew call comesin. When the timer expires, the system returns the agent to
the ACD Group to handle new callers.
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- InDepth and inDepth+
InDepth and inDepth+ are Windows-based Management Information Systems that work
with the system’s built-in ACD. These ACD/MI S systems enhance the system with real
time statistics and reports on ACD Group traffic patterns and usage. Refer to the inDepth
and inDepth+ feature for more details.

ACD Group as Overflow Destination

The system can transfer an overflow call to a specific ACD Group or to voice mail using Program
41-09. When Program 41-08-02 : ACD Overflow Destination has the ACD Overflow Destination
set to '65', the system will overflow the call to the ACD Group programmed in Program 41-09. (The
system will not allow you to program an ACD group with that ACD group as the overflow.) If,
whilethe call isringing, the extension to which the call was transferred becomes available, both the
extension and the overflow ACD group will ring.

Option Available for Counting Overflow Calls in ACD MIS Software

An option is available for use with ACD MIS (such as inDepth/inDepth+) software to count over-
flow calls. When the number of queued ACD overflow calls exceeds the limit and a busy toneis
sent to the caller, the system programming will determine if the call is counted in the ACD MIS
software.

P Command Support Added for AIC Login

Thisfeatureis not yet supported by the inDepth software.
Previously, the Aspire P Commands would not support AIC log on/ log off. Because of this, it was
not possible for the inDepth M1 S software to determine which ACD groups each extension was a
member of or to which ACD groups calls were presented.

With this software, AIC log on/log off operations are supported. The Aspire P Commands will indi-
cate which ACD Group is being logged onto when an Al C code is entered. Also when an agent logs
off, there will be amultiple log of events, one log off event for each previous ACD log on event.

For more on Automatic Call Distribution, refer to the ACD Manual (P/N 0893202).

Automatic Route Selection

Aspire S Aspire M/L/XL

e Available.

* Avalable.

available.

e COSoption for outgoing calls following accessmapis | « COSoption for outgoing calls following access map is

available in software 1.11+.

* COS Matching feature is available with 2.63+ software. | « COS Matching feature is available with 2.63+ software.

ware 2.63+

» Alternate Carrier Accessfor ISDN trunksrequires soft- | »  Alternate Carrier Access for ISDN trunks requires soft-

ware 2.63+.

Description

Automatic Route Selection (ARS) provides cdl routing and call restriction based on the digits a user
dials. ARS gives the system the most cost-effective use of the connected long distance carriers.
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ARSisan on-line cal routing program that you can customize (like other system options) from a
display telephone. ARS accommodates 250 call routing choices - without a custom-ordered rate
structure database. With ARS, you can modify the system’s routing choices quickly and easily. This
is often necessary in today’s telecommunications world where the cost structure and service
choices frequently change.

The ARS feature can add or delete digits and route calls according to pre-determined levels. When
Aspire systems are networked together by atie line, the networked systems can be called by a sys-
tem number and a user’s extension number, just an extension number, or by using atrunk access
code.

ARS Feature Summary
ARS provides:

e Call Routing
ARS can apply up to 24-digit analysis to every number dialed. For programming, ARS pro-
vides separate 8-digit and 24-digit tables. Each table can have up to 250 numbers.

e Dialing Trandlation (Special Dialing I nstructions)
ARS can automatically execute stored dialing instructions (called Dial Treatments) when it
chooses aroute for acall. The system allows up to 15 Dial Treatments. The Dia Treatments
can:
- Automatically insert or delete aleading 1
- Insert or delete an area code (NPA)
- Add digits (such as adia-up OCC number), pauses and waits to the dialing sequence

® Timeof Day Selection
For routing purposes, ARS provides ten different day selections (called Time Schedule Pat-
terns). Each Time Schedule Pattern can provide up to 20 time intervals which are assigned to
one of the eight day/night modes. The Time Schedule Patterns are then assigned to a day of
the week (Monday-Friday, Saturday, Sunday or Holiday).

Basic ARS Operation

When a user places an outside call, ARS analyzes the digits dialed and assigns one of 64 Selection
Numbersto the call. The Selection Number chosen depends on which digits the user dialed. ARS
then checks the time of day, the day of week and the extension’s ARS Class of Service. Based on
these call routing options, ARS selects atrunk group for the call and imposes the Dia Treatment
instructions (if any).

Class of Service Option Allows Outgoing Calls to Not Follow Access Map

Using this option alows an extension’'s Class of Serviceto be set so that ARS does not follow the
trunk access map settings (Program 14-07-01 and 15-06-01). The feature allows an extension user
to have CO line keys on their phone which allow incoming access only. The user would only have
outgoing access on the CO lines when using ARS to place acall.

Class of Service Matching

With the ARS Class of Service Match Access feature, you can determine whether the system should
alow acall based on the COS assigned to the Dial Analysis Table (Program 26-02). This change
can be used to create a tenant-like application. It will then use the trunk group defined in the Addi-
tional Entry in Program 26-02-03 to place the outgoing call.

When thisfeature is enabled, the callswill be routed in sequential order, and will forward provided
the Class of Service for the trunk groups match.

For this feature a new system option, Program 26-01-06 : Automatic Route Selection Service,
COSMatch Access, is added. In adding this feature, the ARS table is expanded from 200 to 400.
First 200 entries will be compatible with the previous software as well as the 2.63 software.
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Alternate Carrier Access Added for ISDN Trunks

An option is available which allows the system to provide a Transit Network Selection information
element for ARS calls using ISDN trunks. This information element identifies a requested transit
network. This function isvalid only for outbound calls by ISDN trunk.

Local calls do not need Network Selection information since they will be handled by the local
exchange carrier (ILEC). If thisisthe case, ARS is able to distinguish between local and long dis-
tance calls and add the Transit Network Selection information element when required.

This option would apply to both PRI and BRI ISDN trunks. If the trunk in the used in Program 26-
02 : Dial AnalysisTablefor ARS/LCR isnot an ISDN trunk, this codein the dial treatment will be
ignored.

Background Music

Aspire S Aspire M/L/XL
» Available. » Available.

Description

Background Music (BGM) sends music from a customer-provided music source to speakersin key-
sets. If an extension user activates it, BGM plays whenever the user's extension isidle.

Barge In

Aspire S Aspire M/L/XL

* Available. * Available.

Description

Barge In permits an extension user to break into another extension user’s established call, including
Conference calls. This sets up a Conference-type conversation between the intruding extension and
the parties on the initial call. With Barge In, an extension user can get a message through to a busy
co-worker right away.

There are two Barge In modes. Monitor Mode (Silent Monitor) and Speech Mode. With Monitor
Mode, the caller Barging In can listen to another user’s conversation but cannot participate. With
Speech Mode, the caller Barging In can listen and join another user’s conversation.

CAUTION

UNAUTHORIZED INTRUSION ON CALLSUSING THISFEATURE
MAY BE INTERPRETED ASAN INVASION OF PRIVACY.
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Call Coverage

Please refer to the Multiple Directory Numbers/ Call Cover age (page 132) for information on
this feature.

Call Duration Timer

Aspire S Aspire M/L/XL
+ Available. » Available.
» Program 20-09-06 requires software 2.67+. » Program 20-09-06 requires software 2.67+.
Description

Call Duration Timer lets a keyset user time their trunk calls on the telephone display. This helps
users that must keep track of their time on the phone. For incoming trunk calls, the Call Timer
begins as soon as the user answers the call. For outgoing trunk calls, the Call Timer starts about 10
seconds after the user dials the last digit.

Call Forwarding

Aspire S Aspire M/L/XL
* Available. * Available.
« Activating Call Forwarding while on acall available « Activating Call Forwarding while on acall available
with 2.63+ software. with 2.63+ software.
Description

Call Forwarding permits an extension user to redirect their calls to another extension. Call For-
warding ensures that the user’s calls are covered when they are away from their work area. The
types of Call Forwarding are:

® Call Forwarding when Busy or Not Answered
Callsto the extension forward when busy or not answered.
® Call Forwarding Immediate
All calls forward immediately to the destination, and only the destination rings.

® Call Forwarding with Both Ringing
All calls forward immediately to the destination, and both the destination and the forwarded
extension ring (not for Voice Mail).

® Call Forwarding when Unanswered
Callsforward only if they are unanswered (Ring No Answer).
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® Call Forwarding Follow Me
Refer to Call Forwarding with Follow M e (page 73) for more.

® Personal Answering Machine Emulation
Allows the extension to emulate an answering machine. Refer to “Voice Mail” for more.

Call Forwarding will reroute calls ringing an extension, including calls transferred from another
extension. The extension user must enable Call Forwarding from their phone. To redirect calls
while auser is at another phone, use “ Call Forwarding with Follow Me”. A periodic VRS
announcement may remind users that their calls are forwarded.

Activating Call Forwarding While On a Call

A keyset user can activate or deactivate Call Forwarding while on a call if the phone has a Call For-
ward Programmable Function Key programmed (15-07-01 or SC: 851 16). Activating Call For-
warding while on a call works only for Call Forward to Station key (Code: 16). Other Call Forward
keys (Code: 10-15, 17) do not work while on a call. This option cannot be enabled while the user is
hearing a confirmation or warning tone.

With older software, keyset user could only enable Call Forwarding when the phone was idle or
when dial tone was heard.

Thisoption is not available for single line telephones.

When Call Forward Follow Meis set up in achain, forwarding cannot be canceled by the middle
keyset whileon acall.

Call Forwarding, Fixed

* Available.

Aspire S Aspire M/L/XL
* Available.

Description

Fixed Call Forwarding is atype of forwarding that is permanently in force at an extension. Callsto
an extension with Fixed Call Forwarding enabled automatically reroute - without any user action.
Unlike normal Call Forwarding (which isturned on and off by extension users), Fixed Call For-
warding is set by the administrator in system programming. Fixed Call Forwarding complements
Voice Mail, for example. The administrator can program Fixed Call Forwarding to send auser’s
unanswered calls to their Voice Mail mailbox. Each individual user no longer has to manually set
this operation.

In system programming, the administrator can set the Fixed Call Forwarding destination and type
for each extension and virtual extension. The forwarding destination can be an on- or off-premise
extension or Voice Mail. The Fixed Call Forwarding types are:

® Fixed Call Forwarding with Both Ringing (Program 24-06 Option 1)

Fixed Call Forwarding when Unanswered (Program 24-06 Option 2)

Fixed Call Forwarding Immediate (Program 24-06 Option 3)

Fixed Call Forwarding when Busy or Unanswered (Program 24-06 Option 4)
Fixed Call Forwarding Off-Premise (Program 24-07)
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Fixed Call Forwarding reroutes the following types of incoming calls:
® Ringing intercom calls from co-worker’s extensions
Callsrouted from the VRS or Voice Mail

Direct Inward Lines

DISA, DID and tieline calls to the forwarded extension
Transferred calls

Fixed Call Forwarding Chaining

Fixed Call Forward Chaining allows Fixed Call Forwards to loop from one extension to the next.
For example, you could have the chain 301 == 302 = 303 = 304 set up for Fixed Call Forwarding
when Busy. If extension 301 is busy, callsto 301 route to 302. If 302 is also busy, the callsroute to
303 and so on. Chaining allows you to set up very basic hunting between co-workers.

Keep the following in mind when setting up Fixed Call Forwarding Chaining:

e |If Fixed Call Forwarding Chaining forms a complete Call Forwarding loop (i.e., 301 == 302
i 303 i 301), the system rings the last extension in the chain (303). It does not compl ete the
loop.

@ |If Fixed Call Forwarding Chaining finds an extension with user-implemented Call Forwarding
in the middle of a chain, it rings that extension. It does not continue routing to the other exten-
sionsin the chain.

® |If oneof the extensionsin aFixed Call Forwarding chain hasits fixed option set for Both
Ringing (1), the system rings that extension. It does not continue routing to the other exten-
sionsin the chain.

® Thereceiving extension’'s display shows:

'STA AAA AAA isthe extension that initially placed the call.
TRANSFER<< STA BBB BBB isthefirst extension in the Fixed Call Forwarding chain

Call Forwarding, Off-Premise

Aspire S Aspire M/L/XL
e Available. e Available.
e DSL setscan be used. e DSL setscan be used.
Description

Off-Premise (OPX) Call Forwarding allows an extension user to forward their calls to an off-site
location. By enabling OPX Call Forwarding, the user can stay in touch by having the system for-
ward their calls while they are away from the office. The forwarding destination can be any phone
number the user enters, such as a car phone, home office, hotel or meeting room. Off-Premise Call
Forwarding can route the off-site phone number over a specific trunk or through atrunk group,
Automatic Route Selection or Trunk Group Routing.
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Off-Premise Call Forwarding reroutes the following types of incoming calls:
® Ringing intercom calls from co-worker’s extensions

Calls routed from the VRS or Voice Mail *

Direct Inward Lines

DISA, DID and tie line calls to the forwarded extension 1

Transferred calls®

OPX Call Forwarding does not reroute Call Coverage keys, Multiple Directory Number keys, or
Ring Group calls (i.e., trunk ringing according to Ring Group assignments made in Programs 22-04
and 22-05).

Off-Premise Call Forward for Door Boxes

Off-Premise Call Forwarding allows Door Box callersto be transferred automatically to the pre-pro-
grammed externd party. The destination telephone number is stored in the Common Abbreviated Dia
area. Thisfeature may be used in case a co-worker is out of the office. All incoming calsfor their exten-
sion will be automatically transferred to their external number (example: cell phone). Off-Premise Call
Forward for Door Boxes can be transferred to the external party through | SDN lines only.

Trunk-to-Trunk Off-Premise Call Forwarding

Use Trunk-to-Trunk Forwarding to automatically forward an incoming trunk cal to an outside location.
The forwarding destination can be stored in an Abbreviated Did bin. This feature can be used for trunks
which are defined as normal (0) or DID (3) in Program 22-02 : Incoming Call Trunk Setup.

Call Forwarding with Follow Me

* Available.

Aspire S Aspire M/L/XL
* Available.

Description

While at a co-worker’s desk, auser can have Call Forwarding with Follow Meredirect their callsto
the co-worker’s extension. This helps an employee who gets detained at a co-worker’s desk longer
than expected. To prevent losing important calls, the employee can activate Call Forwarding with
Follow Me from the co-worker’s phone.

Call Forwarding with Follow Me reroutes calls from the destination extension. To reroute calls
from the initiating (forwarding) extension, use Call Forwarding.

1. Off-Premise Call Forwarding can reroute an incoming trunk call only if the outgoing trunk selected has disconnect
supervision enabled (see Programming below).
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Call Forwarding/Do Not Disturb Override

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

An extension user can override Call Forwarding or Do Not Disturb at another extension. Thisis
helpful, for example, to dispatchers and office managers that always need to get through.

Call Pickup Group

Please refer to Group Call Pickup (page 109) for information on this feature.

Call Redirect

Aspire S Aspire M/L/XL

e Available. e Available.

Description

Call Redirect allows akeyset user to transfer acall to a pre-defined destination (such as an operator,
voice mail, or another extension) without answering the call. This can be useful if you are on acall
and another rings in to your extension. By pressing the Call Redirect key, the call istransferred,
allowing you to continue with your current call.

This feature works with the following types of calls:
Normal trunk call

DID

DISA

DIL

E&M

ICM

The following types of calls cannot be redirected with the feature:
ACD

Transferred

Department Group (all ring mode)

Door Box

Virtual Extension
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Call Waiting / Camp On

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

With Call Waiting, an extension user may call abusy extension and wait in line (Camp-On) without
hanging up. When the user Camps-On, the system signal s the busy extension with two beeps indi-
cating the waiting call. The call goes through when the busy extension becomesfree. Call Waiting
helps busy extension users know when they have additional waiting calls. It also letscallerswaitin
line for abusy extension without being forgotten.

Callback

Aspire S Aspire M/L/XL
» Available. » Available.

Description

When an extension user calls aco-worker that doesn’t answer, they can leave a Callback request for
areturn call. The user does not have to repeatedly call the unanswered extension back, hoping to
finditidle.

The system processes Callback requests as follows:
1. Cadler at extension A leaves a Callback at extension B.
Caller can place or answer additional callsin the mean time.

2. When extension B becomesidle, the system rings extension A. Thisis the Callback ring.

Once caller A answers the Callback ring, the system rings (formerly busy) extension B.
If caller A doesn’t answer the Callback ring, the system cancels the Callback.

4. Assoonascaler B answers, the system sets up an Intercom call between A and B.

w

Callback Automatic Answer determines how an extension user answers the Callback ring. When
Callback Automatic Answer is enabled, auser answersthe Callback ring when they lift the handset.
When Callback Automatic Answer is disabled, the user must press the ringing line appearance to
answer the Callback ring.
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Caller ID

Aspire S

Available - 32 resources available on the CPU for Caller
ID (also used for DTMF receivers and Call Progress
Tone Detection). The DSPDB will NOT provide any
additional resources.

Aspire M/L/XL

Available - 32 resources available on the NTCPU for
Caller ID (also used for DTMF receivers and Call
Progress Tone Detection). The DSPDB provides an
additional 32 resources.

Cadller ID information is not available for Aspire Wire-
less (Aspire Wireless is not supported on Aspire S).

Cadller ID information available for Aspire Wireless with
software 1.05+.

Option for displaying Caller ID namefor SLTsis
available.

Option for displaying Caller ID name for SLTsis avail-
able with software 1.11+.

Adding trunk access codeto Caller ID is available.

Adding trunk access code to Caller ID requires software
2.01+.

Selecting FSK or DTMF for Caller ID requires software
2.63+.

Selecting FSK or DTMF type from SLT for Caller ID
requires software 2.63+.

Caller ID Sender Queuing available with 4.0E+
software.

Caller ID Sender Queuing available with 4.0E+
software.

Selecting FSK or DTMF from trunk for Caller ID
reguires software 4.0E+.

Selecting FSK or DTMF type from an analog trunk for
Caller ID requires software 4.0E+.

DSTU enhancement not available with Aspire S.

Enhanced Caller ID Name and Number display with
DSTU PCB requires 4.0E+.

Description

Caller ID alows a display keyset to show an incoming caller’s telephone number (called the Direc-
tory Number or DN) and optional name. The Caller ID information is available as pre-answer dis-
play. With the pre-answer display, the user previews the caller’s number before picking up the
ringing line. Refer to the table on the following for the available Caller ID displays.

Second Call Display

While busy on acall, the telephone display can show the identity of an incoming trunk or Intercom
call. For incoming trunk calls, the display will show the Caller ID or ANI data or the trunk’s name
if Caller ID or ANI are not installed. (See the T1 Trunking feature for more on ANI compatibility.)
For incoming Intercom calls, the display will show the calling extension’s name.

Caller 1D supports the telco’s Called Number Identification (CNI) and Called Number Delivery
(CND) service, when available. These services provide the Caller 1D information (i.e., messages)
between the first and second ring burst of an incoming call. There are two types of Caller ID mes-
sage formats currently available: Single Message Format and Multiple Message Format. With Sin-
gle Message Format, the telco sends only the caller’s phone number (DN). The DN iseither 7 or 10
digitslong. In Multiple Message Format, the telco sends the DN and the caller’s name. The DN for
thisformat isaso 7 or 10 digits long, and the name provided consists of up to 15 ASCII characters.

Telephone's display can show up to 12 Caller ID digits (for non-ACD calls).
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Onceinstalled and programmed, Caller ID is enabled for all types of trunk calls, including:
Ring Group calls

Callstransferred from another extension

Callstransferred from the VRS

Callstransferred from Voice Mail (unscreened)

Direct Inward Lines (DILS)

Caller ID temporarily stores 16 calls (total of abandoned and answered/unanswered). New calls
replace old calls when the buffer fills.

Temporary Memory

An unanswered call will cause the Call History key (PGM 15-07 or SC 851 08) to flash, indicating a
new call has been placed in the temporary memory. If enabled in programming, the telephone's dis-
play will show “CHECK LIST”. This Caller ID data from the temporary memory can be saved in
either Abbreviated Dia bins or in One-Touch keys making them available for placing future calls.

Outputting Caller ID Data
The system includes the Caller ID data on the SMIDR report. The report provides the incoming call’s
DN inthe DIALED NUMBER field. The CLASSfield shows PIN (just like al other incoming calls).

Caller ID data can also output to a PC or other type of computer through a CTA Module. This
allows for off-line database lookups. In a customer service department, for example, the computer
could search for a caller’s records and display their account status even before a customer service
representative picked up the phone.

Caller ID Digits to Voice Mail
A Caller ID/ANI trunk can send Remote Log-On Protocol with Caller 1D digits to the voice mail.
When atrunk ‘001’ receivesthe Caller ID as ‘12345, the protocol becomes ‘*** 60001* 12345* .

Display Reason for No Caller ID Information

With Caller ID enabled, the system will provide information for analog calls that do not detect the
Caller ID information. If the Caller ID information is restricted, the telephone display will show
“PRIVATE”. If the system is not able to provide Caller 1D information because telco information is
not detected, then the display will show “NO CALLER INFO".

Calling Party Number Information
When using the Aspire Wirel ess telephone, the system can provide the Caller ID information for an
external call if itis provided by the telco.

Option to Enable Caller ID Name for SLT
System programming provides an option for single line telephones to display Caller ID.

Add Trunk Access Code to Caller ID with Aspire Wireless Phones

Aspire Wireless (DECT) phones on the Aspire can hold incoming call history. This history is cre-
ated based on the Caller ID information element contained in the call’s Setup message which is
transmitted from the Aspire. Thisinformation allows users to return calls dialing the number stored.

The stored number, however, does not contain the trunk access code. Without this code, the system
may not be able to seize an outside line to compl ete the call.
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With this feature, when an Aspire Wireless user receives an incoming trunk call, the trunk access
code defined in programming can be added to the Caller ID. Thiswill allow the system to seize an
outside line and then dial the stored number.

® Thisfunctionisonly applied toincoming analog trunks. It does not apply to incoming extension
cals.

® Caller ID must be available for this feature to work.
e Cdler ID Edit Mode (Program 20-19-03) must be enabled.

® Themaximum number of Caller ID digit is 20. If the total number of digits (trunk access code
(Program 10-02-05) and Caller ID) is over 20, the remaining Caller ID digits are not dialed.
For example:
Trunk Access Code (Program 10-02-05): 123456#* (8 digits)
Incoming Caller ID: 12345678901234567890 (20 digits)
Aspire Wireless Dials: 123456#* 123456789012

Option Available for FSK or DTMF Type
An option is available for the Caller ID which allows you to select either FSK or DTMF as the
Caller ID type to be sent from a single line telephone or analog trunk.

Caller ID Sender Queuing Added
The Aspire system can provide Caller ID (calling party number) to asingle line telephone which
has adisplay.

Previoudly, if al Caller ID sender resources were busy in the system, the call would ring the SLT
without any Caller ID information displayed. With this enhancement, the system can queue the
incoming call to the single line telephone if the system Caller ID sender resources are busy. With
this new option, Program 20-19-05 is added.

While anincoming call iswaiting in queue, if the SLT user liftstheir handset, they will hear silence
(no dial tone) and can not dia out. When the SLT user goes back on hook, the system immediately
sends the queued call to the SLT without Caller ID.

Name and Number Limited Display with DSTU PCB
The Caller ID feature has been enhanced to provide better functionality with the i-Series telephones
when using aDSTU PCB.

With the i-Series telephones, previoudly the Caller ID name was limited to the 10 left most charac-
tersand the Caller ID number was limited to 9 digits as both were included on the second line of the
display.

Example:

L[l [n|e 0(0]|1
N[E[C[- [T [n[f [r{o]n 210[3[9]2[6]5[4]-

With this enhancement, the name and number will each appear on a separate line, allowing for a
maximum of 20 characters/digits per line.
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Central Office Calls, Answering

Aspire S Aspire M/L/XL
* Avalilable - 8trunks. » Available - 200 trunks.
» Additional trunk ring tones available. » Additional trunk ring tones added with software 1.02+.
» Defining CODEC Filter settings available. » Defining CODEC Filter settings available with software
1.04+.
* Sidetone Volume Setup available. * Sidetone Volume Setup added in 1.04+ software.
Description

The system provides flexible routing of incoming CO (trunks) calls to meet the exact site require-
ments. Thisletstrunk calls ring and be answered at any combination of system extensions. For
additional information on making trunk ring, refer to the Ring Group feature.

Delayed Ringing

Extensionsin a Ring Group can have delayed ringing for trunks. If the trunk is not answered at its
original destination, it ringsthe DIL No Answer Ring Group (this ring group appliesto DIL or non-
DIL trunks). This could help a secretary that covers calls for their boss. If the boss doesn’t answer
the call, it rings the secretary’s phone after a programmable interval.

Universal Answer

Universal Answer allows an employee to answer acall by going to any keyset and dialing a unique
Universal Answer code. The employee doesn’t have to know the trunk number or dial any other
codes to pick up the ringing trunk. You'll normally set up Universal Answer along with Universal
Night Answer (see “Night Service”). When a Universal Night Answer call rings the External Peg-
ing, an employee can answer the call from the first available phone. You might also want to use
Universal Answer in anoisy warehouse or machine shop where the volume of normal telephone
ringing is not adequate. After hearing the ringing over the Paging, an employee can then easily pick
up the call from a shop phone. See “Night Service” for more on Universal Night Answer.

The Automatic Answer of Universal Answer Calls option (Program 20-10-07) determines whether
or not the extension has the Auto Answer feature for ringing calls. This option allows a user to sim-
ply lift the handset to answer aringing call; they no longer need to dial the service code.

Display Reason for Transfer

When incoming DID, DISA, DIL or ISDN calls are transferred to another extension or ring group
dueto aCall Forward or DND setting, the reason for the transfer can be displayed on the phone
receiving the transferred call. The extension user can then recognize why they are receiving the call.
This feature requires a display telephone in order to view the message.

Additional Trunk Ring Tones

Additional options have been added for the ring tone patters for an incoming call. Previously, in
Program 22-03 the system provided ring tone patterns 1-4. With software 1.02 and higher, Melody
1- Melody 5 are now available aswell.
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CODEC Filter Data Setup Program Added
When Program 81-07-01 : CODEC Filter Setup for Analog Trunk Portsis set to "4 - Specified
Data", the system will use the settingsin Program 81-09 : COIU CODEC Filter Data Setup.

These values should not be changed from their default settings unless directed by NEC' S Technical
Service department.

The side tone of the COIU is adjusted using all 16 values, however, special softwareisrequired
in order to compute these values. The setting is not proportional to the gain level. To change
these values, contact NEC's Technical Service department for assistance.

Sidetone Volume Setup
A new option has been added to allow the system programming for the keyset side tone volume.
There are two levels, based on whether the connected trunk is a digital trunk or analog trunk.

Central Office Calls, Placing

Aspire S Aspire M/L/XL

e Available- 8 trunks. e Available - 200 trunks.

* Additional trunk ring tones added with 1.02+. * Additional trunk ring tones added with 1.02+.

e Trunk Port Disable feature available. * Trunk Port Disable feature available with software
1.00+.

« Defining CODEC Filter settings available. » Defining CODEC Filter settings available with software
1.04+.

« Sidetone Volume Setup available. e Sidetone Volume Setup added in 1.04+ software.

Description

The system provides flexibility in the way each extension user can place outgoing trunk calls. This
letsyou customize the call placing optionsto meet site requirements and each individual’s needs. A
user can place acall by:

Pressing Line Keysor “Loop Keys’

Pressing a Trunk Group (i.e., loop) key

Pressing a Trunk Group Routing (dial 9) key

Dialing a code for a specific trunk (#9 + the trunk number)

Dialing a code for a Trunk Group (804 + group number)

Dialing a code for Trunk Group Routing or ARS (9)

Dialing an Alternate Trunk Route Access Code (which you must define)

Trunk Port Disable

The system provides a service code (Default: 145) which can be used by an extension user to block
atrunk for outgoing calls. The user which busied out the trunk will still have accessto it. All other
users will be blocked from seizing it to place an outgoing call. The trunk, however, can still be
answered by any users programmed with the trunk access.
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Additional Trunk Ring Tones

Additional options have been added for the ring tone patters for an incoming call. Previoudly, in
Program 22-03 the system provided ring tone patterns 1-4. With software 1.02 and higher, Melody
1- Melody 5 are now available as well.

CODEC Filter Data Setup Program Added
When Program 81-07-01 : CODEC Filter Setup for Analog Trunk Portsisset to "4 - Specified
Data", the system will use the settings in Program 81-09 : COIU CODEC Filter Data Setup.

These values should not be changed from their default settings unless directed by NEC' S Technical
Service department.

The sidetone of the COIU is adjusted using all 16 values, however, special softwareisrequired
in order to compute these values. The setting is not proportional to the gain level. To change
these values, contact NEC's Technical Service department for assistance.

Sidetone Volume Setup
A new option has been added to allow the system programming for the keyset side tone volume.
There are two levels, based on whether the connected trunk isadigital trunk or analog trunk.

Class of Service

Aspire S Aspire M/L/XL
* Available - 15 Classes of Service. * Available - 15 Classes of Service.
* Incoming Time Information Display (Pgm 20-09-06) * Incoming Time Information Display (Pgm 20-09-06)
requires software. 267+. requires software. 267+.
Description

Class of Service (COS) sets various features and dialing options (called items) for extensions. The
system allows any number of extensions to share the same Class of Service. An extension can have
adifferent Class of Service for each of the Night Service modes. This lets you program a different
set of dialing options for daytime operation, nighttime operation and even during lunch breaks. An
extension’s Class of Service can be changed in system programming or viaa Service Code
(normally 177).

Class of Service Options (Administrator Level), Program 20-07
Default
This option. .. Is used with . ..

COS 01-14 COs 15
Manual Night Service Enabled Night Service Disabled Enabled
Changing the Music on Hold Tone Music on Hold Disabled Enabled
Time Setting Time and Date Enabled Enabled
Storing Abbreviated Dialing Entries Abbreviated Dialing Enabled Enabled

Product Description 81



Section 3: Features Aspire
Class of Service Options (Administrator Level), Program 20-07
Default
This option. .. Is used with ...
COS 01-14 COS 15
Set/Cancel Automatic trunk-to-Trunk Forwarding Transfer Disabled Disabled
Programmable Function Key Programming Programmable Function Keys Enabled Enabled
(Appearance Level)
Forced Trunk Disconnect (analog trunk only) Forced Trunk Disconnect Disabled Enabled
Trunk port disable Central Office Calls, Placing Disabled Enabled
VRS Record Voice Response System Disabled Enabled
VRS General Message Listen \oice Response System Disabled Enabled
VRS Genera Message Record Voice Response System Disabled Enabled
SMDR printout accumulated extension data Station Message Detail Recording Disabled Enabled
SMDR printout accumulated STG data Station Message Detail Recording Disabled Enabled
SMDR printout accumulated account code data Station Message Detail Recording Disabled Enabled
Aspire Wireless Registration by Service Code Aspire Wireless Disabled Disabled
Class of Service Options (Outgoing Call Service), Program 20-08
Default
This option . .. Is used with . ..
COSs 01-14 COS 15

Intercom Calls Intercom Enabled Enabled

Trunk Calls Central Office Calls, Placing Enabled Enabled

Common Abbreviated Diaing Abbreviated Dialing Enabled Enabled

Group Abbreviated Dialing Abbreviated Dialing Enabled Enabled

Dial Number Preview Dial Number Preview Enabled Enabled

Toll Restriction Override Toll Restriction Override Disabled Disabled

Repeat Redial Repeat Redia Enabled Enabled

Toll Restriction Dial Block Toll Restriction Disabled Disabled

Hotline/Extension Ringdown Ringdown Extension, Internal/External Disabled Disabled

Switching from Handsfree Answerback to Intercom Enabled Enabled

Forced Intercom Ringing
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Class of Service Options (Outgoing Call Service), Program 20-08
Default
This option . .. Is used with . ..
COS 01-14 COS 15
Protect for the call mode switching from caller Intercom Disabled Disabled
(Internal Call)
Department Group Step Calling Department Step Calling Enabled Enabled
CLIP Cdler ID Disabled Disabled
Call Address Information Cdller ID Disabled Disabled
Block Outgoing Caller ID Cdler ID Disabled Disabled
Display E911 Dialed Extension Name and E911 Compeatibility Disabled Disabled
Number
ARS Override map Automatic Route Selection Disabled Disabled
Class of Service Options (Outgoing Call Service), Program 20-09
Default
This option . .. Is used with . ..
COS 01-14 COS 15
Second Call for DID/ DISA/ DIL/ E&M Central Office Calls Answering Disabled Disabled
Caler ID Display Cdller ID Disabled Disabled
Sub Address | dentification Cdller ID Disabled Disabled
Notification for Incoming Call List existence Caller ID Disabled Disabled
Setting Handsfree Answerback or Forced Inter- Intercom Enabled Enabled
com Ringing
Incoming Time Information Display Time and Date Disabled Disabled
Class of Service Options (Answer Service), Program 20-10
Default
This option . .. Is used with . ..
COS 01-14 COS 15
Group Call Pickup (Within Group) Group Call Pickup Enabled Enabled
Call Pickup Group
Group Call Pickup (Another Group) Group Call Pickup Enabled Enabled
Call Pickup Group
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Class of Service Options (Answer Service), Program 20-10
Group Call Pickup for Specific Group Group Call Pickup Enabled Enabled
Call Pickup Group
Group Call Pickup Group Call Pickup Enabled Enabled
Call Pickup Group
Directed Call Pickup for Own Group Directed Call Pickup Enabled Enabled
Meet Me Conference and Paging Meet Me Conference Enabled Enabled
Meet Me Paging
Automatic Answer of Universal Calls Universal Answer Disabled Disabled
Auto Off-Hook Answer for Call Coverage Call Coverage Disabled Disabled
Keys
Class of Service Options (Answer Service), Program 20-11
Default
This option . .. Is used with . ..
COSs 01-14 COS 15
Cdl Forward Immediately Call Forwarding Enabled Enabled
Call Forward When Busy Call Forwarding Enabled Enabled
Call Forwarding When Unanswered Call Forwarding Enabled Enabled
Cadl Forwarding (Both Ringing) Cadll Forwarding Enabled Enabled
Call Forwarding with Follow Me Call Forwarding Enabled Enabled
Unscreened Transfer Transfer Enabled Enabled
Transfer Without Holding Transfer Disabled Disabled
Transfer Information Display Transfer Enabled Enabled
Group Hold Initiate Hold Enabled Enabled
Group Hold Answer Hold Enabled Enabled
Automatic On Hook Transfer Transfer Enabled Enabled
Call Forwarding Off-Premise Call Forwarding Disabled Disabled
Operator Transfer After Hold Callback Callback Disabled Disabled
Trunk to Trunk Transfer Restriction Transfer Disabled Disabled
VRS Personal Greeting \oice Response System Enabled Enabled
Call Redirect Transfer Enabled Enabled
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Class of Service Options (Answer Service), Program 20-11
Default
This option . .. Is used with . ..

COs 01-14 COos 15
Set/Cancel Department Group Trunk-to-Trunk Tandem Trunking Enabled Enabled
Forwarding
Transfer Recall on Receiving COS Transfer Disabled Disabled
Normal/Extended Park Park Disabled Disabled
Transfer Recall on Originating COS Transfer Disabled Disabled
Restriction for Tandem Trunking on Hang Up Conference/Tandem Trunking Disabled Disabled

Class of Service Options (Supplementary Service), Program 20-13
Default
This option . .. Is used with . ..

COs 01-14 COos 15
Long Conversation Alarm Warning Tone for Long Conversation Disabled Disabled
Long Conversation Cutoff (Incoming) Warning Tone for Long Conversation Disabled Disabled
Long Conversation Cutoff (Outgoing) Warning Tone for Long Conversation Disabled Disabled
Call Forwarding/DND Override Cadl Forwarding/DND Override Enabled Enabled
Intercom Off Hook Signaling Off Hook Signaling Enabled Enabled
Automatic Off Hook Signaling Off Hook Signaling Enabled Enabled
M essage Waiting M essage Waiting Enabled Enabled
Conference Conference Enabled Enabled

Meet Me Conference

Privacy Release Conference Enabled Enabled
Barge In Mode BargelIn Disabled Disabled
Room Monitor, Initiating Extension Room Monitor Disabled Disabled
Room Monitor, Extension Being Monitored Room Monitor Disabled Disabled
Continued Dialing Continued Dialing Enabled Enabled
Department Calling Department Calling Enabled Enabled
Barge In, Initiate BargelIn Disabled Disabled
Barge In, Receive BargelIn Disabled Disabled
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Class of Service Options (Supplementary Service), Program 20-13
Default
This option ... Is used with ...

COS 01-14 COS 15
Barge In Tone/Display BargeIn Enabled Enabled
Programmable Function Key Programming Programmable Function Keys Enabled Enabled
(General Level)
Selectable Display Messaging Selectable Display Messaging Enabled Enabled
Account Code/Toll Restriction Operator Alert Account Codes Disabled Disabled

Toll Restriction
Extension Name Name Storing Enabled Enabled
Busy Status Display Intercom Disabled Disabled
Display the Reason for Transfer Transfer Disabled Disabled
Privacy Release by Pressing Line Key Bargeln Disabled Disabled
Transmission is cut when privacy releaseis Tandem Trunking Disabled Disabled
used during trunk to trunk transfer.
Group Listen Group Listen Enabled Enabled
Busy on seizing virtual extension Multiple Directory Numbers/ Call Enabled Enabled
Coverage
Allow COS to be Changed Class of Service Disabled Disabled
Paging Display Paging, External Enabled Enabled
Paging, Internal

Background Music Background Music Enabled Enabled
Connected Line identification (COLP) Caller ID Disabled Disabled
Deny Multiple Barge Ins Bargeln Disabled Disabled
ACD Supervisor’s Position Enhancement Automatic Call Distribution Disabled Disabled
Block Manual Off Hook Signaling Off Hook Signaling Disabled Disabled
Block Camp On Call Waiting / Camp On Disabled Disabled
Call Duration Timer Call Timer Disabled Disabled
Headset Ringing Headset Operation Disabled Disabled
ACD Queue Display Automatic Call Distribution Disabled Disabled
Do Not Disturb Do Not Disturb Enabled Enabled
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Class of Service Options (DISA/E&M Service), Program 20-14
Default
This option . .. Is used with ...

COS 01-14 COS 15
First Digit Absorption TieLines Disabled Disabled
Trunk Group Routing/ARS Access Trunk Group Routing Disabled Disabled

Automatic Route Selection
Trunk Group Access Trunk Groups Disabled Disabled
Common Abbreviated Dialing Abbreviated Dialing Disabled Disabled
Operator Calling Direct Inward System Access (DISA) Disabled Disabled
TieLines
Internal Paging Paging, Internal Disabled Disabled
External Paging Paging, External Disabled Disabled
Direct Trunk Access Central Office Calls, Placing Disabled Disabled
Forced Trunk Disconnect Forced Trunk Disconnect Disabled Disabled
<Not for ISDN T-point>
Call Forward Setting by Remote Via DISA Call Forwarding Disabled Disabled
Direct Inward System Access (DISA)

DISA/Tie Trunk Barge In BargeIn Disabled Disabled

Computer Telephony Integration (CTI) Applications

Aspire S

Aspire M/L/XL

* Available.

