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Aspila

TOrPAZ

Intelligent Hybrid System

The affordable, expandable solution for
expanding small and medium businesses




Aspila Topaz

Aspila Topaz is a cutting-edge Digital Key Telephone System that accommodates immediate
and emerging business requirements of the small and medium enterprises (SMEs), small offices
and home offices (SOHOs). The scalable intelligent telecommunication tool is designed to
effectively and cost-efficiently meet the increasing needs of growing SMEs / SOHOs.
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‘ ‘ Aspila Topaz allows for expansion from the

i
* Aspila Topaz's Full Hybrid Ports allow seamless
il [

| ’ minimum of 3 trunks / lines and 8 extensions integration of single line telephones, proprietary

" to the maximum of 27 trunks / lines and 72 — key telephones, modems, facsimiles, answering
extensions without compromising efficiency machines and more. You have the choice to select
as your company grows. the type of terminals that best fits your needs.

10110 . .

107110 | Aspila Topaz's Non-Blocking System uses M Aspila Topaz's VolP* featur_e is ready to take

11181 | high performance digital switching architecture advantage of the converging world between

=" that allows limitless extension to extension “———_/ voice and data communication by integrating
and intercom calls simultaneously. It also and transmitting voice, fax and data over
supports Euro-ISDN BRI (Integrated Services packet-switched IP-based networks.
Digital Network Basic Rate Interface)* that Aspila Topaz supports both commonly used
allows for the integration of voice and data standards in IP.communications, namely H323
via telephone networks. and Session Initiation Protocol (SIP)**,

* VoIP features require optional items.
** Compatibility of SIP is subject to the carrier network subscribed.
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Built-In Caller-ID

Caller-ID feature enables your proprietary display key telephone or Caller-ID
single line telephone to show the caller's number and/or name before you
answer an incoming call. You can review the historical records of up to 20
received / missed calls for each proprietary display key telephone.

Least Cost Routing (LCR) /
Automatic Route Selection (ARS)

If you engage more than one telephone service provider, Aspila Topaz will
automatically utilize pre-programmed LCR / ARS table and type of operation
to identify the most competitive call rates when routing outgoing calls.

Call Forwarding

Call Forwarding feature enables incoming calls to be redirected
automatically to another extension or an external number (mobile
phone, home and etc.) when you are not available to answer the calls.
You may select the type of call forwarding condition (Immediate / when
Busy / when No-Answer), designated number and activate it easily from
your extension.

In addition, you may choose to redirect an incoming call manually to a
pre-assigned extension by simply pressing a Function Key without
answering the call.

Group Listening

Group Listening function allows you to broadcast your conversations via
built-in speaker on the proprietary display key telephone. This enables
your surrounding parties to listen to the conversation.
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Hotline

This function allows you to call a pre-assigned extension or external number
by just liting the handset without dialing any numbers. This is an ideal feature
for lobby phones, security guard houses, parking attendants, and etc.

Day / Night Mode

Aspila Topaz provides up to 8 system modes which can be switched
either automatically or manually. Each mode can be configured to re-
direct calls towards specified extensions or groups that match your
requirements effectively.

Multiple Ring Tones

Aspila Topaz key telephone comes with 13 ring tones which can be
selected to personalize the ring tone of your extension and distinguish
external calls from internal calls.

Virtual Extension

Virtual Extension feature enables one proprietary key telephone to have
multiple extension numbers and it may be shared by multiple users.
Each Virtual Extension number is distinguishable by assigning a
different ring tone.

Conference

Conference function allows you to setup a teleconference between
internal and/or external parties. You may establish a multiple party
teleconference up to total of 32 participants simultaneously in multiple
groups with a maximum of 8 participants per group.

There are two methods of organizing a teleconference; you may call and
invite each participant or you may request all participants to dial a given
designated Conference Number to join the teleconference*.

*Optional item (DSPDB) is required.

Uniform Call Distribution (UCD)

Uniform Call Distribution (UCD) feature handles incoming calls efficiently
by distributing them to extension groups uniformly. Users may turn on
"Break Mode" to avoid incoming calls temporarily and redirect the
incoming calls to another available extension automatically. In the event
that all extensions are busy, the system has an option to announce a
queuing message* to the callers while the calls are being queued.

*Optional item (DSPDB) is required.

Computer Telephony Integration (CTI)

Aspila Topaz's Computer Telephony Integration (CTI) readiness allows you
to connect your phone system to your personal computer (PC) via the
Local Area Network (LAN) by using Telephony Application Program
Interface (TAPI) and enables the connected PC as a CTI terminal.

With the CTI capabilities of Aspila Topaz, your will be able to view your
callers contact details before you answer the call.

*CTl features require optional items.




Terminals

Features & Functions

Speaker Alphanumeric Display Indicator

Programmable Function Keys

DC (Dial Control) Key
CALL Key

FLASH Key

TRFR (Transfer) Key
SPK (Speaker) Key

DND/CONF Key
(Do Not Disturb / Conference)

HOLD Key
MIC (Microphone) Key

Microphone

VOL (Volume Control) Key

4

Functionality

16 Button Standard 16 Button Display 22 Button Standard 22 Button Display

Key Telephone Key Telephone Key Telephone Key Telephone

Alphanumeric Display
(Lines x Character) No Yes (2 x 16) No Yes (2 x 16)
Additional PRG Keys 10 10 10 10
Programmable Keys 6 6 12 12
Handsfree No (Talk Back) Yes No (Talk Back) Yes
Clear / Check Key No Yes No Yes
Compatible with
DLS / DSS Console s e Mo =
Wall Mount Kit Yes (Built-In) Yes (Built-In) Yes (Built-In) Yes (Built-In)
Adjustable Legs Yes (Built-In) Yes (Built-In) Yes (Built-In) Yes (Built-In)

Note: BLF (Busy Lamp Field) on the Additional Programmable Keys is not available on standard type keyphones (127D / 6TD).

Terminals Accessories |

24 Button Direct Line Console 64 Button Direct Station Selection Console AT-40 Single Line Telephone AT-35 Caller-ID
*Connects direct to Display Type Key Telephone *Connects direct to KSU extension port Single Line Telephone

) .




Features List

[] Abbreviated Dialing

[ Account Codes

[JAlarm

[ Alphanumeric Display

[] Attendant Call Queuing

[J Automatic Route Selection (F-Route)
[] Background Music

*[Barge In

[ Call Forwarding

00 -[Fixed

00 -[off-Premise

00 -[Abbreviated Dial

00 -[Follow Me

[ Call Forward for Centrex

[ Call Forwarding / Do Not Disturb Override
[ Call Redirect

[ Call Timer

[] Call Waiting / Camp On

[ Callback

[ Caller ID

[ Central Office Calls, Answering

[ Central Office Calls, Placing

[ Class of Service

[ Conference (Max 8 conference calls x 4 groups)
[ Conference, Voice Call / Privacy Release
[J Continued Dialing

[J Conversation Recording

[]Day / Night Mode

[] Department Calling

[] Department Step Calling

[] Dial Number Preview

[] Dial Pad Confirmation Tone

[ Dial Tone Detection

[ Direct Inward Line (DIL)

[ Direct Inward System Access (DISA)
*[Direct Station Selection

00 0(DSS) Console

[ Directed Call Pickup

[ Do Not Disturb

*[Door Box

[] Extension Lock

[] Fax Machine Compatibility

[ Flash

[ Flexible System Numbering

[ Forced Trunk Disconnect

[ Group Call Pickup

[ Group Listening

] Handsfree and Monitor

[] Handsfree Answerback / Forced Intercom Ringing
*[Headset Operation

[JHold

[ Hotline

[ Intercom

[0 Last Number Redial

[] Least Cost Routing (LCR)