* Available.

Description

Computer Telephony Integration (CTI) applications automate your office with TAPI compatibility
and external PC control. CTI puts your telephone system on the cutting edge of modern office pro-

ductivity with:

Personal Computer Interface (PCI) / PC Dialing
Use a CTA or CTU Adapter installed in your keyset as a Personal Computer Interface. Install-
ing the TAPI software driver and TAPI compatible software in your personal computer will
allow your PC to operate your telephone. The TAPI software driver provides all TAPI Basic
Services and a host of TAPI Supplemental Services. See“ TAPI Compatibility” for more.

Database Lookup

Provided through Caller ID and TAPI Compatible third-party software (such asACT!), Data-
base L ookup displays your caller’s account information before their call is even answered.
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Conference

Aspire S

NTCPU provides 32 conference circuits, allowing each
block to have any number conferences with any number
of internal or external parties conferenced as long as the
total number of conference channels used does not
exceed the limit of 32.

Aspire M/L/XL

NTCPU provides 2 blocks of 32 conference circuits,
alowing each block to have any number conferences
with any number of internal or externa parties confer-
enced aslong asthetotal number of conference channels
used does not exceed the block’s limit of 32.

Automatic conference on Hang Up available with soft-
ware 2.10+.

Automatic conference on Hang Up available with soft-
ware 2.10+.

Transfer Call into Conferenceis available.

Transfer Call into Conference requires software 1.11+.

Changing CONF to a Transfer key is available.

Changing CONF to a Transfer key requires software
1.12+.

Conference feature enhancements require software 2.63+.

Conference feature enhancements require software 2.63+.

Description

Conference lets an extension user add additional inside and outside callersto their conversation. With
Conference, a user may set up amultiple-party telephone meeting without leaving the office. The
NTCPU provides 2 blocks of 32 Conference circuits, allowing each block to have any number of
internal or external parties conferenced up to the block’s limit of 32. This means that one extension
can Conference up to 31 internal and/or external parties together (the originator would be the 32nd
party reaching the maximum of 32). While this Conference call is active, another user can use the
second block of Conference circuits to make the same type of call.

Each block of Conference circuits can have multiple Conference calls, providing there are Conference
circuits available. It is not restricted to one Conference per block.

Split (From Conference)

Split allows auser to alternate (i.e., switch) between their callersin Conference. Thiswill allow a

dispatcher, for example, to control atelephone meeting between themselves, a customer and a ser-
vice technician. The dispatcher can meet together with all parties, privately set up a service strategy
with the technician and then meet again to set the schedule.

Split cyclesthrough the Conference in the same order in which the Conference was initialy set up.
If auser places an outside call, conferences extension 302 followed by extension 303, Split will
cycle from the trunk, to 302 and finally to 303. The Split cycle then repeats.

Barge Into Conference

If auser's extension has Barge In capability enabled, they can also Barge In on an established Con-
ference. This permits, for example, an attendant or supervisor to join a Conference in an emer-
gency. It also allows a co-worker to |eave a conference -- and then rejoin the telephone meeting

when it is convenient to do so.

Automatic Conference on Hang Up
A Class of Service option is available, depending on your software version, which will alow or
deny an extension user from automatically setting up a Conference/Tandem Trunking call upon

hanging up the phone.
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Transfer Call Into Conference

An extension with Barge In capability can Transfer acall into an existing Conference. Thiswould
allow, for example, an attendant to locate co-workers and then Transfer them into an existing tele-
phone meeting. There is no need for the attendant to locate all the parties at the same time and
sequentially add them into the Conference.

Change CONF to a Transfer Key

An option is available which alows an extension’s CONF key to be programmed for Conference or
for Transfer. When set for Transfer, the user places acall on hold, dias the extension to which it
should be transferred, the presses the CONF key. The call isthen transferred. When set for Confer-
ence, with an active call, the user presses the CONF key, places a second call, then presses the
CONF key twice. All the calls are then connected.

Conference Feature Enhanced
The Conference feature has been enhanced with the ability to:
® Allow auser in an active Conference call to add another party.
Older software would not allow a call to be added to an existing Conference unlessthe
call was put on hold or park and the Conference reestablished, then adding all partiesinto
the Conference at once.

® Break up aConference call by pressing Hold.

With older software, using line keys, if you set up a 3-party (1 internal user and 2
trunks) Conference, if you placed the Conference on hold and pressed one of the line keys,
the conference would restart. You could not undo a Conference once it was set by simply
placing Hold.

® Drop atrunk or trunks from the Conference.
While in a Conference, with older software, you could not drop one of the parties.

Conference, Voice Call/Privacy Release

Aspire S Aspire M/L/XL

e NTCPU provides 32 conference circuits, allowingeach | « NTCPU provides 2 blocks of 32 conference circuits,

block to have any number conferences with any number allowing each block to have any humber conferences

of internal or external parties conferenced aslong as the with any number of internal or external parties confer-

total number of conference channels used does not enced aslong asthetotal number of conference channels

exceed the limit of 32. used does not exceed the block’s limit of 32.
Description

Voice Call Conference lets extension user’sin the same work areajoin in atrunk Conference. To
initiate aVoice Call Conference, an extension user just presses the Voice Call Conference key and
tellstheir co-workers to join the call. The system releases the privacy on the trunk, and other users
can just press the trunk’s line key to join the call.

Voice Call Conference does not use the telephone system features to announce the call. The person
initiating the Voice Call Conference just announcesit “through the air.”
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Privacy Mode Toggle Option

The Privacy Mode Toggle option allows an extension user to quickly change an outside call from
the non-private mode to the private mode. This would help aworkgroup supervisor, for example,
that needed to quickly monitor any group member’s call. If the supervisor wanted to make a
“secure” call, however, they could quickly switch the line's mode and be assured that their call
would not be monitored. If the outside call is on aline key, the user just pressesthe line key to
switch modes. If the call is on aloop key, the user presses their Privacy Release function key
instead.

For systems using the Privacy Mode Toggle option, trunks initially have the privacy released. If pri-
vacy isdesired for atrunk, use the toggle option or pressthe Privacy Release function key to switch
modes.

Continued Dialing

Aspire S Aspire M/L/XL

* Available. * Available.

Description

Continued Dialing allows an extension user to dial acall, wait for the called party to answer and
then dial additional digits. This helps users that need services like Voice Mail, automatic banking
and Other Common Carriers (OCCs).

There are two types of Continued Dialing:

® Continued Dialing for Intercom Calls
Depending on an extension's Class of Service, akeyset user may be able to dial additional
digits after their Intercom call connects. In systemswith Voice Mail, for example, Continued
Dialing lets extension users dial the different options after the Voice Mail answers. Without
Continued Dialing, extension users cannot access these Voice Mail options.

® Continued Dialing for Trunk Calls
Continued Dialing gives a user access to outside services like automatic banking, an outside
Automated Attendant, bulletin boards and Other Common Carriers (OCCs). After the outside
service answers, the user can dial digits for whatever options the services alow. Without Con-
tinued Dialing, the system’s Toll Restriction will cut off the call after a specific number of
dialed digits. See Programming below for additional information.

NOTICE
Continued Dialing may make the system more susceptible to toll fraud.
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Cordless ll/Cordless Lite Il

Aspire S Aspire M/L/XL

* Avallable.

* Available with software 1.06+.

* Nodisplay for 911 callsrequires software 4.0 or higher. | « No display for 911 calls requires software 4.0i or higher.

Description

TheAgpire System supports a Cordless Telephone. The DTR-4R-1 Cordless |1 (P/N 730082) isa 900
MHz spread-spectrum digital cordless telephone that provides mobility, flexibility and convenience for
those who spend much of theworkday away from their desk. Fully integrated with the telephone system,
the DTR-4R-1 Cordless |1 offers many standard features such as Park, Do Not Disturb, Hotline, Voice
Over and Voice Mail. Normally paired with acompanion keyset for improved 1-button call coverage
capabilities, the DTR-4R-1 Cordless |1 will also work as a stand-alone telephone.

Complemented by 4 fully programmable function keys (with LEDs), the DTR-4R-1 Cordless |
achieves awhole new level of convenience and mobility. An easy-to-read LCD display, volume
controls, a rechargeabl e nickel-cadmium battery pack and a handy belt clip round out the elegant
and affordable DTR-4R-1 Cordless || Phone. This phone provides 10 channels.

A second Cordless Phone is also available: the Cordless Lite || (P/N 730086). The Cordless Lite |
offers the same features as the Cordless |1 except that it uses aNiMH battery and has FM modula-
tion (single channel) instead of the spread spectrum modulation. This phone provides 30 channels.

The base unit provides a“ Cordless’” and “Desk” button which allows the one extension port to
switch from the Cordless to an attached A spire keyset. The phones must be in an idle state when the
button is pressed, otherwise any active call will be disconnected.

Privacy

Cordless telephones are radio devices. Communications between the handset and base of the cord-
less telephone are accomplished by means of radio waves which are broadcast over the open air-
ways. Because of the inherent physical properties of radio waves, communication can be received
by radio receiving devices other than your own telephone unit, consegquently, any communications
using the cordless telephone may not be private.

Radio Interference

Radio interference may occasionally cause buzzing and humming in your cordless handset or click-
ing noises in the base unit. Thisinterference is caused by external sources such as TV, fluorescent
lighting, or electrical storms. Your unit is not defective. If these noises continue and are too distract-
ing, check around the office to see what appliances may be causing the problem, In addition, it is
recommended that the base not be plugged into acircuit that also powers amajor appliance because
of the potential of interference. For best performance, ensure that the antenna on the base unit is
fully extended.

In the unlikely event that other voices or distracting transmissions are heard on the phone, radio sig-
nals for another cordless telephone or other source of interference may be the problem. If thistype
of interference cannot be eliminated, change the telephone to a different channel.
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If should also be noted that some cordl ess tel ephones operate at frequencies that may cause inter-
ference to nearby TVsand VCRs. To minimize or prevent such interference, the base unit should
not be placed near or on top of aTV or VCR. If interference is experienced, moving the cordless
telephone farther away from the TV or VCR will often reduce or eliminate the interference.

Multiple Cordless Telephones

If you want to use more than one cordless telephone in the same office, they must operate on differ-
ent channels. Press the channel key to select a channel that provides the clearest communication.

Inideal conditions, multiple spread spectrum type cordless phones (Cordless 11 ) can be utilized in
the same environment. However, due to the possible interference problems caused by the bases
being placed in close proximity to each other, the following is recommended:

Spread Spectrum Phones (Cordless |1 P/N 730088)

Where users require greater range on the cordless phones and 3 or less cordless phones are being
used at a specific site, we recommend using the spread spectrum cordless phone.

FM Modulation Phones (Cordless Lite |1 P/N 730087)

Where more than 3 cordless phones are to be used at one specific site, we recommend using the FM
modulation cordless phones which have 30-channel capability.

* Note:

1. Therange of the phones depends largely on the environmental factors, such as the building
structure, the size of the room, RF interference and other electronic equipment installed in the
same area. For optimum range and performance, the following is suggested:

2. Placethe base units at least 15 feet apart. The performance of the phones become more stable
when the distance between the basesis greater.

3. Placethe base unit in the center of the coverage area. If the phone will also be used in an out-
door area, like a parking lot, install the base unit in an area close to the window.

4.  If aphone experiences interference and noise, press the channel key to select another channel.

Clearing 911 Calls

Depending on your software, Cordless |1 and Cordless Lite Il phones will not display the E911
message. With older software, if the system was set up to display the E911 Alarm (Program 20-08-
16), there was no way for a Cordless 11 or CordlessLite Il user to clear the display.

Department Calling

Aspire S Aspire M/L/XL
* Available - 8 Department Groups. * Available - 64 Department Groups.
Description

With Department Calling, an extension user can call an idle extension within a preprogrammed
Department Group by dialing the group’s pilot number. The call would ring the first available
extension in the group. For example, thiswould let a caller dial the Sales department just by know-
ing the Sales department’s pilot number. The caller would not have to know any of the Sales depart-
ment’s extension numbers.
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There are two types of routing available with Department Calling: Priority Routing and Circular
Routing. With Priority Routing, an incoming call routes to the highest priority extensions first.
Lower priority extensions ring only if all higher priority extensions are busy. With Circular Rout-
ing, each call rings a new extension (with circular routing, a new call will ring the extension which
has been idle the longest in the group). The ringing order is based on an extension’s priority. In a
Department Group with extensions 310 (Priority 1), 311 (Priority 2) and 312 (Priority 3)

® Thefirst call rings 310.

® Thesecond call rings 311.

® Thethird call rings 312.

® Thefourth call rings 310 and the cycle repeats.

Note: When programming, the high priority extensions have low priority numbers. For example,
priority 1 has a higher priority than priority 10.

Overflow Routing

Department Calling aso provides overflow routing for extensions within the group. If a user
directly dials abusy extension within a Department Group, the system can optionally route the call
to thefirst available group member. The system follows Program 22-15-03 and 22-15-05 timers for
playing the periodic VRS message.

User Log Out/Log In

An extension user can log out and log in to a Department Calling Group. By logging out, the user
removestheir extension from the group. Once logged out, Department Calling bypasses their exten-
sion. When they log back in, Department Calling routes to their extension normally. All users can
dia acodeto login or log out of their Department Calling Group. A keyset can optionally have a
function key programmed for one-button log in and log out operation.

Enhanced Hunting

Department Calling is enhanced with expanded hunting capabilities. Hunting sets the conditions
under which calls to a Department Group pilot number will cycle through the members of the
group. The hunting choices are:

® Busy
A call to the pilot number will hunt past a busy group member to the first available extension.

® Not answered
A call to the pilot number will cycle through the idle members of a Department Calling group.
The call will continueto cycle until it isanswered or the calling party hangs up. If the Depart-
ment Group has Priority Routing enabled, and the highest priority member is busy, the call
will not route.

® Busy or not answered
A cadll to the pilot number will cyclethrough the idle members of a Department Calling group.
The call will continue to cycle until it is answered or the calling party hangs up. Callsinto
groups with Priority Routing and Circular Routing route identically.

® Simultaneousringing
All idle members of the Department Group ring simultaneously. Calls do not cycle between
group members.

If al members of the Department Group are busy, an incoming or transferred call to the group’s
pilot number will queue for an available member. Each group has a queue that can hold any number
of waiting calls. If adisplay phoneiswaiting in queue, the user will see: WAITING (group name). If
atransferred call in queue is an outside call, and the system has DSP daughter board installed with
the VRS, the queued caller will hear, “ Please hold on. All lines are busy. Your call will be answered
when a line becomes free”

The VRS can aso transfer calls to Department Groups. Refer to “Voice Response System (VRS)”
feature for more information on setting up the VRS.
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The system prevents hunting to a Department Group extension if it is:
® Busyonacall

® InDoNot Disturb

e Call Forwarded

Department Step Calling

Aspire S Aspire M/L/XL
e Available. e Available.

Description

After calling a busy Department Calling Group member, an extension user can have Department
Step Calling quickly call another member in the group. The caller does not have to hang up and
place another Intercom call if the first extension called is unavailable. Department Step Calling also
allows an extension user to cycle through the members of a Department Group.

Dial Number Preview

Aspire S Aspire M/L/XL
* Avalable. * Avalable.

Description

Dialing Number Preview letsadisplay keyset user dial and review anumber before the system dials
it out. Dialing Number Preview helps the user avoid dialing errors.

Dial Pad Confirmation Tone

Aspire S Aspire M/L/XL
e Available. e Available.

Description

For an extension with Dial Pad Confirmation Tone enabled, the user hears a beep each time they
pressakey. Thisishelpful for Intercom calls and Dial Pulse trunk calls, since these calls provide
no Call Progresstones.
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Dial Tone Detection

Aspire S Aspire M/L/XL
* Available * Avallable.
» Tone Detection Setup is available. » Tone Detection Setup is available.
* TheNext Trunk in Rotary if No Dia Tone option is * TheNext Trunk in Rotary if No Dia Tone option is
available. available.
Description

If atrunk has Dia Tone Detection enabled, the system monitorsfor dial tone from the telco or PBX
when auser placesacall on that trunk. If the user accesses the trunk directly (by pressing aline key
or dialing #9 and the trunk’s number), the system will drop the trunk if dial tone does not occur. If
the user accessthe trunk viaa Trunk Group (by dialing atrunk group code or automatically through
afeature like Last Number Redial), the system can drop the trunk or optionally skip to the next
trunk in the group. Refer to the chart under Programming below for more.

Dial Tone Detection is available for the following features:

Automatic Route Selection

Abbreviated Dialing

Centra Office Calls, Placing

Last Number Redia

L oop Keys (outbound)

Save Number Diaed

T1 Trunking (with ANI/DNIS Compatibility)
TieLines

Trunk Group Routing

Trunk Groups

Direct Inward Dialing (DID)

Aspire S Aspire M/L/XL

* Available - 20 DID Trandlation Tables can be divided * Available - 20 DID Trandlation Tables can be divided

between 2000 entries.

between 2000 entries.

» DID routing can follow ring group programming on » DID routing can follow ring group programming on
transfers for busy/no answer calls. transfers for busy/no answer calls with software 1.11+.
Description

Direct Inward Dialing (DID) lets outside callers directly dial system extensions. DID savestimefor
callers who know the extension number they wish to reach. To place aDID call, the outside caller
dialsthe local exchange (NNX) and additional digitsto ring the telephone system extension. For
example, DID number 926-5400 can directly dial extension 400. The caller does not haveto rely on
attendant or secretary call screening to complete the call.

Product Description

95



Section 3: Features Aspire

Note: Direct Inward Dialing requires DID service from telco.

In addition to direct dialing of system extensions, DID provides.
e DID Dialed Number Trandation

Flexible DID Service Compatibility

DID Intercept

DID Camp-On

DID Dialed Number Translation

DID dlows different tables for DID number trandation. This gives you more flexibility when buying
DID servicefrom telco. If you can't buy the exact block of numbers you need (e.g., 301-556), use the
trandation tables to convert the digits received. For example, atrandation table could convert digits 501-
756 to extension numbers 301-556.

The Aspire system has 2000 DID Trandation Table entries that you can alocate among the 20 DID
Trandation Tables. Thereis one trand ation made in each entry. For asimple instalation, you can put dl
2000 entriesin the same table. For more flexibility, you can optionally distribute the 2000 entries among
the 20 tables.

In addition to number conversion, each DID Translation Table entry can have aname assigned to it.
When the DID call rings the destination extension, the programmed name displays.

Flexible DID Service Compatibility

You can program the system to be compatible with three and four digit DID service. With four
digit service, the telco sends four digitsto the system for trandlation. With three digit service, the
telco sends three digits to the system for trandation. Be sure to program your system for compati-
bility with the provided telco service. For example, if the telco sends four digits, make sure you set
up the trandlation tables to accept the four digits.

The system is compatible with Dial Pulse (DP) and DTMF DID signaling. DID trunks can be
either wink start or immediate start.

DID Camp-On

DID Camp-On sets what happensto DID calls to busy extensions when you have Busy | ntercept
disabled. With DID Camp-On enabled, acall to abusy extension camps-on for the DID Ring No
Answer Timeinterval. It then diverts to the programmed DID Intercept extension ring group or
Voice Mail. Without DID Camp-On, the caller to the busy extension just hears busy tone.

DID Routing Through the VRS

DID calls can optionally route through the VRS. The DID caller hears an initial Automated Atten-
dant Greeting explaining their dialing options. If the caller mis-dials, they can hear a second greet-
ing with additional instructions. For example, the first Automated Attendant Greeting can be,
“Thank you for calling. Please dial the extension number you wish to reach or dial O for the opera-
tor.” If the caller inadvertently dials an extension that doesn’t exist, they could hear, “ The extension
you dialed isunavailable. Please dial O for assistance or dial # to |eave amessage so we can call you
back.”

You assign Automated Attendant greetings (i.e., VRS Messages) to the numbersin each Translation
Table. This provides you with extensive flexibility when determining which greetings the system
should play for which dialed numbers. You could, for example, set up 926 5401 through 926 5449
to route to extensions 301- 349, and have 926 5450 route to the automated attendant.

96

Product Description



Aspire

Section 3: Features

The system allows an extension to be defined as a 1-digit number which can be dialed by the out-
side caller on aDID/DISA trunk using the VRS. The outside caller is able to access to desired
extension/department group by dialing only 1 digit after the system answers the call. If the same
number is used asthe first digit of an extension number as well as the 1-digit access code for DID/
DISA, the outside caller will not be able to access the extension.
Example: If ‘2" isdefined as a 1-digit access code to department group 300, outside
callers cannot access extensions 200-299 directly.

SMDR Includes Dialed Number

The SMDR report can optionally print the trunk’s name (entered in system programming) or the
number the incoming caller dialed (i.e., the dialed DID digits). This gives you the option of analyz-
ing the SM DR report based on the number your callers dial. (This option also appliesto an ISDN
trunk aswell.)

DID Intercept

DID Intercept automatically reroutes DID calls under certain conditions. There are three types of DID

Intercept:

® Vacant Number I ntercept
If acaller dials an extension that does not exist or mis-dials, Vacant Number Intercept can
reroute the call to the programmed DID Intercept extension ring group or Voice Mail. Without
Vacant Number Intercept, the caller hears error tone after mis-dialing.

® Busy Intercept
Busy Intercept determines DID routing when aDID caller dials abusy extension. If Busy
Intercept is enabled, the call immediately routes to the programmed DID Intercept extension
ring group or Voice Mail. If Busy Intercept is disabled, the call follows DID Camp-On pro-
gramming (see below).

® Ring-No-Answer Intercept
Ring-No-Answer Intercept sets the routing options for DID calls that ring unanswered at the
destination extension. With Ring-No-Answer Intercept enabled, the unanswered call reroutes
to the DID Intercept extension ring group or Voice Mail after the DID Ring-No-Answer Time
interval. If Ring-No-Answer Intercept is disabled, the unanswered call rings the destination
until the outside caller hangs up.

Delayed DID

Deayed DID alows auser a pre-programmed amount of timeto answer acall. If the call isnot
answered within thistime period, the system automatically answersthe call. An outside party will hear a
voice message, music, or dial tone according to the following conditions:

e |If aVRSisinstaled, the system sends a pre-recorded message from the VRS.

® If acustomer-provided audio system (example: tape recorder) is connected, an error message
or music can be played for the caller.

e If thereis no equipment connected for an announcement, the system sends a unique dial tone
to the outside caller.

Thisfeatureis not available for the normal incoming call on ISDN trunks.

DID Intercept Destination for Each DID Number

With this feature the system allows you to program a DID Intercept destination for a DID number
which receives no answer or busy call. The system can be programmed to use a trunk ring group,
the VRS or the voice mail as the programmed destination. Each vacant number intercept for aDID
number can have two destinations. Thefirst destination is for aninvalid DID number, busy or no
answer extension. The second destination is for a no answer trunk ring group.
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For busy or no answer intercept calls, athird destination can be defined in Program 22-12. If the
first and third destinations are programmed but the second destination is not, the incoming call goes
to the third destination after the first destination. If the first and second destinations are not pro-
grammed, but the third destination is, the call goes directly to the third destination.

This feature works for DID trunks with atrunk service type 1 in Program 22-02. Other types of
trunks may use the DID table, but the DID intercept feature is not yet supported.

With the DID Intercept for each DID number feature, when the primary destination (Program 22-
11-05) is set to Voice Mail, the Voice Mail protocol is:

1. Busy Intercept = Forward Busy

2. Ring-No-Answer Intercept = Forward RNA
When the secondary destination (Program 22-11-06) is set to Voice Mail, the Voice Mail protocol is
based on the first destination's routing. When the incoming call is forwarded to the first destination
by a busy intercept, the Voice Mail protocol will be that it forwards busy calls. When the incoming
call isrouted to thefirst destination by aring-no-answer intercept, the protocol will be that it for-
wards ring-no-answer. The Voice Mail will transfer the calls to the mailbox number defined in Pro-
gram 22-11-02.

Note: Any valid DID number must be entered in the DID table (Program 22-11). If avalid DID
number is not entered, there will be no ring destination for any incoming callsto that num-
ber (the calls will not ring any extension in the system).

Calls Can Follow Ring Group Programming for Transferring Calls

An option has been added to Program 22-11 which allows you to determine if the DID routing
should use the programmed ring group entry in Program 22-12-01 when transferring calls from a
busy or no answer number.

Federal Communications Commission DID Requirements
Allowing this equipment to operate in a manner that does not provide proper answer supervision
signaling isin violation of Part 68 rules.

This equipment returns answer supervision to the Public Switched Telephone Network when the
DID trunk is:

® Answered by the called station

® Answered by the attendant

® Routed to arecorded announcement that can be administered by the CPE user

® Routed to adial prompt

This eguipment returns answer supervision on al DID calls forwarded back to the Public Switched
Telephone Network. Permissible exceptions are when:

® A calisunanswered

® A busy toneisreceived

® A reorder toneisreceived
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Direct Inward Line (DIL)

Aspire S Aspire M/L/XL
e Available - 8 trunks and 8 Department Groups. e Available.
With software prior to 2.50 - 26 extensions and 24 vir- Aspire M/L: 200 trunks, 64 Department Groups, 256
tual extensions. With 2.50+, 50 extensions and 24 virtual extensions, and 256 virtual extensions.
extensions. Aspire XL : 200 trunks, 64 Department Groups, 384

extensions, and 256 virtual extensions.

Description

A Direct Inward Line (DIL) isatrunk that rings an extension, virtual extension or Department
Group directly. Since DILsonly ring one extension or group (i.e., the DIL destination), employees
always know which calls are for them. For example, a company operator can have a Direct Inward
Linefor International Sales Information. When outside callersdial the DIL’s phone number, the

call rings the operator on the International Salesline key. The DIL does not ring other extensions.

DIL Delayed Ringing
Extensionsin a Ring Group can have delayed ringing for another extension’sDIL. If the DIL isnot

answered at its original destination, it rings the DIL No Answer Ring Group. Thiscould help a
Technical Service department, for example, that covers calls for an Inside Sales department. If the
Inside Sales calls are not answered, they ring into the Technical Service department.

Direct Inward System Access (DISA)

Aspire S Aspire M/L/XL

* Available - 15 users, 15 DISA Classes of Service and 8 » Available- 15 users, 15 DISA Classes of Service and

trunks.

200 trunks.

Description

DISA permits outside callersto directly dial system extensions, trunks and selected features. This
could help an employee away from the office that wants to directly dial co-workers or use the com-
pany’s trunks for long distance calls. To use DISA, the employee:

Dials the telephone number that rings the DISA trunk

Waits for the DISA trunk to automatically answer with aunique dial tone
Dialsthe 6-digit DISA password (access code)

Waits for a second unique dial tone

Accesses a system trunk, uses a selected feature or dials a system extension

DISA callsring system extensions like other outside calls. If an extension has aline key for the
DISA trunk, the call rings that key. If the extension does not have aline key, the call ringsan idle
CALL key.
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You can set DISA operation differently for each Night Service mode. For example, atrunk can bea
normal trunk during the day and aDISA trunk at night. You can also set the routing for DISA trunks
when the caller dials a busy or unanswered extension, dialsincorrectly or forgetsto dial.

DISA Class of Service

DISA Class of Service provides features and dialing restrictions for DISA callers. This alowsyou
to control the capabilities of the DISA callers dialing into your system. When a DISA caller first
accesses the system, they must enter a DISA password before proceeding. The system associates
the password entered with a specific user number, which in turn has a Class of Service. If the Class
of Service allows the action (such as making outgoing trunk calls), the call goes through. If the
DISA Class of Service doesn’t alow the action, the system prevents the call. The DISA Class of
Service options are:

® Trunk Group Routing/ARS Access
When a DISA caller dialsinto the system, they may be able to dial 9 and place outside calls.
Any toll charges are incurred by the system. The call follows the system’s Trunk Group
Access or Automatic Route Selection - whichever is enabled.

® Trunk Group Access
DISA calers may be able to access a specific trunk group for outgoing calls through the sys-
tem. To access a Trunk Group, the user dials Service Code 804 followed by the Trunk Group
number (e.g., 1). Thisallows the DISA caller to place an outgoing call over the selected
group. Trunk Group Access bypasses the system’s Trunk Group Routing/ARS/Trunk Access
Maps. Aswith dial 9 access, any toll charges are incurred by the system. Also see Direct
Trunk Access below.

® Common Abbreviated Dialing
The system’s Common Abbreviated Dialing bins may be availableto DISA callers. Thiscould
save the DISA caller time when dialing.

® Operator Calling
A DISA caller may be ableto dial O for the system’s operator.

® Paging
Internal and External Paging may be available to DISA callers. This allows co-workersin
adjacent facilities, for example, to broadcast announcements to each other.

® Direct Trunk Access
DISA callers may be able to select a specific trunk for outgoing calls through the system. To
directly access atrunk, the user dials Service Code #9 followed by the trunk’s number (e.g.,
001). This allowsthe DISA caller to place an outgoing call over the selected trunk. Direct
Trunk Access bypasses the system’s Trunk Group Routing/ARS/Trunk Access Maps. Aswith
dial 9 access, any toll charges are incurred by the system. Also see Trunk Group Access above.

e Call Forward
DISA calersmay be able to set Call Forwarding to redirect an extension’s calls to another
extension. Call Forwarding ensures that the user’s calls are covered when they are away from
their work area.

® DISA/Tie Trunk Barge In
The DISA/Tie Trunk Barge In option allows atie line caller to break into another extension’s
established call. This sets up athree-way conversation between the intruding party and the
two parties on the initial call.

DISA Toll Restriction

ThedigitsaDISA caller dials for an outgoing call may be subject to the system’s Toll Restriction.
For example, Toll Restriction can prevent users from dialing a 1-900 service. When an incoming
DISA caller triesto use system trunks to dial 1-900, Toll Restriction will deny the call.
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DISA Operating Modes

The DISA Operating Modes determine what happens when a DISA caller forgetsto dial, callsa
busy or unanswered extension or dialsincorrectly. The system can either drop the call or send it to
apreset Ring Group (called athe DISA Transfer Destination).

Department Calling with Overflow Message

If aDISA caller dials abusy Department Calling Group, the system can periodically play the voice
prompt, “ Please hold on. All lines are busy. Your call will be answered when a line becomes free”
while the caller waits. The interval between the voice promptsis the DISA Overflow Message
Time. When an extension in the Department Group becomes available, the call automatically goes
through. If the Department Calling Group remains busy past the DISA No Answer Time, the DISA
call routesto the overflow destination or disconnects. (What happens to the unanswered call is set
by the DISA Operating Mode). The Overflow Message requires aVRS.

Warning Tone for Long DISA Calls

You can set up the system to provide awarning tone to DISA callersthat have been on acall too
long. The warning tone can be just areminder (which the caller can ignore) or can be followed by a
forced disconnect of the call. When the DISA caller hears the warning tone, they have the option of
dialing a code to continue the conversation or disconnect.

Direct Station Selection (DSS) Console

Aspire S Aspire M/L/XL

* Available. » Available.

* 4110-Button DSS Consoles maximum (4 per extension). |

32 110-Button DSS Consoles maximum (4 per extension).

24 24-Button DSS Consoles maximum (1 per extension).

256 24-Button DSS Consoles maximum (1 per extension).

DSS Lamping programming is system wide.

DSS Lamping programming is system wide with 1.02+.

ACD Lamping is not available asthe ACD featureis not
supported with Aspire S.

ACD Lamping for Non-ACD DSS Available with soft-
ware 4.0E+.

DSS Console Lamp Table applied to keysets requires
software 4.0E+.

DSS Console Lamp Table applied to keysets requires
software 4.0E+.

Description

The DSS Consoles (110-Button DSS: P/N 0890051
or 0890052; 24-Button DLS; P/N 0890053 or
0890054) gives a keyset user a Busy Lamp Field
(BLF) and one-button access to extensions, trunks
and system features. This savestime for users that
do alot of call processing (e.g., operators or dis-
patchers). The DSS Console simplifies:

® Cadling extensions and Door Boxes
® Placing, answering and transferring outside

cals

® Making an External or Internal Page
®  Switching the Night Service mode
® Activating DSS Console Alternate Answer
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The DSS Console aso provides DSS Console Alternate Answer. This lets akeyset user with aDSS
Console quickly reroute their calls to a co-worker. When the user places their console off-duty (by
pressing the ALT. key), their calls route automatically to the programmed co-worker. Transferred
and dial “0” calsring both DSS Consoles and, if the VRS isinstalled, the main operator hears the
message, “ Your calls have been forwarded”. Central office callsring both consoles and no message
is heard by the operator.

You can also program the DSS Console keys to store Service Codes codes (up to 29 digits long).
This provides the DSS Console user with many of the features available on One-Touch and Pro-
grammabl e Feature Keys. The DSS Console keys can optionally store additional associated digits
after the Service Code. For example, storing 8141 under a DSS Console key accesses Trunk Group
1 when the console user presses the key.

The maximum number of 110-Button DSS Consoles allowed per systemis 4 (Aspire S) or 32
(Aspire M/L/XL). Up to 24 (Aspire S) or 256 (Aspire M/L/XL) 24-Button DSS Consoles are possi-
ble. Each extension can have up to 4 110-Button DSS Consoles and/or only one 24-button DLS
console. An extension can, however, have both a 24-button DL S and 110-button DSS consol e(s)
installed. The 110-Button DSS Console requires an avail able extension port - the 24-Button DLS
Console does not.

24-Button DLS (Direct Line Select): DSS/DLS Service Code

Using Programming Function Keys, you can determine whether the keys on a 24-button DL S con-
sole (P/N 0890053 or 0890054) are used as DSS (direct station selection) or DL S (direct line selec-
tion) keys.

To prevent lamping problems when reassigning DL S Console keys, it is recommended that you
clear an extension's programmed key before reassigning it (Program 30-03: Enter key to be cleared
+ FLASH key [If using PCPro/WebPro, del ete the entry and upload the change to the system before
proceeding]). Without clearing an extension's key first, your DSS Console may not show the correct
lamping, although the DSS function will work correctly.

If you are programming the system from the extension to which the DL S Console is connected,
either by phone or using the PC Program, you may need to unplug the DLS and plug it back in to
reset the consol€'s lamping.

DSS Lamping Changed to Apply to All Consoles

Software has been changed to apply settingsin Program 30-05 : DSS Console Lamp Tableto all
system consoles. Previously, the settings in this program defined for each DSS Console.

ACD Lamping for Non-ACD DSS Available
Thisfeature allows anon-ACD DSS console to lamp indicating the status of both non-ACD agents
aswell asACD agents. With older software, the console would only display one type or the other.

DSS Console Lamp Table Works For Keysets

This enhancement provides the option to define the LED patterns for functions on the DSS con-
soles. The DSS Console Lamp Table program will now also affect the lamping for DSS/Hotline
keys on keysets.
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Directed Call Pickup

Aspire S Aspire M/L/XL

* Avallable.

* Avallable.

Description

Directed Call Pickup permits an extension user to intercept a call ringing another extension. This
allows a user to conveniently answer a co-worker’s call from their own telephone. With Directed
Call Pickup, an extension user can pick up:

Trunk cals (i.e.,, Ring Group calls)

Direct Inward Lines

Transferred trunk calls

Transferred Intercom calls

Ringing and voice-announced Intercom calls

Directory Dialing

Aspire S Aspire M/L/XL

* Available.

* Available.

Description

Directory Dialing dlows adisplay or Super Display keyset user to select a co-worker or outside call
from alist of names, rather than dialing the phone number. There are four types of Directory Didling:

ABBc - Company (Common) Abbreviated Dialing
ABBg - Department (Group) Abbreviated Dialing

EXT. - Co-worker's extensions

OneT - Persona Abbreviated Dialing (One-Touch Keys)

Display Messaging, Selectable

Refer to the Selectable Display M essaging (page 152) for information on this feature.
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Distinctive Ringing, Tones and Flash Patterns

Aspire S

* Available.

Aspire M/L/XL
* Auvailable.

Description

Distinctive Ringing, Tones and Flash Patterns provide extension users with audible and visual call
status signals. Thislets userstell the types of calls by listening to the ringing/tones and watching
the keys. It also helps users monitor the progress of their calls. Inaddition, Distinctive Ringing lets
keyset users customize their Intercom and trunk call ringing. Thisis helpful for users that work
together closely. For example, if several co- workers set their keysetsto ring at different pitches,
the co-workers can alwaystell which calls are for them.

You can also customize the tones the system uses for splash tone, confirmation tone, trunk ring
tone, Intercom ring tone and Alarm ring tone.

Do Not Disturb

Aspire S
Available.

* Available.

Aspire M/L/XL

Class of Service option for allowing DND requires soft-
ware 2.63+.

e Class of Service option for allowing DND requires soft-

ware 2.63+.

DND activation while on acall is possible with 2.63+
software.

« DND activation while on acall is possible with 2.63+

software.

Description

Do Not Disturb blocks incoming calls and Paging announcements. DND permits an extension user to
work by the phone undisturbed by incoming calls and announcements. The user can activate DND
whiletheir phoneisidle or while on acall. Once activated, incoming trunk calls still flash the line keys.
The user may use the phonein the normal manner for placing and processing calls.

There are five Do Not Disturb options available at each extension:

1 =Incoming trunk calls blocked

2 = Paging, incoming Intercom, Call Forwards and transferred trunk calls blocked

3=All callsblocked

4 = Incoming Call Forwards blocked

0= Do Not Disturbed canceled

Keyset users be able to activate or deactivate Do Not Disturb while on a call, depending on their
software version. With older software, the keyset user could only enable DND when the phone was
idle or when dial tone was heard. This option is not available for single line telephones.
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Door Box
Aspire S Aspire M/L/XL
» Available- 4 Door Boxes and 6 Chime Tones. * Available - 8 Door Boxes and 6 Chime Tones.
Description

The Door Box is a self-contained Intercom unit typically used to monitor an entrance door. A visi-
tor at the door can pressthe Door Box call button (like adoor bell). The Door Box then sends chime
tones to all extensions programmed to receive chimes. To answer the chime, the called extension
user just lifts the handset. This lets the extension user talk to the visitor at the Door Box. The Door
Box is convenient to have at a delivery entrance, for example. It is not necessary to have company
personnel monitor the delivery entrance; they just answer the Door Box chimes instead. Any num-
ber of system extensions can receive Door Box chime tones.

Each Door Box has a pair of normally open relay contacts that can connect to an electric door
strike. Use these contacts to remotely control the entrance door. After answering the Door Box
chimes, akeyset user can press FLASH to activate the Door Box contacts. Thisin turn releases the
electric strike on the entrance door.

The system can have up to eight Door Boxes.

Dual Line Appearance

Aspire S Aspire M/L/XL
* Available. * Available.

Description

Each keyset has two line appearance keys (CALL1 and CALL?2) for placing and answering calls.
These line appearance keys, assigned to the extension’s number, simplify operationsfor busy users.
For example, the user can easily process anew call on one appearance with acall in progress on the
other.

Dual OPX/2-OPX

Refer to the Single Line Telephones, Analog 500/2500 Sets (page 154) for information on this
feature.
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E911 Compatibility

Aspire S Aspire M/L/XL

« Avallable. « Avallable.

* IP phonesfollowing ARS Class of Service Matching e IP phonesfollowing ARS Class of Service Matching
with networked systemsto call local authorities with with networked systemsto call local authorities with
911 call requires software 2.63+. 911 call requires software 2.63+.

Description

E911 Compatihility ensures that emergency calls always get through. If an emergency occurs, a
user simply goes to any phone, lifts the handset and dials 911. The system’s built-in E911 compati-
bility places the emergency call even if the user forgetsto dial an access code or press aline key.
The E911 capabilities include:

® Attendant Notification
The attendant receives a notification each time a co-worker dials an emergency 911 call. This
notification is the co-worker’s name and number display optionally accompanied by an audi-
ble alarm. Notification occurs regardless of whether the attendant isidle or busy onacall. You
can optionally extend this capability to other supervisory extensions as well.

® Emergency Routing
When an extension user dials 911, the system can automatically find atrunk for the call. The
system can choose a route to which the user normally does not have access. If al normal
routes are busy, the system can even disconnect an active call and place the emergency call.
E911 Compatibility uses the flexibility of the Automatic Route Selection Call Route Options
to route 911 emergency calls (even in systemsin which ARS is not enabled).

@ E911 Outgoing Dialing
The E911 callsfollow the trunk group route programming. It is possible to use the flexibil-
ity of the Automatic Route Selection Call Route Options for additional routing options.

® Forced Disconnect Follows Timer to Disconnect Call
When all linesin the programmed route are busy and the system must drop a call in order
to place a911 call, the system will wait the amount of time set in Program 81-01 before
disconnecting the call.

® Compatibility with Customer Provided E911 Equipment
The system can automatically send a911 call to customer-provided E911 equipment (such as
the Proctor 911 ANI-LINK System I1). The E911 equipment will dial emergency service and
provide the caller's extension number to the emergency personnel. When using this type of
equipment, the system must be programmed to send E911 calls to the trunk connected to the
E911 box. Thisis done by assigning the trunk to the E911 trunk group and using ARS to route
al 911 callsto that port. The Dial Treatment must then be set to send the extension number
and ‘911’ to that port. Thisis usually accomplished using XRE in the Dial Treatment, but
check the requirements of your E911 box.

® Calling Party Identification

With ISDN installed, the system can provide the calling party’s telephone number and exten-
sion number. No additional customer-provided 911 equipment is required.
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Uninstalled Trunks in Trunk Group Prevent Call from Dialing Out

By system default, all trunksin Program 14-05-01: Trunk Group arein group 1. When placing a
911 call, the system will try to access the trunks defined in the group. If the trunks do not exit, the
call will not dial out. In order for E911 to function correctly, remove any uninstalled trunks from
the trunk group.

The system software will be changed in afuture release to ignore trunks which have no voltage
present on the PCB.

Using Dial Number Preview with 9+911 Call Will Not Dial Out When All Trunks Busy
If Program 21-01-12 : System Optionsfor Outgoing Calls, Dial 911 Routing Without Trunk
Accessisset to "0" (trunk access code required), when using the Dial Number Preview feature and
dialing 9+911, if all trunks are busy, the user will hear abusy signal and the call will not dial out.

If option 21-01-12 isset to "1" (trunk access code not required) and using Dial Number Preview,
911 isdiaed, the system will disconnect atrunk and dial the call.

Dia Number Preview is when atelephone number isfirst dialed (previewing the number in the dis-
play) then pressing the CALL or line key to place the call.

The system software will be changed in a future release to ignore trunks which have no voltage
present on the PCB.

Using Dial Number Preview with 9+911 Call Will Not Dial Out When All Trunks Busy
If Program 21-01-12 : System Optionsfor Outgoing Calls, Dial 911 Routing Without Trunk
Accessisset to"0" (trunk access code required), when using the Dial Number Preview feature and
dialing 9+911, if al trunks are busy, the user will hear abusy signal and the call will not dial out.

If option 21-01-12 is set to "1" (trunk access code not required) and using Dial Number Preview,
911 isdiaed, the system will disconnect atrunk and dial the call.

Dia Number Preview is when atelephone number isfirst dialed (previewing the number in the dis-
play) then pressing the CALL or line key to place the call.

Networked IP Phones Can Follow ARS Class of Service Matching to Call Local
Authorities

When using | P telephones at aremote site (Site B) which are registered to the main system (SiteA),
you can use the ARS Class of Service Matching feature to route 911 callsto the local authorities at
aremote location. Without this programming, since the phones are registered to the main site, when
911 calls are placed by | P phones, the local authorities at the main site (Site A) would be called.

External Alarm Sensors

Aspire S Aspire M/L/XL

e This is a future item and is not currently available. | « This is a future item and is not currently available.

Description

This is a future item and is not currently available.
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Flash

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Flash allows an extension user to access certain CO and PBX features by interrupting trunk loop
current. Flash lets an extension user take full advantage of whatever features the connected telco or
PBX offers. You must set the Flash parameters for compatibility with the connected telco or PBX.

Flexible System Numbering

Aspire S Aspire M/L/XL
e Available. e Available.

Description

Flexible System Numbering lets you reassign the system’s port-to-extension assignments. This

allows an employee to retain their extension number if they move to a different office. In addition,

factory technicians can make comprehensive changes to your system’s number plan. You can have

factory technicians:

®  Setthenumber of digitsininternal (Intercom) functions. For example, extension numbers can
be up to eight digitsTong.

® Change your system’s Service Code humbers

® Assignsingledigit accessto selected Service Codes

Talk to your sales representative to find out if this program is available to you.

You can aso use Flexible System Numbering to change the system’s Trunk Group Routing code.
Although the default code of 9 is suitable for most applications, you can dter the code if needed.

The system provides a completely flexible system numbering plan.
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Forced Trunk Disconnect

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

Forced Trunk Disconnect allows an extension user to disconnect (release) another extension’s
active outside call. The user can then place acall on the released trunk. Forced Trunk Disconnect
lets a user access a busy trunk in an emergency, when no other trunks are available. Maintenance
technicians can a so use Forced Trunk Disconnect to release a trunk on which thereis no conversa-
tion. This can happen if atrunk does not properly disconnect when the outside party hangs up.

CAUTION
Forced Trunk Disconnect abruptly terminates the active call on theline. Only usethis

feature in an emergency and when no other lines are available.

Group Call Pickup

Aspire S Aspire M/L/XL

» Available - 8 Call Pickup Groups. » Available - 64 Call Pickup Groups.

Description

Group Call Pickup allows an extension user to answer acall ringing an extension in a Pickup
Group. This permits co-workersin the same work areato easily answer each other’s calls. The
user can intercept the ringing call by dialing a code or pressing a programmed Group Call Pickup
key. If several extensions within the group are ringing at the same time, Group Call Pickup inter-
cepts the call based on the extension’s priority within the Pickup Group.

With Group Call Pickup, a user can intercept the following types of calls:

® A cdl ringing the user’s own pickup group

® A cdl ringing another pickup group when the user knows the group humber

® A cdl ringing another pickup group when the user doesn’'t know the group number
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Group Listen

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Group Listen permits a keyset user to talk on the handset and have their caller’s voice broadcast
over the telephone speaker. Thislets the keyset user’s co-workerslisten to the conversation. Group
Listen turns off the keyset’s Handsfree microphone so the caller does not pick the coworker’s
voices during a Group Listen.

Handsfree and Monitor

Aspire S Aspire M/L/XL

* Available. * Available.

Description

Handsfree allows a keyset user to process calls using the speaker and microphone in the telephone
(instead of the handset). Handsfree is a convenience for workers who don’t have afree hand to pick
up the handset. For example, aterminal operator could continue to enter datawith both handswhile
talking on the phone.

The system provides three variations of Handsfree operation:

Handsfree User can place and answer calls by pressing SPK instead
of using the handset.

Automatic Handsfree User can pressaline or line appearance key without first
lifting the handset or pressing SPK. An extension can
have Automatic Handsfree for just outgoing calls or both
outgoing calls and incoming line/loop key calls. Auto-
matic Handsfree can also be used with the Call Coverage
or Park features. Normally, extensions without speaker-
phones should have Automatic Handsfree for outgoing
calsonly.

Monitor User can place acall without lifting the handset, but
must lift the handset to speak.
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Handsfree Answerback/Forced Intercom Ringing

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

Handsfree Answerback permits an extension user to respond to a voice-announced Intercom call by
speaking toward the phone, without lifting the handset. Like Handsfree, thisis a convenience for
workers who don't have a free hand to pick up the handset.

Headset Operation

Aspire S Aspire M/L/XL
» Available. » Available.
» SLT Headset Operation available. e SLT Headset Operation available with 1.02+.
Description

A keyset user can utilize a customer-provided headset in place of the handset. Like using Hands-
free, using the headset frees up the user’s hands for other work. However, Headset Operation pro-
vides privacy not available from Handsfree.

An extension with a headset has two options for when it appears busy to incoming callers. The
headset extension can be:

® Busy to incoming callers when only one extension appearance is busy (i.e., Off-Hook Signal-
ing prevented)
OR

® Busy to incoming callers only when both extension appearances are busy (i.e., Off Hook Sig-
naling allowed)

As the headset plugs into a separate jack on the bottom of the phone, the handset can still be con-
nected to the phone. This provides you with the option to use the handset, headset or the speaker-
phone for calls.

Examples of compatible headsets are the:

® Polaris SupraMonaural Noise Cancelling, P/N 750036
® Polaris SupraBinaural Noise Cancelling, P/N 750033
® Polaris Encore Binaural Noise Cancelling, P/N 750035

Headset Operation for SLT Headset Operation

The ability for single line telephone users to use the Headset feature has been added. When asingle
line telephone with a headset receives an incoming call, the system can let the SLT user know of the
incoming call by a notification tone in their headset.
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Hold

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Hold lets an extension user put a call in atemporary waiting state. The caller on Hold hears silence
or Music on Hold, not conversation in the extension user’s work area. While the call waits on Hold,
the extension user may process calls or use a system feature. Callsleft on Hold too long recall the

extension that placed them on Hold. There are four types of Hold:

® SystemHold
Anoutside call auser places on Hold flashestheline key (if programmed) at all other keysets.
Any keyset user with the flashing line key can pick up the call.

® ExclusiveHold
When auser places acall on Exclusive Hold, only that user can pick up the call from Hold.
The trunk appears busy to all other keysets that have akey for thetrunk. Exclusive hold is
important if a user doesn’t want a co-worker picking up their call on Hold.

e Group Hold
If auser placesacall on Group Hold, another user in the Department Group can dial acodeto
pick up the call. Thislets members of a department easily pick up each other's calls.

® Intercom Hold
A user can place an Intercom call on Hold. The Intercom call on Hold does not indicate at any
other extension.

Hold Recall to Operator
Hold Recall to Operator enhances how the system handles calls that have been left on hold too
long. With Hold Recall to Operator:

® A trunk call recalsthe extension that placed it on Hold after the Hold/Exclusive Hold Recall
time.

® Therecalling trunk will ring the extension that placed it on Hold for the Hold/Exclusive Hold
Recall Callback Time.

® After the Hold/Exclusive Hold Recall Callback Time, the trunk call will ring the operator.

Hold Recall to Operator appliesto trunk calls placed on System Hold, Exclusive Hold and Group
Hold. It does not apply to Intercom calls.
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Hotline
Aspire S Aspire M/L/XL
* Available- 512 Interna Hotline extensions. * Available- 512 Interna Hotline extensions.
Description

Hotline gives a keyset user one-button calling and Transfer to another extension (the Hotline part-
ner). Hotline helps co-workers that work closely together. The Hotline partners can call or Trans-
fer callsto each other just by pressing a single key.

In addition, the Hotline key shows the status of the partner’s extension

When the key is . .. The extension is...
Off Idle
On Busy or ringing
Fast Flash DND - All calls (option 3) or
Intercom calls (option 2)
Double Wink On ACD Agent logged onto the
group
Wink Off ACD Agent logged off

Hotline, External

Refer to the Ringdown Extension, I nternal/External (page 149) for information on this
feature.

i-Series Telephones

Aspire S Aspire M/L/XL

* Not Available. * Available with software 1.06+.

Description

Each 16DSTU PCB provides the Aspire M/L/XL system the ability to connect up to 16 i-Series
telephones with each port supporting 1 B-channel. The system allows up to 15 DSTU PCBs (lim-
ited by load factor) to be installed, allowing up to 240 i-Series tel ephones to be connected. Each
phone having aload factor of “3". The following i-Series phones are compatible with the Aspire
M/L/XL system:

Product Description 113



Section 3: Features

Aspire

Model 2 922xx/926xx Series K eysets

32-Button Display Phone, P/N 92293B / 92293W / 92673
32-Button Standard Phone, P/N 92290B / 92290W / 92670
16-Button Display Phone, P/N 92373C / 92373W / 92573 / 92563
16-Button Standard Phone, P/N 92370B / 92370W / 92570 / 92560

Model 3i-Series Keysets *

34-Button Display Phone, P/IN 92783

28-Button Display Phone, P/N 92763

28-Button Standard Phone, P/N 92760
22-Button Display Phone, PN 92753A / 92750A

* i-Series keysets do not have a gain setting database and will use the phone’sinitial setting

In addition, the following hardware is also supported using DSTU ports:

Remote Extender

The following i-Series hardware is NOT supported on the Aspire M/L/XL system:

20PX

3ACI

900/900i/910i Cordless Phone
DCI-A/B

DCI-L

Digital VANGARD Voice Mall
DSLT

DSS Consoles

VAU

Analog Module

Data Module

Off-Hook Voice Announce Module
Speakerphone Module

Super Display Phones

When using i-Series phones on the Aspire M/L/XL system, the following features are NOT supported:

Directory Dial

Super Display Operation

Soft Keys

Headset Key

Changing Incoming CO and ICM Ring Tones (Program 11-11-20)
Telephone System Programming (#* #*)

Program 10-03 : PCB Setup (DSTU PCB has no programmabl e options)
Program 90-17-01 : Display Firmware Version

Program 90-07-01 : Extension Control
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In addition to the above, the 92290x, 92670, 92370x, 92570, 92560, and 92760 phones do NOT
support:

® Check Abandon Calls (CHECK + CALL?2)

Check Port/Name (CHECK + CALL1)

Name Program (Service Code 800)

Language Display (Program 15-02-01)

Time and Display Modes (Program 20-02-07)

InDepth Lite, inDepth and inDepth+

Aspire S Aspire M/L/XL
e NotAvailable. e Available (Optional feature) - RequiresinDepth’sAspire
software 3.10.500.1 or higher.
Description

TheinDepth Lite, inDepth and inDepth+ programs are Windows-based M anagement Information
Systems that work in conjunction with the built in Aspire ACD. These ACD/MIS systems enhance
the system ACD with real time statistics and reports on ACD group traffic patterns and usage. The
inDepth Lite, inDepth and inDepth+ applications have an extensive set of user-configurable Real
Time Windows and Reporter subsystems.

InDepth+ is the more comprehensive and capable of the ACD/MIS systems and offers:

® Real Time Status Window ;

30 inDopth+ MS L
B

Thiswindow displays ACD agent status, state and R e —E T 7
connection state. | Call Center Status

® Real Time StatisticsWindow
The statistics window provides avisual performance
summary for lines, agents and ACD Groups.

JY_LOFF01:03

JH  FREE  00:0:
AMH_FREE _00:06
A &n~]

= "5 pve Out]| Ave In [|Ave Waitl Long Wail

® Call Queueand Wait TimeWindows
These windows show the number of callsin queue,
the longest wait time, as well as the number of calls
answered and abandoned.

® Wallboard Template
Use the wallboard template display to motivate and inform ACD agents through a dynamic
display of real time statistics and messages.

® Reporter
ACD administrators can create fully-configurable reports for display and printing.

Similar in many respects to inDepth+, inDepth is streamlined for more modest ACD applications.
InDepth provides a single real time screen template, up to seven reports and can track report data
for up to one full month. InDepth includes ACD/MI S features like Report View/Print and Audible/
Visual Alarms, but excludes the Sub-Supervisor Positions and the Wallboard Support.
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The inDepth Lite software provides small or startup organizations the ability to choose from six dif-
ferent management reports and four different status options to appear on-screen in the display win-
dow. Only a single screen template can be created and saved.

Hardware, Software and System Requirements
® PC 486 DX2-66 or higher with 8M Byte RAM

Windows 98SE, 2000, ME, NT or XP

SVGA mode (800 x 600)

4 Serial ports

Network card for multiple M1S workstations

Sound card

For more information, refer to the inDepth/inDepth+ Manual (P/N 0893230) for the specifics.

Intercom

Aspire S Aspire M/L/XL
e Available. e Available.

Description

Intercom gives extension users access to other extensions. This provides the system with complete
internal calling capability.

Handsfree Answerback/Forced Intercom Ringing

Handsfree Answerback permits an extension user to respond to a voice-announced Intercom call by
speaking toward the phone, without lifting the handset. Like Handsfree, thisis a convenience for
workers who don't have a free hand to pick up the handset. Refer to Handsfree Answer back/
Forced Intercom Ringing (page 111) for more.

Busy Status Display

When adisplay keyset user places an Intercom call to a busy extension, the details of the busy sta-
tus (who it talking to the extension or which lineisin use by the extension) can be displayed. The
details of the trunk’s busy status (the extension using the line) can be displayed after trying to
access the trunk. Thisfeature provides a user information which can determine whether they should
use the Barge-In feature for the extension or trunk. Thisinformation automatically displaysfor a
keyset once programmed.
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Intercom Abandoned Call Display

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

Intercom Abandoned Call Display shows adisplay keyset user alist of Intercom calls placed to
them that they did not answer. Thisis a convenienceif a user hasto temporarily leave their desk.
When they return, they can display thelist to find out who called while they were out.

ISDN Compatibility

Aspire S Aspire M/L/XL
* PRI Not Available. * PRI Available.
BRI S-BusAvailable. BRI S-BusAvailable.
BRI T-Bus Not Yet Available. BRI T-Bus Not Yet Available.

» Thisfeature requires the Basic NTCPU (P/N 0891002)
with the PAL upgrade or the Enhanced NTCPU (P/N
0891038) unless using software 4.0E or higher.

» CLIPdisplay available with software 1.02+.
e Cadling Party allowed for extension with software 1.04+.

* Option for aert tone for S-Busterminals calling busy
extension available with 2.63+ software.

» T303 timer operation mode option available with 2.63+
software.

» Option for PB Back Tone Level available with 2.63+
software.

e 2 B-Channel Transfer for PRI requires software 2.63+.

» Alternate Carrier Access added to ISDN trunks with
ARS requires software 2.64+. Refer to the Automatic
Route Selection (page 127) for additional information.

Description

Il Important !!

I SDN isan emer ging technology on the leading edge of international digital communication’s net-
wor king. Always check with your NEC's Technica Service Representative before setting up your ISDN
application. Working together will ensure maximum competibility and reliable ISDN performance.
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SMDR Includes Dialed Number

The SMDR report can optionally print the trunk’s name (entered in system programming) or the
number the incoming caller dialed (i.e., the dialed ISDN digits). This gives you the option of ana-
lyzing the SMDR report based on the number your callersdial. (This option also appliesto aDID
trunk aswell.)

Display Shows Why Caller ID is Not Available

With Caller ID enabled, the system will provide information for ISDN calls that do not contain the
Caller ID information. If the Caller ID information is restricted, the telephone display will show
“PRIVATE". If the system is not able to provide Caller ID information because the telco informa-
tion is not available, then the display will show “OUT OF AREA”.

Calling Party Number Notification

The system can provide calling party number notification for outgoing ISDN calls. When acal is
made on an ISDN line by an extension, the system will send the identification for the extension
placing the call, if it's programmed. If thereis no Extension Calling Number assigned, the system
will send the calling number for the ISDN trunk. If both the extension and trunk information is pro-
grammed, the extension information will be sent asit takes priority.

When the option for calling party subaddress is on, the extension number will be sent as the subad-
dressinformation. Both the calling party number and calling party subaddress are sent ina SETUP
message as the calling party information element and a calling party subaddress information ele-
ment. Allow the system to send the subaddress by setting the following programs; 10-03-05=1, 15-
01-04=1, 20-08-13=1, 21-13-01=enter number to be sent.

Calling Line Identification Presentation
A Class of Service option has been added which can be used to allow the Calling Party Number |E
in the Setup Message.

Calling Party Allowed or Prevented for Extension

The system now allows the Calling Party Number for outgoing ISDN calls based on the extension’s
set up in Program 15-01-04 : Basic Extension Data Setup - ISDN Caller ID. If thisoptionisto

be enabled, then it must also be enabled for the BRI or PRI PCB in 10-03-05 : PCB Setup - CLIP
I nfor mation.

Alert Tone When S-Bus Terminal Calls Busy Extension

System software provides a program option for S-Bus terminals to determine what auser on an S-
Busterminal will hear when abusy extension is called. The system can be programmed so the user
will hear an aert tone or be disconnected.

Release Message with Second T303 Timer
Depending on your software, the system can provide an program option for ISDN trunks can be
used to determine whether or not a release message is sent when the second T303 timer expires.

Option Added for PB Back Tone Level
An option isavailablein system software which can be used to adjust the PB Back Tone level when
calling an ISDN line.
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Primary Rate Interface (PRI)

The system is compatible with ISDN Primary Rate Interface (PRI) services. PRI services currently
supported include:

® Basic PRI Call Control (BCC)

Display of incoming caller’s name and number when allowed by telco
Routing in the system based on the number the caller dialed

ISDN maintenance functions (such as In Service/Out of Service Messaging)
Speech and 3.1 KHz audio

PRI capability requirestheinstallation of T1/PRI Interface PCBs (0891009). Each PCB (also called a
PRI circuit) provides 24 PRI channels (23B + D)  with 64K Clear Channel response. The TU/PRI Inter-
face PCB usesasingledot.

When ingtalled, the TI/PRI Interface PCB usesthe first block of 24 consecutive trunks. For example, if
you have an 8COIU PCB ingtalled for trunks 1-8, the T1/PRI Interface PCB will automatically use
trunks 9-32. If you have 8COIU PCBsinstalled for trunks 1-8 and 17-24, the TL/PRI PCB will use
trunks 25-48. The TL/PRI Interface cannot use trunks 9-16 (even if available) since they are not part of a
consecutive block of 24 trunks.

Trunk Number Translation for Channel ID Based on Trunk Group Number

The Channd ID of anincoming SETUP messageon aPRI lineisrelated to the trunk group number. The
system will create the trunk line number asthe lowest trunk port number in the range of the same trunk
group related to the channel number of the Channd 1D information element of anincoming cal’s
SETUP message.

For example, referring to the chart below, the system translates the call as being trunk port 4.

Trunk Trunk Channel
Number Group Number
1 1 1
2 1 2
3 1 3
4 2 4
5 2 5
6 2 6 <--- Incoming Call
7 2 7
8 5 8
9 5 9
23 .5 23

Notes:

® Inadditionto TY/PRI Interface PCBs, PRI also requiresa CSU/DSU Unit and interconnecting
cablesto interface with the tel co.

® Each TUPRI Interface PCB is switch selectable between T1 and PRI operation. For more on
T1 Trunking, go to “T1 Trunking (with ANI/DNIS Compatibility)”.

1. Each T1/PRI Interface PCB provides 23 voice (B) and 1 data (D) channel.
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Two B-Channel Transfer for PRI

Depending on your software, the system may have the ability for a keyset or single line telephone
to use the optional “Two B-Channel Transfer for PRI” service provided by some National ISDN
carriersin the U.S. (comparable to an analog centrex).

This service supports trunk-to-trunk transfer on the telco side. With this option enabled, two trunk
calls on the Aspire system can be connected together by the telco, releasing the trunks from the
Aspire and connecting the outside parties together.

The Aspire can perform atrunk-to-trunk transfer in the following cases:
® PutaPRI trunk cal on hold and call/answer another PRI trunk. Press the Transfer
(Program 15-07 or SC 851: 06) or CONF key.
The status and bearer capability of the two trunks both meet the service requirements.

® PutaPRI trunk call on hold and call/answer another PRI trunk, then go on-hook
(Program 20-11-21 must be enabled "0").
The status and bearer capability of the two trunks both meet the service requirements.

To use the ISDN Two B-Channel Transfer, the system sends a Facility Message to the currently
active PRI trunk and then setsthe retry timer (Program 24-02-09). The system will resend the Facil-
ity timer based on the retry timer. If there is no response after the 3rd resend, the system considers
the transfer as failed and stops resending.

When the transfer has succeeded, the telco sends the information to the system in the Facility, Dis-
connect or Release Message. When the system receives a Facility Message, it sends back Discon-
nect or Release then rel eases the trunks. When the system receives a Disconnect or Release, the
system simply releases the trunks (the other trunk will also receive a Disconnect or Release).

If the transfer fails, the telco sends the system Facility message with the fail information (some tel-
cos may send an Alerting, Disconnect or Release Message). In this case, the trunks are not trans-
ferred and remain in the system.

With this feature, the following conditions apply:
® Only manual transfers (such as pressing the Transfer key or going on-hook) are supported
with this feature. Aspire PRI trunks cannot perform atrunk-to-trunk transfer in the following
cases:
A. Pressing the Transfer (Program 15-07 or SC 851: 06) or CONF key whilein a Conference
call with two trunks (Unsupervised Conference feature).
B. Theincoming trunk call is automatically transferred to another trunk by system program-
ming (such as Call Forward Off-Premise).

® Thebearer capability of the two calls must be “ Speech, 3.1-kHz Audio, Unrestricted Digital
information” or compatible.

® Atleast one call must have been answered. The other call must:
- have aready received ALERT messageif it is an outgoing call
OR
- dready have been answered if it isan incoming call.

® Theregular Tandem Trunking programming must also be set to enable this feature.
® Thisfeature does not support S-Bus.

® When used with Aspire Networking, thisfeature will work only when the two trunks arein the
same system.
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Basic Rate Interface (BRI)
Your system also provides compatibility with ISDN Basic Rate (BRI) services, including:

Basic BRI Call Control (BCC)

Point-to-Point BRI Terminal Connection (no daisy-chaining)

Multipoint BRI Terminal Connection (daisy-chaining)

S-Bus (allows BRI PCB's to be used as either atrunk or station interface)

BRI services require theinstallation of BRI Interface PCBs (2BRIU P/N 0891050 (Aspire S) or
0891006 (Aspire M/L/XL), 4BRIU P/N 0891007, 8BRIU, P/N 0891008). Each 2BRI Interface
PCB hastwo BRI circuits. The 4BRI Interface PCB hasfour BRI circuits, while the 8BRI has eight
BRI circuits. The BRI Interface PCBs use a single universal slot.

2BRI (Aspire S: P/N 0891050, Aspire M/L/XL: P/N 0891006):

® Provides 30 BRI circuits and 60 BRI channels.
Each PCB takes up 8 ports. If any circuits set for T-Bus, the next set of 4 trunk ports
are used. If any circuits are set up for S-Bus, the next 4 station ports are used.

4BRI PCB (P/N 0891007)
® Provides 60 BRI circuits and 120 BRI channels.
Each PCB takes up 16 ports. If any circuits set for T-Bus, the next set of 8 trunk ports
are used. If any circuits are set up for S-Bus, the next 8 station ports are used.

8BRI PCB (P/N 0891008)
® When used as T-Bus, provides 96 BRI circuits and 192 BRI channels. When used as S
Bus, 120 BRI circuits and 240 S-Bus stations ports are provided.
Each PCB takes up 32 ports. If any circuits set for T-Bus, the next set of 16 trunk ports
are used. If any circuits are set up for S-Bus, the next 16 station ports are used.

Each BRI Has Two TEI's
For each BRI line, two different TEI's will be assigned to two different SPID’s.

The two different SPID’s for each BRI line, will be related to different trunk logical port numbers.
One BRI providestwo trunk logical ports whenit is connected to a CO line. Each SPID is assigned
to adifferent TEI. Thisrelationship ismadein theinitialization of the BRI linewhen it is connected
to the CO.

This relationship between SPID and TEI's are created as follows.

LOGICAL-PORT-NUMBER + 0 = SPID-1
LOGICAL-PORT-NUMBER + 1 = SPID-2

When using the SMDR reportsfor BRI, all incoming BRI callswill be displayed under the CLASS
column as“IVIN”.

Automatic Data Link Failure Recovery

If adatalink error is detected by the BRI PCB, the system will try to recover the datalink and send the
SPID to the central office. To provide this enhancement, the BRI PCB must be able to indicate to the sys-
tem when adatalink error has occurred.

Note: In addition to BRI Interface PCBs, BRI Services require the installation of NT1 Network
Terminators and interconnecting cabling.
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BRI and DID Callers with Non-Matching SPID Numbers

This feature allows you to determine whether the system will check the called party number with
the SETUP message and the SPID setup. Depending on the system programming, this can allow
DID callsto be received on BRI trunks and direct them according to the DID Trandation Table
(Program 22-11-03).

Last Number Redial

Aspire S Aspire M/L/XL

* Auvailable. * Auvailable.

Description

Last Number Redia allows an extension user to quickly redial the last number dialed. For example,
auser may quickly recall abusy or unanswered number without manually dialing the digits.

Last Number Redial savesin system memory the last 24 digits auser dials. The number can be any
combination of digits 0-9, # and *. The system remembers the digits regardless of whether the call
was answered, unanswered or busy. The system normally uses the same trunk group as for the ini-
tial call. However, the extension user can preselect a specific trunk if desired.

Redial List

The system allows display telephonesto have a Redial List. Up to 10 dialed numbers (both external
and internal destinations) are automatically stored in the Redial List. The user can display and
select one of the stored numbers and then redial it. If more than 10 destination numbers are dialed,
the oldest number is automatically erased to make room for the new number.

i-Series Phones Operation Different from Aspire Phones
When an i-Series telephone is connected to the Aspire M/L/XL system, the Last Number Redial
operation is dightly different.

When pressing the LND key, the display indicates "REDIAL [#] / ABB". The user can then press#
to redia the number displayed, or enter an Abbreviated Dialing bin number to be dialed. Pressing
the # key repeatedly will scroll through the last 10 numbers dialed.

Line Preference

Aspire S Aspire M/L/XL

* Auvailable. ¢ Available.

Description

Line Preference determines how a keyset user places and answers calls. There are two types of
Line Preference: Incoming Line Preference and Outgoing Line Preference.
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Incoming Line Preference

Incoming Line Preference establishes how akeyset user answers calls. When acall ringsthe keyset,
lifting the handset answers either the ringing call (for Ringing Line Preference) or seizesan idle
line (for Idle Line Preference). Theidle line can provide either Intercom or trunk dial tone (see
Outgoing Line Preference below). Ringing Line Preference helps users whose primary function is
to answer calls (such as areceptionist). Idle Line Preferenceis an aid to users whose primary func-
tion isto place cals (such as a telemarketer).

Outgoing Line Preference

Outgoing Line Preference sets how a keyset user places cals. If akeyset has Outgoing Intercom
Line Preference, the user hears Intercom dia tone when they lift the handset. If akeyset has Out-
going Trunk Line Preference, the user hears trunk dial tone when they lift the handset. Outgoing
Line Preference also determines what happens at extensions with Idle Line Preference. The user
hears either trunk (“dial 9") or Intercom dial tone.

Auto-Answer of Non-Ringing Lines

With Auto-Answer of Non-Ringing Lines, an extension user can automatically answer trunk calls
that ring other extensions (not their own). Thiswould help a user that has to answer callsfor co-
workersthat are away from their desks. When the user lifts the handset, they automatically answer
the ringing calls based on Trunk Group Routing programming. The extension user’s own ringing
calls, however, dways have priority over calls ringing other co-worker’s extensions.

Long Conversation Cutoff

* Available.

Aspire S Aspire M/L/XL
» Available.

Description

For incoming and outgoing central office calls, each trunk can be programmed to disconnect after a
defined length of time. The timer begins when the trunk is seized and disconnects the call after the
timer expires.

When used with the Warning Tone for Long Conversation feature, the system can provide awarn-
ing tone on outgoing trunks calls before the call is disconnected. Thistoneis not available to analog
single line telephone users nor is it available for incoming calls.
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Loop Keys

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Loop keys are uniquely programmed function keys that simplify placing and answering trunk calls.
There are three types of loop keys: Incoming Only, Outgoing Only and Both Ways.

® Incoming Only Loop Keys
Incoming Only loop keys are for answering trunk calls. An extension can have an incoming
loop key for a specific trunk group (fixed) or a*“catch all” loop key for any trunk group
(switched). Fixed loop keys allow an extension user to tell the type of call by the ringing key.
Switched loop keys areideal for an extension with alarge number of feature keys. In addition,
switched loop keys are a destination for any trunk not on aline key or fixed loop key. Without
aswitched loop key, calls not appearing on aline key or fixed loop key will ring only the
CALL key. Incoming Only loop keys also receive Transferred trunk calls.

® Outgoing Only Loop Keys
Outgoing Only loop keys are for placing trunk calls. An extension can have outgoing loop
keysfor a specific trunk group or for ARS access. When a user presses the |oop key, they get
dial tone from the first available trunk in the group (or from ARS if programmed). Outgoing
Only loop keys help ensure that an extension will always have akey available for placing
cals.

® Both WaysLoop Keys
Both Ways loop keys combine the functions of both Incoming Only and Outgoing Only loop
keys. Both Ways loop keys work well for extension users that handle a moderate amount of
calls and don’'t separate keys for incoming and outgoing calls. Both Ways loop keys also
receive Transferred trunk calls.

An extension can have many loop keys - of any type. You can program an operator, for example,
with four loop keys for incoming calls and four for outgoing calls.

Once aloop key call is set up, the user can handle it like any other trunk call. For example, the user
can place the call on Hold, Transfer it to a co-worker or send it to a Park Orbit.

An incoming call will ring the first available loop key, beginning with the lowest numbered key. If
keys 1-3 areloop keys, for example, thefirst incoming call ringskey 1. If key 1isbusy, the next call
ringskey 2. If keys1 and 2 are busy, the next call ringskey 3. If all three keys are busy, additional
incoming calls queue for the first available key. The telephone display will show “WAITING -
LOOP KEY” if the user presses aloop key when there are additional calls waiting.
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Maintenance

Aspire S Aspire M/L/XL

* Avallable.

* Avallable.

» Extension Data Swap function requires software 2.65+. | « Extension Data Swap function requires software 2.65+.

software 2.67+.

» Program 23-02-01 added to Extension Data Copy with » Program 23-02-01 added to Extension Data Copy with

software 2.67+.

» Extension Data Swap with service code requires soft-
ware 4.0E+.

Description

The Aspire system provides several features to help maintain the Aspire database, for backup, and
system analysis.

Database Maintenance
In addition to the keyset programming, the Aspire system provides the ability to use a PC to access
system programming. The Windows-based PCPro and the HTM L-based WebPro allows you to:
®  Edit the telephone system programming options from aremote location.
The PCPro application requires changes to be uploaded to the system before they take
affect. The WebPro application applies the changes as soon asthe APPLY or OK iconis
clicked.

®  Access system maintenance functions (like reports and tests) as well as.
® Slot Control (possible with telephone programming or WebPro access)
Allows the PCB dlots to be deleted or reset
® Trunk Control (possible with telephone or PCPro programming or WebPro access)
Allows the trunks to be blocked so no new additional calls can be made on the PCB
® Extension Control (possible with telephone programming or WebPro access)
Allows hard or soft reset for each extension

® System Reset (possible with telephone programming or WebPro access)
Allows the system to be reset

In addition, PCPro alows you to:
® Saveyour programming to your PC’'s hard disk - then upload it viaaLAN (Local Area Net-
work), PPP, serial or USB connection.
PPP is a protocol that allows a computer to use a regular telephone line and a serial
interface (modem) to make TCP/IP connections.

® Download the existing programming in the telephone system viaa LAN, PPP, serial or USB
connection - and save it to your PC’s hard disk.

®  Set up adefault database with the settings you use most often.

® Create aunique database for each phone system you have installed. Since you save the site-
specific datato your PC's hard disk, you can easily retrieve a customer’s programming if
something goes wrong.
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Refer to the PCPro/WebPro Installation Manual for additional details (P/N 0893201).

Extension Data Swap Function Added

Depending on your software, the system can provide the ability to swap an extension’s program-
ming to another extension number. This can be done either through system programming or by
using a service code and password (Secure Set Relocation). The following extension-based pro-
grams can be swapped:

Program
No. Program Name

11-02 Extension Numbering

12-05 Night Mode Group Assignment for Extensions

13-03 Abbreviated Dialing Group Assignment for Extensions
15-01 Extension Basic Data Setup (include Virtual Extension)
15-02 Multi-Line Telephone Basic Data Setup

15-03 Single Line Telephone Basic Data Setup

15-06 Trunk Access Map for Extension

15-07 Programmable Function Key

15-08 Incoming Virtual Extension Ring Tone Setup

15-09 Virtual Extension Ring Assignment

15-10 Incoming Virtual Extension Ring Tone Order Setup
1511 Virtual Extension Delayed Ring Assignment

15-12 Conversation Recording Destination for Extension
15-13 Loop Keys

15-14 Programmable One-Touch Keys

16-02 Department Group Assignment for Extensions

20-06 Class of Service for Extension

21-02 Trunk Group Routing for Extensions

21-04 Toll Restriction Class for Extensions

21-07 Toll Restriction Override Password Setup

21-10 Dial Block Restriction Class Per Extensions

21-11 Hotline Assignment

21-13 ISDN Calling Party Number Setup for Extensions
21-15 Individual Trunk Group Routing for Extensions
21-18 IP Trunk Calling Party Number Setup for Extensions
21-19 IP Trunk (SIP) Calling Party Number Setup for Extensions
21-20 SIP Trunk Call Discernment Setup for Extensions
22-04 Incoming Extension Ring Group Assignment

22-06 Normal Incoming Ring Mode
23-02 Call Pickup Group
23-03 Ringing Line Preference
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Program

No. Program Name

23-04 Ringing Line Preference for Virtual Extensions

24-03 Park Group Assignment

24-06 Fixed Call Forwarding

24-07 Fixed Call Forwarding Off-Premise

26-04 ARS Class of Service

26-07 Not used in U.S.

31-02 Internal Paging Group Assignment

41-02 ACD Group and Agent Assignments

41-17 ACD Login Mode Setup

42-02 Hotel/Motel Telephone Setup

92-05 Password for Extension Data Swap

Keep the following items in mind when using the Extension Data Swap function:

Any user-defined programming stored in the SRAM will not be swapped (for example, Call
Forward set up, Selectable Display Messaging, etc.).

The extensions to be swapped must be idle while the swap is performed, or an "Invalid" error
message will be received.

Data for virtual extension’s cannot be swapped.