Accessories List

[ Line Preference

[ Long Conversation Alarm Cutoff
[ Loop Keys

[0 Meet Me

00 -Tonference

00 -[Paging

00 -[Paging Transfer

[ Memo Dial

[0 Message Waiting

[0 Microphone Cutoff

[ Multiple Directory Numbers / Call Coverage
[J Multiple Ring Tone

[0 Music on Hold

[ Name Storing

[ Night Service

[J Off Hook Signaling

*[Paging, External

[] Paging, Internal

[ Park Hold

[] PBX Compatibility

[J Prime Line Selection

[] Private Line

[] Programmable Function Keys

[ Pulse to Tone Conversion

[] Repeat Dial

[J Remote Conference

[]Remote Maintenance

[ Ring Groups

[0 Ringdown Extension, Internal / External
] Room Monitor

[] Save Number Dialed

[ Secretary Call (Buzzer)

[ Secretary Call Pickup

[ Selectable Display Messaging

[] Serial Call

*[$tation Message Detail Recording
[] Tandem Trunking (Unsupervised Conference)
[ Time and Date

[ Toll Restriction

00 -[Dial Block

00 -[Pverride

[ Transfer

[ Trunk Group Routing

[ Trunk Groups

[J Trunk Queuing / Camp On

[ Uniform Call Distribution (UCD)
[J User Programming

[ Virtue Extensions

*[Yoice Mail

*[Yoice Response System (VRS)

[J Volume Controls

[J Warning Tone For Long Conversation
[] Web Based Configuration Manager

goooo *QOptional Features

e MainkSU RS 2E Sy
Analog Trunk 0 9 0 18 O 27

Key Telephone (24) (48) (72)

Single Line Telephone (24) | 24 (Total) (48) | 48 (Total) (72) | 72 (Total)
DSS Console 3) (6) 9

Virtual Extension O 50 0 50 O 50
Euro-ISDN (BRI) 0 8(16¢ch) [ 16(32ch) [0 24 (48ch)
DLS Console 0 24 0 48 0 72
Doorphone Box 0 2 0 4 0 6
External Paging Output 2 (4) (6)

External MOH Input 2) 2 (Total)  (2) 4 (Total)  (2) 6 (Total)
BGM Input ) (2 (2)

Power Failure Transfer 0 3 0 6 0 9
External Backup Battery 0 1 0 2 O 8

Mechanical Specifications

ltem Width (mm) Depth (mm) Height (mm) Weight (kg)
924M/924ME KSU 360 90 275 2.8 fully equipped
0PBOX 130 86 279 1.1 fully equipped
Backup Battery Box 384 99 182 5.2 fully equipped

Electrical Specifications
Input Voltage (Frequency) 100/ 240 VAC (50/ 60 Hz)

Power Consumption 120W

Environmental Specifications

Temperature[J[0 ~ +40 degree (32 ~ 104 degree F)

KSU, PCBs and Key Telephones o .
Humidity] :30 ~ 90% (non-condensing)

Temperature[][320 ~ +60 degree (-4 ~ 140 degree F)

Doorphone Box . ,
Humidity] :[20 ~ 80% (non-condensing)