When a swap is performed, the following actions are executed for the swapped extensions.
- Camp On Clear (Program 11-12-05)

- Common Cancel (Program 11-12-37)

- Last Number Redial Clear (Program 11-12-17)

- Saved Number Clear (Program 11-12-18)

- Incoming History datais deleted.

Using Program 92-04-01 will also swap the order in which these extensionsare displayedin
all extension-related programs. This means that the system will no longer display al the
extension numbers from low to high. For example, if port 2 and 6 were swapped, when view-
ing the extensions in 15-02-01, the extensions will display in the following order: 301, 306,
303, 304, 305, 302.

Extension Data Copy Function Enhanced to Provide Port Copy Option

Depending on your software, the system provides the ability to copy an extension’s programming
to another extension either by extension number or port number, depending on which program you
use. With older software, an extension’s information could only be copied based on the extension
number.
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The following extension-based programs can be copied:
Program No. Program Name Note
15-01 Extension Basic Data Setup (include Virtual Extension) Copy all data except exten-
sion name (item O1).
15-02 Multi-Line Telephone Basic Data Setup
15-03 Single Line Telephone Basic Data Setup
15-04 PHS Terminal Basic Data Setup Copy Item 11, 12 and 13.
15-06 Trunk Access Map for Extension
15-07 Programmable Function Key
15-08 Incoming Virtual Extension Ring Tone Setup
15-09 Virtual Extension Ring Assignment
15-10 Incoming Virtual Extension Ring Tone Order Setup
15-11 Virtual Extension Delayed Ring Assignment
15-12 Conversation Recording Destination for Extension
20-06 Class of Servicefor Extension
21-02 Trunk Group Routing for Extensions
21-04 Toll Restriction Class for Extensions
21-11 Hotline Assignment
23-02 Call Pickup Group
23-03 Ringing Line Preference
23-04 Ringing Line Preference for Virtual Extensions
24-03 Park Group Assignment
31-02 Internal Paging Group Assignment

Keep the following items in mind when using the Extension Data Copy function:

Using this program to copy a keyset's Programmable Function Keys will copy all the keys
whether they exist on the phone to which the programming is being copied. This may cause
confusion when trying to define a key which is already defined but which doesn’t exist on the
phone (will display as“DUPLICATE DATA”). It isrecommend to either clear these non-exis-
tent keys or to only copy from an extension which has the same or fewer number of keysthan

the extension to which the programming is being copied.

Alarm Reports
The system logs various errors and information about the operation which can be used to determine
the cause of a problem (up to 100 individual alarms are stored, then oldest datais deleted to allow
for new information to be stored). The system can indicate the errors on a keyset’s display, send the
information to a printer at a programmed time, send the data via EMail, or the system can dial a
telephone number (to a remote service center, for example) to relay the data. When an alarm report
is printed through PCPro, the system will not delete the report data after printing. If the system is
set up to EMail the report and the mail server is down, the report will not be sent.
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The alarm reportsindicate:

System start-up/upgrade date and time

PCB communication error with the date and time and the restoration date and time
Date and time a PCB was removed from the system

Date and time an extension was disconnected from the system

Date and time of any interruption in system power

Power brown-outs generate a Low Battery log

Hard disk driver exchange time islogged (Future Item)

Date and time of any system data change

System Information
The system can print areport of the PCBsinstalled, the port assignments, and the port types. This
information is sent to the port defined in Program 90-13.

Thisreport includes:

The version of system software
PCB names

Slot condition (working, blocked)
Port assignment

® Port classification

Reloading Customer Databases
When reloading a customer database, the system must be reset (either using Program 90-08 or
power down/power up) before all uploaded programming will take affect.

After uploading the programming, reset the system and wait a few minutes for the system to reset
completely before accessing any lines or specia system features. Otherwise, some unusua LED
indications may be experienced.

Meet Me Conference

Aspire S Aspire M/L/XL

e NTCPU provides 32 conference circuits, allowing any e NTCPU provides 2 blocks of 32 conference circuits,

number of internal or external parties conferenced up to allowing each block to have any number of internal or
the limit of 32. external parties conferenced up to the block’s limit of 32.
Description

With Meet Me Conference, an extension user can set up a Conference with their current call and up
to 32 other internal or external parties. Each party joinsthe Conference by dialing aMeet Me Con-
ference code. Meet Me Conference lets extension users have a telephone meeting -- without leav-
ing the office.
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Meet Me Paging

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Meet Me Paging allows an extension user to Page a co-worker and privately meet with them on a
Page zone. The Paging zone is busy to other users while the meeting takes place. While the co-
workers meet on the zone, no one else can hear the conversation, join in or make an announcement
using that zone. Meet Me Paging is a good way to talk to a co-worker when their location is
unknown. |f the co-worker can hear the Page, they can join in the conversation.

Meet Me Paging Transfer

Aspire S Aspire M/L/XL

* Auvailable. * Available.

Description

If auser wantsto Transfer acall to a co-worker but they don’t know where the co-worker is, they
can use Meet Me Paging Transfer. With Meet Me Paging Transfer, the user can Page the co-worker
and have the call automatically Transfer when the co-worker answers the Page. Since Meet Me
Paging Transfer works with both Internal and External Paging, acall can be quickly extended to a
co-worker anywhere in the facility.

Memo Dial

Aspire S Aspire M/L/XL

* Available. * Available.

Description

While on an outside call, Memo Did lets a display keyset user store an important number for easy
redialing later on. The telephone can be like a notepad. For example, auser could dial Directory
Assistance and ask for a client’s telephone number. When Directory Assistance plays back the
requested number, the caller can use Memo Dial to jot the number down in the telephone’s memory.
They can quickly call the Memo Dial number after hanging up.

When a user enters aMemo Dial number, the dialed digits do not output over the trunk. Dialing
Memo Dial digits does not interfere with a call in progress.
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Message Waiting
Aspire S Aspire M/L/XL
* Avallable. * Avallable.
* The MSG key asVoice Mail key featureis available. * TheMSG key asVoice Mail key featureisavailable with
1.11+ software.

» LED Color Indication option requires software 2.63+. » LED Color Indication option requires software 2.63+.

e SLT MW Indication option requires software 2.63+. e SLT MW Indication option requires software 2.63+.

Description

An extension user can leave a Message Waiting indication at a busy or unanswered extension
requesting areturn call. Theindication isaflashing MW lamp at the called extension and a steadily
lit MW lamp on the calling extension. Answering the Message Waiting automatically calls the
extension which |eft the indication. Message Waiting ensures that a user will not haveto recall an
unanswered extension. It also ensures that a user will not miss calls when their extension is busy or
unattended. Additionally, Message Waiting lets extension users:

® View and selectively answer messages |eft at their extension (display keyset only)
® Cancd all messages |€eft at their extension
® Cance messagesthey left at other extensions

An extension user can leave Messages Waiting at any number of extensions. Also, any number of
extensions can leave a M essage Waiting at the same extension. A periodic VRS announcement may
remind users that they have M essages Waiting.

MSG Key will Operate as Voice Mail Key

The system enhances a phone’s M SG key function when connected to a system which has voice
mail installed. When an extension receives a voice mail, the MSG key can be used to check the
number of messagesin voice mail, aswell as call the voice mail to listen to the messages. If thereis
no Voice Mail Programmable Function Key defined (Program 15-07-01, code 77), the phone’'s Mes-
sage Waiting LED will flash to indicate new messages.

This option is not available with a networked voice mail - the voice mail must be local.
Refer to the Voice Mail feature for the feature operation.

LED Color Indication

Depending on your software, the software provides an option allows you to select whether the Mes-
sage Wait LED located at the top of the keyset will flash green (0) or red (1) when a M essage Wait
indication is flashing. By default, this option is set to flash red.

Note that if this LED is also used for voice mail indications (no Programmable Function Key pro-
grammed for voice mail), if there are both voice mail messages and Message Wait indications, the
color set for Message Wait will override the color used for voice mail indications (red).
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Single Line Telephone MW Indication Option

Anoptionisavailable for analog single line telephones which provide adisplay. When a user leaves
aMessage Waiting for a SLT which has adisplay, Program 15-03-13: Single Line Telephone
Basic Data Setup - MW Signal Typeis used to determine whether the SLT user will seeaMW
LED indication or if the Caler ID will be used to display the call.

Microphone Cutoff

Aspire S Aspire M/L/XL
* Avallable. « Avalable.

Description

Microphone Cutoff lets a keyset user turn off their phone's handsfree or handset microphone at any
time. When activated, Microphone Mute prevents the caller from hearing conversationsin the
user'swork area. The user may turn off the microphone while their telephoneisidle, busy on acall
or ringing. The microphone stays off until the user turnsit back on.

Multiple Directory Numbers / Call Coverage

Aspire S Aspire M/L/XL
e Available - Virtual ports 1-24. « Available - Virtual ports 1-256.
* Virtual extensions can use Fixed Call Forward Off- * Virtual extensions can use Fixed Call Forward Off-
Premise with CO trunks. Premise with CO trunks.
Description

Multiple Directory Numbers let a keyset have more than one extension number. Calls can route to
the keyset’sinstalled number or to the keyset’s“ virtual extension” Multiple Directory Number key.
This helps usersidentify incoming calls. For example, an extension installed at 304 (Sales) could
have avirtual extension for 460 (Service). Callsto 304 ring the extension normally. Callsto 460
ring the Multiple Directory Number key. Thisletsthe user at extension 304 differentiate Salescalls
from Service calls.

Call Coverage

A keyset can have Multiple Directory Number keys set up as Call Coverage keys for co-worker’s
extensions. The Call Coverage key lights when the co-worker’s extension is busy and flashes slowly
when the co-worker has an incoming call. The Call Coverage key can ring immediately when acall
comes into the covered extension, ring after adelay or not ring at all. In addition, the keyset user
can press the Call Coverage key to intercept their co-worker's incoming call. The user can also go
off hook and press the Call Coverage key to call the covered extension.

If the covered extension is busy and they receive a second call, the covering extension’s Call Cover-
age key will flash. The user just presses the flashing key to pick up the call.
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The Call Coverage keysfollow the extension’s Do Not Disturb and Off-Hook Signaling program-
ming. These keys do not, however, indicate the lamping for extensionsin DND. If thisisrequired, a
Hotline key can be used instead.

Place and Receive Calls on Call Coverage/Multiple Directory Number Keys
Multiple Directory Number keys/Call Coverage keys can be used three separate ways, depending
on how the key is defined in Program 15-02-21.

® aDSSkey to the extension and for receiving incoming calls
® answering incoming calls with the ability to place outgoing ICM or CO calls
OR

® just for receiving incoming calls

A keyset can have Multiple Directory Number/Call Coverage keys for many different extensions
and virtual extensions. In addition, co-workers can share the same Multiple Directory Numbers.
For example, everyone in the Service Department could have akey for the Sales Department’s vir-
tua extension.

Auto Off-Hook Answer and Ringing Line Preference for Call Coverage Keys

An extension’s Call Coverage Keys can be programmed to allow the user to simply pick up the
handset to answer aringing call. So as not to interfere with ringing trunk or Intercom calls, the sys-
tem automatically assigns Call Coverage Key ringing with the lowest answering priority. If multi-
ple Call Coverage Keys are ringing, answering priority is set first by the assigned ring pattern and
then by the key position.

Virtual Extension vs. Ring Groups

As the system does not allow voice mail callsto ring Ring Groups, a virtual extension can be cre-
ated which will allow you to direct more than one call to the extension. The system will allow up to
10 calls to be queued. When you program a Call Coverage Key for that extension to ring, the next
call can then be answered.

Thiscould alow avoice mail caller to dial the virtual extension and have all the extensionswith the
same virtual extension key ring. The system can be programmed as follows:

® Program 11-04, 15-01-01: Assign avirtual extension number and name (example: virtual
port 1, extension 5400, Sales, virtual port 2, extension 5401, Customer Service, etc.).

® Program 11-07: Assign a Department Group Pilot number for the virtual extension (exam-
ple: Department Group Number 2 = 5555).

® Program 15-07: Assign a Call Coverage key (*03) to an extension for the virtual extension
number assigned.

® Program 16-02: Department Group Assignment for Virtual Extensions (example: virtual
extension 5400 - group 2, virtual extension 5401 - group 2).

The end user can then simply transfer the call to the virtual extension number (example: 5555). The
call isin placed in queue and will be answered in turn as soon as the extension is available.

Call Forward Off-Premise From CO Trunk/Voice Mail Transfer Possible

The system allows virtual extensionsto use Fixed Call Forward Off-Premise with normal central
office trunks. With some older software, this was only possible using DIL or DID trunks. This
enhancement allows a call transferred by the voice mail to avirtual extension to be forwarded
off-premise.
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Music on Hold

Aspire S Aspire M/L/XL

* Available. * Auvailable.

» Using asystem tone for MOH requires software 2.63+. | « Using asystem tone for MOH requires software 2.63+.

Description

Music on Hold (MOH) sends music to calls on Hold and parked calls. The music lets the caller know
that his call iswaiting, not forgotten. Without Music on Hold, the system provides silence to these types
of cals. The Music on Hold source can be interna (synthesized) or from a customer-provided music
source (i.e., tape deck, receiver, etc.). The customer-provided source can connect to aPGDAD module
analog port or to aconnector on the CPRU PCB.

Option Available for Using System Tone
The Music on Hold feature has been enhanced to allow callers to hears a system tone instead of
playing the internal or external music.

Note: Inaccordancewith U.S. copyright law, alicense may be required from the American Society of
Composers, Authors and Publishers (ASCAP) or other similar organizations, if radio, television
broadcasts or music other than material not in the public domain are transmitted through the
Music on Hold feature of telecommunications systems. NEC America hereby disclaimsany lia-
bility arising out of the failure to obtain such alicense.

Name Storing

Aspire S Aspire M/L/XL
e Available. e Available.
* Additional characters available. + Additional characters added in software 2.05+.
Description

Extensions and trunks can have namesinstead of just circuit numbers. These names show on akey-
set’s display when the user places or answers calls. Extension and trunk names make it easier to
identify callers. The user does not have to refer to adirectory when processing calls. A name can be
up to 12 digits long, consisting of alphanumeric characters, punctuation marks and spaces.

Additional Characters Available

When using the Name Storing feature, the system now provides additional characters which can be
used. These characters are available with any option which allows Name Storing - Abbreviated
Dialing, One-Touch Keys, Extension Name, Trunk Naming.
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Under key 1:
AAAACEETT O
Under key O:
60U &aouaeb®d
Under key *:
T 2 0 Q o ¢ £
With this change, to enter a space or accept an entry, the # key is used. However, this key will only
work when performing user programming (such as Name Storing for an extension, service code
800). When in system programming, the right arrow soft key must be used to advance the cursor.
Networking

Networking with VoI P or BRI available. PRI Network- » Two System Networking available with software 1.07+.

ing is not available.

Aspire S Aspire M/L/XL

» Multiple Site Networking available with software 2.08+.

» Thisfeature requires the Basic NTCPU (P/N 0891002)
with the PAL upgrade or the Enhanced NTCPU (P/N

0891038).
» KeepAlive options added with software 1.11+. » KeepAlive options added with software 1.11+.
* PRI Channel Limitation is not available. * PRI Channel Limitation added with software 2.09+.
« Transfer Network trunk to local voice mail using voice | * Transfer Network trunk to local voice mail using voice
mail key requires software 3.05+. mail key requires software 3.05+.

Description

Jf { J{ P

Intersystem Networking
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Use the built in networking feature to integrate multiple phone systemsinto asingle “virtual” com-
munications system. Interconnected with ISDN PRI or BRI or VoI P, each phone system becomes a
node on the network that can communicate with any other phone system node.

® Centralized Network Attendant
Centralized Network Attendant allows multiple networked systems to share a single central-
ized attendant. This centralized attendant can receive calls from and transfer callsto any desti-
nation in any network node. Unanswered callsrecall and route asif they were part of asingle,
much larger system. Currently, only the use of an external voice mail is supported for cen-
tralized voice mail.

® Flexible Network Routing
Use network routes to set up ISDN and Vol P networking between many separate systems - or
use mixed (ISDN or Vol P) networking per system for greater network performance. Data
tables in the system program define the routing for each network node. Thesetables are easily
customized to meet the reguirements of each networking configuration.

Users may place an intercom call or transfer a call to any extension at any location by simply
dialing an extension number. The system analyzes each extension number received and deter-
mines how to route the call to itsfinal destination. The feature which handles this route selec-
tionis called Flexible Routing (F-Routing). F-Routing also has the ahility to select alternate
routes to the destination extension if the primary destination is busy. Up to 48 routes are avail-
able for networking. Once an extension number is dialed, the system checks the routing,
accesses the assigned trunk group and places the call. Each extension is assigned a route or
routes that decides which trunk group to access and any modified dialed dataif required.

PRI Networking With Two Local Voice Mails, Masters Must Have Different Numbering
When programming a PRI network with each system having their own local voice mail, the master
numbers for the voice mails must be defined in different seriesin Program 11-01. The second digit
of the extension number can not be the same. For example, 700 and 701 will not work, however 700
and 710 can be used.

With Two Local Voice Mails, Network ID Must Match in Programming

With a networked system, with each system having their own voice mail. The system must be pro-
grammed correctly in order for users to properly connect to the correct voice mail when leaving a
message. Refer to the Aspire Software Manual for details.

Multiple Site Networking Available

IP Networking allows for a maximum of 50 nodes. With ISDN Networking, the maximum number
of nodes depends on the type of trunks used - PRI, BRI or a mixture of both. Asthe Aspire M/L/XL
islimited to 8 PRI PCBs, when PRI trunks are used, the limit would be 8 systems, but each system
would require 8 PRI PCBs. PRI Networking is not available with the Aspire S.

The recommended connection for multiple system Networking is to interconnect all the systems
using hardware (required with ISDN Networking) and programming. This also allows such features
as Park to be used in a network.

With VoI P Networking, the system IDs for each networked system are defined in Program 10-27 :

IP System ID. An IP address is defined for each node, and using the Numbering Plan (Program 11-
01xx), the dialed digits are analyzed, the system ID is determined, and the call is routed to the net-
worked system.
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With ISDN Networking, interconnecting the systems is accomplished by defining a master PCB
and slave PCB between each system (Program 10-03-10 : PCB Setup - Master/Slave System).
Each system must have an ISDN PCB for each other system in the network.

The networked systems can be interconnected using a combination of PRI and Vol P trunks. Inthis
type of setup, the | P resources will received priority over the PRI resources. The PRI will be used
when the IP resources are busy. The following two graphics indicate correct networking layouts.
Each one provides connection between all three systems within the network.

ISDN Networking Clock Source

When using ISDN Networking (PRI or BRI) on the Aspire system, the option selected in Program
10-03-01 : PCB Setup - I SDN Line M ode determines the clock source for the networked connec-
tion. The following information indicates how, with each option, the clock source is obtained for
the networked systems.

Option 3: Network Mode (L eased Line)
Telco sends the clock to the Master System

Telco sends the clock to the Slave System
Option 4: Network Mode (Interconnected Line)

Master System sends the clock to the Telco (or direct connection without telco) which then sends
the clock to the Slave System

Option 5: (Interconnected Line, Fixed Layer 1=NT)
Master System sends the clock to the Telco

Slave System sends the clock to the Telco

Keep Alive Programs Added
Two options in Program 10-31 for use with the Networking feature are available to define the inter-
val of Keep Alive and how many times the system resends Keep Alive.

PRI Channel Limitation

The system provides an option which can be used to assign the number of B-channelsto be used for
each ISDN PCB. This alowsfor fractional PRIs when used with multiple site networking. If this
program islimited to lessthan "23" on one side of the network, then it also limits both inbound and
outbound network calls. This also applies on the other side of the network as well.

Transfer Network Trunk to Local Voice Mail Using Voice Mail Key

With older software, IP or PRI network sites that had their own voice mail could not transfer a call
into voice mail using the following stepsif the inbound call originated in another site (for example,
acall comesinto Site A and it trandates to an extension at Site B):

® HOLD + theVoice Mail Programmable Function Key (Program 15-07 or SC 851 + 77) or
MSG key (Program 15-02-26=1) + the extension number.

Using software 3.05 or higher, this operation is now possible. Keep the following in mind when

using this option:

® Notethat if you have alocal and central voice mail, you can not have the same mailbox
number at each node. If both sites have the same mailbox, when transferring a call, it will be
transferred into the local voice mail and not across the network.

® Asthissoftware change allows transferring to a general message by a Single Line Set, the fol-
lowing two operations have different results between Networking Call Transfer and Internal
Call Transfer.
- Hold + Voice Mail Master Dial then hang up.
- Hold + Service Code (Own Mailbox Access - *8) then hang up.

For additional information on Networking, refer to the Aspire Networking Guide (P/N 0893207).
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Night Service

Aspire S Aspire M/L/XL

» Available - 4 Night Service Patterns/Groups. e Available - 32 Night Service Patterns/Groups.
» Toggle night modes with Programmable Function Key » Toggle night modes with Programmable Function Key
reguires software 2.63+. requires software 2.63+.
Description

Night Service lets system users activate one of the Night Service modes. Night Service redirects
calsto their night mode destination, as determined by Assigned and Universal Night Answer pro-
gramming. The system allows Night Service to be enabled for each Night Service group, allowing
each group to determine when their calls should switch modes. A user typically activates Night
Service after normal working hours, when most employees are unavailable to answer calls. The
system also provides external contacts to enable Night Service.

There are eight Night Service modes:

® Day 1/ Day 2 Modes - for normal working hours

® Night 1/ Night 2 Modes - after hours (usually evening)

® Midnight 1/ Midnight 2 Modes - late at night to early in the morning
® Rest1/Rest2Modes- interval usually used for lunch

Assigned Night Answer (ANA)

With Assigned Night Answer, Night Service has calls ring extensions directly. Assigned Night
Answer provides an answering point for Night Service calls. For certain applications, this may be
more appropriate than Universal Night Answer. For example, you could program trunksto ring the
security station telephone during off hours.

Universal Night Answer (UNA)

Universal Night Answer makesincoming calls ring over the External Paging speakers. With UNA,
an employee can go to atelephone and press the flashing line key or use “Universal Answer” to
pick up the call. Only ring groups calls can be used with Universal Night Answer. For more on set-
ting up Universal Answer, turn to the “ Central Office Calls, Answering” feature.

You may also be able to use Transfer to UNA. An extension user can Transfer their call to UNA
(i.e., External Paging at night). Once transferred, the call will ring the External Paging speakerslike
any other UNA call and can be picked up at any extension. You can also set up Transfer to UNA
through the VRS. This lets outside callers, answered by the VRS, dia acode to have their call ring
Externa Paging.

Automatic Night Service

The system will alow or deny Automatic Night Service based on the extension’s class of service pro-
gramming. If allowed, the callswill then route according to the service patterns programmed. The
Night Service programming is stored in the RAM memory. This meansthat if the system isnot using
the Automatic Night Service, in the case of apower failure while in night mode, when the power is
restored, the system will continue to be in night mode.
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Programmable Function Key Can Toggle Night Modes

The software allows a Night Service Programmabl e Function Key (PGM 15-07 or SC 851: 09 + 0)
to toggle night modes. You can determine in programming how many modes through which the
user will toggle. Note that the additional data for the Programmable Function Key must be set to
"0" for the toggle function to work.

Off Hook Signaling

Aspire S Aspire M/L/XL

* Avalable. * Avalable.

Description

When auser calls an extension busy on a call, they can send an off hook signal through the handset
and through the telephone’s speaker indicating they are trying to get through. The signal is an off
hook ringing over the idle (second) line appearance. Off Hook Signaling hel psimportant callers get
through, without waiting in line for the called extension to become free. The system provides the
following Off Hook Signaling options:

e Called Extension Block
The called extension’s Class of Service may block incoming Off Hook Signaling attempts.
Thisis beneficial to users that don’t want interruptions while on acall.

® Automatic Signaling
Calling a busy extension automatically initiates Off Hook Signaling. This option is useful to
receptionists, operators and others that must quickly process calls. Thisis set in the called
extension’s Class of Service.

® Manual Signaling
After reaching a busy extension, manual signaling gives the caller the choice of using Off
Hook Signaling or activating other features. Extension’s without automatic signaling have
manual signaling. The users can dial a service code or press a Programmable Function Key to
send Off Hook Signaling to the called phone.

® Selectable Off Hook Signaling Mode
The Off Hook Signal can be muted ringing, no off hook ringing or a beep in the handset -
based on the caller’s programming.

e Off Hook Ringing
Use this option to enable or disable an extension’s Off Hook Signaling for incoming calls. If
enabled, Off Hook Signaling occurs normally. If disabled, calls queue behind the extension’s
busy line appearance and the user gets no Off Hook Signaling indication. The second line
appearance staysidle. The caller hears ringback tone while their call waits. Thisis set in the
called extension’s Class of Service.

e DID Call Waiting
An extension can optionally have DID calls camp on with Off Hook/Call Wait signaling, with-
out Off Hook/Call Wait signaling or no signaling. Thisis set in the called extension’s Class of
Service.

® Block Manual Off Hook Signals
This Class of Service option enables/disables a busy extension’s ability to block off hook sig-
nals manually sent from a co-worker. If disabled (not blocked), callers can dial 7 at busy or
busy/ring to signal the extension. If enabled (blocked), nothing happens when the caller dials
7 to off hook signal.
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® Block Camp On
If an extension has Block Camp On enabled, callersto the extension cannot dial 2 to Camp On
after hearing busy or busy/ring. If the extension has Block Camp On disabled, callers are not
prevented from dialing 2 to Camp on after hearing busy or busy/ring. Thisis set in the called
extension’s Class of Service.

One-Touch Calling

Aspire S Aspire M/L/XL

* Auvailable. * Auvailable.

Description

One-Touch Calling gives a keyset user one button access to extensions, trunks and selected system
features. This saves userstime when accessing co-workers, clients and features they use most often.
Instead of dialing a series of codes, the user need only press the One-Touch Key. An extension user
can have One-Touch Keys programmed for:

® Direct Station Selection - one button access to extensions

Personal Speed Dial - one button access to stored numbers (up to 24 digits long)
Abbreviated Dialing - one button access to stored Abbreviated Dialing numbers
Trunk Calling - one button access to trunks or trunk groups

Service Codes - one button access to specific Service Codes

An extension user can chain dial with One-Touch Keys. For example, auser can store the number for a
company’sAutomated Attendant in key 1 and employee extension numbersin keys 2-5. The user presses
key 1 to call the company, then one of keys 2-5 to ring the empl oyee to which they want to spesk.

An extension user or system administrator can optionally store a Flash command under a One-Touch
Key. Thisis helpful for One-Touch Keys used as Personal Speed Dial bins. The stored Flash may be
hel pful to access features of the connected telco, PBX or Centrex.
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Operator
Aspire S Aspire M/L/XL
e Available - up to 8 operators. e Available - up to 8 operators.
Description

When an extension user dials“0”, calls are routed to a main system operator. The operator can
answer and route outside calls or locate employees using the Page feature.

OPX (Off Premise Extension)

Refer to the Single Line Telephones, Analog 500/2500 Sets (page 154) for information on this
feature.

Paging, External

Aspire S Aspire M/L/XL
e Avallable - 8 External Paging zones. e Avallable - 8 Externa Paging zones.
Description

With External Paging, a user can broadcast announcements over paging equipment connected to
external Paging zones. When a user pages on of these external zones, the system broadcasts the
announcement over the speakers. Like Internal Paging, External Paging allows a user to locate
another employee or make an announcement without calling each extension individually.

The Aspire S system alows up to eight External Paging zones. The Aspire M/L/XL system allows
up to nine External Paging zones, with the additional zone (#9) provided on the NTCPU. All other
zones (#1-8) requires a port on a 2PGDAD module, with a maximum of two external paging cir-
cuits per module. You must have four 2PGDAD modules to get the eight external zones. In addi-
tion, each external zone has an associated relay contact. When a user pages to a zone, the
corresponding contact activates (closes). This provides for Paging amplifier control. Refer to the
system hardware manual for additional details.
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Combined Paging

Use Combined Paging when you want to simultaneously Page into an internal and corresponding
external zone. For example, you can Page your company’s warehouse and outside loading dock at
the same time. Combined Paging is available for zones 1-8 and All Call. Refer to Paging, I nternal
(page 142) for more on setting up Combined Paging. In addition, you can program a Function Key
as a Combined Paging key. Using the External Page Function Key, when an All Call External Page
Function Key is programmed, it will include both the external zones and the assigned internal
zone(s). If theinternal page zone is busy or there are no extensions in a page group, the announce-
ment will be made on the external zones only.

Remove Paging Information from Display Phones

A Class of Service option isavailablein system programming to prevent display telephones from
showing incoming paging information. This allows the system to save processor time and speed up
system operation.

Paging, Internal

Aspire S Aspire M/L/XL
* Available - 8 Internal Paging Groups (Zones). ¢ Available - 64 Internal Paging Groups (Zones).
Description

Internal Paging lets extension users broadcast announcements to other keyset users. When a user
makes a Zone Paging announcement, the announcement broadcaststo all idle extensionsin the
zone dialed. With All Call Paging, the announcement broadcasts to all idle extensions programmed
to receive All Call Paging. An extension can be a member of only one Internal Paging Zone. Like
External Paging, Internal Paging allows a user to locate another employee or make an announce-
ment without calling each extension individually.

Combined Paging

Use Combined Paging when you want to simultaneously Page into an internal and corresponding
external zone. For example, you can Page your company’s warehouse and outside |oading dock at
the same time. Combined Paging is available for Paging zones 1-8 and All Call. Optionally, you can
change the Combined Paging assignments. For example, you can associate External Paging Zone 1
with Internal Paging Zone 4. You can program a Function Key as a Combined Paging key. When an
All Call External Page Function Key is programmed, it will include both the external zones and the
assigned internal zone(s). If the internal page zone is busy or there are no extensions in a page
group, the announcement will be made on the external zones only.

Remove Paging Information from Display Phones

A Class of Service option is available in system programming to prevent display telephones from
showing incoming internal paging information. This allows the system to save processor time and
speed up system operation.
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Paging, Privacy Release

Please refer to Conference, Voice Call/Privacy Release (page 89) for information on
this feature.

Aspire S Aspire M/L/XL
* Available - 64 System Park orbits. * Available - 64 System Park orbits.
» Persona Park Programmable Function Key and Service | = Personal Park Programmable Function Key and Service
Code requires software 2.65+. Code requires software 2.65+.
Description

Park placesacall in awaiting state (called a Park Orbit) so that an extension user may pick it up.
There are two types of Park: System and Personal. Use System Park when you want to have the call
wait in asystem orbit. Persona Park allows a user to Park acall at their extension so a co-worker can
pick it up. After parking acall in orbit, auser can Page the person receiving the call and hang up. The
paged party dials acode or presses aprogrammed Park key to pick up the call. With Park, it is not nec-
essary to locate a person to handle their calls. A call parked for too long will recall the extension that
initially parked it, however the call remainsin the park orbit until it's answered. There are 64 Park
Orhits (1-64) available for use.

Enhanced Dial Buffering

The system can optionally provide additional dial buffering. In certain high traffic sites, (e.g., with
ahigh volume of dialed paging and parking), standard dial buffering can occasionally lose digits
that a user dials. By enabling enhanced buffering, an additional level of buffering occurs which
helps ensure that the system processes all digits a user dials.

Splitting Between Parked Calls

A keyset user can retrieve two calls from Park Orbit (for which they don't have line appearances)
and easily split (alternate) between them. The split operation brings the callsto the user’stelephone
and frees up the Park Orbits.

Extended Park

An extension’s Class of Service determines whether it will usethe normal Park Orbit Recall time or
the Extended Park Orbit Recall time. Thetimers are set up in system programming. When an exten-
sion with Extended Park Recall Class of Service option parksacal, it recalls after the Extended
Park Orbit Recall time. When an extension with the Normal Park Orbit Recall Class of Service
option parksacall, it recalls after the normal Park Orbit Recall time, however the call remainsin the
park orbit until it's answered.
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Programmable Function Key and Service Code Available for Personal Park

The Personal Park feature is enhanced with the ability to use a Programmable Function Key or ser-
vice code (3-digit or 1-digit) to place acall in Persona Park. Older software only provides the
option to place acall in Personal Park using a 3-digit service code. With this ability, two new pro-
gram options have been added to the system in Program 11-16-11 and 15-07-01. This option is
available for keysets, single line sets, and Aspire Wireless tel ephones and can be used for analog or
ISDN trunks.

With this feature, the following conditions apply:
® Anextension can have only one Personal Park key.

® Whenthetermina that hasacall in Personal Park is unplugged, the Personal Park will be
released and the held caller will receive busy tone.

Thefollowing tableindicates what condition the service codes and Programmabl e Function key can
be used.

. . . - Using
Using 3-Digit Using 1-Digit
Status ; ; Personal
Service Code Service Code Park Key
Speaking Not Available Not Available Available
ICM Dial Tone or Busy Tone Available Not Available Available
Calling Another Extension Available Available Available
(with outside call
on hold and when
called extension
does not answer)
Receiving a Personal Park Recall Available Not Available Available
PBX Compatibility
Aspire S Aspire M/L/XL
e Avallable. e Avallable.
Description
You can connect your phone system trunksto Centrex/PBX lines, rather than to telco trunk circuits.
This makes the trunk inputs into the system 500/2500 type compatible Centrex/PBX extensions,
rather than telco circuits. PBX Compatibility lets the system be anode (i.e., satellite) in alarger
private telephone network. To place outside calls when the system is behind a PBX, phone system
users must first dial the PBX’s trunk access code (usually 9).
The system provides the following PBX Compatibility options:
® PBX Trunk Access Code Screening
The system can monitor the numbers users dial and screen for PBX trunk access codes. The
system can screen for up to 4 groups of trunk access codes. The codes can be one or two dig-
itslong, consisting of the digits 0-9, #and *. (You use Line Key 1 asawild card entry.)
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® PBX Trunk Toll Restriction
The system can provide the Toll Restriction for the PBX trunk, or restriction can be handled
solely by the connected PBX. If the phone system provides the restriction, it restricts the dig-
its dialed after the PBX access code.

® PBX Call Restriction
When the phone system does the Toll Restriction, it can further restrict users from dialing PBX
extensions. Inthiscase, the only vaid numbers are those dialed after the PBX trunk access code.
The only PBX facility phone system users can access are the PBX's outside trunks.

® Automatic Pause
The system automatically pauses when it seesa PBX trunk access code during manual dial-
ing, Abbreviated Dialing, Last Number Redial, Repeat Redial and Save Number Dialed. This
gives the connected PBX time to set up its trunk circuits.

Prime Line Selection

Aspire S Aspire M/L/XL

» Available. * Available.

Description

Prime Line Selection allows a keyset user to place or answer acall over a specific trunk by just lift-
ing the handset. The user does not have to first press keys or dial codes. This simplifies handling
callson afrequently used trunk. Prime Line Selection has the following two modes of operation:

® Outgoing Prime Line Preference
Lifting the handset seizes the Prime Line. Outgoing Prime Line Preference would help a
telemarketer who always needs afreeline to call prospective clients. The telemarketer just
lifts the handset and the Prime Line is always available. (Outgoing Prime Line Preference
may be affected by Incoming Prime Line Preference.)

® Incoming PrimeLine Preference
When the Prime Line rings the extension, lifting the handset answersthe call. Incoming
Prime Line Preference could benefit the Service Department dispatcher who must quickly
answer customer’s service calls and then dispatch repair technicians. The dispatcher would
have the assurance than whenever a customer callsin, the dispatcher just lifts the handset get
their call. (Incoming Prime Line Preference can optionally seize an idle line appearance.)
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Private Line

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

A Private Lineisatrunk reserved for akeyset for placing and answering calls. A user with a Pri-
vate Line always knows when important calls are for them. Additionally, the user has their own
trunk for placing callsthat is not available to othersin the system.

® Incomingonly
The keyset has a Private Line only for incoming calls. The user cannot place calls on the Pri-
vate Line.

e Outgoing only
The keyset has a Private Line only for outgoing calls. The Private Line does not ring for
incoming calls.

® Both ways
The keyset has a Private Line for both incoming and outgoing calls.

Programmable Function Keys

Aspire S Aspire M/L/XL
e Available. e Available.

Description

Each keyset has Programmable Function Keys. Programmable Function Keys simplify placing
calls, answering calls and using certain features. You can customize the function of a keyset's pro-
grammable keys from your administration telephone, or the extension user can do it themselves.
Depending on your telephone style, you can have either 12 or 24 Programmable Function Keys.
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Pulse to Tone Conversion

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

An extension can use Pulse to Tone Conversion on trunk calls. Pulse to Tone Conversion lets a user
change their extension’s dialing mode while placing a call. For systemsin aDial Pulse area, this
permits usersto access dial-up OCCs (such asMCl) from their DP area. The user can, for example:

® Placeacall to an OCC over aDP trunk.

® Depending on programming:
Manually implement Pulse to Tone Conversion
OR
Wait 10 seconds.

® Dial the OCC security code and desired number. The system dials the digits after the conver-
sionasDTMF.

Repeat Redial

Aspire S Aspire M/L/XL
» Avalable. » Avalable.

Description

If akeyset user places atrunk call that is busy or unanswered, they can have Repeat Redial try it
again later on. The user doesn't continually have to try the number again -- hoping it will go
through. Repeat Redial automatically retriesit until the called party answers (the number of retries
is based on system programming).
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Reverse Voice Over

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

While on ahandset call, Reverse Voice Over lets abusy keyset user make a private Intercom call to an
idle co-worker. Theidle co-worker can be at akeyset or 500/2500 set. The busy user just presses and
holds down a programmed Reverse Voice Over key to make a private call to a specified co-worker. The
initial caller cannot hear the Reverse Voice Over conversation. The private Intercom call continues until
the Reverse Voice Over caller releasesthe key again. Theinitia call can bean outside cal or an Intercom
cal.

Reverse Voice Over could help a salesman, for example, when placing acall to an important client. The
salesman can talk with the client and give special instructionsto a secretary - without interrupting the
initial call.

When the keyset isidle, the Reverse Voice Over key functionsthe same asaHotlinekey. A keyset's
Reverse Voice Over key aso shows at a glance the status of the associated extension:

When the key is. .. The associated extension is. ..
Off Idle
On Busy or cal ringing
Fast Flash In Do Not Disturb

Note: When the keyset isidle, the Reverse Voice Over provides one button calling to the associated
extension (likeaHotline key). An extension user cannot, however, use the Reverse Voice Over key to
Transfer cdls.

Ring Groups

Aspire S Aspire M/L/XL
« Available - 8 Ring Groups. ¢ Available- 100 Ring Groups.
Description

Ring Groups determine how trunks ring extensions. Generally, trunks ring extension’sonly if Ring
Group programming allows. For example, to make a trunk ring an extension:

® Assignthetrunk and the extension to the same Ring Group
® Intheextension's Ring Group programming, assign ringing for the trunk.

148 Product Description



Aspire Section 3: Features

Any number of extensions and trunks can be in a specific group. The Aspire S system allows Ring
Groups=1-8, In-Skin Voice Mail (102), or Centralized Voice Mail (103). The Aspire M/L/XL sys-
tem alows Ring Groups=1-100, In-Skin Voice Mail (102), or Centralized Voice Mail (103).