MAIN EQUIPMENT c/w 3 COs, 8 EXTs

ISDN INTERFACE CARDS

924M KSU Main KSU 2BRIU-S1 ISDN BRI (4 channels)*
924ME KSU Expansion KSU 4BRIU-S1 ISDN BRI (8 channels)*
ANALOG TRUNK / EXTENSION CARDS VolP GATEWAY INTERFACE CARDS
308E-A1 3 Trunks + 8 Hybrid Extension Interface 4VOIPU-S1 4 VoIP Media Gateway*
008E-A1 8 Hybrid Extension Interface 4VOIPDB-S1 4 VolP Media Gateway Daughter Board*
KEY TELEPHONE SETS AND CONSOLES OPTIONAL ACCESSORIES
6TD TEL (WH) 16 Programmable Keys, Standard Type Key Telephone EXIFU-A1 Expansion Connectors, Station Message Detail Recording Interface, Local Area Network Port
6TXD TEL (WH) 16 Programmable Keys, 2 lines Display Type Key Telephone EXIFU-B1 Station Message Detail Recording Interface
127D TEL (WH) 22 Programmable Keys, Standard Type Key Telephone 2PGDU-A1 2 doorphone Interface, 2 Door Unlock Relay, 2 Audio Input/Output Interface (EXMOH/BGM/2 External Paging)
12TXD TEL (WH) 22 Programmable Keys, 2 lines Display Type Key Telephone DSPDB-B1 Digital Signal Processing, Voice Response System / Automated Attendance Interface Card w/o Compact Flash Card
64D DSS (WH) 64 Keys DSS Console CF-A0 4 channels Voice Response System / Automated Attendance Compact Flash Card
24DL DLS (WH) 24 Keys DLS Console CF-A1 16 channels Voice Response System / Automated Attendance Compact Flash Card
SINGLE LINE TELEPHONES CF-B1 16 channels Voice Response System / Automated Attendance with 8 channels Voice Mail Compact Flash Card
AT35 Caller-ID Single Line Telephone 20PBOX Additional Box for Optional Interface Cards (2 Slots)
AT40 Single Line Telephone without Message Waiting Lamp DX2E-32i/NX7E Battery Box External Backup Battery Box
AT45* Single Line Telephone with Lamp DX.E ABB. CARD SET Stand type Abbreviated Dial Number Card Set
*Rspila Topaz does not support MW Lamp indication on SLT. DX4NA DOORPHONE Doorphone
[The Intercom Dial Tone will be changed when message waiting is set. DESIGNATION LABEL Plain white, for Key Telephone Sets
*[Require 20PBOX
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When you buy Aspila Topaz products, you also buy part of the NEC INFRONTIA legacy that began in 1918. As a worldwide manufacturer of telecommunications and electronic systems, we produce all of our products
with performance and reliability in mind.

Guaranteed NEC INFRONTIA Quality

This Publication provides outline information only which (unless specifically agreed to by NEC INFRONTIA in writing) may not be used, applied, or reproduced for any purpose or form part of any order or contact or
be regarded as a representation relating to the products or services concerned. NEC INFRONTIA reserves the right to alter without notice the specification, design, price or conditions of supply of any product or service.




Topaz's Forte

Expandable | | Digital

*From 3/08 up to 27/72 Digital Switching System
-Stackable (max 3 KSU) *Supports PRI/BRI

*From Home to SME - *Non-blocking
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"Superior

Fully Hy b rid |
2,000 speed dial
*Flexible system -Built-in Caller-ID
-Customer friendly (Keyphone 8P x 4G conference

or SLT) * VOIP ready



NEC SV8000 Series Servers

Small, medium and large businesserrs‘:
~ SV8000 Series -

~ Mobility Management — N o __Unified Connectivity
\_ % oecT & Control Reachability Communications Mdipl ses

N\ Voke over WLAN ValP SIP

Perfect for any class of business

/
Fixed Moble Convergence Moves-Adds-Changes Cortact Center Microsof integration Migration .
N Expensze control Voicamai + VR Colataration '
. Call Accounting Calerdar ntegration Prasence b

Attandant'Operator Messagng

EYWORKS LTD.



SV8100 Scales Seamlessly

1 Module 2 Modules 3/4 Modules IP expansion

Pure IP — Single CPU: /12port

512 |IP Stations
200 SIP Trunks

' . I IP connection

80ports 240/320ports 712ports

160ports///l

CPU =

IPKII
Code Base

ETWORKS

LTD.



' Pure IP
* 1024 |P Stations
* 256 SIP Trunks

SV8300 Scales Seamlessly

1 Module 2 Modules 3 Modules Unit 1 thru 4
Unit 1

* 128 VolP Channels

IP connection

96 ports 192 ports 288 ports 1152 ports

1U SV8300

IPS
Code Base

|\‘ \\\\:; g )

Enable TDM

EYWORKS LTD.