If an extension has aline key for the trunk, Ring Group callsring the line key. If the extension
doesn’t have aline key, the trunk rings the line appearance key. If an extension hasakey for atrunk
that is not in its ring group, the trunk follows Access Map programming.

Ring Tones, Selectable

Please refer to Selectable Ring Tones (page 153) for information on this feature.

Ringdown Extension, Internal/External

Aspire S Aspire M/L/XL
» Available - 512 Hotline assignments and * Available - 512 extensions/virtual extensions and 512
50 extensiong/virtual extensions with software 2.08- Hotline assignments.
2.21; 66 extensions/virtual extensions with software
2.50 and higher.
Description

With a Ringdown Extension, auser can call another extension, outside number, or Abbreviated Dialing
number by just lifting the handset. The call automatically goesthrough - thereis no need for the user to
dial digits or press additional keys. Ringdown Extensions are frequently used for lobby phones, where
the caller just lifts the handset to get the information desk or off-site Reservation Desk.

After the Ringdown Extension user lifts the handset, ringdown occurs after a programmable interval.
Depending on the setting of thisinterval, the extension user may be able to place other calls before the
ringdown goes through.

The system allows each extension in the system to have a Ringdown Extension. All extensions can
share the same dialing number, if desired.
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Room Monitor

Aspire S Aspire M/L/XL

* Available. * Auvailable.

Description

Room Monitor lets an extension user listen to the sounds in a co-workers area. For example, the
receptionist could listen for sounds in the warehouse when it’s left unattended. To use Room Moni-
tor, the initiating extension and the receiving extension must activate it.

When using keysets for monitoring, an extension user can only Monitor one extension at atime.
However, many extensions can Monitor the same extension at the same time.

With single line phones, multiple SLTs can be programmed to be monitored by the same SLT. How-
ever, only one SLT can monitor another SLT at atime.

Room Monitor for Single Lines

This option enables you to monitor the room status through your single line telephone. Between
keysets, the monitored room statusis picked up by the phone's microphone and the activity isheard
through the speaker of the monitoring keyset. Between single line phones, a user goes off hook on
the monitored phone and, from another single line phone, dials a service code and the extension
number. The activity of the area where the monitored phone is placed can then be heard at the mon-
itoring phone. This service is available until the handset of the monitored telephone is placed on
hook.

CAUTION

The use of monitoring, recording, or listening devices to eavesdrop, monitor, retrieve, or
record telephone conversation or other sound activities, whether or not contemporaneous
with transmission, may beillegal in certain circumstances under federal or state laws. Legal
advice should be sought prior to implementing any practice that monitors or records any
telephone conversation. Some federal and state laws require some form of notification to all
parties to a telephone conversation, such as using a beep tone or other notification methods
or requiring the consent of all parties to the telephone conversation, prior to monitoring or
recording the telephone conversation. Some of these laws incorporate strict penalties.
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Save Number Dialed

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

Save Number Dialed permits an extension user to save their last outside number and easily redial it
later on. For example, an extension user can recall abusy or unanswered number without manually
dialing the digits. The system retains the saved number until the user stores a new onein its place.

Save Number Dialed savesin system memory adialed number up to 24 digits. The number can be
any combination of digits 0-9, #and *. The system remembers the digits regardless of whether the
call was answered, unanswered or busy. The system normally uses the same trunk group as for the
initial call. However, the extension user can preselect a specific trunk if desired.

Secretary Call (Buzzer)

Aspire S Aspire M/L/XL
» Available. » Available.

Description

Secretary Call lets two co-workers aert each other without disturbing their work. To have Secretary
Cdll, both co-workers must have keysets with Secretary Call buzzer keys. When a user pressestheir
buzzer key, the system aerts the called extension by sending a splash tone and flashing the called
extension’s buzzer key. The called user can respond by placing an Intercom call to the calling party.
The called extension’'s buzzer key continues to flash and the splash tone is heard until either user can-
celsthe Secretary Call. A secretary could use thisfeature, for example, to get a message through to
the bossin an important meeting. After being alerted, the boss could call the secretary when it's most
convenient.

An extension can have Secretary Call keys for any number of extensions, limited only by the avail-
able number of programmable keys.
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Secretary Call Pickup

Aspire S Aspire M/L/XL
* Available. * Auvailable.

Description

Secretary Call Pickup lets akeyset user easily reroute callsintended for a co-worker to themselves. By
pressing a Secretary Call Pickup key, the user can have al calsto aco-worker’s phone ring or voice-
announcetheirsinstead. Secretary Call Pickup isasimplified type of Call Forward with Follow Mefor
employeesthat work closdly together. Thisfeature could be helpful to customer service representatives
that must frequently cover each other’s clients. When arepresentative leaves their desk, an associate
could pressthe Secretary Call Pickup key to intercept all their calls.

An extension can have Secretary Call Pickup keys for any number of extensions, limited only by
the available number of programmable keys.

Selectable Display Messaging

Aspire S Aspire M/L/XL
* Available- @l telephones are able to use Selectable Dis- | «  Available - al telephones are able to use Selectable Dis-
play Messaging at one time. play Messaging at one time..
Description

An extension user can select a preprogrammed Selectable Display Message for their extension.
Display keyset callers see the selected message when they call the user’s extension. Selectable Dis-
play Messaging provides personalized messaging. For example, an extension user could select the
message “ GONE FOR THE DAY”. Any display keyset user calling the extension may hear aDND
signal and then see the message. See table below for alist of the standard messages.

An extension user can add digits for date, time or phone number after messages 1-8 and 10 (up to
24 characters). For example, an extension user could select the message “ON VACATION UNTIL”
and then enter the date. Callers see the original message followed by the appended date. They
would then be able to tell when the user was coming back from vacation. The system alows all
phones to use the Selectable Display Messaging feature at the same time.
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The default messages are:

No. Message Change “#” to...
1 IN MEETING UNTIL ##:## Time (when meeting done)
2 MEETING ROOM - ###H#HHH Room Name or extension
3 COME BACK ##:## Time (when returning)
4 PLEASE CALL ##HHHHHHH#H 11 digits (phone number)
5 BUSY CALL AFTER ##:## Time (when returning)
6 OUT FOR LUNCH BACK ##:## Time (when returning)
7 BUSINESS TRIP BACK ##/## Date (when returning)
8 BUSINESS TRI P ###HH#HHHHH 10 digits (where reached)
9 GONE FOR THE DAY

10 ON VACATION UNTIL ##/## Date (when returning)

11-20 MESSAGE 11-20

Selectable Ring Tones

* Avallable.

Aspire S Aspire M/L/XL
» Avalable.

Description

An extension user can change the way trunks or ICM calls ring their phone. Selectable Ring Tones
allows an extension user to set up unique ringing for their calls. Thisisimportant in a crowded
work areawhere several phones are close together. Because their phone has a characteristic ring,
the user always can tell when it's their phone ringing.

Serial Call

» Available.

Aspire S Aspire M/L/XL
» Available.

Description

Serid Call isamethod of transferring acdl so it automatically returns to the transferring extension.
Serid Calling savestransferring steps between users. For example, a Customer Service Representative
(CSR) has aclient on the phone who needstechnical advice. The CSR wantsto send the cdl to Tech
Service, but needsto advise the client of certain costs when Tech Serviceisdone. Rather than transfer-
ring the call back and forth, the CSR can use Seria Call to Technical Service and announce, “I have Ted
on the phone. | need to talk to him again. Just hang up when you're done and I'll get him back.”
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Single Line Telephones, Analog 500/2500 Sets

Available - 16 single line tel ephones maximum. e Available-

Aspire S Aspire M/L/XL

Aspire M/L : 256 single line tel ephones maximum (may
be restricted due to system power requirements).
Aspire XL : 384 single line telephones maximum -
reguires software 4.0E+.

» Defining CODEC Filter settings available. » Defining CODEC Filter settings available with software
1.04+.
e DTMF Dia Out Timer Added with software 4.0E+. e DTMF Dia Out Timer Added with software 4.0E+.
Description

The system is compatible with 500 type (Dial Pulse) and 2500 type (DTMF) analog singlelinetele-
phones (SLTs). You can install single line telephones as On-Premise or Off-Premise extensions.
Single line telephone users can dia codes to access many of the features available to keyset users.
With Single Line Telephones, you can have your system simulate PBX type operation.

When installing single line telephones, you must have:

® A portonanSLIU PCB for each single line telephone install ed.

o gfﬁ(}l)u have 2500 sets) At least one block reserved on the NTCPU for analog extension
F reception.

CODEC Filter Data Setup Program Added
When Program 82-07-01 : CODEC Filter Setup for Analog Station Portsisset to "4 - Specified
Data", the system will use the settings in Program 82-09 : SL1U CODEC Filter Data Setup.

These values should not be changed from their default settings unless directed by NEC' S Technical
Service department.

The sidetone of the SLIU isadjusted using all 16 values, however, special softwareisrequiredin
order to compute these values. The setting is not proportional to the gain level. To change these
values, contact NEC's Technical Service department for assistance.

DTMF Dial Out Timer Added

Depending on your software version, Program 20-03-07 is available for DTMF dialing. When the
system is programmed to receive all digits before sending (Program 20-03-03=0), the system will
follow the timersin Program 20-03-04 and 23-03-07.

Thetimer in Program 20-03-04 : System Optionsfor Single Line Telephones - Dial Sending
Start Timefor SLT or ARSwill reset when the user dials another digit.

Thetimer in Program 23-03-07 : System Optionsfor Single Line Telephones - Forced Dial
Sending Start Timewill not reset when adigit is dialed. The user must finish dialing all the digits
before thistimer expires.
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Single Line Telephones, Digital

Aspire S Aspire M/L/XL

e Available - 24 single line telephones maximum. e Available-
Aspire M/L : 256 single line telephones maximum (may
be restricted due to system power regquirements).
Aspire XL : 384 single line telephones maximum -
requires software 4.0E+.

Description

The digital single line telephone (DSL) can be installed as On-Premise or Off-Premise extensions.
Single line telephone users can dial codes to access many of the features available to keyset users.
With single line telephones, you can have your system simulate PBX type operation. Each single
line telephone installed must have a port on an ESIU PCB.

Soft Keys

Aspire S Aspire M/L/XL

* Available. * Available.

Description

Each display telephone provides interactive soft keys for intuitive feature access. It is no longer
necessary to remember feature codes to access the telephone’s advanced features because the func-
tion of the soft keys change as the user processes calls. For example, just press a soft key to Page,
Park acall, leave a message or Camp On to a busy co-worker.

Additiona options allow you to “finetune” the keyset's volume levels for handset receive and trans-
mit, speaker volume, ringer and handset volume, and headset volume levels. You can also customize
the point at which the built-in speakerphone switches from transmit to receive; aboon for noisy envi-
ronments. The display telephones a so have a contrast control for the LCD display.
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Station Message Detail Recording

Aspire S Aspire M/L/XL

Available.

Available.

This feature requires a connection to the system using a
CTA or CTU adapter, or through the serial, USB or LAN
port on the Aspire NTCPU. (The LAN port only pro-
vides information through L AN-capable programs, such
as HyperTerminal. Printing of the SMDR information
must be done from within that program.)

This feature requires a connection to the system using a
CTA or CTU adapter, or through the serial or USB port
onthe Aspire NTCPU.

The LAN port on the Aspire NTCPU can be used with
1.02+. (The LAN port only provides information
through LAN-capable programs, such as HyperTermi-

nal. Printing of the SMDR information must be done
from within that program.)

Caller ID Added to SMDR Output requires software
4,0E+.

e Cadler ID Added to SMDR Output requires software *
4.0E+.

Description

Station Message Detail Recording (SMDR) provides arecord of the system’s trunk calls. Typi-
cally, the record outputs to a customer-provided printer, terminal or SMDR data collection device.
SMDR allows you to monitor the usage at each extension and trunk. This makes charge-back and
traffic management easier.

SMDR provides the following options:

® Abandoned Call Reporting
The SMDR report includes calls that rang into the system but were unanswered (i.e., aban-
doned). SMDR can include al abandoned calls or only those abandoned calls that rang longer
than the specified duration. The Abandoned Call Report helps you keep track of lost business.

® Blocked Call Reporting
When Toll Restriction blocks acall, you can have SMDR print the blocked call information.
Or, you can have SMDR exclude these types of calls. With Blocked Call Reporting, you can
better customize Toll Restriction for the site's application.

® Customized Date Format
The SMDR header can show the report date in one of three formats. American, European or
Japanese. Set the format for your preference.

® Transferred Call Tracking
SMDR shows each extension’s share of atransferred call. If an outside call is transferred
among four extensions, SMDR shows how long each of the callers stayed on the call.

e DataCall Tracking
Data Call Tracking can log the system’s internal data calls. Since SMDR normally logs exter-
nal (trunk) data calls, Data Call Tracking lets you get a complete picture of data terminal
activity.
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Digit Counting

With Digit Counting, SMDR can selectively keep track of toll calls. For example, if the digit
count is nine, SMDR won't include toll calls within the home area code. Digit Counting per-
mits SMDR to include only the types of calls you want to monitor.

Digit Masking

Digit Masking letsyou “X” out portions of the number dialed on the SMDR report. A digit
mask of seven, for example, masks out all exchange codes (NNXs) and local addresses. Digit
Masking makes it easier to keep track of calling patterns, without having to interpret each
individual number. You can also use Digit Masking to block out access and security codes.

Duration Monitoring

SMDR can include calls of any duration, or only those that last longer than the interval you
specify. If you want to keep track of all trunk activity, use a short duration. To keep track of
only significant usage, use alonger duration.

Extension Exclusion

You can selectively exclude extensions from the SMDR report. This ensures privacy for high-
profile callers. For example, the company attorney negotiating a merger may not want his
callsto show up on an in-house report.

PBX Call Reporting

If you system is behind a PBX, you can have SMDR monitor all traffic into the PBX or just
calls placed over PBX trunks. The SMDR record can include all PBX calls (including callsto
PBX extensions) or just calls that include the PBX trunk access code.

Serial and USB SMDR Communication

The system is compatible with both serial and USB SMDR devices. This gives you many
SMDR output options. For example, you can output the SMDR report to a high speed printer
or send it to disk through a PC's serial or USB port (requires the USB driver which can be
downloaded from the NEC Technical Support web site - wsl.necii.com).

Trunk Exclusion

Use Trunk Exclusion to exclude certain trunks not subject to per-call charges (like WATS
lines) from the SMDR report. This makes call accounting easier, since you review only those
calls with variable costs.

Usage Summaries

SMDR can automatically print daily, weekly and monthly call activity summaries. Each sum-
mary includes the total number of regular trunk calls and ISDN trunk calls, and the costs for
each type. Thedaily report prints every day at midnight. The weekly report prints every Sun-
day night at midnight. The monthly report prints at midnight on the last day of the month.

Extension Name or Number
The SMDR report can include an extension’s name or extension number. Choose the method
that makes it easier for you to track call usage.

Caller ID Added to SMDR Output

This software enhances the SMDR output to include up to 16 or 24 characters of the Caller ID
name information (depending on the view option selected in Program 35-02-18). With the follow-
ing new programs/options, you can select to display the Caller ID number or name, or the DID
number. If you wish to display the Caller Name in the“DIALLED NO./CLI” and “ACCOUNT"
area, select "2" in the updated Program 35-02-15 and "1" in Program 35-02-17.

If the Cdller ID nameis not received, the areafor Caler ID Nameis l€eft blank.
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For example, with Program 35-01-09 = 0 (Format for NA) and Program 35-02-17 = 1 (Caller ID
Name), if acall isreceived with the Caller ID Name of “NECinfrontia Corporation” (24 charac-
ters), the following SMDR record is displayed:

CLASS TIME DATE
POT 10:52  12/09
PIN 10:52 12/09
PIN 10:53  12/09

LINE DURATION STATION DIALLED No/CLI ~ ACCOUNT

002
001
002

00:00:10
00:00:20

2001 2142623801 08754
2017 2142623802 NECinfrontia Cor
2142623801 NOANSWER

If Program 35-02-18 = 1 (Caller ID Name Output Method) is set to line feed, the SMDR will dis-

play asfollows:
CLASS TIME DATE

POT 10:52  12/09
PIN 10:52  12/09

NEXT NECinfrontia Corp.

PIN 10:53  12/09

Station Park

LINE DURATION STATION DIALLED No/CLI ~ ACCOUNT

002
001

002

00:00:10
00:00:20

2001 2142623801 08754
2017 2142623802 NECinfrontia Cor
2142623801 NOANSWER

Please refer to Park (page 143) for information on this feature.

Station Relocation

Please refer to M aintenance (page 125) (Extension Data Swap) for information on this feature.

T1 Trunking (with ANI/DNIS Compatibility)

Aspire S Aspire M/L/XL

* Not Available.

Available

ANI/DNIS Compatibility is available.

This feature requires the Basic NTCPU (P/N 0891002)
with the PAL upgrade or the Enhanced NTCPU (P/N
0891038) unless using software 4.0E or higher.
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Description

The T1/PRI Interface PCB gives the system T1 trunking capability. This PCB uses asingle univer-
sal ot and provides up to 24 trunk circuits. In additional to providing digital-quality trunking, the
TL/PRI Interface PCB alows you to have maximum trunking capability with fewer PCBs. Thisin
turn makes more universal slots available for other functions.

You can program each T1/PRI PCB for any combination of the following trunks:
® COloop start

® COground start

® Direct Inward Dialing

e Tielines !

The T1/PRI Interface PCB usesthe first block of 24 consecutive trunks. For example, if you have
an 8COIU PCB installed for trunks 1-8, the T1/PRI Interface PCB will automatically use trunks 9-
32. If you have 8COIU PCBsinstalled for trunks 1-8 and 17-24, the T1/PRI PCB will use trunks
25-48. The TL/PRI Interface cannot use trunks 9-16 (even if available) since they are not part of a
consecutive block of 24 trunks. Each T1/PRI PCB requiresthat 24 consecutive ports be availablein
the system even if not all the ports will be used otherwise the PCB will not function.

ANI/DNIS Compatibility
The system is compatible with telco’s T1 Automatic Number Identification (ANI) and Dialed
Number Information Service (DNIS) services. A compliment to Caller ID service, ANI/DNIS
Compatibility provides:
®  Selectable Receive Format
You can set up the system for compatibility with any combination of ANI, DNIS and Dialed
Number (Address) data provided by the telco.

® Flexible Routing
Based on the data received, the system can route the incoming ANI/DNIS call to:
- An extension
- An ACD or Voice Mail master extension number
- TheVRS and play aVRS message to the caller.
- A Department Group pilot number
- A trunk Ring Group

® RouteAccordingto DID Trandation Table or Abbreviated Dial Bins
Calls can be routed based on either the number of digits defined in Program 22-09-01 (digits
1-8) or by digits entered in Abbreviated Dial binsin Program 13-04-01.

® ANI/DNISData Displayed asCaller 1D Data

® DataError and Unanswered Call Handling

If acall can’t be completed, send it to a predetermined Ring Group or play supervisory tones
to the caler.

1. Two-wire (four-lead) type 1 tielines (FIC TL11M) only.
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Tandem Ringing

* Available.

Aspire S Aspire M/L/XL
* Auvailable.

Description

Tandem Ringing allows an extension user to have two telephones with one phone number. For
example, extension 305 (the master phone) sets Tandem Ringing with extension 306. When exten-
sion 305 receives an incoming call, both extension 305 and 306 ring. Callers would dial the master
extension number (extension 305 in this example). When either the master phone or slave phoneis
in use, the other phone cannot be used for outgoing calls - incoming calls, however, will ring the
available phone.

The keyset must be paired with either asingle line telephone or Aspire Wireless extension. It cannot
be paired with another keyset.

Tandem Trunking (Unsupervised Conference)

Aspire S Aspire M/L/XL
NTCPU provides 32 conference circuits, allowing any * NTCPU provides 2 blocks of 32 conference circuits,
number of conferences aslong asthe total number of con- dlowing each block to have any number of conferences as
ference channels used does not exceed the limit of 32. long asthe total number of conference channels used does

not exceed the block’s limit of 32.

Automatic conference on Hang Up available with soft- « Automatic conference on Hang Up available with soft-

ware 2.10+. ware 2.10+.

» Display Changed for Program 24-02-07 requires soft- » Display Changed for Program 24-02-07 requires soft-
ware 4.0E+. ware 4.0E+.

¢ Trunk Disconnect Continue/Disconnect Codes Added ¢ Trunk Disconnect Continue/Disconnect Codes Added

with software 4.0E+.

with software 4.0E+.

Description

Tandem Trunking allows an extension user to join two outside callers in a trunk-to-trunk Confer-
ence. The extension user can then drop out of the call, leaving the trunksin an Unsupervised Con-
ference. The extension user that established the Conference is not part of the conversation. The
Conference continues until either outside party hangs up. In addition, the extension user that set up
the Conference can end the tandem call at any time.

The number of simultaneous Conference cdlsislimited by the number of Conference circuitsinthe sys-
tem. Dueto thisfact, the maximum number of Conference calls cannot exceed the limits defined in the
abovetable.

Tandem Trunking could help an office manager, for example, put two outside sales peoplein touch.
The office manager could:
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Answer acall from one salesperson
Place a call to the second salesperson
Set up the trunk-to-trunk Conference
Drop out of the call

The office manager could terminate the Conference at any time.

There are four methods for Tandem Trunking:

® Method A - Set Up Without Transfer Key
An extension user can set up Tandem Trunking (Unsupervised Conference) by dialing a two-
digit service code (#8) or a uniquely programmed Transfer key.

® Method B - Tandem Trunking with Transfer Key
This method allows an extension user to easily set up an Unsupervised Conference with acall
they have placed on Hold. It uses auniquely programmed Transfer key to set up atandem call.

® Method C - Automatic Tandem Trunking on Hang Up
This method allows an extension user to easily set up an Unsupervised Conference with acall
they have placed on Hold. A Class of Service option is available, depending on your software
version, which will allow or deny an extension user from automatically setting up a Confer-
ence/Tandem Trunking call upon hanging up the phone.

® Method D - Automatic Tandem Trunking Setup to Abbreviated Dial Number
This method allows an extension user to easily set up an Unsupervised Conference with acall
they have placed on Hold. A Class of Service option is available, depending on your software
version, which will allow or deny an extension user from automatically setting up a Confer-
ence/Tandem Trunking call upon hanging up the phone.

Display Changed for Program 24-02-07
With software 4.0E and higher, the display for Program 24-02-07 : System Optionsfor Transfer
- Forced Release for Trunk-to-Trunk Transfer has been changed.

With prior software, the display indicated "Reles Trk-Trk". Now the display will show "T-T Warn-
ingTN" for this program.

Trunk Disconnect Continue/Disconnect Codes Added

The forced trunk release option with the Tandem Trunking and DISA features has been enhanced.
Previously, with Program 24-02-07 : System Optionsfor Transfer - Forced Release for Trunk-
to-Trunk Transfer or Program 25-07-08 : System Timersfor VRS/DISA - DISA Long Con-
ver sation Disconnect enabled, users were not provided with an option to continue the call, if
required.

Users can now be provided with the option to use a Continue or Disconnect service code. The Con-
tinue service code will extend the conversation a programmed length of time. If the user entersthe
Disconnect service code, the call will be disconnected immediately.
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TAPI Compatibility

Aspire S Aspire M/L/XL
e Available. « Available with software 1.07 or higher.
e Third-party TAPI isavailable. e Third-party TAPI requiresthe Basic NTCPU (P/N
0891002) with the PAL upgrade or the Enhanced NTCPU
(P/N 0891038).
Description
The system has Telephony Applications Programming Interface (TAPI) capability. TAPI capability
provides:

® Reduced TAPI Feature Set (see the Supported TAPI Commands chart below).

) tC)?(_:.Ialler)l D datato the PC for data base lookups and screen pops (see the Caller ID Data chart
ow).

® Telephone contral (off-hook, on-hook and dialing).

The CTA or CTU adapter provides an interface that allows the user personalized control of the tele-
phone system from a desktop or laptop PC when used in conjunction with a TAPI-compliant appli-
cation. The telephone system and PC are connected by installing an adapter on the telephone
keyset, allowing the PC user to access sophisticated communications services via the telephone
lines.

In addition to a compatible system software version, you must also have:

® Aspirekeyset telephone containing an RS-232-C CTA Adapter (P/N 0890058) / CTU Adapter
(P/N 0890059) with TAPI compliant firmware.

® PC Driver for the CTA: PC running Windows 98 Second Edition or higher

PC Driver for the CTU: PC running Windows 98 Second Edition, Windows 2000, or Windows XP

® A TAPI compatible Windows application
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Tie Lines

Aspire S Aspire M/L/XL

* NotAvailable. * Avallable.

» Thisfeature requires the Basic NTCPU (P/N 0891002)
with the PAL upgrade or the Enhanced NTCPU (P/N
0891038).

Description

Tielinesdirectly link alocal telephone system with one or more remote systems. Thelink isinde-
pendent of the telco’s switched network. When alocal system user seizes atie line, they hear Inter-
com dial tone from the remote system. The user may then be able to:

® Dial extensionsin the remote system

® Usethe remote system’strunks for outgoing calls

® Access Common Abbreviated Dialing binsin the remote system
® Usetheremote system’s Interna and External Paging

The system provides connection for 2-wire (four lead, tip/ring) or 4-wire (eight lead, tip/ring/tip 1/
ring 1) typetieline circuits.

Tie Line Class of Service

TieLine Class of Service provides features and dialing restrictions for incoming tie lines. This
allows you to control the capabilities of callersdialing into your system. Thetie line Class of Ser-
vice options are:

® First Digit Absorption
A tieline can ignore (absorb) the first digit received, which helps when setting up atieline
network. For example, your system can have tie lines to two other systems with the same
extension numbering plan. Usethefirst digit to differentiate between the systems. Tieline
callers can dial 3200-3456 for the first system’s extensions and 4200-4456 for the second sys-
tem’'s extensions. The receiving system ignores the first digit and routes calls correctly to the
extension dialed (i.e., 4301 isreceived as 301).

® Trunk Group Routing/ARS Access
When atie line user calls the remote system, they may be able to dial 9 and place outside calls

through the remote system. Any toll charges are incurred by the remote system. The call follows
the remote system’s Trunk Group Access or Automatic Route Selection - whichever is enabled

® Trunk Group Access
Tieline callers may be able to access trunk groups in the remote system by dialing Program-

mable Function Key *02 and the trunk group number. This allows the callersto select a spe-
cific trunk group for an outgoing call. Trunk Group Access bypasses the remote system’s
Trunk Group Routing/ARS. Aswith dial 9 access, any toll charges are incurred by the remote
system.

® Common Abbreviated Dialing
The remote system’s Common Abbreviated Dialing bins may be availableto tieline calers. Use

this capability to set up centralized Abbreviated Dialing control - or just save time when dialing.
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® Operator Calling
A tieline caller may be able to dia O for the remote system’s operator.

® Paging
Internal and External Paging may be availableto tie line callers. This allows co-workersin adja-
cent facilities connected by tie lines, for example, to broadcast announcements to each other.

® Direct Trunk Access
Thisoption allows tie line callers to directly access atrunk for an outside call by dialing #9
and the trunk’s number. Like Trunk Group Access, this bypasses the remote system’s Trunk
Group Routing/ARS. Any toll charges are incurred by the remote system.

® Forced Trunk Disconnect
The Forced Trunk Disconnect option allows atie line caller to disconnect (release) another
extension’s active outside call. Thetie line caller can then place a call on the released trunk.
Tieline callers should use Forced Trunk Disconnect only in an emergency, when no other
trunks are available.

® DISA/Tie Trunk Barge In
The DISA/Tie Trunk Barge In option allows atie line caller to break into another extension’s
established call. This sets up athree-way conversation between the intruding party and the
two parties on the initial call.

Tie Line Outgoing Call Restriction

You can selectively deny incoming tie lines access to your system'’s outgoing trunk groups. Incom-
ing tie line callers could be able to access your outgoing WATS lines, for example, but not your
DDD trunks. The system allows you to set up arestriction matrix for each of your incoming tie
lines - for each of your outgoing trunk groups.

Tie Line Toll Restriction Class

Incoming tie lines can have a Toll Restriction Class and be subject to the system’s toll restriction.
For example, Toll Restriction can prevent users from dialing 1-900 calls. When an incoming tie
line caller triesto use system trunks to dial a 1-900 service, Toll Restriction will deny the call.

Flexible Tie Line Service Compatibility
You can individually program tie lines for Dial Pulse (DP) or DTMF incoming or outgoing signal-
ing. Outgoing tie lines can be either wink start or immediate start.

Wink Start Mode Does Not Require a DTMF Receiver
E& M trunksin wink start mode do not require a DTMF receiver for dial tone detection. It is
detected with the wink. This frees the DTMF receivers for other use.
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Time and Date

Aspire S Aspire M/L/XL
* Avallable. * Avallable.
» Clock Adjustment program available with software » Clock Adjustment program available with software
2.62+. 2.62+.
Description

The system uses Time and Date for:
« Central Office Calls (Access Maps) ¢ Ring Groups

¢ Classof Service (Class) e Station Message Detail Recording
e Direct Inward Lines e System Reports

» Display Telephones ¢ Toll Restriction (Class)

e Fax Machine Compatibility e Trunk Group Routing

* Night Service (Automatic) ¢ Voice Response System

e Programmable Trunk Parameters

Using the Daylight Savings Setup program, you can determine whether the system should automat-
ically adjust the system time for daylight savings time/standard time changes.

Clock Adjustment

The system can be programmed to automatically adjust the system clock on a nightly basis. This
feature allows you to make adjustments should the system cabinet regularly lose or gain time.

Toll Restriction

Aspire S Aspire M/L/XL

» Available- 15 Toll Restriction Classes and 26 extensions. | = Available-15 Toll Restriction Classes and 512 extensions.

» Additiona programming options availableto restrict out- | ¢ Additional programming options added to restrict out-
going calls. going calls with 1.03+.

» Additiona Common Permit Table default entriesavailable. | =  Common Permit Table default entries changed with

» Enhanced tieline Toll Restriction requires software 2.65+. 103+,
» Enhanced tieline Toll Restriction requires software 2.65+.
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Description

Toll Restriction limits the numbers an extension user may dial. By allowing extensions to place
only certain types of calls, you can better control long distance costs. The system applies Toll
Restriction according to an extension’s Toll Restriction Class. The system allows for up to 15 Toll
Restriction Classes.

Toll Restriction offers the following capabilities:

® Common Permit Code Table
Use the Common Permit Code Table when you have numbers you want al Toll Restriction
Classesto dial. Tolet al usersdia 911, for example, put 911 in the Common Permit Code
Table. The Common Permit Code Table overrides the Restrict Code and Common Restrict
Code Tables. The system provides 10 tables, with 10 entriesin each table. Each code is 4 dig-
itsmax., using 0-9, #, * and FLASH (asawild card).

® Common Restrict Code Table
The Common Restrict Code Table lets you globally restrict certain numbers for al Toll
Restriction Classes. To prevent all users from dialing directory assistance (411), for example,
put 411 in the Common Restrict Code Table. Be sure you don’t allow the codes you want to
restrict in the Permit Code Table or the Common Permit Code Table. The system provides 10
tables, with 10 entriesin each table. Each codeis4 digitsmax., using 0-9, #, * and FLASH (as
awild card).

® Restrict CodeTable
When you want Toll Restriction to allow most calls and restrict only selected calls, use the
Restrict Code Table. To block only 1-900 calls, for example, enter 1900 in the Restrict Code
Table. (If the same Toll Restriction Class has both Permit and Restrict Code Tables, the sys-
tem restricts calls that you enter only in the Restrict Code Table. Calls entered in both tables
are not restricted.) The system provides 4 tables, with 60 entries (restricted codes) in each
table. A restricted code is 12 digits maximum, using 0-9, #, * and FLASH (as awild card).

® Permit CodeTable
The Permit Code Table lets you set up Toll Restriction so that users can dial only selected
(permitted) telephone numbers. Use this table when you want to restrict most calls. To allow
al usersto dia only area code 203, for example, enter 1203 in the Permit Code Table. 1 +
203 + NNX + nnnn are the only numbers users can dial. (If the same Toll Restriction Class
has both Permit and Restrict Code Tables, the system restricts calls that you enter only in the
Restrict Code Table. Calls entered in both tables are not restricted.) The system provides 4
tables, with 200 entries (permitted codes) in each table. A permitted code is 12 digits maxi-
mum, using 0-9, #, * and FLASH (as awild card).

® International Call Restriction

International Call Restriction letsyou limit theinternational calls an extension user may dial.
You can build arestrict table to prevent only certain calls, or you can build a permit table to
alow only certain calls. To allow most international calls, use the International Call Restrict
Table. To prevent most international calls, use the International Call Allow Table. The sys-
tem provides 10 International Call Restrict tableswith up to 4 digitsin each table entry and 20
International Call Allow tables, with up to 6 digitsin each table entry. Valid entries are 0-9,
#* and FLASH (for awild card).

e Toll Restriction for Abbreviated Dialing
Abbreviated Dialing can bypass or follow Toll Restriction. If you allow many users to pro-
gram Abbreviated Dialing, consider Toll Restricting the numbersthey dial. If only adminis-
trators can program Abbreviated Dialing, Toll Restriction may not be necessary. You can
separately restrict Group and Common Abbreviated Dialing.
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® Call Digit Counting
Use Call Digit Counting to limit the number of digitslocal callerscan dial. You can usethis
option to prevent users from accessing local dial-up services. For example, set the Maximum
Number of Digitsin Local Callsto 7 to limit local callersto dialing the exchange code (NNX)
and local address (nnnn) only. The system provides 4 tables in which you can make entries
for this option. The range is 4-30 digits.

e Toll Call Digit Counting
With Toll Call Digit Counting, you can limit the number of digitslong distance callers can
dial. Thisletsyou prevent callers from dialing extensively into long distance dial-up services.
You can make four entries (4-30 digits).

® Toll FreeTrunks
Certain trunks can be completely unrestricted, such as the company president’s Private Line.
Users can place calls on Toll Free Trunks anytime -- to anywhere, without inadvertently being
toll restricted.

® PBX Call Restriction
Toll Restriction programming lets you enable/disable PBX Call Restriction and enter PBX
access codes. You only need to do thisif your system is behind a PBX and you have trunks
programmed for behind PBX operation. Refer to PBX Compatibility feature for the specifics.

Additional Toll Restriction Programming
Prior to 1.03 software, it was possible for usersto place acall unrestricted in the following instance:

1.  Anoutside cal ringsthe system, but the caller hangs up before the call is answered.

2. Telco detects the end of the call and returnsto an idle status.

3. If auser seizesthe trunk within a second or two after this status change, but before the tele-
phone stops ringing, the user is able to place an unrestricted call. Thisis because the system
till recognizes the trunk as an incoming call, but to the telco, thisis a new outgoing call.

The system only provides Toll Restriction on outgoing calls.

To prevent this from occurring, the system now provides additional programming options. This
option is not available for ISDN, DID, or E&M trunks.

Additional Default Entries For Common Permit Code Table
Additional entries have been added to the default Common Permit Code Table. The default setting
isnow asfollows:

 Tablel:911 » Table4: 1822 (new) » Table7: 1855 (new)
» Table2: 1800 » Table5:1833(new) <« Table8: 1866 (new)
» Table3: 1888 o Table6:1844 (new) « Table9: 1877 (new)

Tie Line Toll Restriction Enhanced
With older software, the system only provided the use of Program 34-08 to determine the toll
restriction atie line trunk would follow. Thistable only alowed 20 entries.

With software 2.65 or higher, anew program is available, 34-01-05: E& M TieLine Basic Setup -
System Toll Restriction. If thisoptionisset to’0’, the system will follow the setting in 21-05-13 :
Toll Restriction Class - Restriction of Tie Line Callsto determine whether or not the toll restric-
tion setting in Program 34-08 isto be followed. If thisoptionisset to’1’, the system will follow the
system toll restriction settings defined in Program 21-05-01 through 21-05-13.
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Toll Restriction, Dial Block

* Available.

Aspire S Aspire M/L/XL
* Auvailable.

Description

Toll Restriction Dial Block lets a user temporarily block an extension’s Toll Restriction. This helps
auser block his or her phone from being used by another person while they are away from their
desk. A user would need to enter a4-digit personal code to enable/disable this feature.

Dia Block can also be set by the system administrator. If Dial Block has already been set by an
extension user, the supervisor can not release it. Additionally, if Dial Block has been set by the
supervisor, and extension user can not release it.

Important: This function works by password and Class of Service control (the supervisor is not an
assigned extension). If Dial Block is available for all Classes of Service, everyone may become a
supervisor if they know the Dial Block password.

Toll Restriction Override

* Available.

Aspire S Aspire M/L/XL
* Available.

Description

Toll Restriction Override lets auser temporarily bypass an extension’s Toll Restriction. Thishelpsa
user that must place an important call that Toll Restriction normally prevents. For example, you

could set up Toll Restriction to block 900 calls and then provide a Toll Restriction Override code to
your attendant and executives. When the attendant or executive needs to place a 900 call, they just:

® PressCALL1, dial aservice code and enter their override code.
® Pressalinekey or dia atrunk access code (e.g., 9 or #9 002).
® Placethe 900 call without restriction.

You can assign adifferent Toll Restriction Override code to each extension. Or, extensions can
share the same override code.

Toll Restriction Override will override all Toll Restriction programming. Walking Toll Restriction
allowsyou to assign aToll Restriction level for each user. When acall is placed using Walking Toll
Restriction, the restriction for the call is based on the Toll Restriction level defined in Programs
21-05-xx and 21-06-xx.
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Traffic Reports

Aspire S Aspire M/L/XL
* Avallable. * Avallable.

Description

The system provides the ability to send data to a PC connected to the Aspire. The telephone call traffic data
for each extension is captured for use with the SMDR feature.

Call Traffic

Thetotal of outgoing call frequency, outgoing call duration, call charge, incoming call frequency, answer
frequency, incoming call duration, ringing duration for each line and extension, and abandon call frequency
for each line islogged. The total of incoming calls, answer frequency, call duration for each line and exten-
sion, and abandon call frequency of each lineislogged and the datais outputted to the PC. The system totals
the hour, day, week, and month for each terminal and trunk number. Thisinformation is used by the SMDR
feature. The extension which istotalled is determined by system programming. The system outputs this data
to the PC for the total period.

Transfer
Aspire S Aspire M/L/XL
* Available. * Available.
» Transfer into Conference available. » Transfer into Conference available with software 1.11+.
e Transfer to trunk ring group requires software 2.63+. e Transfer to trunk ring group requires software 2.63+.

» Transfer key operation enhanced with software 4.0E+. » Transfer key operation enhanced with software 4.0E+.

Description

Transfer permits an extension user to send (i.e., extend) an active Intercom or outside call to any
other extension in the system. With Transfer, any extension user can quickly send acall to the
desired co-worker. A call auser transfers automatically recallsif not picked up at the destination
extension. This assures that users do not lose or inadvertently abandon their transfers. While a
transferred call isringing an extension the system can optionally play ringback tone or Music on
Hold to the caller.

The system alows the following types of transfers:

® Screened Transfer

The transferring user announces the call to the destination before hanging up
® Unscreened Transfer

The transferring party extends the call without an announcement.

® Extension (Department) Groups Transfer
The Transferring party sends the call to a Department instead of an extension.
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® Transfer Without Holding
A user presses abusy line key and waits for the call to complete. The system automatically
sends them the call when theinternal caller hangs up.

Automatic On-Hook Transfer Operation

With Automatic On-Hook Transfer, a Transfer goes through as soon as the transferring user hangs
up. For example, extension 304 can answer atrunk, pressHOLD, dial 305 and hang up. The system
extends the call to extension 305. Without Automatic On-Hook Transfer, the call would stay on
Hold at extension 304 when the user hangs up. To extend the call, the user at extension 304 would
have to press CONF or a Transfer function key before hanging up.

Each method has advantages. Automatic On-Hook Transfer makes transferring calls easier. However,
users have to be more aware of how they handle their calls on Hold. Without Automatic On-Hook
Transfer, extending a call becomes a two-step operation - but separate from placing calls on Hold.

Prevent Recall of Transferred Call
The Class of Service program has an option that will allow you to prevent a Transferred call from
recalling the originating extension if the call is not answered.

Transfer Call into Conference/Existing Call

Thisfeature allows either a keyset or single line telephone user with Barge In capability the ability
totransfer acall into an existing call. Thiscall can be a2-party call, a Conference call, or aBarge In
Conference. The system allows Intercom, analog trunk, ISDN trunk and H.323 trunk callsto be
transferred into a Conference call. Thiswould allow, for example, an attendant to locate co-workers
and then transfer them into an existing telephone meeting. There is no need for the attendant to
locate all the parties at the same time and sequentially add them into the Conference.

Thisfeature is not supported across a network or with S-Bus ports (this includes transferring an S
Bus call into a conference or transferring a call into a conference which includes an S-Bus port).

Transfer to Trunk Ring Group Available

Depending on your software version, it is possible to transfer aDID or trunk call to the trunk’s
defined ring group (defined in Program 22-05-01 : Incoming Trunk Ring Group Assignment).
The trunk will then ring the defined extensions for the ring group.

This also allows the transferred call to ring over the External Paging (Program 31-05 : Univer sal
Night Answer/Ring Over Page) so that an employee can answer the call from any available phone.

To enable this feature, the system has a program option, Program 11-15-09 : Service Code Setup
Administrative (for Special Access) - Transfer to Trunk Ring Group Code. When acall istrans-
ferred using this service code, it's transferred to the ring group destination for that incoming trunk.
For example, trunk 2 isin Ring Group 4. When the call is transferred using this service code, the
trunk will ring all extensions programmed for Ring Group 4 or ring the External Paging Group for
Ring Group 4, depending on how the system is programmed.

Program 22-04-01 : Extension Ring Group Assignment and Program 22-05-01 : Incoming
Trunk Ring Group Assignment must be programmed to allow an extension access to the ring
groups. If the call is not answered, it can overflow to the destination defined in Program 22-08-01 :
DIL/IRG No Answer Destination.

This service code can also be used with the VRS. This provides the caller listening to the VRS mes-
sage with the ability to transfer their call and have it ring the external page. The code the caller
would dial is defined in Program 25-06-02 : VRS/DISA One-Digit Code Attendant Setup.
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Transfer Key Operation Enhanced

Depending on your software version, pressing the Transfer key while on acall will placethecall on
hold. With older software, when a Transfer Key was programmed (Program 15-07 or Service Code
851: 06), pressing the Transfer key while on acall did not perform any action.

Trunk Group Routing

Aspire S Aspire M/L/XL
e Available - 8 trunk groups and 8 routes. e Available - 100 trunk groups and 100 routes.
Description

Trunk Group Routing sets outbound call routing options for users that dial the Trunk Group Rout-
ing code (9) for trunk calls. Trunk Group Routing routes callsin the order specified by system pro-
gramming. If auser dials 9 and all trunksin the first group are busy, the system may route the call
to another group. When you're setting up your system, Trunk Group Routing will help you mini-
mize the expense of toll calls. For example, if your system has outbound WATS lines, OCC lines
and DDD lines, use Trunk Group Routing to route callsto the WATS lines first.

Route 1 Route2 Route 3
OCC
WATS DDD
Outbound Call Least Expensive Moderately "] Most Expensive
Expensive
First Choice Second Choice Third Choice

Trunk Groups

Aspire S Aspire M/L/XL
* Available - 8 trunk groups. * Available - 100 trunk groups.
Description

Trunk Groups let you optimize trunk usage for incoming and outgoing calls. With Trunk Groups,
users can have loop (rotary) keys for trunk calls. Incoming trunk group calls ring these loop keys.
For outgoing calls, the user presses aloop key to access the first available trunk within the group.
You set the access order in trunk group programming.

L oop keys give an extension user more available function keys, since the user doesn’t need a sepa-
rate line key for each trunk. The user only needs one loop key for each trunk group. Thissimplifies
placing and answering calls.
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Like Trunk Group Routing, Trunk Groups help you minimize the expense of toll calls. For exam-
ple, if your system has outbound WATS lines, OCC lines and DDD lines, program the trunk group
to route to the WAT S lines first.

Priority Type of Trunk

1 WATS

2 OCC

3 DDD
Trunk Queuing/Camp On

Aspire S Aspire M/L/XL
* Available. * Available.
Description

Trunk Queuing permits an extension user to queue (wait in line) on hook for a busy trunk or trunk
group to become free. The system recalls the queued extension as soon as the trunk is available.
The user does not have to manually retry the trunk later. Trunk Queuing lets the caller know when
the call can go through. If the extension user does not answer the Trunk Queuing ring, the system
cancels the queue request.

With Trunk Camp On, an extension user can queue (wait in line) off hook for a busy trunk or trunk
group to become free. The caller connects to the trunk when the trunk becomes free. Aswith Trunk
Queuing, the user does not have to manually retry the trunk later.

Any number of extensions may simultaneously queue or Camp On for the same trunk or trunk
group. When atrunk becomes free, the system connectsthe extensionsin the order that the requests
were |eft.

Ultra CallAnalyst

UltraCallAnalyst is an easy to use, graphically oriented software package that allows you to moni-
tor and analyze phone calls, understand phone usage and cut costs. Call Analyst tracks both incom-
ing and outgoing calls accurately aswell as the date and time of each call. If you need to track the

incoming phone call with name and/or telephone numbers, Call Analyst requires Caller 1D services
from the local phone company.

Ultra CallAnalyst increases productivity, facilitates billing and hel ps detect toll fraud and phone
abuse. It also has powerful tabular (text) and graphical report generating capabilities. Reports
include extension/line summaries, date/time and department summaries, longest/most expensive
calls, most frequently called numbers, and other commonly used summaries. Ultra CallAnalyst also
has the ability to automatically generate and Email reports to managers on set schedules. These
reports can be used to analyze your telephone as a critical business communication tool, thereby,
improving its effectiveness and hel ping you to reduce your telephone related costs.
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CalAnalyst keeps track of:

The date and time calls were made or received.

The duration of each call.

Which extension made or received the call.

The CID/ANI, DNIS of the caller.

The trunk or line numbers which handled the call.
Account codes and authorization codes used for the call.

Asan example; areport can be generated showing calling patterns by volume or duration on acolor
coded map of the United States. This can help a Customer Support, Sales Order, or Telemarketing
business become more focused, more productive and cost effective.

CallAnalyst Enterprise Server

CalAnalyst Enterprise Server is a network version of Ultra CallAnalyst used for collecting and
generating telephone usage reports for multiple telephone systems on anetwork. It isascalable call
accounting solution for the small to mid-size business.

CallAnalyst Enterprise Server is an easy to use, graphically oriented software package that allows
you to monitor and analyze phone calls, understand telephone usage and cut costs. Ultra Call Ana-
lyst tracks both incoming and outgoing calls accurately.

The application supports connection of heterogenerous (different type) tel ephone systems as well
as the connected interfaces (serial or TCP/IP) and supports real time consolidation and reporting of
call accounting data. If you need to track the incoming telephone traffic with calling name and/or
telephone numbers, Ultra Call Analyst requires Caller 1D services from the local phone company.

Main Server Minimum PC Requirements
Hardware

® PC with Pentium 4 Processor

512 MB RAM

SVGA Monitor with 1024 x 768 resolution

2 GB of free hard drive space

CD-ROM drive (for software installation)
Available serial port and RS-232 cable (if required)
Network Interface Card (NIC)

Printer (if required to print reports)

Software

® Windows NT 4.0 (workstation or server) w/SP6, 2000 Professional w/SP3, XP Professional
w/ SP1 or 2003 Server

® MSSQL Server 2000 or MSDE (Microsoft Database Engine) for the database (MSDE is
included on the application CD)

® Microsoft Internet Explorer 5.0 or higher (Internet Explorer isincluded on the application
CD)
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Network Client / Remote Site Reporting Client Minimum PC Requirements

Hardware

® PC with Pentium Il Processor

® 256 MB RAM

® 1 GB of free hard drive space

® CD-ROM drive (for software installation)

® Network Interface Card (NIC)

® Available serial port and RS-232 cable (if required)
Software

® WindowsNT 4.0 w/ SP6, or 2000 Professiona w/ SP3, XP Professional w/ SP1 or 2003

Server

® Microsoft Internet Explorer 5.0 or higher (Internet Explorer isincluded on the application

CD)

Universal Answer

Please refer to Central Office Calls, Answering (page 79) for information on this feature.

Voice Mail

Aspire S

Available - 72 NVM-Series voice mail ports available.

External voice mail requires available analog station

ports based on the number of voice mail ports con-

nected, so this voice mail maximum islimited to 16 by

the Aspire S.

- Aspire Mail is not available.

- 8 IntraMail ports (fixed ports 43-50) with software
2.50+.

Aspire M/L/XL

Available - 72 NVM-Series voice mail ports available.
External voice mail requires available anal og station ports
based on the number of voice mail ports connected.

- The Aspire Mail port requirements are based on the
installed PCB (the 4VMSU requires 4 ports, 4VMDB
requires 4 ports, 16VMSU requires 16 ports (and
software 2.26+), 2FM SU requires 2 ports, 4FM SU
requires 4 ports, 4FM DB requires 4 ports).

The MSG key asVoice Mail key available.

The MSG key asVoice Mail key featureisavailable with
1.11+ software.

IntraMail options added with software 2.51+.

- Ahility to Select Voice Mail Port Selected for Message
Notification/MW Lamps

- External Transfer Available

- Soft Key With Security Code Programming

- Internal Message Natification Timer Lengthened

Intramail Directory Dialing and Multiple Greeting fea-
tures requires software 2.64+.

IntraMail is not available.
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Description

The system is fully compatible with NEC's analog NV M-Series Voice Mail with Automated Atten-
dant Systems. These systems provide telephone users with comprehensive Voice Mail and Auto-
mated Attendant features. Voice Mail ends the frustration and cost of missed calls, inaccurate
written messages and telephone tag. This frees a company’s busy receptionists and secretaries for
more productive work.

Automated Attendant automatically answers the system’s incoming calls. After listening to a cus-
tomized message, an outside caller can dial a system extension or use Voice Mail.

Integrated Voice Mail enhances the telephone system with the following features:

Call Forwarding to Voice Mail

An extension user can forward their calls to Voice Mail. Once forwarded, callsto the exten-
sion connect to that extension’s mailbox. The caller can leave a message in the mailbox
instead of calling back later. Forwarding can occur for all callsimmediately, for unanswered
calls or only when the extension is busy. When a user transfers a call to an extension for-
warded to Voice Mail, the call waits for the Delayed Call Forwarding time before routing to
the called extension’s mailbox. This gives the transferring party the option of retrieving the
call instead of having it go directly to the mailbox.

L eaving a Message

Voice Mail lets a keyset extension user easily leave a message at an extension that is unan-
swered, busy or in Do Not Disturb. The caller just presses their Voice Mail key to leave ames-
sage in the called extension’s mailbox. Thereis no need to call back |ater.

Transferring to Voice Mail

By using Transfer to Voice Mail, a keyset extension user can Transfer acall to the user’s own
or a co-worker’s mailbox. After the Transfer goes through, the caller can leave amessagein
the mailbox.

Conver sation Record

While on acall, an extension user can have Voice Mail record the conversation. The keyset
user just presses the Voice Mail Record key; the ESL user dials a code. Once recorded, the
Voice Messaging System stores the conversation as a new message in the user’s mailbox.
After calling their mailbox, a user can save, edit or delete the recorded conversation.

Per sonal Answering Machine Emulation

A keyset user can have their idle extension emulate a persona answering machine. Thislets
Voice Mail screen their calls, just like their answering machine at home. If activated, the exten-
sion’sincoming calls route to the user’s subscriber mailbox. Once the mailbox answers, the user
hears the caller’'s incoming message. The keyset user can then:;

- Let the call go through to their mailbox

- Intercept the call before it goes to their mailbox

- Reject the call before it goesto their mailbox
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® Voice Mail Overflow
If Voice Mail automatically answers trunks, Voice Mail Overflow can reroute those trunks to
other extensions when all Voice Mail ports do not answer or, with certain software, are busy.
During periods of high traffic, this prevents the outside calls from ringing Voice Mail for an
inordinate amount of time. There are two types of Voice Mail Overflow: Immediate and
Delayed. With immediate overflow, calls immediately reroute to other extensions when all
Voice Mail ports do not answer or, with certain software, are busy. With delayed overflow,
callsreroute after a preset interval. Without any type of overflow, the outside calls ring Voice
Mail until a port becomes available or the outside caller hangs up.

® Message Center Mailbox
A Message Center Mailbox is a mailbox shared by more than one extension. Any keyset that
has a Message Center Key for the shared mailbox can:
- Listen to the messages stored in the shared mailbox.
- Transfer callsto the shared mailbox.
- Use many other Voice Mail features previously available only at an extension’s individual
mailbox.

A Message Center Mailbox hel ps co-workers that work together closely - such as members of
the same Department Hunt Group or ACD Group. For example, an ACD Group Supervisor
can send important messages to the shared Message Center Mailbox, to which any ACD
Group member can respond when time allows. Each ACD Agent’s Message Center Key
flashes when messages are waiting. (The Message Center Mailbox can be a mailbox for an
installed, uninstalled or virtual extension.)

® VoiceMail Caller ID
NVM-SeriesVoice Mail can use ANI/DNIS information to identify the outside caller that left
amessage in a user's mailbox. When the message recipient presses Tl after hearing a mes-
sage, they hear the time the message was sent and the outside tel ephone number of the mes-
sage sender. Refer to ANI/DNIS Compatibility (page 159) for more information on setting
up this feature.

Voice Mail Queuing

When accessing the voice mail, the system provides a voice mail queue. If all the voice mail ports
are busy, any callstrying to get to the voice mail will be placed in queue. As the voice mail ports
become available, the calls will be connected to the voice mail in the order in which they were
received.

Asthe Voice Mail Queue follows Department Hunting programming, the queue can hold a maxi-
mum of 10 calls. If the queueisfull or if the voice mail ports are not assigned to a Department
Group, the calls will be handled as though there were no voice mail queuing feature enabled. The
callswill either access voice mail if aport is available or they will receive abusy signal.

The Voice Mail Queuing feature does not work with the Conversation Record feature.

Park and Page

When an extension user is away from their phone, the voice mail provides a Park and Page feature
which can let them know when they have a call waiting to be answered. To activate Park and Page,
the subscriber records the Paging Message. To enable Park and Page, the user records a Paging
message. Park and Page will then answer an incoming call and the system broadcasts the prere-
corded Paging announcement. When the extension user hears the Page, they can go to any tele-
phone and use Directed Call Pickup to intercept the call. Depending on how the subscriber wants
Park and Page to operate, they can turn the Paging Message on or off. Refer to the Aspire Mail Sys-
tem Guide (P/N 17710SWGxXx) for details on setting this feature.
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MSG Key will Operate as Voice Mail Key

The system enhances a phone’s M SG key function when connected to a system which has voice
mail installed. When an extension receives a voice mail, the MSG key can be used to check the
number of messagesin voice mail, aswell as call the voice mail to listen to the messages. If thereis
no Voice Mail Programmable Function Key defined (Program 15-07-01, code 77), the phone's Mes-
sage Waiting LED will flash to indicate new messages.

This option is not available with a networked voice mail - the voice mail must be local.

IntraMail Available

The IntraMail isaplug-in “in-skin” full-featured, DSP-based integrated Voice Mail with Auto-
mated Attendant for the Aspire S. It is available in two models:

® 4\Voice Mail ports, 4 hours of message storage, and up to 160 mailboxes
(P/N 0892175). Requires a DSPDBU Daughter Board P/N 0891003.

® 8Voice Mail ports, 8 hours of message storage, and up to 160 mailboxes
(P/N 0892177). Requires a DSPDBU Daughter Board P/N 0891003.

The IntraMail Automated Attendant answers incoming calls and routes them quickly and effi-
ciently. Integrated Voice Mail features include Conversation Record, Answering Machine Emula-
tion, and Caller ID with Return Call. Interactive Soft Keys guide the display tel ephone user through
the extensive IntraMail feature set.

IntraMail Specifications

0892175 0892177
Ports: 4 8
Station Mailboxes: 128
Routing Mailboxes: 16
Master Mailboxes: 16
(Only 8 of the 16 Master mailboxes are accessible in
Aspire S.)
Total Mailboxes: 160
Storage Hours: 4 Hours | 8 Hours
Answer Tables: 8
Dial Action Tables: 16
Programming Interface: Aspire S telephone programming or Aspire PCPro
software 2.30 or higher.
Remote Programming: Access ViaHTML-based Aspire WebPro or using
customer-provided modems with Aspire PCPro.
Voice Storage Media: Flash Card (on IntraMail PCB)
Languages: 1 (English Mnemonic)

Intramail: Ability to Select Voice Mail Port Selected for Message Notification/MW
Lamps

TheAspire S can select an available voice mail port which can be used the Message Notification or
MW Lamp update routines.
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Intramail: External Transfer Available

The software provides the ability for the IntraMail to perform an external transfer. This allows the
IntraMail to route an incoming Automated Attendant call out of the Aspire system on a new trunk
based on an Abbreviated Dial number stored in a Dia Action Table.

Intramail: Soft Key With Security Code Programming

The software provides a soft key when programming the security code. This soft key allows a user
to select OK/CANCEL following an entry of a new code.

Intramail: Internal Message Notification Timer Lengthened

When Message Notification places a call out, the system will wait up to 30 seconds for ringback,
reorder, or busy tone from the trunk. If detected, notification call out processing begins normally. If
not detected, the system abandons the call and decrements the Ring No Answer (RNA) count. In
older software versions, the system would wait 15 seconds. This could cause notification callbacks
to be inadvertently abandoned.

IntraMail: Directory Dialing
Thisfeature requires the IntraMail Utility 1.2. The utility and the instruction sheet for
updating the utility are available for downloading from the NEC Technical Support Ste
(wsl.necii.com). This site requires user registration (contact NEC Sales Support for details).

Directory Dialing allows an Automated Attendant caller to reach an extension by dialing the first

few lettersin the extension user’s name. With Directory Dialing, the caller does not have to remem-

ber the extension number of the person they wish to reach — just their name. Here's how Directory

Dialing works:

1.  Whenthe Automated Attendant answers, it sends the call to a Directory Dialing Mailbox.
(Optionally, the caller may be asked to dial adigit to access Directory Dialing.)

2. TheDirectory Dialing Mailbox plays the Directory Dialing Message which asks the caller to
dial letters for the name of the person they wish to reach.

3. Thecdler didstheletters for the person’s name plus#. They can dia by first name or last
name, depending on how the Directory Dialing M essage was recorded and the Directory Dial-
ing Mailbox was set up.

4. IntraMail searchesthe list of programmed extension names for a match of the caller-entered
letters.

5. Voice prompts announce the first three matches, and allow the caller to dial adigit (1-3) to
reach one of the announced matches. Additionally, the caller can dial 4 to hear additional
matches (if any).

6. Thecaler dialsthedigit for the extension they wish to reach, and IntraMail sends the call to
that extension. The call is sent as a Screened or Unscreened transfer, depending on program-
ming.

For calersto use Directory Dialing, the system must have a name programmed for each extension
(up to 15 characters, A-Z, using upper and lower case letters). Each extension should also have a
name recorded in their Subscriber Mailbox. In addition, each extension used by Directory Dialing
must be installed and must have their Subscriber Mailbox active (Persona or Group).

An outside caller can route to a Master Mailbox or Routing Mailbox programmed as a Directory
Dialing Mailbox from:

® TheAnswer Table's Answer Schedule Override mailbox, Default mailbox, or Routing mail-
box.

® A GOTO actioninthe Dial Action Table of a Call Routing Mailbox.
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IntraMail: Multiple Greetings
This feature requires the IntraMail Utility 1.2. The utility and the instruction sheet for
updating the utility are available for downloading from the NEC Technical Support Site
(wsl.necii.com). This site requires user registration (contact NEC Sales for details).

The mailbox subscriber can record up to three separate greetings and make any one of the three
active. When a caller leaves a message in the subscriber’s mailbox, they hear the active greeting.
Thisallowsthe subscriber, for example, to record separate greetings for work hours, after work, and
during vacation. Instead of rerecording their greeting when they leave the office, they can just acti-
vate the “ after work” greeting instead.

If the active greeting has not been recorded, a caller leaving a message in the subscriber mailbox
will hear, “At the tone, you can leave your message for (extension number or name).”

Multiple Greetings requires IntraMail Voice Prompts version 1.2 or higher.

Refer to the Aspire IntraMail System Guide, P/N 0893240, for complete details.

Voice Over

Aspire S Aspire M/L/XL

» Available. * Available.

Description

- Important -
Do not use Voice Over to a user on speakerphone as the

conversation may be heard by the outside party.

Voice Over lets a user interrupt a keyset extension user busy on another call. With Voice Over, the
busy keyset extension user hears an alert tone followed by the voice of the interrupting party. The
keyset extension user can respond to the interrupting party without being heard by the original
caler. If desired, the keyset extension user can easily switch between their original caller and the
interrupting co-worker. The origina caller and the interrupting party can never hear each other’'s
conversation.

Voice Over could help alawyer, for example, waiting for an urgent call. While on acall with
another client, the lawyer’s paralegal could announce the urgent call as soon asit comesin. The
lawyer could then give the paralegal instructions how to handle the situation - all without the origi-
nal client hearing the conversation.

Either a keyset or 500/2500 set user can initiate aVoice Over, but only a keyset user can receive a
Voice Over.
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To enable Voice Over, akeyset should have afunction key programmed for Voice Over. In addition
to one- touch Voice Over operation, the key shows the Voice Over status as follows:

Off Not using Voice Over
Flashing Listening to the interrupting party
On Responding to the interrupting
party

Voice Response System (VRS)

Aspire S Aspire M/L/XL

* Available - 8 Channels.

* Available - 16 Channels.

* VRS available with basic NTCPU requires software
2.00+.

Description

The DSP daughter board provides the option for Voice Response System (VRS) which givesthe
system voice recording and playback capability. The VRS CompactFlash card provides up to 48
system messages (General Message, Automated Attendant greetings, ACD messages, and the 900
Preamble). In addition, the Personal Greeting and Park & Page options can have up to 200 mes-
sages (note that the Park & Page feature uses 2 messages). This enhances the system with:

General Message - provides a prerecorded message to which any user can listen

Personal Greeting - lets an extension user record a message and forward their calls. Callers
to the extension hear the recorded message and are then redirected.

Park and Page - parksacall at an extension and automatically pages the user to pick it up

Automated Attendant (Operator Assistance) - answersincoming calls, plays a greeting to
the caller and then lets the caller directly dial a system extension

ACD M essages - provides announcement and overflow messages for ACD groups

Transfer tothe VRS - any extension user can Transfer their outside call to the VRS

Voice Prompting M essages - plays call and feature status messages to users

900 Preamble - aerts callers usng 900 lines of the cost and features of the * pay-per-call” service

Time, Date and Station Number Check - lets a keyset extension user quickly hear arecord-
ing for the time, date, or the extension’s number.

VRS Messages

TheVRS alows you to record up to 48 VRS messages. You all ocate these messages for Automated
Attendant greetings, the General Message, ACD messages and the 900 Preamble message. The
total storage time for all VAU messages is approximately 45 minutes. The maximum duration for
any type of message is 2 minutes - thisis not programmable. VRS messages are battery backed up.
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Any on-premise extension caller can listen, record and erase VRS Messages (unless restricted in
programming). DISA and DID callers can listen and record VRS messages (unlessrestricted in pro-
gramming).

General Message

A General Message is a prerecorded message available to all callers. A General Message typically
contains important company information that all employees should hear. To hear the General Mes-
sage, an employee can go to any keyset and press 4 (for General Message). You can restrict the abil-
ity to record the General Message in an extension’s Class of Service. Thisalows you to give
recording capability to the System Administrator or Communications Manager, for example, but
not any employee. The MW LED at each telephone flashes when a new General Messageis
recorded. Once the extension user listens to the message, the MW LED goes out.

Personal Greeting

Personal Greeting allows an extension user to record a message and forward their calls. Callersto
the extension hear the recorded message and are then forwarded to the new destination. The Per-
sonal Greeting and Park & Page options can have up to 200 messages total (note that the Park &
Page feature uses 2 messages). With Personal Greeting, an extension user can add a personal touch
to their Call Forwards. For example, a user can record:

“Hi. Thisis John Smith. I’'ll be out of the office today. In my absence, Mary Jones can answer all
your questions. Please hold on for Mary”’

After they record their Personal Greeting, the extension user chooses the condition that will activate
Personal Greeting. Personal Greeting will activate for:

® Cdlstothe extension when it is busy or not answered

o All calsimmediately

® Cadlstothe extension that are unanswered

The extension user then selects the destination for their calls. The choices are:

® A co-worker's extension

®  Personal Greeting only (without forwarding)

® Theextension user's own subscriber mailbox (if Voice Mail (DSP) isinstalled)
®  Off-Premise viaCommon Abbreviated Dialing

In addition, the user can have Personal Greeting activate automatically for al cals, just CO (trunk)
calls or just Intercom calls. When the user implements Personal Greeting for all calls, the system
plays the greeting and reroutes:

Callstransferred from the Automated Attendant (OPA)

DISA callsringing the extension

DID callsringing the extension

Direct Inward Lines (DILSs) ringing the extension

Intercom calls

With Personal Greeting for only CO (trunk) calls, the system reroutes all of the calls listed above
except Intercom calls.

Unique Personal Greeting Conditions

If acall comesinto the extension when there are no VRS ports available to play the Per-
sonal Greeting, the system forwards the call without playing the recorded message to
the caller.

If an extension has Personal Greeting (RNA) enabled, Intercom callsthat voice
announce are not subject to Personal Greeting rerouting.

Personal Greeting does not reroute normal Ring Group calls. Calls transferred from a
co-worker or Voice Mail route to the forwarding destination without listening to the Per-
sonal Greeting.
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Park and Page

When an extension user is away from their phone, Park and Page can | et them know when they have
acall waiting to be answered. The Personal Greeting and Park & Page options can have up to 200
messages total (note that the Park & Page feature uses 2 messages). To enable Park and Page, the
user records a Personal Greeting along with an additional Paging announcement. Park and Page
will then answer an incoming call and play the Personal Greeting to the caller. The caller then lis-
tensto Music on Hold (if available) while the system broadcasts the prerecorded Paging announce-
ment. When the extension user hears the Page, they can go to any telephone and use Directed Call
Pickup to intercept the call.

For example, John Smith could record a Personal Greeting that says:
“Hello, thisis John Smith. | am away from my phone right now but please hold on while | am auto-
matically paged”

The prerecorded Paging announcement could say:
“ John Smith, you have a call waiting on your line”

The incoming caller hears the first message and listens to Music on Hold while the system broad-
casts the second message. John Smith could then walk to any phone and pick up hiscall. If John
doesn’t pick up the call, the Page periodically repeats.

Park and Page follows the rules for Personal Greeting for All Calls, immediately rerouted. This
means that Park and Page will activate for ringing Intercom calls, DID calls and DISA calls. It will
also activate for calls transferred from the Automated Attendant. Additionally, calls from the Auto-
mated Attendant follow Automatic Overflow routing if not picked up. Park and Page will activate
for transferred outside calls but not play the Personal Greeting to the caller. If acall comesin when
the specified Page zone is busy, the system broadcasts the announcement when the zone becomes
free.

Automated Attendant (Operator Assistance)

Automated Attendant automatically answers outside calls, plays a prerecorded greeting and then

lets the outside callers directly dial system extensions, Department Calling Groups and Voice Mail.

Automated Attendant provides immediate answering and routing of outside calls without the need

for an operator or dispatcher. Automated Attendant provides:

® SingleDigit Dialing
Single Digit Dialing allows Automated Attendant callersto dial extensions, Department Call-
ing Groups, and Voice Mail by pressing a single digit. For example, your Automated Atten-
dant can greet calls with, “ Thank you for calling. To place an order, dial 1. To check on an
existing order, dial 2. To speak with an operator, dial 0" You can set up single digit dialing
for each VRS Message programmed to answer outside calls via the Automated Attendant.
This allows you to set up day/night/holiday greetings or unique greetings for each incoming
trunk. (Keep in mind that, with a default system, if you assign destinationsto digits 3, 4 and 5,
outside callerswill not be ableto dial system extensions.)

® Simultaneous Call Answering
With VRS installed, the Automated Attendant can answer up to 16 calls simultaneously.

® FlexibleRouting
The outside caller can directly dial any system extension, Department Calling Group or Voice
Mail. If the caller dials abusy extension, Automated Attendant allows them to dial another
extension or wait for the busy extension to become free.
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® Automatic Overflow
Automatic Overflow can automatically redirect acall if it can't go through. This can happen if
all VRS ports are busy, if the called extension doesn’'t answer, or if the caller misdials or waits
too long to dial. (Thiswould occur if the caller isusing adia pulse telephone.) When the call
overflows, it rings a designated Ring Group or the Voice Mail system.

® Programmable Automated Attendant Greetings
You can record adifferent greeting for each trunk answered by the Automated Attendant. The

greetings can be different in the day, at night or on holidays or weekends. You can also have a
special greeting if the caller misdials. You record the greetings just the way you want. For
example, “Dial the three-digit extension number you wish to reach, dial 500 for Sales or dial
600 for Customer Service” When assigning and recording Automated Attendant greetings,
you can choose among the 48 VRS messages.

VRS Waiting Message
Using VRS Waiting Message, the system can automatically answer an incoming trunk call
first (either anormal trunk or one designated for a department group) to let the outside caller
hear arecorded message when the call is not answered in a programmed period of time. With
this feature, the call keeps ringing at the same destination until it is answered or until other
programming, takes affect.

This feature can use up to two messages for an incoming call and the duration between the
messages is programmable. These messages will be repeated and, between these messages,
either ring back tone or Music on Hold can be played.

This feature has two different modes:

® Permanent Mode
This mode sets the feature using system programming and is available for the following
types of calls.

A. Normal Incoming Call

When the call is not answered or auser presses the VRS Waiting M essage function key,
this feature will beinitiated. The waiting message will be played until other no-answer
program (transfer to another incoming ring group, disconnect, etc.) takes affect.

B. Designated Call for the Department Group

When a department group receives acall from aDID, DIL, DISA or E&M trunk and all
terminalsin the group are busy, the call will be put in a queue and VRS Waiting Message
will be also be initiated. The waiting message will be played until other no-answer pro-
gram (transfer to another incoming ring group, disconnect, etc.) takes affect or aterminal
becomes available to receive the department call.

® Manual Mode
Thismode can be programmed by pressing the "V RS Waiting Message" function key from
aKST to set this feature for each incoming ring group. This mode can be used for normal
incoming calls only.

Transfer to the VRS

Any extension user can Transfer their outside call to the VRS. Thisletstheir caller take advantage
of the Automated Attendant’s extensive routing capabilities. To Transfer the call, the user simply
places the call on Hold, dials the unique VRS service code (set up in system programming) and
hangs up.
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Voice Prompting Messages

The VRS feature provides the system with Voice Prompting M essages. These Voice Prompting
Messages tell the extension user the status or progress of their call. For example, if auser cals
extension 300 when it is busy, they hear, “ Sation 300 is busy. For Callback, dial 2.

900 Preamble

If the system has trunks that are part of a 900 (caller paid) service, the VRS can automatically play
aprerecorded message when a user answersthe call. This prerecorded message should describe the
900 service features and cost. The 900 Preamble ensures that the caller is always aware that they
have accessed a 900 “ pay- per-call” service. A system user cannot converse with the caller until the
preamble message ends. If the caller hangs up before the message compl etes, they are not charged
for the call. If the caller waits for the message to end, they can talk to a system user and call charg-
ing begins. The system will answer as many 900 calls as there are available VRS ports. If a 900
calls comesin when all VRS ports are busy, the call will not appear on an extension until aVRS
port is available.

You can also use the 900 Preamble message to set up an Auto-Answer with Greeting application.
When areceptionist answers a call, the VRS can play a preamble message such as, “Welcometo
ABC Company. How can | help you?” When the caller replies, the receptionist answers, “One
moment please,” and quickly extends the call to the desired party. This ensures that all incoming
calls are answered quickly, courteously and consistently.

Time, Date and Station Number Check

If the system has a DSP daughter board installed for VRS, any keyset user can find out the time,
date or the extension’s number while their phoneisidle (on hook). The time and date check saves
the user time since they don’t have to look for a clock or calendar. Hearing the extension number
conveniently identifies non-display keysets. To find out their extension number, the user presses 6
(for Number). To listen to the time and date, the user presses 8 (for Time).

Available with 64-Port Basic NTCPU
Prior to 2.00 software, the VRS feature required the NTCPU to be either:

e TheFeature Upgrade PAL chip (P/N 0891039) with the 64-Port Basic NTCPU (P/N 0891002)
OR

® TheEnhanced NTCPU (P/N 0891038)

With software 2.00 or higher, and an update of the system’s boot code, the VRS feature is available
with the 64-port Basic NTCPU (no Feature Upgrade PAL chip required).

Note that the VRS feature requires a DSPDB be attached to the NTCPU with the optional VRS
flash card installed. Although the DSPDB is recognized for this feature, it will not provide any
additional tone resources (DTMF receivers, Caller ID receivers, or call progress tone detection).

Refer to the Boot Code Update Instructions, P/N 0893211, for details oninstalling the updated boot
code.
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VolP

Aspire S

Available - 16 |P extensions max.

Aspire M/L/XL

Available with software 2.00 or higher.

64 | P extensions maximum with Basic CPU or with Fea-
ture Upgrade PAL chip - 512 | P extensions maximum
with enhanced CPU.

Gain Setup for VOIPU available.

Gain Setup for VOIPU available with software 1.11+.

Enhanced Echo Adjustment available with software
1.18+,

Enhanced Echo Adjustment available with software
1.18+,

Calling Party Number available with software 2.09+.

Calling Party Number available with software 2.09+.

SIP limited availability with 2.63+ software.

SIP limited availability with 2.63+ software.

Out-of-band DTMF signaling requires software 2.63+.

Out-of-band DTMF signaling requires software 2.63+.

Description

Vol P (voice over Internet protocol or voice over IP) allows the delivery of voice information using
the Internet protocol (sending data over the Internet using an | P address). This means that voice
information, in adigital form, can be sent in packets over the Internet rather than using the tradi-
tional public switch telephone network (CO lines). A major advantage of Vol P and Internet tele-

phony isthat it avoids the tolls charged by ordinary telephone service.

Using Vol P equipment at a gateway (a network point that acts as an entrance to another network),
the packetized voi ce transmissions from users within the company are received and routed to other
parts of the company’s intranet (local area or wide area network) or they can be sent over the Inter-
net using CO lines to another gateway.®

The Aspire Vol P supports H.323, H.325, and H.245 trunks and compressions of G.711, G.723.1,
and G.729.

TheAspire | P phones are not | EEE 802.3af compliant unless an | LPA adapter is used for PoE.
The ILPA, however, cannot be used on the Uniden H.323 telephones. Refer to the | LPA Adapter
Instructions, P/N 0893109 for details.

Program Available for Gain Setup of VOIPU PCB
The system software provides an option to adjust the gain setting for aVOIPU PCB.

Calling Party Number Setup for Trunks and Extensions
The system provides two programs which allow the programmed entry of the Calling Party Num-
ber. These entries determine the information displayed when Vol P trunks and extensions are used.

1. Thevoice quality of VolP is dependent on variables such as available bandwidth, network latency and Quality of
Service (QoS) initiatives, al of which are controlled by the network and internet service providers. Because these
variables are not in NEC'’s control, it cannot guarantee the performance of the user’s | P-based remote voice solu-
tion. Therefore, NEC recommends connecting Vol P equipment through alocal area network using a Private IP

address.
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Using LANs
Using aLAN setup (local area network) with the Aspire system complies with the ethernet standard
(10Base-T/100Base-TX).

To connect atelephone to a LAN connection, the system allows the use of an Aspire digital 1P 34-

button keyset (referred to asAspire |Phone), an Aspire digital keyset with an 1P Adapter installed or
an H.323 IP digital telephone. For details on installing the | P Adapter, refer to the Aspire Hardware
Manua (P/N 0893100).

If connecting aLAN to aWAN (wide area network), follow the instructions included with the
ADSL modem or gateway device.

Use of SIP Protocol Available (* Limited Feature Release)
Contact your NEC Sales Representative for details on the current release status of the
SIP feature.

With this software, the system can now use SIP with the Vol P feature. Session Initiation Protocol
(SIP) isasignaling protocol for setting up sessions between one or more clients. The protocoal ini-
tiates call setup, routing, authentication and other feature messages to endpoints within an IP
domain. It is currently the leading signaling protocol for Voice Over IP, gradually replacing H.323.

The Aspire system can now support the following:
) IP Trunk : H.323 Trunks/ SIP Trunks
° IP Extension : D-term IP/ H.323 Extensions/ SIP Extensions
Support for SP extensions is the same as H.323 telephones.
) IP Networking : Networking over H.323
These protocol can be used simultaneously.

SIP trunks are used for making a simple IP networking like H.323 IP trunk inter-connection with
Program 10-23.

If acommon carrier supports SIP, then the Aspire can connect the SIP Carrier and outgoing callsto
the PSTN network and the common IP network using an Aspire SIP trunk.

D-term IP
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Conditions - SIP Trunking
® Asgpiredoes not support asimultaneous using of a SIP trunk inter-connection and a SIP Trunk
Carrier connection.

® Asgpiresupportsa”100rel" option and "Session Timer" option.
® Aspiresupports "Early Media'.
® Agpiresupportsa”"DNS resolution access' and a"1P address direct access' for SIP server.
® Agpiresupportsa"MD5" Authentication flow for a SIP server.
® Aspirerestricts an outgoing call under the following conditions:
- SIP configuration failed.
- SIP registration failed.
- NTCPU/MBU/VOIPU link down.
- Lack of VOIPU DSP resource.
- Lack of aVol P bandwidth.
® Agpire can connect a SIP server over NAPT router by one static global |P address.
®  Aspire supports the sub-address feature with SIP trunk inter-connection.
® Aspiresupports RFC2833 for DTMF relay feature.
® Aspire SIP does not support T.38 FAX(H.323 trunk supports T.38 FAX).

Conditions - SIP Extensions
® SIPextensions support G.711, G.729 CODEC 20ms

Volume Controls

Aspire S Aspire M/L/XL
» Available. » Available.
e Handset volume reset option requires software 2.63+. e Handset volume reset option requires software 2.63+.
Description

Each keyset user can control the volume of incoming ringing, splash tone, Paging, Background
Music, Handsfree and your handset. Keysets consolidate all adjustments into the volume buttons.
Pressing the VOLUME A or VOLUME ¥ will adjust the volume level for whichever featureis
active (outside call, ICM, ICM ringing, paging, etc.). Pressing these keys when the phoneisidle
will adjust the contrast level of the telephone’s display. The users should set the volumes for their
most comfortable levels.

Handset Volume Reset Option Available
Depending on your software, an option is available which allows the system to either reset the
handset volume back to the default setting after hanging up the handset or it can retain the user’s.
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Volume Down Volume Up

Handsfree, Handset, Page and BGM Volume

Warning Tone For Long Conversation

Available.

Aspire S Aspire M/L/XL

* Available.

Description

The system can broadcast warning tones to a trunk caller warning them that they have been on the

call toolong. Thetonesare just areminder -- the user may be able to disregard the tones and con-

tinue talking if they choose. The outside caller does not hear the warning tones. In addition, warn-
ing tones do not occur for Intercom calls and most incoming trunk calls. DISA trunks can aso have
warning tones. Warning tones are not available to analog single line telephone (SLT) users.

There are two types of warning tones. Alarm Tone 1 and Alarm Tone 2. Alarm Tone 1 isthefirst
set of tones that occur after the user initialy places atrunk call. Alarm Tone 2 broadcasts periodi-
cally after Alarm Tone 1 as a continued reminder. Each alarm tone consists of three short beeps.

If programmed, DISA callswill be disconnected unless the “ continue” code is entered by the user.
With the Long Conversation Cutoff feature, incoming or outgoing central office calls can also be
disconnected.

Warning Tone for DISA Callers
For DISA callers, with this feature enabled, the warning tone timer begins when an incoming DISA
call places an outgoing call and either the inter-digit timer expires or the outgoing call is answered.

With this feature enabled, the warning tone timer begins when an incoming DISA call places an
outgoing call and either the inter-digit timer expires or the outgoing call is answered.

If an outside call is transferred to forwarded off-premise using an outside trunk, the warning tone
timer begins immediately. Thiswill occur only if either trunk involved in the call is programmed
for this feature (Program 14-01-17). When transferring a trunk call off-premise, Program 14-01-13
must be enabled (setto ‘1').
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System Number Plan/Capacities

System Number Plan/Capacities

System Type: Aspire S Aspire M/L Aspire XL

Analog Caller ID Detector 24 64 64
Classes of Service 15 15 15
Day/Night Mode Numbers 4 8 8
Day/Night Service Patterns 4 32 32
Dial Tone Detector 16 64 64
DTMF Receiver
System Ports o Softwarethru2.21= |« NTCPU with Basic PAL =| = 200 trunks and
(trunks and analog/digital extensions) 8 trunks and 64 trunkg/extensions 384 extensions

26 extensions « NTCPU with Feature

o Software 2.50+ = Upgrade PAL (software
8 trunks and 01.00-03.10) =
50 extensions 64 trunks/extensions

¢ NTCPU with Feature
Upgrade PAL (software

04.00+) =
128 trunks/extensions
+ NTCPU-B

200 trunks and

256 extensions
Toll Restriction Classes 15 15 15
Verifiable Account Code Table 2000 2000 2000
Trunk Port Number 1-8 1-2001 1-200

1 With the basic NTCPU (P/N 0891002), trunks count toward the total number
of alowed hardware ports (64 or 128 ports depending on the PAL EPROM and
software installed)

Trunk Ports (Total) 8 200 200

e Analog Trunks 8 200 200

* BRI Trunk Ports 4(8B) 96 (192B) 96 (192B)

e TVPRI Trunk Ports N/A 192 192

* E&M Anaog Trunk Ports N/A 60 60

* DID Anaog Trunk Ports 8 120 120

e VoIP Trunk Ports 8 200 200

BRIU Logical Ports T-Bus: 1-8 T-Bus: 1-200 T-Bus: 1-200
S-Bus: 1-26 S-Bus: 1-256 S-Bus: 1-256
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System Number Plan/Capacities
System Type: Aspire S Aspire M/L Aspire XL

COlU:

e Physica Ports 01-04 01-08 01-08

» Logical Ports 0-8 0-200 0-200

DIOPU:

» Physical Ports 01-02 01-08 01-08

* Logical Ports LD Trunk: 0-8 LD Trunk: 0-200 LD Trunk: 0-200

OPX: 0-8 OPX: 0-25 OPX: 0-25

PRIU Logical Ports N/A T-Bus: 1-200 T-Bus: 1-200
S-Bus: 1-256 S-Bus: 1-256

TLIU:

e Physica Ports N/A 01-08 01-08

* Logicd Ports 0-200 0-200

VOIPU:

» Physica Ports 1-8 01-32 01-32

* Logical Ports 0-8 0-200 0-200

DID Tranglation Tables 20 20 20

DID Tranglation Table Entries 2000 2000 2000

DISA

» Classesof Service 15 15 15

* Users 1-15 1-15 1-15

Ring Groups 1-8 1-100 1-100

TieLine Classes of Service N/A 15 15

TieLine Toll Restriction Classes N/A 15 15

Trunk Access Maps 1-8 1-200 1-200

Trunk Group Numbers 1-8 1-100 1-100

Trunk Routes 1-8 1-100 1-100
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System Number Plan/Capacities

System Type: Aspire S Aspire M/L Aspire XL

Telephone Extension Port Numbers 1-503 1-256 1-384

*© Keysets (1-24) (1-256) 2 (1-384)

e« S ngle Line Phones/Analog (1-18) (1-256) 2 (1-384)

Devices
« VoIP Extensions (1-16) >4 (1-512) © (1-512) °
+  AspireWireless N/A 002-512 (manual select) ® | 002-512 (manual select) ®
257-512 (auto select) ° 385-512 (auto select)

2 Counts toward total number of allowed hardware ports (Aspire S=26 ports with
software 2.08-2.21 or 50 ports with software 2.50+, Aspire M 64-Port NTCPU=64,
Aspire M/L 64-Port NTCPU w/Feature Upgrade PAL and software 4.00+=128,
Aspire M/L w/Enhanced NTCPU=256, Aspire XL=384).

3 Thetotal number of ports available is determined by system software.
Software prior to 2.50 has 26 ports (24 digital and analog, 2 analog only - a maximum
of 16 IP extensionsisincluded in this 26 ports)
Software 2.50 and higher provides 50 ports (Maximum Wired Terminals: 26 Includes
keysets, single line telephones, ISDN terminals (APRs NOT included),

Maximum IP Terminals: 16 Includes DtermlP and H.323 terminals,
Maximum Special Terminals: Reserved for IntraMail: 8 (fixed extension ports 43-50)).

4 |f theAPR-B2 modeis assigned in a system which already has 26 extensions, the
number of IP phonesis reduced.

5 With the basic NTCPU (P/N 0891002), Vol P and Aspire Wirel ess extensions count
toward the total number of allowed hardware ports (64 or 128 ports depending on the
PAL EPROM and software installed).

With the Enhanced NTCPU (P/N 0891038), if the number of Vol P and Aspire Wireless
phones combined exceeds 256, the number of ports available for keysets or analog
devicesisthen reduced by for each additional 1P or Aspire Wirelss phone.

ESIU
e Physica Ports 1-8 01-16 01-32
e Logica Ports
-Tone Ringer (2PGDAD) 1-4 1-8 1-8
-Door Box (2PGDAD) 1-4 1-8 1-8
-Anaog I/F (2PGDAD) 1-8 1-96 1-96
-ACl (2PGDAD) 1-8 1-96 1-96
-APR for B2 Mode 1-42 (descending order) | 193-256 (descending order) | 193-512 (descending order)|
With software 4.xx or higher:
193-512 (descending order)
SLIU
* Physica Ports 1-8 01-16 01-16
e Logica Ports 1-26 1-256 1-384
Telephone Extension Number Range 301-499 301-499 301-499
5000-5312 5000-5312 5000-5312
Virtual Extension Ports 24 256 256
Virtual Extension Port Numbers 01-24 001-256 001-256
Virtual Extension Number Range Undefined Undefined Undefined
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System Number Plan/Capacities
System Type: Aspire S Aspire M/L Aspire XL
2PGDAD Modules 10 56 56
ADA (Recording Jack) Adapters 24 192 192
Aspire Wireless Bases N/A 12 12
Aspire Wireless Phones N/A 120 120
Door Boxes 4 8 8
Door Box Numbers 1-4 1-8 1-8
DSS Consoles Numbers 8 8 8
* 24-Button DLS Consoles, 24 256 384
Maximum Installed
» 110-Button DSS Consoles, 4 32 32
Maximum Installed
Handsfree Adapter (HF-R) 24 192 192
Operator Access Number 0 0 0
Operator Extension 1 1 1
Ringdown Assignments 512 512 512
SLT Adapters 8 16 16

Voice Mail Master Numbers
Abbreviated Dialing

301-499, 5000-5312

301-499, 5000-5312

301-499, 5000-5312

Automated Attendant

Conference

Conference Circuits

32 - maximum
(32 Parties Per
Conference)

Abbreviated Dialing Groups 8 64 64
Abbreviated Dialing Bins 0-1999 0-1999 0-1999
Abbreviated Dialing Table-Common 1000 1000 1000
ACD

ACD Groups N/A 64 64
ACD Agent Extensions N/A 512 512
ACI

ACI Groups 4 16 16
ACI Ports 96 96

64 - maximum
(32 Parties Per
Conference)

64 - maximum
(32 Parties Per
Conference)
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System Number Plan/Capacities

System Type: Aspire S Aspire M/L Aspire XL
Data Communication Interfaces
APR Software Port Numbers 193-256 193-256 193-512
With software 4.xx or | With software 4.xx or higher:
higher: 193-512 193-512
APA Adapters 24 192 192
APR Adapters B1=24 192 192
B2 =8 prior to 2.50 or 16
with 2.50+
CTA or CTU Adapters 24 128 128
Module Extension Number Range 301-499, 5000-5312 301-499, 5000-5312 301-499, 5000-5312
Department (Extension) Group 1-8 1-64 1-64
Numbers
Department (Extension) Group 301-499, 5000-5312 301-499, 5000-5312 301-499, 5000-5312
Number Range
Call Pickup Group Numbers 1-8 1-64 1-64
Internal Hotline 512 512 512
External Hotline 512 512 512
Internal Page Group Numbers 0, 1-8 0, 1-9 or 01-64 0, 1-9 or 01-64
External Page Group Numbers 0, 1-8 0, 1-8 0, 1-8
External Speakers 8 9 9
« NTCPU N/A (1) (1)
* PGDAD Module (1-8) (1-8) (1-8)
Park Group Numbers 1-64 1-64 1-64
Park Orbits 1-64 1-64 1-64
SMDR
VRS
VRS (on DSP Daughter Board) 1 1 1
VRS Channels 8 16 16
VRS Attendant M essages 3 3 3
VRS Recordable Messages 48 48 48
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System Number Plan/Capacities

System Type: Aspire S Aspire M/L Aspire XL
Ports for IntraMail 8 (fixed extension ports N/A N/A
43-50)
Ports for External Voice Mail 726 72 72

6 Though this is the maximum available in the NV M-Series voice mail, as each voice
mail port requires an analog port, the total number is restricted by the Aspire S system
to amaximum of 16.

Vol P Extensions 164 * NTCPU with Basic or Fea- 512
ture Upgrade PAL (soft-
ware(01.00-03.10) =64

* NTCPU with Feature
Upgrade PAL (software
04.00+) =128

« NTCPU-B =512

4 1f the APR-B2 mode is assigned in a system which already has 26 extensions, the
number of IP phonesis reduced.

ADA? (Recording Jack) Adapters 16 192 192
IP Adapters 16 256 256
IP Phones 16 512 512
PSA (Power Failure) Adapters 16 192 192
RAS Unicast Ports 0-65535 0-65535 0-65535
Call Signaling Ports 0-65535 0-65535 0-65535
NGT Signal Receive Ports 0-65535 0-65535 0-65535
DRS Ports 0-65535 0-65535 0-65535
RTP Ports 0-65535 0-65535 0-65535
RTCP Ports 0-65535 0-65535 0-65535
H.245 Ports 0-65535 0-65535 0-65535
DSP Resources 01-32 01-32 01-32
H.323 Alias Addresses 1-6 1-6 1-6
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System Number Plan/Capacities
System Type: Aspire S Aspire M/L Aspire XL

User Password for setting Toll 0000 0000 0000
Restriction Override and Changing
Class of Service using a service code

Programming Passwords

Level 1 (MF) 374772 374772 374772
PCPro/WebPro User Name: NEC-I NEC-I NEC-I
Level 2 (IN) 12345678 12345678 12345678
PCPro/WebPro User Name: ASPIRE ASPIRE ASPIRE
Level 3(SA) 0000 0000 0000
PCPro/WebPro User Name: ADMIN1 ADMIN1 ADMIN1
Level 4 (SB) 9999 9999 9999
PCPro/WebPro User Name: ADMIN2 ADMIN2 ADMIN2
Programming Password Users 8 8 8

Extension numbers can be three or four digitslong. See Flexible System Numbering.
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Aspire

Aspire S System Specifications

Aspire S System Capacities

Cabinets 1

Analog Trunks (CO/PBX lines) 8

Digital Key Telephones 24* * combined total to 26
Analog Single Line Telephones 18* (includes extension ports
| P Telephones 16* provided on the CPU)
Virtual Extensions 24

24-Button DLS Consoles 24 1 maximum per extension
110-Button DSS Consoles 4 4 maximum per extension.

Conference Circuits

32 (32-parties max per Conference)

ADA Adapter 24 installs on a keyset
ADA?2 Adapter 16 installs on an IP keyset
APA Adapters 24 installs on a keyset
APR Adapters B1=24 installs on a keyset

B2 = 8 prior to software 2.50 /

16 with software 2.50+

CTA Adapter 24 installs on a keyset
CTU Adapter 24 installs on a keyset
Handsfree Adapter (HF-R) 24 installs on a keyset
| P Adapter 16 installs on a keyset
IP Power Failure Adapter (PSA) 16 installs on an IP keyset
Power Failure Telephones 2 provided by COIU PCBs
SLT Adapter 8

2PGDAD Modules

10 (4 for ACI ports, 4 for Door Boxes,

combined total to 10

4 for Pages)
Door Box/Door Unlock Contacts 4
Internal Page Zones 8
External Page Zones 8
Dial Tone Detector Circuits 16* combined total to 16
DTMF Receiver Circuits 16*
Universal PCB dlots 6

* NOTE: Maximum capacities above are determined by maximum PCB configuration allowed. When
installing single line sets or DISA, CPU circuits must be allocated for DTMF receivers. To install single
line sets with CO/PBX line access, CPU circuits must be allocated for dial tone detection.
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Aspire S PCB Capacities

CPU Central Processing Unit

ENTU LAN CTI

8ESIU 8 Digital Stations

4SL1U 4 Analog Stations

AN R R

4SL1DB 4 Analog Stations
Daughter Board (installs on 4SL1U)

0-1f4 4SLIU PCBsinstalled
1-1f 3 4SLIU PCBsinstalled
2-1f 2 4SLIU PCBsinstalled

4COIU 4 Anaog/Loop Start Trunks (no ground start)

2DIOPU 2 DID/OPX Trunks

4VOIPU 4 Vol P Media Gateway

4VOIPDB 4 Vol P Media Gateway Daughter Board
(installs on 4VOIPU)

[CSARNCO NN \V]
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Aspire M/L System Specifications

Aspire M/L System Capacities

NTCPU-A NTCPU-A with NTCPU-A with NTCPU-B
with Basic Feature Upgrade Feature Upgrade

PAL Chip PAL Chip PAL Chip
(Software (Software
1.00-3.07) 4.00+)
Cabinets 1 2 (Mainand 1 2 (Mainand 1 2 (Mainand 1
Expansion Expansion Expansion
Cabinet) Cabinet) Cabinet)
Power Supplies 2 4 (2 per cabinet) 4 (2 per cabinet) | 4 (2 per cabinet)
Trunks (CO/PBX lines) 641 641 128 2 200 3 1 combined trunk
and extension
total of 64
2 combined trunk
and extension
total of 128
3 combined trunk
and extension
total of 256
Digital Key Telephones 641 641 128 2 256 3 1 combined trunk and
Analog Single Line 641 641 128 2 256 3 extension total of
Telephones 2 combined trunk and
Aspire Wireless 2.4 641 641 120 2 120 4 extension total of
GHz Telephones 128
|P Telephones 641 641 128 2 512 5 3 combined trunk and]
extension total of
256
4 in addition to the
digital or analog
ports
5 combined total,
including extensiong
and trunks, cannot
exceed 512
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Aspire XL System Specifications

Aspire XL System Capacities (requires software 4.xx or higher)

NTCPU-A NTCPU-A with NTCPU-B Notes
with Basic Feature
PAL Chip Upgrade PAL
Chip
Cabinets 1 2 (Mainand 1 2 (Mainand 1
Expansion Expansion
Cabinet) Cabinet)
AC/DC Power Supplies 2 2 2
DC/DC Converters 1 2 (1 per cabinet) | 2 (1 per cabinet)
Trunks (CO/PBX lines) 641 128 2 200 3 1 combined trunk and extension total
of 64
2 combined trunk and extension total
of 128
3 combined trunk and extension total
of 384
Digital Key Telephones 641 128 2 384 3 1 combined trunk and extension total of 64
Analog Single Line 641 128 2 384 3 2 combined trunk and extension total
Telephones of 128
Aspire Wireless 2.4 641 120 2 120 3 combined trunk and extension total
GHz Telephones of 384
|P Telephones 641 128 2 512 5 4 in addition to the digital or analog ports

5 combined total, including extensions and
trunks, cannot exceed 512
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Aspire M/L/XL System Specifications

Aspire M/L/XL System Capacities
NTCPU-A with NTCPU-Awith  NTCPU-B

Basic PAL Chip Feature
Upgrade PAL
Chip
(any version of
software)
24-Button DLS Consoles 64 64 256 1 maximum per extension
110-Button DSS Consoles 32 32 32 4 maximum per extension.
Conference Circuits 64 (32-partiesmax | 64 (32-parties max | 64 (32-parties max
per Conference) per Conference) per Conference)
ADA Adapter 64 64 192 installs on a keyset
ADA2 Adapter 64 64 192 installs on a keyset
APA Adapter 64 64 192 installs on akeyset
APR Adapter 64 64 192 installs on a keyset
CTA Adapter 64 64 128 installs on a keyset
CTU Adapter 64 64 128 installs on akeyset
Handsfree Adapter (HF-R) 64 64 192 installs on a keyset
| P Adapter 64 64 256 installs on a keyset
PSA Adapter 64 64 256 installs on akeyset
Power Failure Telephones 14 28 28 provided by COIU PCBs
SLT Adapter 16 16 16
2PGDAD Modules 56 (48 for ACI 56 (48 for ACI 56 (48 for ACI

ports, 4 for Door | ports, 4 for Door | ports, 4 for Door
Boxes, 4 for Pages) |Boxes, 4 for Pages) |Boxes, 4 for Pages)

Door Box/Door Unlock

Contacts 8 8 8
Internal Page Zones 64 64 64
External Page Zones 9 9 9
Dial Tone Detector 32* 64** 64** * combined total to 32
Circuits 32* 64** 64** ** combined total to 64
DTMF Receiver
Circuits
Universal PCB dlots
Main Cabinet 1-8 (Not including | 1-8 (Not including | 1-8 (Not including
Expansion Cabinet NTCPU dlot) NTCPU dlot) NTCPU dlot)

8-16 (Not includ- | 8-16 (Not includ-
ing EXIFU dlot) | ing EXIFU dlot)

* NOTE: Maximum capacities above are determined by maximum PCB configuration allowed. When installing single line
sets, DISA, or tielines, NTCPU circuits must be allocated for DTMF receivers. To install single line setswith CO/PBX line
access, or when installing immediate-start tie lines, NTCPU circuits must be allocated for dial tone detection.
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Aspire M/L/XL PCB Capacities

NTCPU-A NTCPU-A NTCPU-A NTCPU-B
with Basic with Feature with Feature

PAL Chip Upgrade PAL  Upgrade PAL
Chip Chip
(Software (Software

1.00-3.07) 4.00+)

NTCPU Central Processing Unit 1 1 1

EXIFU Expansion PCB - 1 1

DSPDB Resource/V RS Daughter - 1 1

Board (installs on NTCPU)

8ESIU 8 Digital Stations 8 8 16 16

16ESIU16 Digital Stations 4 8 16

32ESIU 32 Digital Stations 2 4 4 With P/N 0891000 power
supplies (Aspire M/L) :

4
Software 4.xx+ and P/N
0892011/0892012 power
supplies (Aspire XL):
12 (8 max. per cabinet)

8SLI1U 8 Analog Stations 7 15 15

8SLIDB 8 Analog Stations 3 3 8 15

Daughter Board (installs on

8SLIV)

16DSTU 16 i-Series Keyset 3 3 7 15

Interface

4COIU-LS1 4 Anaog/Loop Start 7 14 15 15

Trunks (no ground start)

8COIU-LS1 8 Analog/Loop Start 7 7 15 15

Trunks (no ground start)

4COIU-LG1 4 Anaog/Loop Start 7 14 15 15

Trunks (with ground start)

8COIU-LG1 8 Analog/Loop Start 7 7 15 15

Trunks (with ground start)

4DSIU Aspire Wireless Interface 1

8DSIU Aspire Wireless Interface 1

12DSIU Aspire Wireless Interface 1

2BRIU 2 Two-Channel BRI - 14 15 15

Circuits

4BRIU 4 Two-Channel BRI - 7 15 15

Circuits

8BRIU 8 Two-Channel BRI - 3 AsT-Bus: 8 AsT-Bus: 12

Circuits AsSBus 7 AsS-Bus: 15

1PRIU 24 TUPRI Trunks/ - 2 5 8

Channels
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Aspire

Aspire M/L/XL PCB Capacities

4TLIU 4 E&M TieLine Trunks

NTCPU-A
with Basic

PAL Chip

NTCPU-A
with Feature
Upgrade PAL

Chip

(Software

1.00-3.07)

14

NTCPU-A
with Feature
Upgrade PAL

Chip

(Software

4.00+)

15

NTCPU-B

15

4DIOPU 4 DID/OPX Trunks

14

15

15

8DIOPU 8 DID/OPX Trunks

15

15

2FMSU 2 Flash Memory Voice
Mail

4FMSU 4 Flash Memory Voice
Mail

4VMSU 4 HDD Voice Mall

4VMDB 4 HDD Voice Mail -
Daughter Board

8SHUBU 8 Switch Hub

8 (4 per cabinet)

8 (4 per cabinet)

8 (4 per cabinet)

4VOIPU 4 Vol P Media Gateway

8*

16*

16*

16*

4VOIPDB 4 Vol P Media Gateway
Daughter Board (installs on
4VOIPU or 16VOIPU)

8*

8*

16*

16*

16VOIPU 16 VoIP Media
Gateway

4+

8*

16*

16VOIPDB 16 VolP Media
Gateway Daughter Board (installs
on 4VOIPU or 16VOIPU)

3*

6*

16*

bandwidth, VIF and compression).

* |n addition to the load factor, additional factors may limit these quantities further (such as available
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Environmental Requirements

Meeting established environmental standards maximizes the life of the system. Refer to the Standard
Practices Manual for further information. Be sure that the site is not:

1. In direct sunlight or in hot, cold or humid places.

2. Industy areas or in areas where sulfuric gases are produced.

3. In places where shocks or vibrations are frequent or strong.

4. In places where water or other fluids comes in contact with the main equipment.

5. In areas near high-frequency machines or electric welders.

6. Near computers, telexes, microwaves, air conditioners, etc.

7. Near radio antennas (including shortwave).

Environmental Specifications

Cabinets, PCBsand Key Telephones
Temperature: 0°C - 40°C (32 - 104°F)
Humidity: 10-90% RH

Door Box
Temperature: -20°C - 60°C (-4 - 140°F)
Humidity: 20-80% (non-condensing)

Aspire S Power Supply
Operating:

Temperature: 0°C - 60°C (32 - 140°F)
Humidity: 10-90% RH

Storage:

Temperature: -20°C - 75°C (-4 - 167°F)
Humidity: 10-95% RH

Aspire Power Supply
Operating:

Temperature: 0°C - 40°C (32 - 104°F)
Humidity: 20-90% RH

Storage:

Temperature: -40°C - 75°C (-4 - 167°F)
Humidity: 10-95% RH

VMSU-A1 PCB
Temperature: +5°C - 40°C (41-104°F)
Humidity: 10-90% RH

Power Requirements

A dedicated 110 VAC 60 Hz circuit located within seven feet of the cabinet is required. You should
install a separate dedicated outlet for each cabinet.

Caution
Double Pole/Neutral Fusing
(power supply fuses located at both the L and N side)

Site Requirements

The system can be floor-, wall- or rack-mounted. Brackets secure each cabinet to awall.
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Aspire

Aspire S Electrical Specifications

Power Supply

AC Power Supply

Dedicated 15 Amp circuit

Power Requirements: 120 VAC @ 15A KSU

Power Consumption (max.): 65W

Input Voltage: 85VAC to 138VAC

Rated frequency: 50/60 Hz

Input Frequency: 47 - 63 Hz

Phase and Wire: Single, 2-Wire

Grounding Reguirements.  No. 14 AWG copper wire
With input voltage of 120 VAC and with full load conditions:
Output Power (Watts max.): 80W

AC InputI: 1.5A

VA @ 120V: 180VA

KWh @AC Input | x 120V/1000: 0.18 KWh

BTU (KWh x 3413): 614 btu

Caution
Double Pole/Neutral Fusing
(power supply fuseslocated at both the L and N side)

Output Voltage Types. +3.3VDC (-3%, +1%) +5VDC (+/-2%) -28VDC (+/- 5%)

Output Current 1 2.0A - 5.0A 12A-1.6A 2.4A - 1.5A
Output Current 2 2.0A -5.0A 12A-1.6A 24A - 1.5A
Ripple/Noise 150mV p-p 150mV p-p 150mV p-p
Overvoltage Protection 3.7-5.0v 56-7.5V 31.5- 40V
Overcurrent Protection 6.0-9.0A 19-35A 51-8.7A
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Aspire M/L Electrical Specifications

Power Supply

AC Power Supply

Dedicated 15 Amp circuit

Power Requirements: 120 VAC @ 15A Main Cabinet

Power Consumption: Base Cabinet=360W (493 VA), Expansion Cabinet=360W (493 VA), total

720W (986 VA)

Input Voltage: 85VAC to 135VAC

Frequency: 47 Hz - 63Hz (Rated frequency: 50/60 Hz)

Phase and Wire: Single, 2-Wire

Grounding Requirements:  No. 14 AWG copper wire

With input voltage of 120 VAC and with full load conditions:

Output Power: One Power Supply: Base Cabinet=100.5W
Two Power Supplies. Base Cabinet=200.9W, Expansion Cabinet=200.9,
total 401.8W

AC Input I: One Power Supply: Base Cabinet=2.06A
Two Power Supplies: Base Cabinet=4.11A, Expansion Cabinet=4.11A,
total 8.22A

VA @ 120V: One Power Supply: Base Cabinet=246.6VA
Two Power Supplies. Base Cabinet=493.2 VA, Expansion Cabinet=493.2 VA,
total 986.4 VA

KWh @ AC Input | x 120V/1000: One Power Supply: Base Cabinet=0.247 KWh
Two Power Supplies: Base Cabinet=0.493 KWh, Expansion Cabinet=0.493 KWh,
total 0.986 KWh

BTU (KWh x 3413): One Power Supply: Base Cabinet=842 btu
Two Power Supplies. Base Cabinet=1683 btu, Expansion Cabinet=1683 btu,
total 3366 btu

Caution
Double Pole/Neutral Fusing
(power supply fuses located at both the L and N side)

Output Voltage Types | +3.42VDC (-3%, +1%) +5VDC (+/- 2%) -48VDC (+/- 5%)
Output Current 1 0.0A - 6.0A 0.0A - 5.0A 0.0A - 1.0A
Output Current 2 0.0A - 3.2A 0.0A - 1.0A 0.0A - 2.0A
Ripple/Noise 50mV p-p 100mV p-p 200mV p-p
Overvoltage Protection 3.7-8.0vV 5.6-13.0vV -55.0- 64.8V
Overcurrent Protection 6.6-7.7A 55-6.5A 2.2-2.6A
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Aspire

Aspire XL Electrical Specifications

Power Supply

AC Power Supply

Dedicated 15 Amp circuit

Input Voltage: 85VAC to 135VAC

Frequency: 50/60 Hz

Rated Input: 100Vac / 120Vac / 220-240Vac

7.6A | 6.1A / 3.3A-3.1A
Main Output Terminal +3.3V +5V
Output Voltage +3.42V +5.0V
Output Voltage Range +3.317V - +3.454V +4.90V - +5.10V
(+3.42V-3%+1%) (+5.0V+2%)

Maximum Load Current 12.0A 10.0A
Load Regulation Range 0.0A~12.0A 0.0A~10.0A
Ripple/Noise 100mV p-p or less 150mV p-p or less
Psophometric Noise -65dBm or less -65dBm or less
Overvoltage Protection latched off latched off
Overcurrent Protection latched off latched off
Capacitive Load 12000 pF 12000 uF

-48V
-51.90vV

-49.84V - -52.94V
(-51.90V+2%-4%)

8.0A
0.0A~8.0A
200mV p-p or less
-65dBm or less
latched off

auto-recovered
(after removal of fault)

24000 p F
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Aspire Soft Phone Requirements

Before setting up Aspire Soft Phone, make sure the Vol P feature is programmed and operating in the
Aspire system. Refer to the Aspire Software Manual (P/N 0893200) for details.

Conditions

® Aspire Soft Phone does not support G.723.
® Using DHCR, the IP address of the NTCPU cannot be obtained.

For the Aspire Soft Phone application, please confirm the following requirements are met for the PC.
Minimum PC Requirements

Aspire Soft Phoneisinstalled on a PC. Please confirm that the PC meets the minimum PC requirements
before installing the Aspire Soft Phone.

Internet Explorer version 6.0 or higher isrequired. If an older version of Internet Explorer isinstalled, the
Aspire Soft Phone installation is stopped and the installation cannot be completed correctly.

Required Environment

CPU Intel Pentium® 111, Celeron™ Processor 600MHz or higher
AMD Athlon™, Duron™ Processor 700MHz or higher
Memory 128MB or more
HDD 30MB HDD empty space
Sound Sound equipment on Windows® operating system
Video SVGA (800x600) display resolution and high color (16 bit, 65536 colors)

video card and monitor

Peripheral Equipment Speaker and MIC (or Headset)

oS Microsoft® Windows® 2000 Professional
Microsoft® Windows® XP Home Edition
Microsoft® Windows® XP Professiona

Font Size Small size (Microsoft® Windows® 2000 Professional)
Normal size (Microsoft® Windows® XP Professional, Microsoft® Win-
dows® XP Home Edition)

Browser Microsoft® Internet Explorer 6.0 or higher
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CallAnalyst Requirements

Ultra Call Analyst

Minimum PC Requirements

PC with Pentium Processor

256 MB RAM

VGA monitor 800 x 600 resolution (recommended SVGA 1024 x 768)
Windows Operating Software - 95/98/ME, NT-SP 3 or later, 2000, XP
500 MB of free hard drive space

CD-ROM drive (for software installation)

Available serial port and RS-232 cable

Printer (if required to print reports)

CallAnalyst Enterprise Server

Main Server Minimum PC Requirements
Hardware

PC with Pentium 4 Processor

512 MB RAM

SVGA Monitor with 1024 x 768 resolution

2 GB of free hard drive space

CD-ROM drive (for software installation)
Available serial port and RS-232 cable (if required)
Network Interface Card (NIC)

Printer (if required to print reports)

Software
e Windows NT 4.0 (workstation or server) w/SP6, 2000 Professional w/SP3, X P Professional w/ SP1
or 2003 Server

* MSSQL Server 2000 or MSDE (Microsoft Database Engine) for the database (M SDE isincluded on
the application CD)
e Microsoft Internet Explorer 5.0 or higher (Internet Explorer isincluded on the application CD)

Network Client / Remote Site Reporting Client Minimum PC Requirements

Hardware
PC with Pentium I11 Processor
256 MB RAM

1 GB of free hard drive space

CD-ROM drive (for software installation)

Network Interface Card (NIC)

Available seria port and RS-232 cable (if required)

Software
e Windows NT 4.0 w/ SP6, or 2000 Professional w/ SP3, XP Professional w/ SP1 or 2003 Server
* Microsoft Internet Explorer 5.0 or higher (Internet Explorer isincluded on the application CD)
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inDepth Server Requirements

inDepth Requirements

Minimum Recommended

Computer/Processor Pentium 11 300 Megahertz Pentium 111 700 Megahertz
(MH2z) or equivalent (MH2z) or above

Memory RAM requirements depend on the operating system used:

Windows 98 Second Edition
Windows Millennium Edition
Windows XP Home Edition
Microsoft Windows NT4
Windows 2000 Professional
Windows XP Professional

32 MB 64 MB
64 MB 128 MB
128 MB 128 MB
64 MB 128 MB
64 MB 128 MB
128 MB 128 MB

Hard Disk Free Space

Hard disk space requirements will vary depending on the
operating system configuration and call traffic:

2GB 10GB

Graphics Card 256 color resolution 256 color resolution

800 x 600 (SVGA) 800 x 600 (SVGA) or above
Video Monitor 14" 17" or above
CD-ROM Drive Installed Installed
Network Card 10 Mbps 100 Mbps
Uninterruptible Power Supply No Yes
Additional Software:

Internet Explorer Version 4 Version 6
Backup N/A CD-R, Tape or Network
Serial Ports Serial port requirements dependant upon configuration.

Events from Switch 1

Physical Wallboard 1

External Modem 1
Parallel Ports (Free) 1
Microsoft Network Required

TCP/IP

- Each PC must have TCP/IP installed.

- Each inDepth PC must have a unique | P address

- If running a networked inDepth system, each inDepth. PC
must be able to communications with each other inDepth
PCviaTCP/IP.

- It is recommended that name resol ution be implemented.

Static IP Address

Required

Network File Sharing

Enabled

Remote Support
Software
Connection

PC Anywhere Version 9 or Above
Direct Telephone Line or Remote Access Server

Product Description
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inDepth Requirements (cont’d)

inDepth Client - Sub-Supervisor Requirements

Minimum

Recommended

Computer/Processor

Pentium 11 300 Megahertz
(MHZ2) or equivalent

Pentium 111 700 Megahertz
(MHZz) or above

Operating System

Windows 98 Second
Edition

Windows Millennium
Edition

Windows XP Home
Edition

¢ Microsoft Windows NT4
with Service Pack 6a

¢ Windows 2000
Professional SR-3

e  Windows XP
Professional

Memory

Windows 98 Second Edition
Windows Millennium Edition
Windows XP Home Edition
Microsoft Windows NT4
Windows 2000 Professional
Windows XP Professional

RAM requirements depend on the operating system used:

32MB
64 MB
128 MB
64 MB
64 MB
128 MB

64 MB
128 MB
128 MB
128 MB
128 MB
128 MB

Hard Disk Free Space

Hard disk space requirements will vary depending on the

operating system config
30 MB

uration and call traffic:
30 MB

Graphics Card

256 color resolution

256 color resolution

800 x 600 (SVGA) 800 x 600 (SVGA) or above
Video Monitor 14" 17" or above
Network Card 10 Mbps 100 Mbps
Uninterruptible Power Supply No Yes
Additional Software:
Internet Explorer Version 4 Version 6

Installation CD-ROM or Network Drive | CD-ROM or Network Drive

Serial Ports Serial port requirements dependant upon configuration.
Physical Wallboard 1

Microsoft Network Required

TCP/IP Installed

accordingly.

* The above requirements are based on systems with no other applicationsinstalled. If you run
other applications, you may need to increase processor speed, memory and hard disk space
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inDepth Requirements (cont’d)

inDepth Client - inView LAN Wallboard Requirements

Minimum Recommended

Computer/Processor Pentium 11 300 Megahertz (MHz) or equivalent

Windows Millennium Edition

Windows XP Home Edition

Microsoft Windows NT4 with Service Pack 6a
Windows 2000 Professional SR-3

Windows XP Professional

Operating System

L] L] L] L] L]

Memory RAM requirements depend on the operating system used:

Windows Millennium Edition 64 MB

Windows XP Home Edition 128 MB

Microsoft Windows NT4 64 MB

Windows 2000 Professional 64 MB

Windows XP Professional 128 MB
Hard Disk Free Space 30 MB 30 MB
Graphics Card 256 color resolution 800 x 600 (SVGA)
Video Monitor 14"
Network Card 10 Mbps
Uninterruptible Power Supply No
Additional Software:

Internet Explorer Version 4

Installation CD-ROM or Network Drive
Microsoft Network Required
TCP/IP Installed

* The above requirements are based on systems with no other applicationsinstalled. If you run
other applications, you may need to increase processor speed, memory and hard disk space
accordingly.
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Mechanical Specifications

Equipment
Aspire SKSU Cabinet

Aspire M/L/XL KSU Cabinet
Aspire XL Power Supply
Cabinet

2 Button Telephone
22 Button Non-Display Keyset

22 Button Display Keyset
34 Button Display Keyset

Super Display Keyset

IP Keyset

110-Button DSS
24-Button DLS

Width

16 7/16"

16 12

16 12

6 3/8”
734

734

734

734

734

734
2”

Depth
53/8"

1011
1011

8 3/4”
92/8

92/8"
92/8”

107/8"

92/8"

92/8
92/8

Height
13 3/16"

1512
1512

234
37/8" no leg extension
57/8" legs fully extended
37/8" no leg extension
57/8" legs fully extended

37/8" no leg extension
57/8" legs fully extended

37/8" no leg extension
6 1/8” legsfully extended,
display down
7 7/8"1egsfully extended,
display up
37/8" no leg extension
57/8" legs fully extended
33/16"

2 15/16"

Weight
13.22 Ibsfully
equipped
551bs 11 oz
fully equipped
45|bs12 oz
fully equipped
21lbs1 oz

21bs4 oz
21bs4 oz

21lbs5o0z

21lbs7 oz

21bs13 0z

11b12 oz
12 oz

2PGDAD Module/NTCPU Input/Output

Audio/Music Input
Input Impedance:

Audio/Paging Output
Output Impedance:
Maximum Outpult:

Relay Contacts
Configuration:
Maximum Contact Ratings:

Break:
Make:

Night Mode Relay Connection, I nput

47 KOhm @ 1Khz

600 Ohms @ 1 KHz
+3dBm

Normally Open
24VDC, 0.5A
120VAC, 0.25A

48VDC

7 mA

BGM/MOH Music Source Input

47KOhm/ 1Khz
Nominal 250 mV (-10 dBm)
1V RMS

Input Impedance:
Input Level:
Maximum Inpult:

Inputs for MOH and BGM are located on the NTCPU PCB. The 2PGDAD also provides MOH inputs.
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Output Impedance:
Output Level:
Maximum Output:
Configuration:

Door Box/External Paging

600 Ohm

Nominal 250 mV (-10 dBm)
400 mV RMS

Normally open

LAN Specifications

Standard
Access
Capacity

I/F (Layer 1)

Aspire Switching

IEEE802.3 10Base-T and 100Base-TX Compliant
CSMA/CD

10Base-T/100Base-TX;
Aspire S: 1 Port for LAN Terminal
Aspire: 8 Portsfor LAN Terminal

- Speed; 10Mbps/100M pbs Auto Negotiation
- Cable; Category 5 or better, Straight/Cross Cable Auto Crossover

- Store and Forward Layer 2 Switching

- MAC Address Auto Recognition

- Store Max. 1,000 MAC Addresses

- Flow control in Back Pressure Mode Compliant

SLT Adapter

Constant Current Circuit: Current fixed at 47 mA

Signal Method

On-Hook Condition: 48VDC
Ringer Signal: 180 Vp-p, 16Hz

Aspire S Signal Method
On-Hook Condition: -28VDC +- 1.4VDC
Message Waiting Signal: -110VDC +- 5.5VDC
Ringer Signal;: 65Vrms, 20Hz (with no load)

Aspire Signal Method
On-Hook Condition: -46VDC +- 3VDC
Message Waiting Signal: -112VDC +- 3VDC
Ringer Signal: 75Vrms +-1Vrms (no load condition), 20Hz +-1%

SLIU PCB / SLIDB

Note: The Message Waiting lamp is not provided to the analog ports on the CPU.
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Cordless Lite Il

General
Frequency Control Phase Lock Loop
Modulation 900 MHz Narrow Band FM with ADPMC
(digital)
Operating Temperature 0°C - +50°C (+32°F to +122°F)
Bandwith 50 kHz
Data Transmission Speed 688 bps
Channels 30 Channels
Base Unit
Receive/Transmit Frequency 902 MHz - 928 MHz
Power Requirements 10V DC from supplied AC adapter
Size 414" Wx75/8 Dx214"H
Weight Approximately 13.7 oz.
Handset
Receive/Transmit Frequency 902 MHz - 928 MHz
Power Requirements NiMH Battery
Size 2"Wx11/4" Dx512" H (with antenna)
Weight 8.7 0z. with battery
Battery Capacity 700 mAh, 3.6V
Talk Mode 5 hours (typical)
Standby Mode 40 hours (typical)
Specifications shown are typical and subject to change without notice.
Battery Charger
Power Requirements 9V DC from supplied AC adapter
Size 138 Wx11U2"Dx21/4"H
Range
Range 350" (depending on environmental
conditions)
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Cordless Il

General
Frequency Control Phase Lock Loop
Modulation Digital Spread Spectrum
Operating Temperature 0°C - +50°C (+32°F to +122°F)
Output Power 60 mw
Occupied Bandwith + 500 KHz
Data Transmission Speed 688 bps
Channels 10 Channels

Base Unit
Receive/Transmit Frequency 902 MHz - 928 MHz
Power Requirements 10V DC from supplied AC adapter
Size 414" Wx75/8 Dx214" H
Weight 11.8 oz.

Handset
Receive/Transmit Frequency 902 MHz - 928 MHz
Power Reguirements Nickel-Cadmium Battery Pack
Size 214" Wx11/2°Dx65/16" H
Weight 8.6 oz.
Battery Capacity 800 mAh, 3.6V
Charging Time 5-6 hours max. to full charge
Talk Mode 6 hours (typical)
Standby Mode 4 days (typical)

Specifications shown are typical and subject to change without notice.

Battery Charger
Power Requirements 9V DC from supplied AC adapter
Size 434" Wx412"Dx312"H
Weight 6.5 oz.

Range
Range 350" (depending on environmental

conditions)

UL Listed System

A label will be affixed to the product with the letters UL inside acircle which isthe symbol used by UL
toindicate that aproduct isUL Listed. If you seeasmall “c” outside the symbol, then the product also

meets the requirements for Canada.

Product Description
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FCC Registration Information

Manufacturer: NEC Infrontia, Inc.
FCC Part 15 Registration: ClassA
Model: Aspire S
FCC Registration Number: KF: US:NIFKFO6BASPIRES

(Refer to the label on the System Cabinet for the  MF: US:NIFMFO6BA SPIRES

FCC Registration Number. PF. USNIFPFO6BASPIRES

Reg. Facility Interface Mfrs. Port Ringer ngivti:c:de Network

Status Code (FIC) Identifier Eqg. Number (SOC) Jacks
Original 02L.S2, 021S2 4COIU 0.6B 9.0F, 6.0P RJ21X
Model: Aspire
FCC Registration Number: KF: US:NIFKFO7BASPIRE

(Refer to the label on the Main Cabinet for the MF. US.NIFMFO7BASPIRE

FCC Registration Number. PF: US:NIFPFO7BASPIRE

Reg. Facility Interface Mfrs. Port Ringer Or?i?arrvg::de Network

Status Code (FIC) Identifier Eqg. Number (SOC) Jacks
Origina 02Ls2 4COIU-LS1 0.7B 9.0F RJ21X
Original 02LS2 8COIU-LS1 0.7B 9.0F RJ21X
Origina 02GS2 4COIU-LG1 0.7B 9.0F RJ21X
Origina 02GS2 8COIU-LG1 0.7B 9.0F RJ21X
Original 02RV2-T 4DIOPU - AS.2 RJ21X
Origina 02RV2-T 8DIOPU AS.2 RJ21X
Reg. Analog Private Mfrs. Port Service Networ k
Status Linelnterfaces I dentifier Order Code Jacks

(SOC)

Origina TL1IM ATLIU 9.0F RIZ2EX
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FCC DID Requirements

Federal Communications Commission DID Requirements

This equipment must operate in a manner that is not in violation of Part 68 rules. This equipment
returns answer supervision to the Public Switched Network when the DID trunk is: (1) answered by the
called station; (2) answered by the attendant; (3) routed to a recorded announcement that can be admin-
istered by the CPE user; (4) routed to adial prompt.

The equipment returns answer supervision on al DID calls forwarded back to the Public Switched
Telephone Network except when: (1) acall is unanswered; (2) abusy toneis received; (3) areorder
toneis received.

When ordering DID Service, provide the telco with the following information:

Aspire S FCC Registration Number:
KF US:NIFKFO06BASPIRES

MF USNIFMFO6BASPIRES
PF US:NIFPFO6BASPIRES

DID Fecility Interface Code: TBD

DID Service Order Code: TBD

DID Answer Supervision Code TBD

DID USOC Jack Type: RJ21X

Aspire FCC Registration Number:
KF US:NIFKFO7BASPIRE
MF US:NIFMFO7BASPIRE
PF US:NIFPFO7BASPIRE

DID Facility Interface Code: 02RV2-T

DID Service Order Code: 9.0F

DID Answer Supervision Code AS2

DID USOC Jack Type: RJ21X

Please note the following:

1. DID services must be purchased from the local telephone company.

2. Refer to the Software Manual for detailed DID description, conditions, and programming
instructions.
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Cabling Requirements

1. Do not run station cable in parallel with the AC source, telex or computer, etc. If the cables are
near cable runs to those devices, use shielded cable with grounded shields or install the cablein
conduit.

2. When cables must be run on the floor, use cable protectors.

3. Cable runsfor key telephones, single line telephones, Door Boxes, CTA or CTU adapters, and
2PGDAD Modules must be a dedicated, isolated cable pair.

4. The Telco RJ21X and cross-connect blocks should install to the right of the Main Cabinet.
Extension blocks and cross-connect blocks should be installed to the | eft of the Main Cabinet.

Aspire S Cable Requirements

Device Cable Type Cable Run Length (ft) Notes
Key Telephone, DSS ICT 2-wire 26 AWG 656 (200 meters)
Console: ICT 2-wire 24 AWG 984 (300 meters)
ICT 2-wire 22 AWG 1640 (500 meters)
Single Line Telephone, ICT 2-wire 26 AWG 6,561 (2000 meters)
Analog Terminals: ICT 2-wire 24 AWG 10,498 (3200 meters)
ICT 2-wire 22 AWG 17,388 (5300 meters)

20mA Setting: 1,500 ohm loop resistance Includes resistance
35mA Setting: 900 ohm loop resistance of telephone
SLT Adapter: ICT 2-wire 26 AWG 656 (200 meters)

ICT 2-wire 24 AWG 984 (300 meters)

ICT 2-wire 22 AWG 1640 (500 meters)
SLTAD to SLT: 500 ohm loop resistance

(including phone’'s DC
termination)

2PGDAD Adapter: ICT 2-wire 26 AWG 656 (200 meters)

ICT 2-wire 24 AWG 984 (300 meters)

ICT 2-wire 22 AWG 1640 (500 meters)
Door Box to 2PGDAD: ICT 2-wire 26 AWG 656 (200 meters)

ICT 2-wire 24 AWG 984 (300 meters)

ICT 2-wire 22 AWG 1640 (500 meters)

200 ohm loop resistance
(excluding internal resis-
tance of Door Box)

Using Under Carpet Cable:
The cableis not twisted, but flat parallel wire. Good impedance balance cannot be expected and reduces

the cable length to no more than 300m when using the flat cable.

PCto CTA Seria Straight Thru 49.21 (15 meters D-Sub 9-Pin Female
Cable (PC) to D-Sub 9-Pin

Male (CTA)
CTA to Printer Serial straight cable 49.21 (15 meters) D-Sub 9-Pin Female

(Printer) to D-Sub
9-Pin Mae (CTA)
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Aspire S Cable Requirements

Device Cable Type Cable Run Length (ft) Notes
[CPU to PC: Serial cross cable 49.21 (15 meters) D-Sub 9-Pin Female
(PC) to D-Sub 9-Pin
Male (CPU)
4-wire LAN (UTP) cable 328.08 (100 meters)
with category 3 or higher
for 10Base-T, and cate-
gory 5 or higher for 100
Base-TX
Ethernet cross cable
CPU to Switching Hub: 4-wire LAN (UTP) cable 328.08 (100 meters)
with category 3 or higher
for 10Base-T, and cate-
gory 5 or higher for 100
Base-TX
Ethernet straight cable
CPU to Printer: Serial cross cable 49.21 (15 meters) D-Sub 9-Pin Female
(Printer) to D-Sub
9-Pin Male (CPU)
IP Telephone LAN (UTP) cable with 328.08 (100 meters) Regardless of
category 3 or higher for whether it receives
10Base-T, and category 5 power from the AC
or higher for 100 Base-TX adapter or switch-
ing hub.
VOIPU PCB to IP Standard Ethernet Cable 328 (100 meters)
Telephone (cross cable)
VOIPU PCB to Router Standard Ethernet Cable 328 (100 meters)
( straight cable)
PSA Adapter ICT 2-wire 4,547 (1,386 meters) Includes DC resis-
tance of outsideline
- excludesinternal
resistance of IPtele-
phone
ENTU PCB to PC Standard Ethernet Cable 328 (100 meters)
(cross-cable)
ENTU to Switching Hub  Standard Ethernet Cable 328 (100 meters)
(straight-cable)
DID Trunks: ICT 2-wire 24 AWG 20,997 (6400 meters)  Includes SLT or
exchange
Loop resistance (DP only) Includes resistance
9842 ohm @35mA of telephone
500 ohm @20 mA
2BRIU to ISDN ICT 4-wire 24 AWG 328 (100 meters) with
Terminals: Point-Multipoint short
connection
984 (300 meters)300m
with Point-Multipoint
long connection
1,640 (500 meters) with
Point-Point connection
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Aspire M/L/XL Cable Requirements

Device Cable Type Cable Run Length (ft) Notes

Key Telephone, DSS 2-wire 26 AWG 1312
Console: 2-wire 24 AWG 1968

2-wire 22 AWG 2624
Single Line Telephone, 2-wire 26 AWG 13,123
Analog Terminals: 2-wire 24 AWG 20,997

2-wire 22 AWG 34,776
20mA Setting: 1,500 ohm loop resistance Includes resistance
35mA Setting: 900 ohm loop resistance of telephone
SLT Adapter: 2-wire 26 AWG 1312

2-wire 24 AWG 1968

2-wire 22 AWG 2624
SLTAD to SLT: 500 ohm (including

phone'sDC
termination)

2PGDAD Adapter: 2-wire 26 AWG 1312

2-wire 24 AWG 1968

2-wire 22 AWG 2624
Door Box to 2PGDAD: 2-wire 26 AWG 200

2-wire 24 AWG 328

2-wire 22 AWG 550
Using Under Carpet Cable:

The cableis not twisted, but flat parallel wire. Good impedance balance cannot be expected and reduces
the cable length to no more than 300m when using the flat cable.

NTCPU to PC: Serial cross cable 49.21 (15 meters)
(null modem)
Ethernet cross cable 328.08 (100 meters)
USB cable (USB1.1) 16.40 (5 meters)

NTCPU to Hub: Ethernet straight cable 328.08 (100 meters)

NTCPU to Printer: Serial cross cable 49.21 (15 meters)

IP Telephone LAN (UTP) cablewith 328.08 (100 meters) Regardless of
category 3 or more for whether it receives
10Base-T, and 5 or more power from the AC
for 100 Base-TX adapter or switch-

ing hub.

PC to CTA Seria Straight Thru 4.92
Cable

16VOIPU PCB to IP Standard Ethernet Cable 328

Telephone and Router

DID Trunks: DTMF = 1,500 ohm Includes SLT or

DP = 3,000 ohm exchange

8SLIU/8SLIDB to
Analog Terminals:

L oop resistance 900
ohm @35mA, 1500
ohm @20 mA
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Aspire M/L/XL Cable Requirements

Device Cable Type Cable Run Length (ft) Notes
2/4/8BRIU to ISDN 4-wire 24 AWG 100m with Point-Multi-
Terminals: point short connection

300m with Point-Multi-
point long connection
500m with Point-Point

connection
1PRIU to ISDN 4-wire 24 AWG 164.02 (50 meters)
Terminal:
ILPA Adapter Cross-over cable
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Aspire S Configuration Guide

System Cabinet

Slot Assignment

8-Channel Digital/Analog Slots

O
- o (o
o — o N
& c ! !

= | O

or) ©

8 | <

1 2 3 4 5 6 7 8

* Slots 1 and 2 are fixed - these are located on the CPU and are part of the basic system.
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Aspire M/L/XL Configuration Guide

Expansion Cabinet

Power Supply Type

[_I aty 1-P/N 0891000 [ ] aty2- PN 0891000 [ ] aty 1- P/N 0892011
and P/N 0892012

Slot Assignment

32-Channel Digital/Analog Slots

EXIFU Expansion
Interface

1 2 3 4 5 6 7 8
Main Cabinet
Power Supply Type
[_I aty 1-P/No0s91000 [ oty 2- P 0s91000 [ ] aty 1- P/N 0892011

and P/N 0892012

Slot Assignment

32-Channd Digital/Analog Slots

NTCPU
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Parts List

Station Equipment

Description

Part Number

2-Button Telephone - Black
2-Button Telephone - White
22-Button Handsfree Non-Display Telephone - Black
22-Button Handsfree Non-Display Telephone - White
22-Button Handsfree Display Telephone - Black
22-Button Handsfree Display Telephone - White
34-Button Handsfree Display Telephone - Black
34-Button Handsfree Display Telephone - White
34-Button Super Display Telephone - Black
34-Button Super Display Telephone - White
34-Button Aspire |Phone - Black
24-Button DLS Console - Black
24-Button DLS Console - White
110-Button DSS Console - Black
110-Button DSS Console - White
NEC H.323 IP Telephone
NEC H.323 IP Telephone AC Adapter
Analog Telephones:
DTR-1-1 (BK) Single Line Telephone with redial, flash, mw lamp,
data jack ringer/handset volume control - Black
DTR-1-1 (WH) Single Line Telephone with redial, flash, mw lamp,
data jack ringer/handset volume control - White
DTR-1HM-1 (BK). Same as P/N 780020 with 8 programmable
feature/speed dial keys - Black
DTR-1HM-1 (WH). Same as 780021 with 8 programmable feature/
speed dial keys - White
DTH-1-1 (BK) Single line telephone with 4 programmable feature/
speed dial keys, mw lamp, redial, flash & mute keys

0890047
0890048
0890041
0890042
0890043
0890044
0890045
0890046
0890049
0890050
0890065
0890053
0890054
0890051
0890052
780005
780600

780020

780021

780025

780026

780034
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Station Equipment

Description Part Number
Cordless Telephones and Options:
NEC Cordless 11 Telephone (Uses 1 Aspire digital station port) 730088
NEC Cordless |l - Charger Unit 730621
NEC Cordless |l - Belt Clip 730620
NEC Cordless |l - Cordless !l Leather Case 730626
NEC Cordless|I - Replacement Battery 730622
NEC Cordless Lite |1 Telephone (Uses 1 Aspire digital station port) 730087
NEC Cordless Lite |l - Replacement Battery 730631
NEC Cordless Lite Il - Wall Mount Unit for Charger 730633
NEC Cordless Lite |l - Belt Clip 730634
NEC Cordless Lite Il - Charger Unit 730632
AC for Charger (Cordless |1 or Cordless Litell) 730619
AC for Base (Cordless |1 or Cordless Lite I1) 730618
Headset (Cordless 11 or Cordless Lite ) 730602
Wall Mount Plate for Base 730608
Aspire Wireless Telephone and Options:
Base Station 780136
Handset with Battery 780004
Leather Cover with Clip 780148
Charging Cradle 780137
Repeater Unit 780138
External Antennawith Cable for Repeater 780145
AC Adapter 780139
Battery 780140
Handset Belt Clip 780141
Repeater Programming Kit 780142
Service Tool Kit 780143
Deployment Tool 780144
2.4G Deployment/Diagnostic Kit 780146
Special Additional Handset for Diagnostic Kit 780147
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Peripheral Station Equipment

Description Part Number
2PGDAD Module (for Door Box/Page/ACI) 0891027
AC Adapter (AC-2R) 780135
Analog Interface with Ringing Adapter (APR) 0890056
(Requires P/N 780135 AC-2R Adapter)
Analog Interface without Ringing Adapter (APA) 0890057
Call Recording Adapter (ADA) 0890055
Door Box 92245
Headsets (Modular):
Polaris™ Supra® Monaural, Noise Cancelling 750636
Polaris™ Supra® Binaural, Noise Cancelling 750633
Polaris™ Supra Monaural 750632
Polaris™ Encore Monaural - Voice Tube 750634
Polaris™ Encore® Binaural, Noise Cancelling 750635
Polaris Tristar - Voice Tube 750630
Polaris Mirage - Voice Tube 750631
CT-11 Cordless Headset Telephone 730089
Polaris Headset Accessories:
Ear Cushion (Pkg of 2) 750656
Clothing Clip 750657
Wind Screen 750650
Clear Voice Tube for Encore and Tristar 750652
Clear Voice Tube for Mirage and Supra 750651
Polaris Extension Cable 750655
Rainbow Voice Tube Pack for Encore and Tristar (Pkg of 6) 750654
Rainbow Voice Tube Pack for Mirage and Supra (Pkg of 6) 750653
IP Adapter (IP) 0890060
In-Line Power Adapter (ILPA) 780122
NEC Audio Emcee:
Audio Emcee 750316
Replacement Audio Emcee Remote 750317
Replacement RCA Cable 750318
Power Failure Adapter for |P Telephone (PSA) 0890067
Recording Adapter for |P Telephone (ADA?2) 0890066
RS-232C Adapter (CTA) 0890058
SLT Adapter 0891026
Speakerphone Adapter - Black (Requires P/IN 780135 AC-2R Adapter) 0890062
Speakerphone Adapter - White (Requires P/N 780135 AC-2R Adapter) 0890063
USB Adapter (CTU) (Requires P/N 780135 AC-2R Adapter) 0890059
Voice Security Recorder (VSR) with USB Cable and Software 780275
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Aspire Applications

Description Part Number
Aspire Soft Phone Software on CD 0893641
NEC USB Handset 780094
NEC USB Headset 750638
inDepth/inDepth Plus - Aspire M/L/XL Only
AspireinDepth Lite Software (Dongle and Software) 0892144
AspireinDepth Software (Dongle and Software) 0892102
Aspire inDepth+ Software (Dongle and Software) 0892103
Aspire inDepth Supervisor 0892125
AspireinDepth Lite to inDepth Upgrade 0892141
AspireinDepth Lite to inDepth Plus Upgrade 0892142
inDepth to inDepth Plus Upgrade 0892143
inDepth Upgrade i-Seriesto Aspire 0892153
AspireinView for 5 Agents 0892126
AspireinView for 10 Agents 0892127
AspireinView for 15 Agents 0892128
AspireinView for 20 Agents 0892129
AspireinView for 25 Agents 0892130
AspireinView for 30 Agents 0892131
AspireinView for 40 Agents 0892132
AspireinView for 50 Agents 0892133
AspireinView Upgrade to Add 5 Agents 0892134
AspireinView Upgrade to Add 10 Agents 0892135
AspireinView Upgrade to Add 15 Agents 0892136
AspireinView Upgrade to Add 20 Agents 0892137
AspireinView Upgrade to Add 25 Agents 0892138
AspireinView Upgrade to Add 30 Agents 0892139
AspireinView Upgrade to Add 40 Agents 0892140
Aspire inDepth/inDepth+ Demo CD 0892101
Ultra CallAnalyst
UltraCallAnalyst Lite 0891081
Ultra CallAnalyst Lite - to - Full Upgrade 0891082
Ultra CallAnalyst Full 0891083
Ultra CallAnalyst Full + 1 Clent 0891084
Ultra CallAnalyst Additional 1 Client 0891085
Ultra CallAnalyst Enterprise Additional Remote Site License 0891094
Requires 0891095.
Ultra CallAnalyst Enterprise Server & 120 Ports 0891095
Ultra CallAnalyst Enterprise Remote Site License (with no Ports) 0891096
Requires 0891095.
Ultra CallAnalyst Enterprise Additional Port License 0891097
Requires 0891095.
Ultra CallAnalyst Enterprise Additional Network Client License 0891098
Requires 0891095.
Ultra CallAnalyst Enterprise Site Reporting Thin Client 0891099
Requires 0891095.
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Aspire

Aspire S Common Equipment

Description

Part Number

Aspire S8 Slot KSU

Floor/Desk Stand Mounting Bracket

Mod 8 to 25 Pair (Unterminated) Installation Cable
32 MB Compact Flash Card with System Software
32 MB Compact Flash Card - Blank

VRS Compact Flash Card

IntraMail - 4 Port, 4 Hour

IntraMail - 8 Port, 8 Hour

Null Modem Cable for PCPro

CPU Battery

56K Modem

0890005
0891303
80892
0891065
0891064
0891040
0892176
0892178
0892004
EX0254-0040
85862D

Aspire S PCBs

Description

Part Number

Common Cards
Ethernet Option Daughter Board
DSP Resource Daughter Board

Trunk Interfaces
4 CO Loop Start Trunk PCB
2 DID/OPX PCB
2 BRI PCB - Check with your NEC Sales Representative for availability.

Station Interfaces
8 Aspire S Digital Station PCB
4 Analog Station PCB
4 Analog Station Expansion Daughter Board
4 Channel Vol P Media Gateway PCB
4 Channel Vol P Media Gateway Expansion Daughter Board

0891053
0891003

0891046
0891047
0891050

0891051

0891048

0891049
0891054B
0891055B

Aspire S System Bundles

Description

Part Number

Aspire SINVM-2e - 2P Bundle
Consists of:
1 - 0890005 Aspire SKSU
1- 0891046 4 CO Loop Start Card
4 - 0890043 22B Display Tel (BK)
1-17780-2P - NVM-2e 2 Port VM
Aspire SINVM-2e - 4P Bundle
Consists of:
1 - 0890005 Aspire SKSU
1- 0891046 4 CO Loop Start Card
1- 0891048 4 Analog Station Card
4 - 0890043 22B Display Tel (BK)
1-17780-4P - NVM-2e 4 Port VM

0892031

0892032
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Aspire M/L/XL Common Equipment

Description Part Number
Aspire 8 Slot KSU 0890000
Power Supply - Aspire M/L 0891000
Power Supply Set - Includes: 0890069
AC/DC Power Supply - Aspire XL 0892011
DC/DC Converter - Aspire XL 0892012
Power Supply Cable for Power - Aspire XL 0892013
Power Supply Cable for Signal - Aspire XL 0892010
Power Supply Cabinet - Aspire XL 0890068
19" Rack Mount Bracket 0891300
Null Modem Cable for Aspire Mail/PCPro 0892004
NTCPU Battery EX054-0040
Mod 8 to 25 Pair (Unterminated) Installation Cable 80892
KSU Expansion Set 0891001
64 Port Basic CPU 0891002
256/384 Port CPU 0891038
Feature Upgrade PAL (PAL-A) Chip for 0891002 0891039
32MB Flash Memory PCMCIA Card - with System Software 0891060
32MB Flash Memory PCMCIA Card - Blank 0891061
DSP Resource Daughter Board 0891003
VRS Compact Flash Card 0891040
2 Port Aspire Mail PCB 0891032
2-to-4 Port Aspire Mail Upgrade (for 0891032) 0891044
4 Port Aspire Mail PCB 0891037
4 Port Aspire Mail Plus PCB 0891033
4 Port Aspire Mail Plus Expansion Daughter Board 0891034
(only used on 0891033)
4 Port Aspire Mail UMS PCB 0891035
4 Port Aspire Mail Expansion Daughter Board 0891045
(only used on 0891037)
8 Port Aspire Mail Plus PCB 0891056
8 Port Aspire Mail Plus Expansion Daughter Board 0891057
(only used on 0891057)
56K Modem 85862D
Kentrox Satellite 931 CSU 85945
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Aspire

Aspire M/L/XL PCBs

Description Part Number
Trunk Interfaces
4 CO Loop Start Trunk PCB 0891005
8 CO Loop Start Trunk PCB 0891004
4 CO Loop Start/Ground Start Trunk PCB 0891029
8 CO Loop Start/Ground Start Trunk PCB 0891028
4 DID/OPX PCB 0891013
8 DID/OPX PCB 0891012
4 E&M TieLine PCB 0891011
2 BRI PCB 0891006
4 BRI PCB 0891007
8 BRI PCB 0891008
PRI/T1 PCB 0891009
Station Interfaces
8 Aspire Digital Station PCB 0891015
16 Aspire Digital Station PCB 0891014
32 Aspire Digital Statin PB 0891058
16 i-Series Digital Station PCB 0891016
8 Analog Station PCB 0891017
8 Analog Station Expansion Daughter Board 0891018
4 Aspire Wireless PCB 0891090
8 Aspire Wireless PCB 0891091
12 Aspire Wireless PCB 0891092
10/100Base-T 8-Port Switching Hub (8SHUBU) PCB 0891021
4 Channel Vol P Media Gateway PCB 0891042
4 Channel Vol P Media Gateway Expansion Daughter Board 0891043
16 Channel Vol P Media Gateway PCB 0891022
16 Channel Vol P Media Gateway Expansion Daughter Board 0891023
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Description Part Number
Aspire S
Aspire S 4VOIP/Bluefire X2010 Bundle (IP Card and Router) 0892033
Aspire S 4VOIP/Bluefire 1X1035 Bundle (1P Card and Router) 0892034
Aspire | P Telephone/Bluefire 1X2010 Bundle (Contains 2 0890065 | Phones 0892029
and Router)
Aspire | P Telephone/Bluefire 1 X 1035 Bundle (Contains 2 0890065 | Phones
and Router) 0892030
Aspire M/L/XL
Aspire 4VOIP/Bluefire 1X2010 Bundle (IP Card and Router) 0892025
Aspire 16VOIP/Bluefire X2010 Bundle (1P Card and Router) 0892026
- Requires PALA (0891039) or NTCPU-B1 (0891038)
Aspire 4VOIP/Bluefire 1X1035 Bundle (IP Card and Router) 0892027
Aspire 16VOIP/Bluefire X1035 Bundle (1P Card and Router) 0892028
- Requires PALA (0891039) or NTCPU-B1 (0891038)
Aspire | P Telephone/Bluefire X2010 Bundle (Contains 2 0890065 0892029
IPhones and Router)
Aspire | P Telephone/Bluefire X1035 Bundle (Contains 2 0890065 0892030
IPhones and Router)
Aspire/Bluefire 1X1035 |AD 16 Port Bundle (16 Port IP Card and 0892035
Router with T1) - Requires PALA (0891039) or NTCPU-B1
Aspire/Bluefire 1X1035 IAD 4PORT Bundle (1P Card and Router with T1) 0892036
Bluefire 24 Port 10/100 Base-T Layer 2 Switch with POE, With Power Over 0362009
Ethernet (POE)
Bluefire 24 Port 10/100 Base-T Layer 2 Switch, Without POE 0362010
2 Port Fiber Uplink Module for BF 100/24 & 200/24, Connect to Fiber 0362002
2 Port 1000 Base-T Uplink Module for BF 100/24 and 200/24, RJ-45 0362021
connector
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Aspire

Desi Labels

Description

Part Number

Analog Telephones:
Desi Labelsfor 780020/780021 - Black, Package of 25
Desi Labelsfor 780020/780021 - Green, Package of 25
Desi Labelsfor 780020/780021 - Silver, Package of 25
Desi Labelsfor 780020/780021 - White, Package of 25
Desi Labelsfor 780025/780026 - Black, Package of 25
Desi Labelsfor 780025/780026 - Green, Package of 25
Desi Labelsfor 780025/780026 - Silver, Package of 25
Desi Labelsfor 780025/780026 - White, Package of 25
Des Labelsfor 780034 - Metal Silver, Package of 25
2-Button Telephones:
Desi Label for 2BTN Tel-Silver (25-pkg), For Laser Jet printers only
Des Label for 2BTN Tel-Solid Silver (25-pkg), For Ink Jet and Laser
Jet printers - solid silver
Desi Label-2BTN Tel-Black (25-pkg), For Ink Jet and Laser Jet printers
with light striping
Desi Label for 2BTN Tel-White (25-pkg), For Ink Jet and Laser Jet
printers with light striping
Desi Label for 2BTN Tel-Silver (25-pkg), For Ink Jet and Laser Jet
printers with light striping
Desi Label for 2BTN Tel-Silver (25-pkg), No labels on fixed feature
keys, used for other languages
Desi Labelsfor 2BTN Tel (25-pkg) - Blank, Used with Desi Pre-Print
Software for printing large pictures
22-Button Non-Display Telephones:
Desi Label for 22BTN Tel-Silver (25-pkg), For Laser Jet printers only
Desi Label for 223BTN Tel-Solid Silver (25-pkg), For Ink Jet and Laser
Jet printers - solid silver
Desi Label for 22BTN Tel-Black (25-pkg), For Ink Jet and Laser Jet
printers with light striping
Desi Label for 22BTN Tel-White (25-pkg), For Ink Jet and Laser Jet
printers with light striping
Desi Label for 22BTN Tel-Silver (25-pkg), For Ink Jet and Laser Jet
printers with light striping
Desi Label for 22BTN Tel-Silver (25-pkg), No labels on fixed feature
keys, used for other languages
Des Labelsfor 22BTN Tel (25-pkg) - Blank, Used with Desi Pre-Print
Software for printing large pictures

780400
780401
780402
780403
780404
780405
780406
780407
780450

0893704
0893764

0893724

0893734

0893744

0893774

0893784

0893700

0893760

0893720

0893730

0893740

0893770

0893780
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Desi Labels

Description Part Number
22-Button Display Telephones:

Desi Label for 22BTN Display Tel-Silver (25-pkg), For Laser Jet 0893701
printers only

Desi Label for 22BTN Display Tel-Solid Silver (25-pkg), or Ink Jet and 0893761
Laser Jet printers - solid silver

Desi Label for 22BTN Display Tel-Black (25-pkg), For Ink Jet and 0893721
Laser Jet printerswith light striping

Desi Label for 22BTN Display Tel-White (25-pkg), For Ink Jet and 0893731
Laser Jet printerswith light striping

Desi Label for 22BTN Display Tel-Silver (25-pkg), For Ink Jet and 0893741
Laser Jet printerswith light striping

Desi Label for 22BTN Display Tel-Silver (25-pkg), No labels on fixed 0893771
feature keys, used for other languages

Desi Labelsfor 22BTN Display Tel (25-pkg) - Blank, Used with Desi 0893781

Pre-Print Software for printing large pictures
34-Button Display Telephones:

Desi Label for 34BTN Display Tel-Silver (25-pkg), For Laser Jet 0893702
printers only

Desi Label for 34BTN Display Tel-Solid Silver (25-pkg), For Ink Jet 0893762
and Laser Jet printers - solid silver

Desi Label for 34BTN Display Tel-Black (25-pkg), For Ink Jet and 0893722
Laser Jet printers with light striping

Desi Label for 34BTN Display Tel-White (25-pkg), For Ink Jet and 0893732
Laser Jet printers with light striping

Desi Label for 34BTN Display Tel-Silver (25-pkg), For Ink Jet and 0893742
Laser Jet printers with light striping

Desi Label for 34BTN Display Tel-Silver (25-pkg), No labels on fixed 0893772
feature keys, used for other languages

Desi Labelsfor 34BTN Display Tel (25-pkg) - Blank, Used with Desi 0893782

Pre-Print Software for printing large pictures
34-Button Super Display Telephones:

Desi Label for 34BTN Display Tel-Silver (25-pkg), For Laser Jet 0893703
printers only

Desi Label for 34BTN Display Tel-Solid Silver (25-pkg), For Ink Jet 0893763
and Laser Jet printers - solid silver

Desi Label for 34BTN Display Tel-Black (25-pkg), For Ink Jet and 0893723
Laser Jet printers with light striping

Desi Label for 34BTN Display Tel-White (25-pkg), For Ink Jet and 0893733
Laser Jet printers with light striping

Desi Label for 34BTN Display Tel-Silver (25-pkg), For Ink Jet and 0893743
Laser Jet printerswith light striping

Desi Label for 34BTN Super Display Tel-Silver (25-pkg), No labels on 0893773
fixed feature keys, used for other languages

Desi Labelsfor 34BTN Super Display Tel (25-pkg) - Blank, Used with 0893783

Desi Pre-Print Software for printing large pictures
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Aspire

Desi Labels

Description

Part Number

110-Button DSS Consoles:

Des Label for 110 DSS-Silver (25-pkg), For Laser Jet printers only

Desi Label for 110 DSS-Solid Silver (25-pkg), For Ink Jet and Laser Jet
printers - solid silver

Desi Label for 110 DSS-Black (25-pkg), For Ink Jet and Laser Jet
printer with light striping

Des Label for 110 DSS-White (25-pkg), For Ink Jet and Laser Jet
printers with light striping

Desi Label for 110 DSS-Silver (25-pkg), For Ink Jet and Laser Jet
printers with light striping

Desi Label for 110 DSS-Silver (25-pkg), No labels on fixed feature
keys, used for other languages

Desi Label for 110 DSS-Silver (25-pkg) - Blank, Used with Desi
Pre-Print Software for printing large pictures

24-Button DL S:

Desi Label for 24 DLS-Silver (25-pkg), For Laser Jet printers only

Desi Label for 24 DLS-Solid Silver (25-pkg), For Ink Jet and Laser Jet
printers - solid silver

Desi Label for 24 DLS-Black (25-pkg), For Ink Jet and Laser Jet
printers with light striping

Desi Label for 24 DL S-White (25-pkg), For Ink Jet and Laser Jet
printers with light striping

Desi Label for 24 DLS-Silver (25-pkg), For Ink Jet and Laser Jet
printers with light striping

Desi Label for 24 DLS-Silver (25-pkg), No labels on fixed feature keys,
used for other languages

Desi Label for 24 DLS-Silver (25-pkg) - Blank, Used with Desi
Pre-Print Software for printing large pictures

0893705
0893765

0893725

0893735

0893745

0893775

0893785

0893706

0893766

0893726

0893736

0893746

0893776

0893786

Description

Spare Parts

Part Number

Aspire Handset without cord - White

Aspire Handset without cord - Black

Aspire Faceplate Kit - 22B Non-Display Telephone, Package of 10 with
40 Rivets

Aspire Faceplate Kit - 22B Display Telephone, Package of 10 with 40
Rivets

Aspire Faceplate Kit - 34B Display Telephone, Package of 10 with 40
Rivets

Aspire Faceplate Kit - 34B Super Display Telephone, Package of 10 with
40 Rivets

Aspire Faceplate Rivets,Package of 25

Aspire Plastic Wall Mount Plate, Package of 10

Aspire Wall Mount Hooks-All Telephones, Package of 10

Aspire 2B DSLT Metal Wall Plates, Package of 5

Bottom Directory Tray (Dial card)

Flying Directory Plastic Clip, Package of 10

Flying Directory Card Kit (10 Directory cards for 780525)

NSG-170108-001
NSG-170108-002
0892000

0892001
0892002
0892003

0892005
0892007
0892008
0892009
M-790526
780525
770626
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NEC

NEC Unified Solutions, Inc.
4 Forest Parkway, Shdton, CT 06484
Td: 800-365-1928 Fax: 203-926-5458
www.necunifiedsolutions.com

Other Important Telephone Numbers

Sales: ... 203-926-5450
Customer Service: . ... i 203-926-5444
Customer Service FAX: .. ... ... . 203-926-5454
Technical Service: . ........ .. .. .. ... 203-925-8801
Discontinued Product Service: . ................. 900-990-2541
Technical Training: . . ........... ... ... ... ..... 203-926-5430
Emergency Technical Service (After Hours) . ....... 203-929-7920

(Excludes discontinued products)

Have any comments, suggestions or corrections for this guide?

Forward your comments, suggestions or corrections to:

NEC Unified Solutions, Inc.
4 Forest Parkway, Shelton, CT 06484
TEL: 800-365-1928 FAX: 203-926-5458
www.necunifiedsolutions.com




0893010

NEC

NEC Unified Solutions, Inc.
4 Forest Parkway, Shelton, CT 06484
TEL: 800-365-1928 FAX: 203-926-5458
www.necunifiedsolutions.com

May 17, 2005
Printed in U.S.A.
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